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Abstract— A simple measurement system (MS) is developed
to perform sound localization on a plane and evaluate its performances with specific attention to calibration and uncertainty
evaluation. The sensing element is composed of two microphones
mounted at the left and right ears on a cap. The localization of
sound source is obtained by the estimation of the delay between
the time instants of arrival of the sound to the two microphones,
through a cross-correlation technique. The principle of this
paper is described in mathematical terms and is experimentally
validated in the azimuthal angle (θ) range ± 90° at three different
distances between the microphones. The MS has a nonlinear
response over the whole range, on the other hand it can be
considered linear within ± 15°. In addition, the sensor presents
a low discrimination threshold (2°). The uncertainty evaluation of
the MS is performed using the propagation of uncertainty and the
Monte Carlo method: simulations show an uncertainty < ∼5° in
the range ± 90°. The characteristic of wearability, typical feature
of sensors used to perform early detection of disorders, the good
accuracy and resolution allow the chance to introduce the MS
in the field of developmental psychology and, in particular, as a
support for early diagnosis of pervasive developmental disorders
(e.g., autism spectrum disorders).
Index Terms— Monte Carlo method, sound localization, uncertainty evaluation, sound localization sensors.

I. I NTRODUCTION

S

OUND localization is essential in several fields including
video conferencing and surveillance, and it represents a
fundamental function for robots interacting with humans [1].
The localization of a sound source is mostly based on steerable
beam-forming and on time delay estimation obtained from the
data processing of two or more signals picked up by different
microphones.
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In order to localize a sound source in 3D space, three or
more pressure sensors [2] are needed [3]; whereas, only two
microphones are adequate to localize sound source on a plane.
The MS reported here, is able to localize a sound source if
both the microphones and the sound source belong to the same
azimuthal plane [4]. The theory of operation for sound source
localization on a plane is based on the calculation of the time
delay of arrival (TDOA) between the two microphones. This is
a biomimetic approach: the time difference between the time
of arrival of a sound to ears, the interaural time difference
(ITD), is used by humans and animals to localize sound
sources. Recently, researchers have developed measurement
systems based on dynamic information in order to improve
the accuracy [5].
In this paper we present the principle of measurement,
the realization and the static calibration of a simple sound
source MS. We focused our attention on the evaluation of
its accuracy, because, in literature, we did not find a full
investigation about the uncertainty associated to this kind of
MS. The sensing element is composed of two microphones
mounted on a cap at the left and right ears; this arrangement
allows to perform measurements in unstructured environment.
The good accuracy and resolution, see sections IV and V,
offer the chance to introduce the MS in the field of developmental psychology [6]. It could be used as a support for
early diagnosis of pervasive developmental disorders, such as
Autism spectrum disorders (ASD). Diagnostic trials for ASD
are not available in literature and therefore the diagnosis is
merely clinical. However, during the last decade, different
studies were conducted to diagnose ASD through the analysis
of motor domain impairment in children [7], [8]. The MS
should be used to assess sensory integration in social orienting
behavior in children: the sensor tracks child’s head orientation
when he is acoustically stimulated by a human operator
sitting in front of him focusing on altered responses to sound
stimuli [9].
The localization of sound source on a plane is carried out
by an estimation of ITD through a cross-correlation technique: it is necessary to outline that some methods to reduce
the effects due to reverberation have been proposed (e.g.,
a method based on the generalized cross correlation [10] and a
method exploiting the knowledge of geometrical relationships
of the sensors in obtaining the time delay [11]). However the
reported measurement technique allows a maximum accuracy

Fig. 1.

Geometrical–based model to calculate ITD.

in the estimation of sound source direction of about 5°; the
accuracy of the simple MS reported here is quite similar
(see Section V). The static calibration is performed under two
different conditions (in absence or in presence of the head
between the two microphones) and using three different distances between the two microphones. A comparison between
two commonly used mathematical models is also carried
out [12].
The performances of sound localization methods have been
analyzed by some researchers with different techniques (e.g.,
improvement of beam forming method and the use of complexity measurements, like with Permutation Entropy) [3], [5],
[13]–[15]. However, the influence of main physical quantities
on system uncertainty, such as air environmental temperature
and distance between two microphones, were not considered.
In this work, the uncertainty has been evaluated with two different approaches: the law of propagation of uncertainty [16]
and the MCM [17]. The influence of distance between the
two microphones, environmental temperature, and acquisition
frequency of the signal received by the microphones on the
uncertainty have also been assessed.
II. O PERATION P RINCIPLE
The sensing element is composed of two omni-directional
microphones nominally positioned in correspondence of the
subject ears (Fig. 1). The localization of the sound source (S)
is based on the evaluation of the time difference between the
times of arrival of the sound wave to the microphones, i.e.,
ITD, due to the different path length of the sound wave. With
reference to Fig. 1, the head radius has been indicated with
a, the distance of S from the head center with D, d1 and
d2 are the distances between S and respectively right and left
microphones, s is the path difference, and θ is the azimuthal
angle which has to be estimated. If θ = 0°, the distances
covered by a sound wave to reach the two microphones are
equal, and this results into ITD = 0; if θ = 0°, the distances
are different, therefore ITD = 0, and it reaches the maximum
value for θ = 90°.
The ITD value depends on several factors [18]: mainly θ ,
the interaural distance (2a), the sound wave frequency (f), the
speed of sound in the air (c). In this paper, two geometrical

simplified approaches are presented in order to calculate the
ITD, depending on the absence or presence of the head
between the microphones.
The first approach describes the MS without the head
between the two microphones (Fig. 1); under the hypothesis
of propagation of plane sound wave in free field conditions,
and consequently under the assumptions d2 ≈D+s and
d1 ≈D–s, the following relationship can be geometrically
derived:
d2 − d1 ∼ (D + s) − (D − s)
IT D =
=
c
c
s
2·a
=2
=
sin (θ )
(1)
c
c
where ITD is independent of frequency f under the previously
stated assumptions.
The second approach (Fig. 1) takes into account the presence of a spherical head between the microphones [12] and it
refers to the propagation of a sound plane wave in free field
condition and to the diffraction of an harmonic plane wave by
the head which is assumed to be spherical [19]:
a
(2)
IT D ∼
= [θ + sin (θ )]
c
where ITD is independent of frequency f under the previously
stated assumptions [19].
For small θ , we may considersin (θ ) ∼
= θ ; this hypothesis
causes a maximum approximation equal to about 1% for θ in
the range ± 15°, and we obtain the following linear model by
(1) and (2):
2·a
IT D ∼
θ
(3)
=
c
The microphone signals are processed in order to estimate
the ITD value. The processing algorithm plays a key role in
the correct evaluation of the ITD. In order to use a robust
algorithm, we have estimated the ITD by means of crosscorrelation between the signals received by the microphones:
the instant corresponding to the maximum of the crosscorrelation curve represents the ITD value [20]:
I T D = arg max (m l ⊗ m r )
⎛ ∞
⎞

= arg max ⎝
m l∗ (τ ) · m l∗ (t + τ ) dτ ⎠

(4)

−∞

where ml (t) and mr (t) are the signals picked up by left and
right microphones respectively.
As the ITD has been obtained, θ can be calculated either
by (1) and (2) or by the linear model (3).
III. E XPERIMENTAL S ETUP AND M EASUREMENT S YSTEM
S IMULATIONS
Experimental trials were carried out in order to calibrate the
MS and to verify the mathematical model (1–3).
Sound waves, produced by a magnetic transducer buzzer
(EMX-300) characterized by a fundamental frequency of about
460 Hz, reach the omni-directional microphones (Sennheiser
MKE-2 EW-3 Gold) fixed on two vertical bars, or onto a
sphere, mounted on a rotating platform. The distance between

Fig. 2. Theoretical model (continuous curve) and resolution (discontinuous
curve) of the MS output vs θ for 2a = 150 mm. (a) fs = 44100 Hz, without
head (1); (b) fs = 96000 Hz, without head (1); (c) fs = 44100 Hz, with head
(2); (d) fs = 96000 Hz, with head (2).
Fig. 3. Frequency spectrum of the signal picked up by one of the two
microphones when the buzzer EMX-300 was tested. The measured sound
pressure level at the microphone is of about 40 dB.

the two bars, or the sphere diameter, represents 2a. It is
possible to set different distances between the vertical bars or
use spheres with different diameters in order to evaluate the
influence of 2a on the calibration curve. The rotating platform
shows a rotational scale with 1° resolution allowing to set
different θ in the range ± 90°. The buzzer, mounted on a
vertical bar, is placed at the same height of the microphones,
therefore, it belongs to the azimuthal plane. Sound signals,
received by the microphones, are picked up by a sound card
(TASCAM- US-144) by means of a pre-amplifier (Sennheiser
MZA 900 P), are digitized and sent to a PC. The sound
card allows to acquire data at different sampling frequencies (800 Hz, 1600 Hz, 22050 Hz, 44100 Hz, 48000 Hz,
96000 Hz). Signal sequences, with duration of 200 ms, are
cut into 100 subsequences with duration of 2 ms. Data are
then processed in MATLAB environment. Cross-correlation
is performed between each pair of the abovementioned 100
subsequences. The maximum value obtained from each of the
100 cross-correlations corresponds to a specific time delay,
calculated by (4): an estimation of ITD is derived from the
time delay that most frequently occurs, if the correspondent
relative frequency is greater than 0.70. In fact, the 100 crosscorrelations were expected to assume the maximum value for
the same time delay for the time resolution of the sound card
(for a sampling frequency fs of 96000 Hz, time resolution, Ts,
is 1/fs≈10 μs).
Hundred cross-correlations were carried out in order to
perform an estimation of ITD by considering a large number
of samples, so that statistical significance is get better, and
consequently in order to obtain the rejection of incorrect values
of delay due to noise, or reflections and diffractions of the
sound waves.
Since the theoretical resolution of the MS is limited by fs,
simulations were carried out in order to evaluate the influence
of fs on the resolution of MS: the sensor is not able to discriminate two ITDs with a difference shorter than Ts/2. Equation
(1) and (2) are used to simulate ITD as a function of θ ,
with c = 340 m/s, 2a = 150 mm, and two different sampling
frequencies, 44100 Hz and 96000 Hz, as shown in Fig. 2.

As expected, simulations show that the theoretical resolution
decreases with θ and if fs decreases. In fact, using (1) the
following results were obtained: with fs = 96000 Hz for
θ < 15° the theoretical resolution is 2°, and for θ > 75° is 9°;
with fs = 44100 Hz for θ < 15° the theoretical resolution is 4°,
and for θ > 75° is 15°. The resolution is better when the presence of the head is taken into account (2): with fs = 96000 Hz
for θ < 15° the theoretical resolution is 1°, and for θ > 75° is
3°; with fs = 44100 Hz for θ < 15° the theoretical resolution
is 3°, and for θ > 75° is 6°. Moreover, the simulations show
that the microphone signals must be sampled setting fs equal
to 96000 Hz in order to maximize the resolution of MS.
The experimental set up allowed us to calibrate the sensor in
the range ± 90°, in steps of 15° set through the rotating platform. According to the increase of the theoretical resolution
and in order to validate the linear model (3), in the range ± 15°
the angle interval was reduced and a high number of angles
was tested. In the following all results are reported as the
measured ITD ± 5 μs. The uncertainty (5 μs) was considered
equal to Ts/2, representing one-half of the MS resolution in
the discrimination of two different ITD.
IV. E XPERIMENTAL R ESULTS AND D ISCUSSION
Preliminary trials were carried out in order to assess the
frequency characteristics of the sound waves emitted by the
buzzer. A power supply unit (DC ISO-TECH IPS2302A) was
used to power the buzzer (Val = 5.00 ± 0.01 V); a microphone
(Sennheiser MKE 2-EW-3 Gold, flat frequency response up
to 20 kHz) was used to sense the wave sound. The frequency
spectrum of the signal, processed in MATLAB environment,
is presented in Fig. 3.
The first harmonic of the sound wave, placed at 462 Hz,
is within the bandwidth of the microphones. The ambiguity
condition can be expressed by the following equation:
IT D =

a
T
(sin θ +θ) ≤ ⇒ f ≤
c
2
2·

a
c

1
= fc
(sin θ + θ)

(5)

Fig. 4. Comparison between the theoretical model and the experimental
data obtained from the calibration using three different interaural distances:
green (140 mm), blue (160 mm), red (200 mm). (a) Mathematical model (1);
(b) linear model (3).

where fc is the threshold frequency value: when the sound
wave presents the fundamental harmonic frequency lower
than fc, the ambiguity is avoided. The buzzer allows to avoid
the ambiguity in overall range of calibration; in fact, for θ
in the range ± 90° and considering the values of 2a used
in the calibration (ranging between 140 mm and 200 mm),
the ambiguity occurs at a frequency value (about 800 Hz)
greater than 462 Hz. As the first harmonic presents a frequency
value within the human hearing range and it does not present
ambiguity in the range of 2a including typical values for
children [21], this buzzer should be used as the acoustic
stimulus placed in front of the child.
Three sets of measurements were performed for static
calibration without the head between the two microphones:
three different values of 2a (140 mm, 160 mm, 200 mm) were
set in order to evaluate the influence on the calibration curve.
The experimental ITD values and the mathematical model (1)
as a function of θ , for different 2a are reported in Fig. 4(a).
Fig. 4(b) shows the experimental data and the linear mathematical model (3) between −15° and 15° .
Fig. 4 shows that experimental data agree with the theoretical model (r2 > 0.96). Experimental results in the range
± 15° show a good fitting with linear model (3): r2 = 0.964
for 2a = 140 mm, r2 = 0.973 for 2a = 160 mm and
r2 = 0.997 for 2a = 200 mm. They also show that the MS
sensitivity increases with 2a (e.g., in the linear range sensitivity
is about 6 μs/° for 2a = 140 mm, 7 μs/° for 2a = 160 mm
and 10 μs/° for 2a = 200 mm). The MS resolution is better
than 4° for small θ and gets worse for θ near to |90° |(in
fact the sensor does not resolve θ between 75° and 90°),

Fig. 5. Experimental data obtained from calibration using three spheres
with different interaural distance: green (150 mm), blue (188 mm),
red (214 mm). (a) Mathematical model (2); (b) linear model (3).

as shown by simulations (Fig. 2(a) and 2(c)). A further valuable characteristic is related to the discrimination
threshold (2°).
Three sets of experimental trials were carried out for static
calibration with the head, simulated by a polymeric sphere
filled with water placed between the microphones: three
spheres with different diameters (150 mm, 188 mm, 214 mm)
were used. The different above mentioned values of interaural
distance have been chosen according to typical anthropometric
data of the head circumference [21].
Fig. 5(a) and Fig. 5(b) show the experimental data and the
mathematical models (2) and (3).
Fig. 5 shows a good agreement between experimental data
and the theoretical model (3), r2 > 0.98. Experimental results
for θ in the range ± 15° show a good fitting with linear model
(3): r2 > 0.980 in all trials. They also show that MS sensitivity
increases with 2a (e.g., in the linear range sensitivity is
6 μs/° for 2a = 150 mm, 9 μs/° for 2a = 188 mm and
11 μs/° for 2a = 214 mm). Experimental trials were carried
out with θ in the range ± 45° because the diffraction of sound
waves on the head makes the MS not able to measure the ITD
for θ higher than 45° [12]. The MS resolution is confirmed to
be better than 4° for small θ in accordance with the simulations
(Fig. 2d) and the minimum detectable angle variation is < 2°.
The above quoted agreement, the good resolution and
the accuracy (as detailed in the following Section) allow
to introduce the MS for sound socalization in the field of
developmental psychology, in particular for supporting early
diagnosis of the Autism spectrum disorders (ASD). In fact,

the MS should be used to assess sensory integration in social
orienting behavior in children; the sensor tracks child’s head
orientation when he is acoustically stimulated by a human
operator sitting in front of him focusing on altered responses
to sound stimuli [9].

TABLE I
U NCERTAINTY VALUES OF  E VALUATED T HROUGH THE T WO
A PPROACHES C ONSIDERING D IFFERENT PDF S

V. E VALUATION OF U NCERTAINTY
There are no previous study in the literature, in which a full
investigation about the uncertainty associated to this kind of
MS was performed; some studies [22] proposed only methods
for the analysis of the front-back confusion (i.e., a condition
verified when ITD can be mapped to multiple regions in
plane). As θ cannot be directly measured, the influence of
the three physical quantities (i.e., 2a, ITD, and c) of the
model (1–3) on the MS uncertainty has been estimated.
This evaluation has been carried out in the whole range of
calibration using two different approaches: 1) propagation
of uncertainty [16]; 2) propagation of distributions using
MCM [17].
The first step was the definition of a measurement model
expressing the measurand as a function of the input quantities
(ITD, c, 2a). The model used is described by (2), taking into
account the presence of the head. The dependence of c with the
environmental temperature can be expressed by the following
empirical equation:

c (t) = c0 1 + t
(6)
T0
where c0 is the sound speed in air at 0 °C (331.3 m/s), T0 is
equal to 273.15 °C and t is the temperature of the air [23].
Introducing (6) in (2) and making explicit θ using the Padè
approximant [24]:

⎛
⎞
2 · ⎝−6 +
θ =−

36 − 3 ·

I T D·co 1+ Tt

0

a

I T D·c0 1+ Tt

2

⎠
(7)

0

a

The second step was the assignment of probability density functions (PDFs) to input quantities. A gaussian PDF
(2ā = 151 mm, σ a = 14 mm) was assigned to 2a. The mean
and standard deviation values were obtained from anthropometric studies on the head circumference [21]. A gaussian
PDF (t¯ = 22 °C, σt = 2 °C) was assigned to t, hypothesizing
that the measurements are carried out in-house where t is
controlled. As ITD was measured as described in section 3,
the only available information is that ITD can present a
difference from the measured value lower than TS /2. Therefore
a rectangular PDF was assigned to ITD (mean equal to the
ITD value measured and width equal to the sampling period,
10 μs) was chosen, as recommended in [14].
The propagation of uncertainty, under the hypothesis of
uncorrelated input quantities, was implemented by the following equation:

2 
2 
2

∂θ
∂θ
∂θ
δI T D +
δa +
δt
(8)
δθ =
∂IT D
∂a
∂t

The uncertainty of the input quantities was evaluated
considering a confidence level of 95%. The propagation
of PDFs was implemented through the MCM selecting a
number of trials m equal to 106. Table 1 shows the results
obtained by the two approaches with a confidence level
of 95%.
Table 1 shows that the measurement uncertainty increases
with θ (e.g., for θ > 45° the uncertainty is greater than
9.2°). The results obtained by MCM (Fig. 6(a)) and by the
propagation of uncertainty (8) are similar (table 1), and in
particular, MCM gives an uncertainty lower than uncertainty
propagation in for θ wider than 45°, these results are caused
by the non-linearity of the model.
The relatively high uncertainty values depend on the poor
knowledge of the input quantities (in particular for 2a and t)
showing high standard deviation values.
The measurement uncertainty can be minimized by improving the knowledge of the input quantities: an accurate measurement of the input quantities allows to reduce the PDFs
standard deviations and this causes a decrease of θ uncertainty.
As an example, a scenario where the 2a and t were obtained
by measuring instruments was considered. Thanks to this
hypothesis was assigned the following PDFs: a rectangular
PDF for 2a with a mean equal to a typical value for infants
(151 mm) and width equal to 10 mm (this uncertainty can be
easily obtained by using a tape measurement), a gaussian PDF
for the environmental temperature with mean of 22.0 °C and
standard deviation of 0.3 °C (this uncertainty can be easily
obtained through a cost effective sensor of temperature), and
a rectangular PDF for ITD with width of 10 μs.
The uncertainty was calculated through the steps described
above. The results are also reported in Table 1 and the PDFs
of θ obtained by MCM are shown in Fig. 6(b).
Table 1 shows that the uncertainty is < 5° in the whole
range of calibration and increases with θ , while the uncertainties calculated through the two different approaches are
very similar. A comparison of the results reported in Table 1,
using different PDFs, shows the improvement of measurement
results obtained by means of a knowledge of the input quan-
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Fig. 6. Mathematical model expressed by (7) and the PDFs of θ obtained
assigned different PDFs to the input quantities: (a) the PDFs of input quantities
without further measurements, (b) with measurement of 2a and t.
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The good accuracy and resolution allow to introduce the
MS in the field of developmental psychology, in particular for
supporting early diagnosis of the Autism spectrum disorders
(ASD).
Furthermore, the improvement of the device accuracy can
also be crucial for some applications, such as sound localization system of mobile robots interacting with humans and
on surveillance equipment, development of sound localization
system for deaf people, researches investigating the complex
mechanism of human hearing, in fact several structures in
auditory system respond to the cues in order to perform sound
localization.
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