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ABSTRACT

Delay-and-sum is one of the most fundamental signal pro-
cessing techniques to estimate the direction of a sound
source based on measurements from an array of micro-
phones. However, the estimation of distance and/or sound
pressure level of the source cannot be accurately retrieved
if we do not take into account the properties of the acous-
tic environment, the sound field, where the measurements
take place. In this contribution, we show the perfor-
mance of a delay-and-sum beamformer in the spatial lo-
calisation of a source emitting a sound of constant over-
all level. The source is gradually moved in an area of
230 m2 with source-receiver distances up to ∼35 m. Re-
sults are shown before and after applying a level correc-
tion based on the inverse distance law and a transfer func-
tion estimate obtained empirically. This transfer func-
tion represents a pragmatic simplification for the acous-
tic environment, which otherwise can be complex to mea-
sure due to the more or less influence of absorption, re-
flection, diffraction, refraction, and diffusion phenomena.
Our evaluation is focused on the estimated source location
obtained from the maxima of the imaging results and on
the estimated sound pressure levels.
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1. INTRODUCTION

The detection of sound events has been extensively inves-
tigated in many applications, perhaps with some more in-
terest in radar and underwater applications since the first
half of the twentieth century [1]. To monitor the direction
of arrival of a sound, more than one microphone—a mi-
crophone array—is required, such that differences in the
time of arrival of a sound to the different microphones can
be used to estimate the direction from which that sound
is coming. Such principle is captured by delay-and-sum
(DAS) beamforming, a basic but well-established tech-
nique in acoustics.

In other applications such as sound source imaging
in acoustics, the topic of this paper, it is often the case
that the sources under investigation are close to the mi-
crophone arrays or that beamforming is applied in con-
trolled situations in a way that a free field can be assumed.
However, in complex acoustic environments, sound prop-
agation is influenced by physical phenomena including
absorption, reflection, diffraction, refraction, and diffu-
sion. In such complex environments, accurately retriev-
ing the location and the estimation of the actual inten-
sity of a sound source, remains a significant challenge.
The sound intensity of a detected sound source is one of
our focuses in this paper, which we estimate using sound
pressure levels derived from the imaging results. In the
past, to tackle these challenges various methods have been
employed, including deconvolution techniques and other
widely used inversion methods (see, e.g., [2, 3]). Despite
their effectiveness, these methods often face limitations
such as computational intensity, the need for precise envi-
ronmental modelling, and difficulties in real-time applica-
tions [2,4]. For this reason, a simplified correction method
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is presented that makes use of an empirically-obtained
transfer function to more accurately quantify sound source
in non-free field conditions.

In this study, a DAS beamformer is used to analyse a
sound source of constant level that was gradually moved
within a 230 m2 area. The evaluation is focused on estima-
tions of the position and level of the sound source. There
was a distance of up to 35 m to the measurement devices,
two 64-channel microphone arrays. The results are com-
pared before and after the level correction is applied.

2. METHODS

2.1 Delay-and-sum beamforming

An audible sound source can be captured by a sensor—a
microphone—after some delay in time due to the distance
between the sound source and the sensor. This time delay
can be interpreted as a phase shift in the frequency do-
main. This effect is captured in the Green’s function of
the Helmholtz equation:

xj =
exp

(
−2π · i · f

c · ||qj − pk||
)

4π · ||qj − pk||
· sk (1)

where i represents the imaginary unit and xj represents
the signal projection of source amplitude sk onto position
qj of microphone j after travelling from source position
pk with a speed of sound represented by c. The frequency
of the sound signal is denoted by f .

In a DAS beamformer, different time delays are tested
and compensated. These delays are related to the dis-
tances between the beamforming point k and the mi-
crophones j in the array, one of each potential source-
microphone combination. If the microphone signals hap-
pen to result in aligned phases, their addition will amplify
the signal or, in other words, the microphone signals will
interfere constructively. Conversely, microphone signals
from another location (other time delays) with no perfect
alignment, are expected to partly cancel each other after
addition, interfering destructively. In this latter case, it
is less likely that a sound source is located at that posi-
tion. Point pk indicated by the red diamond in Figure 1
produces a constructive interference resulting in a local
maximum of the heatmaps shown later in Figure 2. Sim-
ilarly, the blue diamond (only shown in the left panel of
Figure 2) indicates a position at which a local minimum is
found.

Figure 1: Schematic of one XL642 microphone array (L1) and
the main target area towards which it was beamformed (thick
black line). The grey dashed curve indicates the position de-
scribed by the sound source from position A to C, see the body
text for details. The blue open markers indicate a magnified vi-
sualisation (x30) of the 64 microphones of L1, while the green-
filled marker indicates its central coordinate. The blue square
indicates the projection of the facing direction of the array onto
the beamforming plane. The red marker indicates the speaker
position pk at t=7.7 s. The closest and farthest microphones qj
to pk are highlighted in red (j=33) and pink (j=24), respectively.
These microphones are distant by 0.30 m from each other, for
which a time “steering” delay of ∼150 µs leads to constructive
interference (dark red region) at this point pk, as can be seen
later, in Figure 2. Instead, if a steering delay of ∼350 µs is used
for these microphone signals (related to a position ∼16 m to the
right of pk), a region of destructive interference is obtained with
a heatmap magnitude 25.4 dB below the maximum, see the mag-
nitudes around the blue marker in the left panel of Figure 2.

In this study we use a DAS beamformer imple-
mented in the frequency domain which receives wave-
forms recorded with a microphone array (here 64 chan-
nels per array) and has as free parameters the minimum
and maximum frequency of the analysis (here fmin-max =
6000—6100 Hz) and the parameters that define the size
and overlap of the consecutive analysis windows. DAS
beamforming is used here as a visualisation technique,
where areas of constructive and destructive interference
are depicted as “pixels” with different colours, from dark
red to white, respectively, as shown in the figures later
in this paper (Figures 2 and 4). These colour maps will
hereafter be referred to as “heatmaps.” More importantly,
we express the heatmaps in dB, which after applying an
appropriate dB offset related to the sensitivity of the mi-
crophones in the array, lead to magnitudes that have a
one-to-one relationship with the sound pressure level at
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Figure 2: Two dimensional visualisation of the beamformed sound surface (heatmap) data 7.70 seconds after the start of the mea-
surement. The black markers filled in green indicate the location of the two microphone arrays. The dark red area in the heatmap
indicates the location of the omnidirectional speaker based on the measurement. For the reference heatmap (left panel), the blue-filled
and red-filled diamonds indicate the minimum and maximum levels of the heatmap of 6.3 and 31.7 dB, respectively.

the specific element or “pixel” of the heatmap, as mea-
sured by the microphones within the fmin-max range. The
heatmaps in dB at this stage are used as the reference
(non-corrected) heatmaps that have K pixels with each
pixel belonging to one of the target points of the area onto
which it will be beamformed. For the beamforming point
k in that area, the magnitude will be expressed to as hk,ref.

2.2 From heatmap to sound pressure level:
Estimation and distance compensation

The DAS beamformer does not compensate for the at-
tenuation of the sound due to its propagation through
the acoustic environment, despite the smart use of steer-
ing time delays to identify regions of coincidence by the
algorithm. In other words, the direct interpretation of
the heatmap magnitudes leads to a lower sound-pressure-
level reading than what the sound source actually emitted.
To compensate for this decrease, after beamforming, the
hk,ref magnitudes are subjected to a level compensation
based on the exact distance dkm between each beamform-
ing point k and the location of microphone array m, mea-
sured in meters, this compensation C was:

C (k,m) = A · log2 (dkm) (2)

with A being a fitted parameter that represents the number
of decibels that are increased by every doubling of the dis-
tance dkm. In general, this parameter should not exceed
6, with a value of 6 representing a free-field condition and
a compensation of 6 dB per doubling of the distance [5].
In this study, a fixed value A of 5 dB was used in Eqn. (2),
based on measurements that we had previously collected

in this same acoustic environment, 1 that can be conceptu-
ally related to the assessment of a transfer function of the
acoustic environment under investigation [6]. In this way,
the corrected heatmap is obtained as:

hk,test = hk,ref + C (k,m) (3)

The locations of the two microphone arrays Lm used in
this study, two Sorama XL642 units (Sorama, Eindhoven,
the Netherlands), are indicated by the green markers
in Figures 2 and 4, with heights of 23.21 m (for L1)
and 22.01 m (for L2). With average dkm distances of
22.59 and 21.64 m and maximum distances of 35.33 and
30.70 m, for L1 and L2, respectively.

The heatmaps from L1 and L2 were generated for the
same set of beamforming points k. Both heatmaps were
subsequently combined. The combined heatmap was ob-
tained from a point-by-point weighted sum, similar to an
arithmetic average [2].

2.3 Measurements: Data collection

A white noise having a statistical flat spectrum between
0 and 7000 Hz was played back through an omnidirec-
tional speaker. The omnidirectional speaker was held at
a constant height of 1 m from the floor and it was moved
from position A (at t = 0 s) to position B (at t = 20 s)
and then to position C by the end of the measurement, at
t = 25 s. Positions A, B, and C are highlighted in grey
in Figure 1. The sound pressure level Lp of the sound
source was constant and measured to be Lp = 78.5 dB of
continuous equivalent level, read from a Class 1 NTi XL2

1 The interested reader is referred to Figure 6 in Appendix A.
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sound level meter at a distance of 1 m from the speaker.
However, due to the beamforming range between 6000
and 6100 Hz (see Section 2.1), only the effective amount
of white noise within this band-limited range can be vi-
sualised in the heatmaps. For this range, the white noise
had 60.0 dB of effective signal. 2 This level of 60.0 dB is,
therefore, the target level that we expect to achieve when
visualising the resulting DAS heatmaps, if the attenuation
by distance is appropriately compensated.

3. RESULTS AND DISCUSSION

One frame of the obtained beamforming results are shown
in Figure 2 for the reference heatmap, without level com-
pensation (left panel) and for the test heatmap (right
panel), after a level compensation based on the adopted
inverse distance law was applied.

The heatmaps in Figure 2, show for the selected anal-
ysis frame at t = 7.7 s, that both sound surface heatmaps
have the same lobes, evidenced by the similarities in the
dark red regions in both panels. However, as expected
for the compensated representation, the magnitudes of the
right panel are similar in relative terms but the overall val-
ues are higher than those of the reference heatmap, as de-
picted by the difference of about 20 dB in the correspond-
ing colour scales.

To provide further support to the previous statements,
the maximum levels Lp,max were extracted for all 250
frames (25 seconds, one frame every tenth of a second),
and are shown in Figure 3.

The results in Figure 3 depict the systematic increase
in the predicted maxima from the beamformed lobes, that
are on average 22 dB closer to the target band-limited level
of 60 dB. However, there is still a range of about 10 dB
that needs to be bridged or, in other words, that seems
to require a more accurate level compensation. So far,
the test compensation method does not seem to affect the
position of the sound source for one analysis frame (Fig-
ure 2) and in fact it brings the maxima from the beam-
forming results closer to the target level of 60 dB.

The same observation can be extended to all frames in
the heatmaps. To do so, the trajectory of the sound source
throughout the whole measurement is shown in Figure 4.

2 The band-limited level Lp ,band-limited is obtained from
Lp ,band-limited = Lp − 10 · log10 (BW/BWband-limited). For the
white noise that was used, the total level Lp was 78.5 dB, the
bandwidth (BW) was 7000 Hz and BWband-limited is 100 Hz, i.e.,
the frequency range between 6000 and 6100 Hz. This formula is
valid because of the statistical flat spectrum of a white noise.
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Figure 3: Maximum levels Lp ,max for each analysis frame. The
pink and black traces indicate the maxima retrieved from the
reference heatmap and from the inverse-distance-law corrected
heatmap, respectively. The trace with corrected levels (black) is
on average 22 dB above the pink trace, however, it is still about
10 dB below the target band-limited level of 60 dB. The filled
markers indicate the maximum levels obtained every 1.5 s (15
analysis frames), which match the source positions highlighted
by the thick open squares with the same colours in Figure 3.

The trajectory was estimated from the maximum lobe of
each analysis frame and is superimposed to the heatmaps
of the last analysis frame of the measurement, at t = 25 s.
The locations of the sound source are indicated by the pink
and black traces in the left and right panels of Figure 4,
respectively. The filled symbols represent the locations
after an arbitrary time step of 1.5 s or, considering the
beamforming parameters, every 15 analysis frames. High-
lighting filled symbols gives a clearer idea of the speed at
which the speaker was moved within the area of interest 3

and also for comparison with the maximum levels at those
locations that as highlighted in Figure 3. The similarity
between the pink and black traces supports the fact that
the sound source is located at the same virtual position,
for the reference and test heatmaps, without or with the
level compensation, respectively.

4. CONCLUSION AND FURTHER WORK

In this study we have presented data collected with two
microphone arrays installed in a nearly free-field acoustic
environment where sound propagation seemed to be well
predicted when assuming an attenuation of 5 dB every
time the distance was doubled. For the analysis and visu-
alisation of the results, delay-and-sum (DAS) beamform-
ing was applied using a frequency-domain implementa-

3 A rough estimate of the speed at which the sound source was
moved is 1 m/s (or 5.4 km/h) or, in other words, two contiguous
filled markers being approximately 1.5 m apart in Figure 4.
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Figure 4: Sound surface heatmaps before and after an inverse-distance-law compensation was added to the obtained magnitudes in
dB. The traces in pink and black represent the locations of the maximum lobes in the course of the measurement. The maxima were
found gradually from the left to the right of the abscissa and at around time t = 20 s (frame 200), the source was found to go down the
ordinate. The lobes in both panels correspond to the source location in the last analysis frame, at t = 25 s. Note that the colour scale
has a different range in both heatmaps.

tion. The white noise sound was analysed using a fre-
quency range between 6000 and 6100 Hz, which is equiv-
alent to analyse a band-passed filtered version of the sig-
nals captured by the microphone arrays.

Despite the basic nature of the DAS beamforming
technique [7], we emphasise the transparency of its pro-
cessing, allowing a one-to-one relationship between the
estimated magnitudes and the actual sound pressure level
of the source. Our experience indicates that such trans-
parency extends not only to visualise results as sound sur-
face heatmaps, but also extends to the synthesis of beam-
formed (steered) signals, although we do not show this in
the current study.

Additionally, we present a simple way to compen-
sate for the distance between the sound source being mea-
sured and the microphone arrays based on an inverse dis-
tance law. Based on our evaluation, the method improves
the level accuracy bringing levels (for distances up to
35 m) closer by 22 dB with respect to the non-corrected
heatmaps. However, there are still missing factors in this
simple compensation. This level compensation does not
seem to affect negatively the localisation of sound sources,
at least for a nearly free-field environment as the one eval-
uated in this study. For this reason, it is important to men-
tion some of the limitations that we did not address and
may require further attention:

• We used an omnidirectional speaker: This means that
the source radiated sound at roughly constant levels in
all directions. Given that everyday sound sources are,
in general, directional, a more comprehensive analysis
of the directionality of sound sources to be used in the

acoustic environment is required. The sound power of
an important number of sources is known and could be
used to investigate this aspect, e.g., supported by ded-
icated acoustic modelling software such as the open
source package OpenPSTD [8] or commercial pack-
ages such as SoundPLAN and CadnaA. Alternatively,
the sound power of specific sound sources could be es-
timated from ad-hoc measurements (see, e.g., [9]).

• The acoustic environment was only roughly char-
acterised: Under the premise that the distances be-
tween the target points towards which we beamformed
and the microphone arrays were more critical than the
exact than the comprehensive acoustic characterisation
of the acoustic environment, we captured the environ-
ment properties only pragmatically. This pragmatic ap-
proach allowed us to fit the attenuation factor per dis-
tance doubling, the factor A of the inverse distance law,
which normally adopts values between 3 and 6 dB [see
Eqn. (2) and Appendix A]. Other simplifications were:
(a) We used a constant speed of sound and the factors
of humidity and temperature were not accounted for.
No classical acoustic measurements were conducted ei-
ther, to evaluate the amount of reflections near the sound
source or whether the fluctuations in magnitude from
the heatmaps were actually produced by other sources
in the background, and (b) localisation in reverberant
environments is in general more difficult, with wider
lobes for the same source-array distance compared to
free field conditions [10].

From the points listed above, a particularly challeng-
ing case is that of reverberant environments, where prop-
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Figure 5: Schematic showing a free field attenuation as a func-
tion of the doubling of the distance (pink), using the factor
A = 5 dB/doubling as used in this study (black), and using a
more elaborate attenuation rule, where there is a different atten-
uation factor for the free field an for the reverberant parts of the
curve (blue), delimited by a critical distance.

agation as a function of distance can be better simu-
lated by considering, e.g., a direct and a reverberant path,
instead of assuming a constant logarithmic decay (here
of 5 dB/doubling) and, alternatively, also to introduce a
frequency-dependent approach. In these cases, point-to-
point impulse response measurements could be provide a
more exact correction factor, which could also be derived
as a function of frequency. A schematic of this more elab-
orate attenuation rule is given in Figure 5.

The study of these shortcomings could only translate
in further improvements of the results that we have pre-
sented in this study. Still, we believe that the presented
approach of distance compensation can apply for an im-
portant number of situations where the microphone arrays
are at long distances from the sound sources of interest.
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A. TRANSFER FUNCTION MEASUREMENT

In this appendix gives a brief description of the measure-
ments that led to the attenuation factor A=5 dB/doubling
used in the inverse distance law adopted in this study. The
measurements were conducted by one of the authors [6].
The measurements were collected in the same venue as in
this study, but the “area of interest” was not exactly the
same. The dimensions of the tested area were however
comparable, having similar horizontal and vertical dimen-
sions as the are the area delimited by the black rectangle
from Figure 1, where points A, B, and C were located.

A.1 Data collection

A speaker was located at a fixed position near one of the
corners of the area of interest, comparable to point B from
Figure 1. The UE Megaboom 3 BT speaker was used.
This speaker was not omnidirectional but it was calibrated
to produce a fixed sound pressure level of 56 dB at a dis-
tance of 1 m from the speaker, for the frequency range be-
tween 1 and 3 kHz. The sound used in the measurements
was a recorded “stadium sound” of people cheering during
a football match. For the purposes of reproducibility of the
experiment, we chose a sound segment that maintained
an approximate overall sound pressure level. When the
sound was being played back in loop (with the speaker the
fixed position), the experimenter moved to different mea-
surement positions along the horizontal and vertical direc-
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Figure 6: Sound pressure levels as a function of distance for
measurements in the horizontal (green) or vertical direction
(blue) as obtained from the measurements. For both curves, a
decrease of 5 dB/doubling is indicated by the insets in black.

tions from the speaker and annotated the sound-pressure-
level readings as registered by a Class 1 Bedrock SM90
sound level meter. Because for this project, the frequency
range of interest was between 1 and 3 kHz, only the sound
level meter data for that frequency range (as one-third oc-
tave band levels) was used.

B. RESULTS AND BRIEF DISCUSSION

The measured levels as a function of the distance between
the speaker and the sound level meter are indicated by the
filled markers in Figure 6. In the figure, 30 labelled mea-
surements are shown, 14 for collected in the horizontal
direction and 16 collected in the vertical direction. The
distances between the speaker and the sound level meter
was between 1 and 19 m. The continuous lines represent
the best logarithmic fits to the data that we could obtain.
For the curve obtained for the horizontal (green) and ver-
tical directions (blue), insets are shown to highlight the
approximate decrease of 5 dB/doubling for the curves be-
tween 4 and 8 m.
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