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A Wireless Acoustic Array System for Binaural
Loudness Evaluation in Cities

Juan E. Noriega-Linares, Francisco A. Rodriguez, Maximo Cobos, Senior Member, IEEE, Jaume Segura-Garcia,
Santiago Felici-Castel, and Juan M. Navarro

Abstract—Networks of acoustic sensors are being deployed in
smart cities to continuously monitor noise levels. In this paper,
a novel acoustic sensor device is designed for binaural loudness
evaluation, in a standalone platform. The audio is acquired from
an array of microphones and a binaural signal is synthesized by
a Direction-Of-Arrival algorithm and a Head-Related Transfer
Function. Hardware setup and software algorithms are presented
and the results are discussed. Finally, the tests conducted in an
early deployment show the feasibility of using the device to carry
out large temporal and spatial sampling for the evaluation of
binaural loudness.

Index Terms—Binaural loudness monitoring, acoustic sensor
network, psychoacoustic, deployment, low-cost, microphone ar-
ray.

I. INTRODUCTION

HE population of XXI® century cities is increasing so

fast that new problems have appeared [1]. The problem
of noise is a major concern in most modern cities, and several
measurements and studies of this environmental factor have
been done in the past [2]. Although, traditionally, these studies
have been done using objective parameters, like the equivalent
sound pressure level [3], however some research in the past
have shown that studies which evaluate subjective parameters,
such as loudness and sharpness, are more suitable for the
assessment of noise annoyance in people [4]. Psychoacoustic
research has been widely studied and standards for evaluating
noise annoyance and calculating psychoacoustic parameters
have been created [5], [6].

In this context, a new approach has emerged that aims
to continuously monitor the sound environment of cities [7],
[8], allowing the collection and analysis of huge amounts of
data, thus shaping a new perspective for studying cities. Noise
monitoring has helped to delve into the knowledge that people
and institutions, such as city councils or regional governments,
have of their cities. The use of sensor networks with an
acoustic sensor has been studied in several works [9], [10],
[11], [12], [13].

One of the main factors in the perceived annoyance assess-
ment of a sound is loudness [14], [15]. Loudness is the subjec-
tive intensity of sound, an attribute that characterises sounds
ranging from quiet to loud. It is primarily a psychological
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correlate of the amplitude of a sound. There exist some models
for the calculation of this parameter which seek to process
numerically an estimation of the loudness level based on the
objective characteristics of the sound. The most relevant and
well-known models are Zwicker’s [15] and Moore’s [16]. They
are based on a monaural stimulus that goes through some
filtering stages which correspond to the ear natural filters
and the hearing system. More recently, new research in the
psychoacoustics field has shown that monaural loudness is not
sufficient for the acoustic loudness assessment and models for
binaural loudness have been developed [17], [18].

In this paper, the design of an acoustic monitoring device
that analyses the binaural loudness level from a 2-microphone
array is described. The use of a mini computer, a Raspberry
Pi, as the core of the device allows to perform the acquisition,
the binaural synthesis and the calculation of the acoustic para-
meters on-board. Also, a mechanism to send the results to the
cloud by an Internet-of-Things platform for later processing
has been implemented. Using this online service, it is possible
to perform further statistical analysis of the stored data, e.g.,
employing spatial statistical techniques [19].

The paper is organised as follows: in section II, the binaural
synthesise from two monophonic signals recorded with two
microphones is described, and the method for the transforma-
tion is exposed. After that, the binaural loudness model used
in this work and the stages for developing the algorithm are
explained. In section III, the description of the building of the
prototype is shown. In section IV, a pilot test using a device
in a particular scenario to analyse the environmental noise is
described. Finally, the conclusions are presented in section V.

II. BINAURAL LOUDNESS EVALUATION PROCESS

This section describes in detail the processes involved in
the binaural loudness analysis.

The section is divided into two parts. First, the 2-
microphone array signal processing for synthesising the bin-
aural signals is described, and second, the binaural loudness
calculation and a review of the loudness model applied.

A. Binaural signal synthesis

Next, the signal processing approach used in this paper
to synthesise a binaural signal from the output of a two-
microphone array is described. The process consists of two
steps. First, the microphone signals are analysed in the time-
frequency domain to estimate the direction of arrival (DOA) of
each time-frequency bin by assuming plane-wave propagation.
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Then, each time-frequency point is selectively filtered by the
Head-Related Transfer Function (HRTF) corresponding to the
estimated azimuth direction for that bin. Note that since we
are using only two microphones to simplify the hardware
requirements, only azimuth directions will be considered in
this work. The method, which is based on the method pro-
posed in [20], assumes sparsity of audio sources in the time-
frequency domain, i.e., each time-frequency bin is assumed to
belong only to one main source. As a result, the synthesised
binaural signals encode signal directions in a realistic way.
The method assumes that there is one major source at a given
time-frequency element. Many sources can be active simulta-
neously, but at a given time frame their frequency overlap is
assumed to be low. This assumption is known as W-Disjoint
Orthogonality (WDO), and it has been shown that audio
sources in most practical situations can be approximated to be
WDO [21]. Secondary sources will have a different direction
as long as they do not have a severe time-frequency overlap
(WDO orthogonality assumption). This assumption has been
already studied by the audio source separation community,
and has been shown to be a good approximation for different
types of sources [22], [23], [24]. Source separation algorithms
based on the WDO assumption have already been successfully
applied over a wide range of acoustic scenarios. In [24], the
recognition of soundscape elements including noise sources
has already been considered.

1) DOA Estimation: Consider the output of a two-
microphone array with inter-microphone distance d in an envi-
ronment where /N sound sources are present. The microphone
signals can be written as

N L,,—-1

Ton(t) =D Y b (Dsn(t—1), m=1,2, (1)

n=1 [=0

where z,,(t) is the signal recorded at the mth microphone at
time sample ¢, s,(t) is the nth source signal, A, (¢) is the
impulse response of the acoustic path from source n to sensor
m, and L,, is the maximum length of all impulse responses.
The above model can also be expressed in the Short-Time
Fourier transform (STFT) domain as follows

N
Xon(k,r) =Y Hypn(k)S(k,7r), m=1,2, )
n=1

where X,,(k,r) denotes the STFT of the mth microphone
signal, and k and r are the frequency and time frame indices,
respectively. S, (k,r) denotes the STFT of the source signals
sn(t) and H,,, (k) is the frequency response from source n
to sensor m. If we assume that the sources rarely overlap at
each time-frequency point, Eq.(2) can be simplified to

Xk, r) = Hpo(k)Sa(k,r), m=12 3)

where S, (k,r) is the dominant source at time-frequency point
(k,r).

To simplify, we assume an anechoic model in which the
sources are sufficiently distant to consider plane wavefront
incidence. Given the small distance between the two micro-
phones, almost every source can be assumed to be in the far-

Fig. 1. Two-microphone array capturing a source signal with direction 6.

field of the array. In fact, a source can be assumed to be in
the near-field when its distance to the array centre is

d < 2¢(L*)/lambda )

then,
d<2(LAf )

Thus, in the most critical case (for a 20 Hz signal), the
source should be at least at a distance greater than 16 cm, an
assumption that holds in most practical situations.

Then, the frequency response is only a function of the time-
delay T,,, between each source and sensor, i.e., Hy,, (k) =
eI fxTmn | with f; the frequency corresponding to bin index
k.

As shown in Figure 1, if the microphones are separated
by a distance d and the wave from source n impinges with
an angle 6, the time difference between the signals at both
microphones is (71, — Ton) = %cos(@), where c is the sound
propagation speed. The phase difference observed between the
two microphones in a given time-frequency bin will be

Dok, r) =1 (m) = 27Tfk-g cos(0). (6)
As a result, the angle corresponding to the DOA at time-
frequency bin (k,r) can be estimated as

0(k,r) = arccos (%rj”kci(bm(k’r)) (7

2) HRTF Filtering: Assuming far field conditions, HRTFs
are a function of the arrival direction of the source (#) and
the frequency fi, expressed as HRTF(0, k). Moreover, there
are different HRTFs for the right and left ears, HRTF, (0, k)
and HRTFR (0, k).

The synthesis strategy is simple. Any of the omnidirectional
signals of the array X,,(k,r) is filtered accordingly to the
estimated DOA angles A(k, r) as follows:

YL(]C, T’) =
YR(]C,’I") =

Xon(k, 1) HRTFL (0(k, 7). k), (8)
X, (k, r)HRTFR (O(k, ), k), 9)
where Y7 (k,r) and Yg(k,r) are the STFT of the synthesised
binaural signals corresponding to the left and right ears,
respectively. These signals are transformed back to the time
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domain using the inverse STFT operator following a classic
overlap-add scheme. Note that depending on the HRTF dataset
used, HRTFs are available for a set of discrete angles. It has
been shown that directly using the HRTF of the available
data bank closest to the estimated direction is a simple
and effective approach [20]. In this paper, a bank of HRTF
impulse responses with 5-degree steps is used; however, higher
resolution could be used in the future, e.g., 1-degree steps,
different distances or interpolation for intermediate angles.

B. Binaural Loudness Calculation

Now, the loudness calculation based on the binaural signals
synthesised (Egs. 8 and 9) is shown. These calculations are
based on Zwicker’s model [15] and the most recent binaural
Moore’s model [17]. The mentioned model attempts to process
numerically the estimation of the loudness level based on the
objective characteristics of the sound.

1) Monaural Loudness Model: To estimate monaural loud-
ness levels of the synthesised binaural signals, a loudness
model has been implemented. The stimuli as inputs for the
model implementation are Y7, (k,r) and Yg(k,r), which de-
note the synthesised binaural signals corresponding to the
left and right ears, extracted in section II-A. Therefore, the
stimulus can be defined as:

Ey,
Er =

Yi(k,r), (10)
Yr(k,7) (1)

Each of the signals are passed through the different stages
for the calculation of their monaural loudness level in order
to, finally, extract the binaural loudness.

The processing stages that each synthesised signal has to
undergo are described in Figure 2. The first and second stages
of the loudness calculation correspond to the transfers through
the outer and middle ear.

In [16], it is analysed the transformation from free-field
sound pressure to eardrum sound pressure for a sound pre-
sented in free field from a frontal direction. The transmission
function of the middle ear in the model [16] assumes roll-off
at low frequencies and irregularities in the frequency range
of 1.5 to 12 kHz. This is because the assumption that the
excitation at absolute threshold is constant above 500 Hz.

Next, the spectral features of the signal are analysed for
conversion into an excitation pattern. The excitation pattern of
a sound is extracted from the spectrum reaching the cochlea.
This spectrum has passed through the corrections for the
effects of the outer and middle ear, and the filtered signal
is the excitation pattern in a frequency spectrum of critical
bands (CB). The auditory system merges sound stimuli that
are close in frequency in certain critical bands. The set of
these critical bands is called the critical band rate scale and it
creates a frequency scale that better shows how the sound is
represented in the auditory system and gives an approximation
to the bandwidths of the filters in human hearing. The filters
of the model follow the procedure of the ISO 532B [6]. It
is measured in Bark [15]. This Bark scale is a frequency
scale on which equal distances correspond with perceptually
equal distances. Zwicker set the audible frequency range in 24
critical bands on a scale of 0 to 24 Bark.

Outer ear filter for transfer free
field to eardrums

¥
Filter for transfer through
middle ear

Transform spectrum to
excitation pattern

L ]
Transform excitation to

specific loudness
1]
Calculate area under specific

loudness pattern

Fig. 2. Block diagram structure of the monaural loudness model procedure.

2) Monaural Loudness Calculation: Next, the transforma-
tion from an excitation produced by the sound in the auditory
system to specific loudness (N ") is carried out. The difference
between the total loudness level and the specific loudness
is that the latter relates to the loudness level per band, not
broadband. The function that relates the excitation pattern of
the stimulus, (Fy;4) and the specific loudness, [NV ’ in a filter
band is:

(12)

N’ =0.08 (M)m ‘ {(o 505, B )0'23 _ 1}
e Eo : : Erng Bark

where Ej is the excitation that corresponds to the reference
intensity Iy = 107'2W/m? and Erpg is equal to the
equal level loudness contour at the hearing threshold.Fg;q
corresponds to the excitation pattern of each of the signals
of the stimuli (F';, and ER).

Finally, the monaural overall loudness of the sound from
each channel, Ny for the right and Ny, for left, is calculated
by the integration of the specific loudness per band, for all the
frequency scales (Eq. 13).

24Bark
N = / N'(z)-dz
0

3) Binaural Loudness Evaluation: When a sound presented
monaurally, this is perceived to be lower than when it is
presented to both ears, binaurally, with the same sound level.
It is the effect of binaural summation [25]. In the case where
a sound is presented diotically, it would be heard twice as
loud, approximately equivalent to a 10-dB increase in the
sound level, as the same sound presented monaurally [26],
[27]. Recent studies estimate the equivalence in around 3-8
dB [28]. For that reason, binaural loudness can provide with
more information when the sound environment is analysed.

When approaching a diotic situation, the signals at the
two ears tend to be weighted equally in their contribution
to overall loudness [16], but the most recent studies suggest
that the contributions of both ears do not follow the rule of
perfect summation [17], [18]. In this paper, a model from [17]

13)
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has been implemented for the binaural loudness calculation.
In Moore’s binaural model, two independent calculations for
both the right and left ears are performed; see section II-B1.
Then, each result contributes to the overall binaural loudness.
In [17], it is concluded that a signal presented diotically is
approximately 1.5 times louder than the same signal presented
monaurally. The value chosen is consistent with several studies
presented in the mentioned work [29], [30], where the diotic
signal is matched with a monaural signal in terms of loudness.
Therefore, the loudness at each ear is 0.75 times the uninhib-
ited value, giving a binaural loudness (Np;nqurqr) Of 1.5 times
the monaural loudness (Eq. 14) as follows:

Nbinaural =0.75- NR +0.75 - NL (14)

III. ACOUSTIC SENSOR DEVICE

The aim of this design was to seek the conditions needed
for the creation of a working prototype of an acoustic sensor
device for a sensor network. The main task of this sensor is to
analyse binaural loudness levels. Descriptions about the design
of the device can be explained in terms of two major different
parts: hardware and software. Each of them is explained in a
subsection where all the different parts are broken down.

A. Design and Requirements

Some design prerequisites need to be considered, e.g., an
easy installation process, to have a reliable and calibrated mea-
suring system and the ability to analyse the sound environment
and to extract manifold acoustic parameters, including the
binaural loudness. The processing unit of the devices needs
sufficient computing power for performing the calculations
on-board and extracting all the acoustic parameters, including
those that require more computational cost. The binaural loud-
ness analysis creates the necessity of having a 2-channel sound
input in order to meet the requirements of the calculation.
The performance of every independent component should be
good enough to carry out reliable and measurements that could
span from hours to months. However, the components should
also meet the premise of being low-cost in order to build
affordable sensor networks of several devices with a good
quality to price relation. The connectivity of the device is
another fundamental pillar; therefore, the main board should
provide different solutions to send and receive data.

B. Hardware

The hardware of the device includes two main parts: the
audio acquisition system and the processing core. In this work,
the processing core of the device is based on a Raspberry Pi
[31], and the audio acquisition system consists of an array
of microphones of a Sony PlayStation Eye camera. In this
section, the features of both parts are described.

1) Audio Acquisition: The audio acquisition stage was
based on a Sony PlayStation Eye camera with a 4-microphone
array integrated into it. The decision to use this element
was made following the requirements previously given in
II-A. The PlayStation Eye microphone array operates with

Dynamic range of PS3 Eye microphone

9Q0r

80

701

60

Output SPL (dB)

50

401

30 . . . . . .
30 40 50 60 70 80 90 100
Input SPL (dB)

Fig. 3. Linearity and dynamic range measurements of the microphone.

each channel processing 16-bit samples at a sampling rate of
16 kilohertz, a signal-to-noise ratio of 90 dB and a power
consumption of 500 mAh. This device has been previously
used in numerous studies due to the features of its camera,
but in this work, the main element utilised is the microphone
array for the capturing stage of the acoustic sensor device. The
distance between the outermost microphones is approximately
62 milimeters, and the two middle channels are reversed. For
the sound acquisition, a frequency sampling of 16,000 Hz and
a bit depth of 16 bits were chosen.

To extract reliable measurements, calibration tasks were
carried out with the microphone installed in the device and
an integrating sound level meter, Rion NL-05 with a flat-
frequency-response UC-52 microphone, in a semi-anechoic
chamber using a dodecahedron speaker with a signal generator.
Tests were performed to analyse the linearity and dynamic
range of the microphone and to study the directivity pattern
of the microphone in different frequencies. A verification using
a sound level calibrator Rion NL-05 was performed before the
beginning of the measurement period and after finishing it.

The audio linearity and dynamic range test shows a 60 dB
dynamic range and a quite linear response of the microphone
in the range of 35 dB to 95 dB (Figure 3). The directivity of the
microphone was also measured showing an omnidirectional
behaviour at low frequencies and a more directional behaviour
as the frequency increased, as seen in Figure 4. The setting
of the 2-microphone array was carried out using a Raspbian
OS with the Advanced Linux Sound Architecture (ALSA).
Through the laboratory tests, the microphone was adjusted in
its dynamic range for being linear in a defined working range.
Software updates do not affect the calibration of the signals.

2) The Processing Core: A Raspberry Pi 3 Model B com-
puter was selected as the core of the processing, acquisition
and publishing stages. The technical features of the unit
include a 1.2GHz 64-bit quad-core ARMv8 CPU, 1 GB RAM,
40 GPIO pins, 4 USB ports, a full HDMI port, an Ethernet
port and integrated 802.11n Wireless LAN, Bluetooth 4.1 and
Bluetooth Low Energy (BLE). All these characteristics create
a versatile platform, enable the development of an acoustic
sensor device with the requirements stated in section III-A.
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Fig. 4. Directivity pattern of the microphone for 100 Hz, 1 kHz and 2 kHz.

The USB ports and the GPIO pins are a versatile solution,
providing the Raspberry Pi with a wide range of periphe-
rals available in the market, such as WiFi antennas, ZigBee
modules, microphones, cameras and connections with other
devices, e.g., Arduino. A Power-Over-Ethernet connection [32]
was chosen to supply the board, in which a single Ethernet
cable can provide both data connection and electrical power
to the device.

C. Software

The implementation of the algorithms was programmed in
Python. This application consists of four main stages: audio
acquisition, binaural synthesis and loudness analysis, acoustic
parameter calculation and publishing of the results (Figure 5).
All four processes operate independently but communicate
with each other internally to ensure the well-functioning of
the entire algorithm.

The algorithm consists of, first, a collection of chunks of 1
second audio from both channels, taken every 5 seconds, at a
sampling frequency of 16 kHz and a 16 bit depth. The audio
samples have a length of 1 second and the parameters instant
sound pressure level, equivalent sound pressure level and
binaural loudness are calculated for this period of time. At this
point, the audio chunks take two different directions: one is to
the binaural synthesis stage (see Section II-A) and the other
to the acoustic parameter calculation stage. For calculating
the environmental acoustic parameters, a monophonic signal
is calculated using the two raw audio signals. This resulting
signal will serve as input for the filtering stage and for the
broadband parameter extraction. The binaural synthesis of the
signals is performed, and the binaural loudness calculation is
carried out, extracting the results for the monaural and binaural
loudness level.

In the monophonic analysis, the signal is received and
processed to extract acoustic data from the measurements.
The signal takes two paths: to a filtering stage and directly
to an acoustic parameter calculation stage. On the one hand,
an inner filtering stage is performed in which the spectrum of

the input signal is analysed. The processor passes the collected
audio pieces through a set of third-octave-band filters and splits
the spectrum of the sound for further sound pressure level
per band calculations. This filter analyses the signal in third-
octave bands from 25 Hz to 8000 Hz and extracts its sound
levels in the different bands. On the other hand, the audio is
processed without spectrum filtering for broadband analysis.
All the calculations are performed on-board, and the values are
sent to the Internet-Of-Things (IoT) platform. The chunks of
audio are first processed by an A-weighted filter for the calcu-
lations of the different acoustic parameters. These parameters
extracted from the audio are the instant and equivalent sound
pressure level, L, and L., statistical noise levels Lgg, L1,
Lynin and L,,,, and third-octave band sound pressure level
[33]. Parameters L,,,;, and L,,,, represent the minimum and
maximum equivalent levels in the measurement period. With
the previous parameters obtained, the computation of hourly
and daily levels is performed, obtaining the parameter Lgey,
(Eq.15).

Lday Leveningt5 Lnight+10
_ 12:10 710 +4-10 10 +810 10
Lden =10- lg ( 24 (15)

Once all the calculations are done, the next stage of the
entire process is to save and publish the results. The data
obtained are stored both offline, in the local memory of the
board, and online, in the cloud service, where the results are
also presented. If the Internet goes down, the results can be
retrieved from the internal memory of the board, serving as
a backup of the online data. The SSH connection enabled on
the board allows remote access for retrieving the data for extra
backups to a server, if necessary.

IV. EXPERIMENT AND RESULTS

The developed unit was laboratory and field tested, to
evaluate the performance of the device. Both hardware and
software were assessed, and the results are presented in this
section.

A deployment using a unit was installed in a residential
street with a flow of people and a moderate and moving flow
of vehicles for a 24-hour period. The aim of this development
was to monitor the noise generated by the traffic produced
by vehicles, inhabitants and services in the neighbourhood,
i.e., garden care, waste treatment; and the inhabitants of the
residential area. A temporal analysis will be carried out to
observe the period of time with higher sound pressure levels
and binaural loudness levels. A specific location on the facade
of a building, at 4.5 metres height, was chosen. The location
was the most appropriate in order to cover a wide variety of
sound-sources and events. A cross between the two streets
was at 5 meters from the facade, and the park was at 20
meters. Other residential apartments were next to the location,
at 3 meters and 6 meters respectively. The environmental
conditions in which the measurement was taken were: an
average temperature of 27.6 degrees Celsius, a maximum
temperature of 34.2 degrees Celsius, a minimum temperature
of 20.9 degrees Celsius and a relative humidity of 54%.
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Fig. 5. Scheme of the different stages of the algorithm: audio acquisition, binaural processing and binaural loudness evaluation, parameter calculation and

publishing and storing of the results.
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Fig. 6. Visualisation of the binaural and monaural loudness level evolution
for the test period.

The loudness analysis of the period measured can be ob-
served in Figure 6. The upper graph shows the monaural loud-
ness levels from each of the signals acquired and synthesised,
and the lower graph shows the binaural loudness level. As
can be noted, they both show a similar pattern but with some
small distinctions. In Figure 7, a closer view to an event shows
differences between the left and right loudness levels. This is
due to the direction of the event. In this case, some events with
main contributions, i.e., the peaks in the graphs of loudness,
from the left and some with right main contributions can be
seen. A passing car from left to right or the ignition sound of
a parked car to the right will show this type of behaviour.

In Figure 8, the analysis of the entire period based on sound
pressure levels is illustrated. The unit performs on-board cal-
culations of different environmental acoustic parameters, such
as the Leq, Limaz, Limin and percentiles, as can be observed in

Loudness

Loudness Right
— — — Loudness Left

Sones

Time

Fig. 7. Closer view of the monaural loudness levels in an event.

the figure. The analysis of the equivalent sound pressure level
shows differences between day and night time, distinguishing a
difference of about 10-15 dB. The extraction of the parameter
Lger, is also performed in the unit calculations. When reaching
24-hour period, the unit extracts this global parameter, based
on the levels extracted the rest of the day, giving an overall
parameter for long-term analysis of the sound environment at
that location for days, weeks or months.

In Figure 9, the equivalent sound pressure level and the
binaural loudness, both in one hour period are displayed.
Changes over time in both parameters shows that when one
parameter increase its value, the other takes the same tendency.
When the equivalent sound pressure level has low values, the
binaural loudness shows low values too and in the higher
levels of decibels, the loudness increases its value too. The
correlation factor between the equivalent sound pressure level
and the binaural loudness level in this experiment was 0.85,
but as the loudness takes into account different aspects of the
sound, more than its effective pressure [34], this correlation
factor might not be too relevant. In Figure 10, the compar-
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Fig. 9. Superposition of binaural loudness and equivalent sound pressure level
by hour.

ison of the evolution between the binaural loudness and the
monaural loudness from both channels can be observed. The
correlation between monophonic and binaural loudness has
been calculated.

In Figure 11, a graph with the computing processing time
for the measurements of the test is shown. The efficiency of
the designed unit in terms of processing time shows good
performance for the needed processes and the resolution
chosen for acoustical measurements. The first time stamp
corresponds to recording process, and the next to the end of the
binaural synthesis of the signal. After that, different marks for
the different parameters are drawn. The most time-consuming
process is the binaural synthesis of the signal, with an average
of 2.95 seconds of processing time, while the computing of the
acoustic parameters and the acquisition are performed in less
than 200 miliseconds. Synthesising the binaural signal from
the monophonic signal requires greater computational cost
than other task of the program, due to the need to calculate the
estimate of the DOA and filter with the corresponding HRTF,
being the task that takes more time to be performed. However,
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Fig. 10. Superposition of binaural loudness and monaural loudness from the
right channel by hour.
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Fig. 11. Processing time for the measurements of the test for the different
processes.

once the signals have been calculated, the extraction of the
acoustic parameters of both signals, including the binaural
loudness levels, is computed faster.

V. CONCLUSIONS

In this paper, the development of an acoustic sensor for the
assessment of the binaural loudness is reported. In the past,
the interest in the loudness parameter and the information that
it provides to sound environment studies have been explored.
However, our auditory system is binaural. Therefore, the study
of the binaural loudness seemed more appropriate than that of
the monaural loudness. For this reason, a two-channel acqui-
sition system was proposed for the recording of sound. Then,
a binaural synthesis process was designed and implemented
for obtaining the binaural signal, i.e., a right signal and a left
signal. The Raspberry Pi platform has served as an appropriate
tool for the acquisition and processing of these parameters, and
its connectivity has allowed remote access and publication of
the results in real time. Finally, a binaural loudness model was
implemented for calculations. From the experiments carried
out, the suitability of performing calculations of the parameters
in a standalone platform gives the flexibility of performing
measurements in different places at the same time and for
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periods of time that could go from days to months. With the
gathering of information from the ambient noise and from the
psychoacoustic parameter obtained, further analysis of these
data can provide information to complement an evaluation of
the acoustic environment where the units are deployed, and
the information extracted can be shared with the population
and the citizens.
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