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Abstract: The localization of sound sources has received increasing interest over the last decades,
given its wide range of applications. The triangulation method using the Time of Arrival (ToA) of a
signal has shown to be useful and easy-to-use and, at the same time, provides accurate results. In
this work, the acoustic trilateration method is applied in experimental measures to study and demon-
strate its precision in air. Firstly, the method is tested in an anechoic chamber (low reverberating
environment) demonstrating its functionality and accuracy. The next step has been the application
of the method by using a low-cost system to demonstrate how a non-anechoic environment affects
the accuracy of the localization. The detection of the received signal is implemented using a cross-
correlation method in the time domain for both cases. Furthermore, the influence of the number and
positions of the receiver that are used for this process in the accuracy of the results is also studied.

Keywords: acoustic positioning system; source localization; time of arrival; low-cost system

1. Introduction

Sound localization can be defined as the process of identifying the spatial coordinates
of a sound source (emitter) based on the sound signal received by a microphone (receiver)
array [1]. Source localization using sensor arrays has been one of the central problems
in radar, sonar, navigation, geophysics and acoustic tracking [2]. The localization of a
source in space has also received an increasing interest over the last years, as many new
applications can obtain substantial benefits from the knowledge of the spatial position of
an emitter by means of knowing the characteristics of the signal [1].

Many audio processing applications include animal detection in the wild forest,
speech enhancement, tracking of sound sources, maritime applications, localization of
brain tumors, teleconferencing and detection of astroparticles, among others. In this context,
the development of new technologies allows a higher accuracy in the process related to
the time parameters associated to the localization process [3]. Commonly, most algorithms
and techniques related to the localization process involve an estimation of Time Difference
of Arrival, TDoA, at a set of microphones’ positions from which one of them can drive
information about the spatial position of the source [4]. The processing of this information
is usually based on the computation of the Generalized Cross-Correlation, GCC, whereby
the Time of Arrival, ToA, (defined as the time that an emitted signal take to be detected by
a receiver) can be obtained [5]. The same procedure can be used for the inverse purpose,
this is localizing a receiver by knowing the localization of different emitters [6].
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In this work, the localization of an acoustic source in a low reverberating indoor
environment by means of a low-cost system is presented. The main peculiarity of the
proposed method is that the Time of Emission, ToE, (defined in the following Section) must
be a known parameter, which implies controlling the emission to be registered. This is the
case of an acoustic active system, commonly used to search characterized sources.

The structure of this paper is as follows: Section 2 presents the case of study and
describes the methodology used for the definition of the emitted signal, its detection
in recorded signals and the localization of the emitter. In Section 3, the set-up used
during the experimental measurements, as well as the results obtained by means of these
measurements, are exhibited. Finally, the conclusions and important remarks of this work
are presented in Section 4.

2. Methodology

The first step in the study is defining the signal that is used to localize the sound
source. This signal is emitted by source (emitter), propagates through the medium (which
in this case is air) and reaches the receivers. It is important to note that, assuming an
homogeneous medium in which the speed propagation of the sound waves, c, is constant,
the signal takes a different time to reach each receiver placed in different position due to
the different distances to be travelled by the sound waves.

The Time of Flight, ToF, of the signal is a crucial parameter involved in localizing the
source, as it represents the time that the signal takes to propagate between emitter and
receivers. The Time of Emission, ToE, is defined as the time instant in which the signal
starts being emitted. This parameter can be independent of the data acquisition system,
in which case it must be considered as unknown (passive acoustic system). The Time of
Arrival, ToA, is referred to as the time that the signal takes to be detected by the receiver.
From these two last parameters, one can straightforward obtain the ToF as the difference
between ToA and ToE (ToF = ToA− ToE).

The distance between the emitter and the receiver, dER, can be defined as a function of
the ToF and the speed of sound as dER = ToF · c.

In the experiments presented here, the ToE is controlled by the signal acquisition
system and, consequently, the ToA for each receiver is the unknown parameter that must
be found.

In this work, the localization of an emitter, E, whose position is theoretically unknown
is carried out by means of the signal detected by a receiver, R, placed at different positions.
This receiver is moved to different measurement positions in order to simulate an array of
receivers. It is also important to note that the method requires the use of a minimum of
three receivers’ positions for a proper localization of the source.

Different signals were tested in the experimental stage (see Appendix A), and it was
checked that sweep and MLS are more suitable for the GCC detection [7]. The linear sine
sweep signal, Ws, is defined as

Ws(t) = sin
[

2π

(
| f2 − f1|

T
· t + f1

)
t
]

, (1)

where T is the duration of the signal, f1 the initial frequency of the sweep, f2 the ending
frequency of the sweep and t the instant of the time. Note that if the value of f1 is lower than
that of f2, the resulting sweep signal is ascendant (in the opposite case, it is a descendant
sine sweep).

For the low-cost system in reverberating environment case presented in this work,
the sine sweep is generated in the frequency range between 2 kHz and 12 kHz and with
a duration of 300 ms, both characteristics corresponding to audible signals. A sampling
frequency of 44.1 kHz is considered. Details on the emitted, received and correlation signal
can be observed in Figure 1.

To test the detection, a simple virtual measure is created: The distance between emitter
and receiver, dER, is 43 cm, and the propagation speed of sound in the surrounding medium
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(c = 343.2 m/s at 20 ºC). With this information one can directly obtain the ToF of the signal
as ToF = dER/c. A ToE of 400 ms is considered (as it can be observed in Figure 1c), and
the ToA is 401.2573 ms). The Signal-to-Noise Ratio (SNR) in reception is 40 dB and the
recording time is 1 s (see Figure 1c,d).

It is important to note that, for the sake of simplicity, in the case presented here the
decay of amplitude of the propagating signal with the distance, as well as the variation of
the absorption due to the propagation of the sound waves in the medium depending on
the frequency, are not considered.

Figure 1. (a) Emitted signal in time domain. (b) Emitted signal in frequency domain. (c) Example of
received signal (recorded during 1 s) by a receiver placed at a distance of 43 cm from the emitter with
a ToE of 400 ms. (d) Zoom to the ToA of the received signal. (e) Resulting correlated signal between
emitted and received signals. (f) Zoom to the detected ToA in the correlated signal.

2.1. Detection of the Signal

In this Section, the detection process of the emitted signal is presented. A high
resolution in the ToA is crucial for an accurate localization process. Since the emitted
signal is a sweep, the GCC is an effective method for its automatic. This method is based
on correlating the emitted and received signal and finding the ToA from the peak in a
given instant of time. The results of this process can be observed in Figure 1e,f. As it
can be extracted from the difference between the detected ToA from the correlation signal
(ToAdetect, in Figure 1f) and that of the received signal (Figure 1d), there is a delay of 12.5 µs.
Considering the propagation speed of sound in the medium, this delay implies a difference
of less than 0.5 cm in the detection of the signal, which can be assumed as sufficiently low.

Some other methods can be used with the purpose of finding the ToA, such as using
a threshold in the time domain for the amplitude received or applying the accumulated
frequency of the received signal and detecting harsh changes in the slope [8].

The cross-correlation signal, Wcorr, obtained by computing the GCC between the
emitted signal, Ws, and the received signal, Wr, is expressed as a function of the power
spectral density GWsWr as shown below.

WGCC
corr (t) =

∫ +∞

−∞
Ws( f )W∗r ( f )GWsWr ( f )ei2π f tdf = ϕGCC( f )GWsWr ( f )ei2π f tdf, (2)
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where ∗ indicates a complex conjugated and ϕGCC( f ) is a frequency-dependent weight
function. Due to finite observations, it is only possible to obtain an estimation of GWsWr ( f )
[9]. Therefore, to obtain the TDoA, the following expression will be used [10]:

ŴGCC1
corr (t) =

∫ +∞

−∞
ϕGCC( f )ĜWsWr ( f )ei2π f tdf, (3)

where ĜWsWr ( f ) is the obtained estimation of GWsWr ( f ). For each pair of sensors, the ToA
is taken as the time delay that maximizes the cross-correlation between the filtered signals
of both sensors, that is: τ̂GCC

ij = arg
(
maxt{ŴGCC1

corr (t)}
)
.

2.2. Localization of the Emitter

A general model for three-dimensional (3-D) estimation of an emitter using i receivers
is developed in this Section. To obtain the location of the source, the first step is knowing
the spatial position (xi,yi,zi) in a Cartesian coordinate system of a given number of receivers.
Let the position of the emitter to be located be (xE, yE, and zE), the distance between the
emitter and the i-th receiver, dERi , is defined as:

dERi =
√
(xi − xE)2 + (yi − yE)2 + (zi − zE)2. (4)

Based on Equation (4), it is possible to create a resolvable nonlinear equation system
with 3 unknowns (xE, yE and zE) and i equations. Thus, it is necessary to have a minimum
of 3 receivers to solve the system. To solve the system of equations, the method analyzes
the difference in the distance between the i-th receiver and the first receiver (di1), which is
given by:

dERi1 = dERi − dER1 =

=
√
(xi − xE)2 + (yi − yE)2 + (zi − zE)2 −

√
(x1 − xE)2 + (y1 − yE)2 + (z1 − zE)2,

(5)

where dERi1 is the distance between the first receiver and the emitter.

To obtain the position of the source, the system of equations can be written considering
a system of m equations and n unknowns fm(x1, x2, x3, ..., xn) = 0. This system can be
written in vector form as f (x) = 0 where f is a vector of m dimensions and x is a vector of
n dimensions. To solve this system of equations, it is necessary find out a vector x such
the function f (x) equals the null vector. In this case, the problem is solved by means of an
algorithm for calculating nonlinear equations systems using the MATLAB tool f solve. This
method is based on the Newton-Raphson method for which an initial Position of reference,
Posre f , is proposed to start the calculation process. Since the positions of the receiving
microphones are known for all the experimental measurements, the mean value of the
receivers’ positions (in the middle between them) has been taken as the reference position.
To ensure the convergence of the results, the input parameters of the function have been
defined considering a maximum of 4000 iterations, a computational error for the tolerance,
In f maximum function evaluations and not using a Jacobian solution.

3. Experimental Framework
3.1. Experimental Set-Up

In the previous Section, the theoretical approach for the localization of a sound source
by solving a system of nonlinear equations has been detailed. This method is used to
localize a sound source in two different environments: An anechoic chamber and a low
reverberating room. This approach in based on the case in which a given emitter, whose
position is unknown, wants to be localized by means of the signal received in certain
locations that are known. The influence of the number of positions for the receiver in the
resulting localization is also studied by comparing the results using a different number of
positions (modifying the number of microphones used in the measurements).
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A sound source (emitter), controlled by a sound acquisition system and placed at a
given position, is considered to be emitting a signal containing the frequencies within the
range of study that is generated by a sound card. This signal is registered by a receiver
placed at different known positions. It is important to make sure that both, emitter and
receiver, have a flat frequency response in the studied bandwidth.

(a) Tests in An Anechoic Chamber

To validate the acoustic positioning system for 3D localization, previously described
for a low-cost system, the same method in an ideal environment with low reverberating
conditions has been applied. The approach consists of testing different signals and study
the results to select the best configuration to be reproduced afterwards with the low-cost
system . In this occasion a Focusrite Scarlett 18i20 v3 audio card was used, connected to 6
microphones Behringer ECM8000 (array distributed among 3.2 and 4.1 m distance from the
emitter) and to a Genelec 8030A source. This source is composed of a woofer speaker for
low and mid frequencies (below 2 kHz) and a tweeter for high frequencies (above 2 kHz).
In the case that the emitted signal contains only high frequency components the emitter, E,
to be searched is the center of the tweeter position. If, on the contrary, the signal is in all
audible spectrum (e.g., MLS) the E position to be found corresponds to the center position
between the tweeter and the woofer.

(b) Tests in a Low-Reverberating Environment: A Low-Cost System

For the low-cost system, the equipment used has been a loudspeaker Genius SP-U115,
a microphone Behringer ECM8000, and a sound card Focusrite Scarlett Solo. Note that all the
audio systems have an intrinsic latency that must be taken into account. In this experiment,
a buffer size of 256 samples is used, since the lower the value of this number of samples, the
lower latency in the system. The second channel of the sound card is used as a reference
in order to know the latency of each recording, while first channel is used for recording
the signal provided by the microphone. After the signal has been registered, the cross-
correlation is calculated for both channels. In this configuration, the first channel gives ToA
and the second channel controls the ToE. In the case in which multiple receiver positions
are used. they are considered as an array of microphones. This can be demonstrated by the
fact that using 4 or more microphones in an anechoic environment does not significantly
improve the precision of the detection (see Appendix A).

The goal of this measurements is to localize the emitter with error that, at the most,
corresponds to the diameter of the sound source that is used. In this case, this diameter is
2” (5.08 cm).

The coordinates of the positions of the emitter and the receivers are measured, all
of them in a volume of 70 cm3. It is worth noting here that, even though the position of
the emitter is theoretically unknown, the position at which it is placed in the experiment
must be known in order to validate the applied model by calculating the difference found
between the proposed method and the real position. The positions of the receiver are
chosen in order to get a representative sampling in space of the area of study. Given the
nature of the emitter (loudspeaker), it has an associated directivity that must be considered
in order to avoid measuring in the so-called ‘areas of shadow’ of the loudspeaker, in which
no acoustic pressure is radiated.

3.2. Results

Figure 2 shows the positions of the emitter (red circle) and the receiver (blue circles).
The reference positions plotted in the figure is the one considered by the algorithm as
a starting point to look for the position of the emitter and is chosen to be the midpoint
between all the positions used for the receiver. The sound source is detected by this method
in the position marked with the cross.
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Figure 2. Positions of the emitter (E, in red) and the receivers (R, in blue) in the experimental set-up.
(left) 3D view. (right) Top view

Table 1 shows the quantitative comparison between the coordinates for real position
of the emitter and the one obtained by means of the localization with 3 and 4 positions
for the receiver, as well as the error in each dimension for these two cases. As it can be
observed, the emitter is localized with a maximum error of 4.8 cm by using 3 positions,
and 4.4 cm using 4 positions, both in the y-dimension. Consequently, the goal regarding to
precision is achieved in both cases, with a better accuracy when 4 positions are used.

Also the value the global distance between the real and the localized positions, defined
as d =

√
((xL − xR)

2 + (yL − yR)
2 + (zL − zR)

2), gives an idea of the accuracy of the
localization. In this case, values of d = 5.5 cm and d = 5.2 cm are obtained with 3 and
4 receiver positions (mics), respectively. This means that, in global terms and as it was
already expected, the emitter can be localized in a more accurate way with 4 positions.

Table 1. Comparative between the real and localized position of the emitter.

Coordinates ∆x [cm] ∆y [cm] ∆z [cm] d [cm]

Real position - - -
Localized position (3 mics) 2.0 4.8 1.8 5.5
Localized position (4 mics) 0.4 0.7 0.3 0.9

The errors that are observed in Table 1 might be associated mainly to errors in measur-
ing the coordinates of the positions of the receiver and possible reflections in the walls of
the room in which the measurements are carried out.

The results corresponding to the calibration of the method that has been carried out in
the anechoic chamber can be seen Appendix A.

4. Conclusions

In this article, the localization of an acoustic source has been presented by using a set
of microphone’s positions and considering the radial properties of the source. In this study,
a generalized cross-correlation has been used as a main process for this purpose, due to the
fact that the characteristics of the source are known. As a result, a system of equations has
been presented in terms of the number the microphone’s positions in a Cartesian coordinate
system.

In this work, it has also been shown that, although a minimum of three microphone’s
positions are required to localize the sound source, the results are more accurate when
more microphone’s positions are considered, as these positions cover different directions
of the space.
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Appendix A

To calibrate the detection and localization algorithms, it is necessary to test them in
different controlled environments. A simulated environment, in which different sensor
points (3, 4, 5 and 6) simulations have been carried out for different combinations of sensors
and theoretical sources, has been defined. Figure A1 shows a representation of the positions
of the receivers together with one of the source points for which their spatial coordinates
are known.

Figure A1. Positions of the emitter (E, in red) and the receivers (R, in blue) in the anechoic chamber tests. (left) 3D view.
(center) Top view. (right) The Cartesian coordinates

With this, it is possible to create a controlled simulated environment. Thus, to test
the results of the localization of a source reconstructed by the localization algorithm, with
respect to the real values of its position, an error value was randomly added and 1000
simulations have been performed in each case.

Figure A2 shows an overview of the results provided by the localization algorithm.
In all the cases, the abscissa axis shows the difference between the reconstructed position
and the real position of the source while the ordinate axis shows the error added to the real
position.

Figure A2. (left) Error of localization method expected. (right) Zoom in of the figure placed on the
left side
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On the one hand, as expected, for a larger number of sensors the reconstruction
of the source considerably improves. On the other hand, when the error increases, the
reconstruction of the source is more affected for a combination of 3 sensors, while for
combinations of 4 or more sensors the results are independent of the error. This indicates
that for combinations of at least 4 sensors it is sufficient to obtain results with good precision
and higher robustness.

After testing the results of the location algorithms, it is necessary to test the detection
algorithms. In this sense, We have generated different signals type (sine, MLS and sweep)
by using an electro-mechanical loudspeaker with a 4-inch cone inside an anechoic chamber.

Additionally, four signal types were tested in the anechoic experimental set-up using
3, 4, 5, and 6 microphones (see Figure A1): MLS, sweep (10 Hz to 22 kHz), sinus of 500 Hz,
and sinus of 4 kHz. These signals were the chosen to localize the source (tweeter, buffer, or
the mean between both). Only for the 3 microphones set-up the detection can produce big
differences in the precision of the algorithm, despite the fact that a GCC detection method
obtain better precision in MLS and sweep signals [7].

In an anechoic environment, the signal detection with 4 (or more) microphones does
not require precision on the order of the nanoseconds. Once the detection is assured with a
precision less than 10 cm in the distER the improvement obtained by increasing the number
of microphones is negligible. Thus, it is possible to state that a minimum of 4 in necessary
to detect a source with dimensions bigger than 5 cm.
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