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Introduction 
The topic of this paper is the automatized determination of 
the position and trajectory of sound sources by acoustic 
measurements with microphone arrays. The base idea of the 
process is the suitable delay and amplification of the sound 
signals received by the sensors. The exact delay and 
amplification values are defined by beamforming 
algorithms, one of the most well-known being the so-called 
Multiple Signal Classification (MUSIC) algorithm. This 
method separates the cross-spectral matrix of the received 
signals to signal and noise subspaces. Its popularity is due to 
its simplicity and relatively high accuracy. Beamforming can 
be used to focus on different points in the space and assess 
the likelihood of a sound source being in their vicinity. 
Previously, we devised a method to estimate the direction 
and the distance of sound sources [1]. Direction estimation is 
already an extensively discussed topic when it comes to 
beamforming. Our distance estimation method showed 
promising results during simulations, but when processing 
measurement data, it failed to perform satisfactorily due to 
less favourable environmental conditions. Our goal is to 
devise and test a more accurate and reliable, although 
presumably slower algorithm that could be optimized in the 
future. 

Delay-and-Sum method 
The determination of the direction (or position) of sound 
sources can be done through focusing and source 
localization. Focusing means that sound waves coming from 
a certain direction are emphasized, for example, by means of 
the Delay-and-Sum method [2]. The received signals of the 
microphones are amplified and delayed separately so that the 
superposition of these steered signals results in a large peak 
when focusing on the direction of the source (Figure 1.). 
Source localization is the estimation of the direction of 
sound sources. We choose a set of virtual source positions in 
the space, which together make up the acoustical canvas. We 
then estimate the position by looking for the point where a 
virtual source generates a sound-field like the real one. 

 

Figure 1: The Delay and Sum method. 
 

These two tasks can be performed together as well, by 
following these steps: 

 we focus on every point of the canvas one-by-one, 
and apply the Delay-and-Sum method on them 
separately in a given time window; 

 for every virtual source position, we take a narrow 
band of the frequency spectrum of the superposition 
of the signals; 

 we calculate an amplitude-like value based on the 
energy of this narrow band; 

 an amplitude map is created from these values; 

 the estimated position of the source or sources 
correspond to local maxima on the map. 

The microphones can be placed in several different 
formations. When the sensors and the sound sources are all 
on the same two-dimensional plane, the microphones are 
usually placed along a straight line. In a fully 3D space, a 
full grid formation is usually too expensive, given the high 
number of microphones necessary to build the array. Cross, 
circle, or spiral formations are good alternatives. 

MUSIC algorithm 
The MUSIC beamforming algorithm is a linear algebraic 
method [3]. It is based on the separation of the cross spectral 
matrix of the received signals into signal and noise 
subspaces. The calculation of the amplitude-like value for 
the map is based on the eigenvectors belonging to the noise 
subspace (denoted with Un) and the sensing matrix (denoted 
with A), that provides the connection between the source 
distribution and the received signal vectors (equation (1)) 
[4][5][6][7]. The accuracy of this method is relatively high 
despite its simplicity, but its applicability is limited to 
uncorrelated sources. 

   (1) 

Distance estimation 
The acoustical canvas usually lies along a flat or spherical 
surface, but this way it is only adequate for direction 
estimation. The estimation of the distance of sound sources 
can be done through extending the canvas into three 
dimensions, but because this dramatically increases the 
number of virtual source positions, the issue of 
computational cost must be considered. 

One possible approach is to make an initial direction 
estimation on a primary two-dimensional canvas the usual 
way, and in the estimated direction, a secondary canvas is 

DAGA 2022 Stuttgart

190



created along a straight line. We apply beamforming with 
this secondary canvas, and the virtual source position with 
the highest corresponding amplitude is the estimated 
position of the source (Figure 2.a)). 

Another possible method is to replicate not just one point of 
the primary canvas, but a smaller area around the estimated 
direction. There are many secondary canvases at various 
distances from the microphone array, but they all cover the 
same angle range. Beamforming is applied on all the 
secondary canvases, and we estimate the position of the 
source at the point with the highest corresponding amplitude 
(Figure 2.b)). 

 
Figure 2: Distance estimation with two slightly different 
methods. 

Kalman-filter 
The Kalman-filter is an algorithm that can estimate the state 
of systems that change with time. In this case, the system in 
question is a moving sound source, and the state is its 
position and velocity. We can get the position coordinates 
from beamforming algorithms. The Kalman-filter starts from 
the standard state equation (equations (2) and (3)) [8][9]; 
together with the current measurements, it also takes the past 
states of the system into account, makes an a-priori 
estimation and then a correction step with the difference 
between the measured and estimated values. 

   (2) 

  (3) 

The traditional Kalman-filter only gives an optimal 
estimation for linear systems, but it can be extended to work 
for nonlinear systems as well. One such extension is called 
„Unscented Kalman-filter” [9]. This version of the algorithm 
creates so called sigma-points around the state vector and 
makes the necessary calculation steps on them separately, 
thus countering the nonlinearity of the system. It can also be 
extended to track multiple sound sources at the same time. 

Simulations 
The methods introduced above can be tested by simulations 
in the MATLAB environment. The sound sources can move 
freely in the space, so two angles are needed to define the 
directions (which are interpreted as in a standard spherical 
coordinate system). The microphones of the array are placed 
evenly in a cross formation, the distance between adjacent 
ones is 6 centimetres. This formation is used in all the 
simulations and measurements presented here. In the first 
simulation, where only the direction estimation was 
performed, a spherical grid is used as the acoustical canvas. 

There are four virtual sources placed in the space that emit 
Gaussian white noises with different source powers. 

In Figure 3., there are two amplitude maps created with the 
MUSIC beamforming algorithm. On the left there is no 
background noise, on the right there is some noise applied 
with a signal-to-noise ratio of 20 dB. In both cases, MUSIC 
creates a good amplitude map, the four sources are easily 
separated, even with background noise applied. The main 
difference between the two cases is that the dynamic range is 
lower in noisier conditions. 

Figure 3: MUSIC beamforming in three dimensions, 
without (left) and with (right) background noise applied. 

 
The next simulation demonstrates the tracking of two sound 
sources by MUSIC assisted by the Kalman-filter algorithm 
(Figure 4.). The acoustical canvas is a planar grid, equally 
distributed on a rectangular area. The two sources are 5 and 
50 metres from the plane of the microphone array, both 
emitting gaussian white noise. They are moving along 
parallel straight lines, and at one point, they are in the same 
direction from the centre of the array. When they are in the 
same direction, the algorithm can’t distinguish them, but 
other than that, MUSIC and Kalman can track them. 

 

Figure 4: Direction estimation of two moving sound 
sources. 

 
In Figure 5., the result of the distance estimation can be seen 
for these two sources. The distance of the closer source can 
be estimated accurately, but for the farther source, the 
algorithm is less reliable. This is expected, because the 
farther a source is from the microphones, the smaller the 
differences between the angles of incidence. 

The two estimation methods are the ones presented earlier. 
They can be compared by calculating the variance of each 
data array (and excluding the problematic middle section of 
the simulation). With the second, slower method, there was 
no significant improvement for the closer source, but for the 
farther source, the variance is around two-thirds of the 

DAGA 2022 Stuttgart

191



original. Unfortunately, the computational cost skyrockets, 
due to the higher number of virtual source positions. 

On the right side, a rare occurrence can be observed. After 
the two sources are in roughly the same direction, the 
algorithm sometimes mixes them up. Although the algorithm 
considers the potential swapping of multiple sources at each 
time-step, the process is not one-hundred percent safe, so the 
two sources are, rarely, but sometimes swapped after the 
problematic section of the simulation. 

 

Figure 5: Distance estimation of two moving sound 
sources with two slightly different methods. 

 

Measurements 
The following measurement was made in a semi-anechoic 
chamber, where two stationary speakers played two different 
songs. The distance estimation is less reliable than during the 
simulations, although for some sections of the measurement 
the second method provides noticeable improvement. 
Nevertheless, the estimated distance changes too erratically 
to be considered reliable. 

 

Figure 6: Distance estimation of two stationary sound 
sources with two slightly different methods. 

During our work, we participated in outdoor measurements 
where different groups were determining the position of 
unmanned aerial vehicles (in other words, drones). This was 
done through different methods, such as with optical or heat 
cameras, radar technology and of course, with microphone 
arrays. The next few measurements are of two drones called 
Secopx8 and Tarot680. 

 

Figure 7: Measurement arrangement outdoors, with the 
main microphone array on the right. 

 
The direction estimation is more difficult than during 
simulations because the environmental conditions and 
disturbances are less favourable and predictable. 
Nevertheless, MUSIC and the Kalman-filter can adequately 
track the drones when they are close enough to the array, 
except for a few moments, when the algorithm incorrectly 
assumes that a strong background disturbance is the drone. 
The closer the drones are to the array, the more their emitted 
sound stands out from the background, and the more reliable 
the direction estimation becomes. 

 

Figure 8: Secopx8 and Tarot680. 
 
In Figure 9., the results of the two distance estimation 
methods can be seen. For both drones, especially for 
Tarot680, the estimation changes too quickly and erratically, 
so this method isn’t sufficient for distance estimation. 
Unfortunately, the second method doesn’t offer any 
significant improvement, despite its higher computational 
cost. 
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Figure 9: Distance estimation of two unmanned aerial 
vehicles. 

 

Conclusion and future plans 
In this paper, we discussed the determination of the position 
of sound sources with microphone arrays and beamforming 
algorithms. First, we introduced of the basics of 
beamforming, the Delay and Sum method, and the MUSIC 
beamforming algorithm. The, we discussed a possible 
extension for the method to estimate not just the direction, 
but the distance of sound sources. We devised two different 
methods, one of them was slightly more reliable, bat its 
computational cost was much higher. We also touched on 
the subject of tracking moving sound sources with the 
Kalman-filter algorithm. Then, we moved on to presenting 
the results of simulations and measurements. We can 
conclude that MUSIC and Kalman-filter works reliably and 
accurately in simulations and in favourable measurement 
conditions, if only the direction estimation is concerned. 
However, the distance estimation only worked in 
simulations, and even there it was inaccurate for sources that 
were farther from the array. Both distance estimation 
methods proved unreliable in measurements, therefore they 
need further development. 

Our work can be continued in many different directions. In 
these simulations, we only considered white noise emitting 
point sources, but it would be beneficial to test the algorithm 
with different, more narrow-band sound signals. We could 
also try different microphone array formations and compare 
them to find the most advantageous one for different 
situations. Because distance estimation isn’t yet reliable for 
greater distances and for measurements, it is an important 
goal to develop it further. A reliable and accurate distance 
estimation algorithm would open the possibility of 
estimating velocity and sound power as well. 
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