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Abstract

The Wireless Acoustic Sensor Networks (WASN) are con-
sidered as a cheap, flexible and efficient solution for dif-
ferent acoustic applications, but their performance can
be difficult to analyse due to the complex interaction of
sounds through the air. Moreover, impairments of the
wireless network, acoustic transducers, data converters,
and the delays of the operating systems can greatly affect
the acoustic performance of a particular sound control
application. In this paper, we explain the main issues of
a developed Matlab tool to model and simulate sound
control systems over WASNSs. The tool is able to simulate
different network deployments and communication pro-
cedures, different acoustic systems and different algo-
rithms for sound control. As a complement to the simu-
lation tool, we also explain how to deploy a real WASN
by means of mobile devices with Android operating sys-
tem. We also indicate basic Android instructions to man-
age the Wi-Fi connection between mobile devices (smart-
phones and tablets) and the Bluetooth connection
between devices and wireless speakers. Finally, current
technological limitations affecting WASN performance
are also discussed.

Keywords: Wireless acoustic sensor networks, sound
control, matlab, android, bluetooth, wi-fi.

1. Introduction

The Wireless Sensor Networks (WSN) are considered as
a cheap, flexible and efficient solution for environmental
and habitat monitoring, as well as for monitoring and
maintenance of industrial equipment [1, 2, 3] among
other tasks. They are in the scope of research since the
beginning of this century, although their commercial

used is not as spread as it was expected. From the very
first moment, different acoustic applications were pro-
posed [4, 5] paving the way for the wireless acoustic sen-
sor networks (WASN) whose particular characteristic with
respect to the WSNs is that they use microphones, or any
other kind of acoustic sensor. In a WASN, the node con-
sists on one or more microphones connected to a proces-
sor with some kind of communication and computation
capability. Applications that make use of these kind of
acoustic nodes are numerous, see [6, 7] and references
therein. They focus on the estimation of a common signal
or parameter that can be measured by all the nodes [7],
or on the estimation of node-specific signals sharing
some common properties or parameters [8]. Another typ-
ical feature of this kind of node regards on its processing
unit, which is usually dedicated to sound recording, con-
trol and transmission, although it can eventually perform
some signal processing algorithms before the transmis-
sion.

However, if the WASN has to be used for applications
that control the sound field, the node should be able to
emit sounds through a loudspeaker or actuator. More-
over, the network should focus not only on the estima-
tion of a particular signal or some related parameter, but
also on the design of the signals that will feed the loud-
speakers and will control the emitted sound [9]. In this
sense, throughout this paper we will consider a generic
acoustic node that can record and process signals, com-
municate to other nodes to exchange local and network
information, and emit sounds to modify its own environ-
ment.

From a practical point of view, a WASN can be imple-
mented using smartphones or tablets as acoustic nodes.
Indeed, these devices have one or two microphones, one
loudspeaker, and their processors exhibit a similar per-
formance to those of notebooks, even better in some re-
cent models. They can also communicate to other devices
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An acoustic node is a device capable of obtaining infor-
mation from one or more sensors (microphones) and ge-
nerating signals via one or more actuators (loudspeakers)
to control the sound field.

via Wi-Fi IEEE 802.11 or Bluetooth connections. In this
sense, the number of sound processing applications on
mobile devices has been increasing during the last years.
Most of them are intended for entertaining, but not only.
Some recent examples are [10], where several mobile de-
vices reproduce the same sound simultaneously in order
to provide an immersive sound experience as if they were
inside a theatre, and [11], where the performance of a
wide range of applications used to measure the sound
pressure level is thoroughly examined.

The remainder of the paper is as follows. In Section 2,
a complete simulation tool in Matlab is presented. This
tool can simulate different network deployments and
different sound control applications over these net-
works, as well as evaluate some of their main perform-
ance parameters. In Section 3, the description of the
basic parameters in Android for the deployment of a
real WASN using mobile devices and wireless loud-
speakers is given. Finally the main conclusions are sum-
marized in Section 4.

2. Simulator of sound field controller
over WASNSs

As stated in Section 1, we define an acoustic node as a
device capable of obtaining information from one or
more sensors (microphones) and generating signals via
one or more actuators (loudspeakers) to control the
sound field. It can also communicate with other network
nodes. Based on this, a tool to model and simulate sound

Node 1 Node 2

control systems and their behaviours is proposed in the
following, but first of all it is important to explain the
three different parts regarding WASNSs (see Figure 1). Al-
though they may share information, these three parts
should work independently one of each other:

1) Algorithms: they define the processes to be per-
formed on signals and the interaction between
the system and the input-output devices (micro-
phone-loudspeakers) as well as with other net-
work elements.

2) Communication system: it allows information ex-
changes among the nodes and can simulate real
effects of communications as latencies, transmis-
sion errors, information loss, etc.

3) Acoustic system: it models the transformation suf-
fered by the signals from their reproduction at the
loudspeakers till their recording at the micro-
phones. It simulates the physical propagation and
reflection of the sound by means of impulse re-
sponses measured at different points of the
closed space.

Another important feature of the simulation tool is that
each node can use distributed signal processing if the
communication network allows to it, which means that
an output signal is obtained at each node as a result of
processing both the local input signal and the informa-
tion received from other nodes. Although each node
processes the signals independently, each one is relevant
to the working of the global system.

The simulator presents other benefits like the storage, re-
production and analysis of all the audio signals or param-
eters in the simulation as well as tools for the definition,
modification or study of the acoustic systems. The tool
simulation has been developed to analyse the algorithms
that define the sound field control applications in a real
system without the need to program them on a DSP plat-
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Figure 1. Diagram of a sound control system with multi-channel nodes.
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form or to have an acoustic system in situ. Several types
of communication errors between the network and the
nodes and even model the data acquisition impairments
in real-time applications can be simulated. In conclusion,
this tool is intended to fill the gap between the initial
mathematical idea of an algorithm and its final program-
ming on a digital platform.

2.1. Definition of the data type “struct”

The simulator is based on the MATLAB data type called
“struct”, which is a structured array of data sets organ-
ized by groups called fields. Each field can contain any
type of data of any size. Structures can be built in two
ways:

- Using the “struct” function (structArray = struct
("field1’, val1, field2’, val2, ...)) where the argu-
ments are field names and their corresponding values.

- Using an assignment statement that assigns data
to individual fields (structArray.field1="val1’;
structArray.field2=val2; ...).

Some of the most important features of this data type are:

- All structures in the array must have the same num-
ber of fields.

- All fields must have the same field names.

- Fields of the same name in different “struct” vari-
ables can contain different types or sizes of data.

- Besides, a “struct” provides hierarchical storage
mechanisms to contain different types of data.

- Nested structures are allowed and vectors and ma-
trices of structures can be created.

- It is possible to add a new field to a structure at any
time.

- Moreover, the structures have optimized functions
for specific operations. See MATLAB documenta-
tion online for extensive information [12].

2.2. Description of the simulation tool

In this section, a brief description of the different steps
to perform the simulation of an acoustic network model
is defined. We define acoustic network model as the
model based on the configuration of all the parameters
needed to simulate a sound field control application.

The first step is to initialize the acoustic network through
the configuration of all the system processes:

- Acoustic system configuration: This setting loads
the file containing the acoustic channel impulse
response between each loudspeaker and each mi-
crophone located in the enclosure. In this part, the
number of loudspeakers and microphones that
will manage each node is defined. It is possible to
create as much multichannel nodes as number of
loudspeakers and microphones.

- Algorithms configuration: The algorithm to be ex-
ecuted by each node is selected depending on the
application to simulate. Besides, the different pa-
rameters needed for the operation of each algo-
rithm are defined in such a way that several nodes
can share the same algorithm with different con-
figuration parameters.

- Communication system configuration: It defines
the type of topology of the communication net-
work and how the nodes are collaborating. For ex-
ample, a node can interchange information with
a small group of nodes or only with its neighbour
nodes. On the other hand, the communication
network can introduce latencies in the transmis-
sion of information to the nodes hence it is possi-
ble to simulate this delay in number of samples at
each node.

- Data acquisition system configuration: The tool
tries to simulate the data acquisition that would
be carried out in real-time applications over asyn-
chronous networks. Each node has its own clock
and stores, process and sends data independently
from the rest. Similar to a DSP performance, a
node is in a permanent state of low consumption
until an interruption occurs due to the arrival of
data. At that time, the node performs the corre-
sponding processing. Such processing ends with
another interruption returning to the initial state
of low consumption of the node. Thus, we define
two interrupt flags: reading/writing (R/W) and pro-
cessing time. R/W interruptions indicate the mo-
ment at which the node reads the new data and
writes the previous data. Processing time indicates
the time it takes to process a sample block. If the
node can read new data (R/W interruption is ac-
tive) but the node is still processing previous data
(processing time interruption is active too), the
new data will be lost. It also defines the sampling
time as the minimum unit of time at which the
simulator works. So, the acoustic system works
sample-by-sample in the time domain (to approx-
imate us as close as possible to the continuous do-
main) but the nodes can execute algorithms im-
plemented with blocks of samples in the
frequency domain too. Similarly, the communica-
tion network works sample-by-sample independ-
ently of the other processes. Summarizing, at the
same time and regardless of the system unit of
time, each node can work with a different size
block, a different sampling frequency and a differ-
ent processing time.

Once considered the configuration data explained above,
the network structure is created and the acoustic net-
work model is characterized. Notice that the network
structure addresses the information but does not process
it. Therefore, the structure must have particular fields
containing the variables that will be used within the al-
gorithms, the acoustic system and the communication
system for data processing.

Some of these fields are:

e State: Field containing the input and output vari-
ables of each process in the system.
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Figure 2. Example of the type of structure used in the simulator.
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2) Start simulation

For each node:

2.3) Execute acoustic system
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2.1) Execute algorithm

Communication system
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Figure 3. Steps to perform the simulation of an acoustic network model.

e |nitial state: Field containing the initial values of
the variables in the previous field.

e Historical: Field to store the variables that want to
analyse.

A complete description of all the fields is out of the scope
of this paper, but an example of one of the data structure
used in the tool is shown in Figure 2.

Finally, Figure 3 shows the steps to run a complete sim-
ulation. The tool runs the algorithms at each node and
simulates if there are latencies in the information ex-
change among the nodes. Once the signals have been
processed by the algorithms and have been sent to the
loudspeakers, the acoustic system generates the signals
captured at the microphones locations. In this way, the

tool can quickly perform different simulations for differ-
ent applications by modifying the appropriate parameters
in the initial configuration.

2.3. Simulation of the algorithms

The algorithms can work sample-by-sample or grouped
in blocks of samples. A particular algorithm reads values
in certain structure fields, executes the operations and
writes in certain structure fields. The nodes can execute
any algorithm once it is adapted to the format defined
by the structure.

The general definition of an algorithm consists of four
parts. An example is shown in Figure 4:
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1) Declaration statement: It states the function
name, the needed input variables from the struc-
ture and the output variables that are going to be
returned to the structure.

2) Reading: It reads the field “State” of both the al-
gorithm node and the communications system (if
any information exchange between the nodes ex-
ists), obtaining the values of the variables used by
the algorithm.

3) Processing: In this section, the necessary opera-
tions for the proper performance of the algo-
rithm are executed. Depending of the type, the
algorithm can process one or several input vari-
ables (corresponding to the input signals or the
signals captured by microphones or parameters
sent by other nodes, etc.) and one or several out-
put variables (corresponding to the signals repro-
duced by the speakers, parameters to send to
other nodes, etc.).

4) Writing: After processing and similarly to the read-
ing process, the new values of the variables must
have been stored in the state field of both the al-
gorithm of each node and the communications
network.

2.4. Simulation of the communication system

The communication system performs two types of oper-
ations in the simulator. On the one hand, it is possible to
simulate latencies (or other effects) in the transmission
of information to the nodes by delaying the input signals

m) Algorithm example:

%% ALGORITMO FILTRADO + GENERADOR

a certain number of samples at each node. On the other
hand, if collaborative algorithms are used, the system al-
lows to exchange information among the different
nodes. In this case, the network topology explains how
the nodes must collaborate stating for each node which
nodes can read data from it and in which nodes it can
write data. This information, along with the nodes that
collaborate and their order in the network, must be in-
troduced in the configuration of the communications
network. Depending on the topology, the network will
be responsible for sending that information to the corre-
sponding node as well as introducing errors or delays, if
needed.

2.5. Simulation of the acoustic system

Acoustic systems are formed by the number of actuators
(loudspeakers) and number of sensors (microphones)
along with the impulse response of the acoustic paths
between them, that is, the acoustic system defines an
enclosure and the position where the loudspeakers and
microphones are placed within it. The acoustic system
must work sample-by-sample in the time domain in con-
trast to the algorithms that can be run sample-by-sample
or in blocks of samples. However, the programming of
the acoustic system is quite similar to the definition of
the algorithms. It contains first the declaration statement
of the function followed by a part where the necessary
variables are read from the fields of the structure. Sec-
ond, the processing where the signals reproduced by the
loudspeakers are filtered by the acoustic paths. Finally,
the signals captured by the microphones are stored in the
structure. An example is shown in Fig. 5.

function [red]=Filtrado_Gen (red) <€
% Leer campos constantes de la red
nodo=red.datos. nodo_act ivo;

B=red.nodos (nodo) .datos.tam b nodo;

% Leer campos constantes del algortimo
H=red.nodos (nodo) .algoritmo_nodo.estado.H;
P=red.nodos (nodo) .algoritmo_nodo.estado.P;

tam_fft=red.nodos (nodo) .algoritmo nodo.estado.tam fft;

% Leer campos variables del algortimo

buffx=red.nodos (nodo) .algoritmo nodo.estado.buffx;
x_p=red.nodos (nodo) .algoritmo_nodo.estado.x_p:

% Leer seflal de entrada al nodo
IN=red.nodos (nodo) .datos.buff entrada;

Declaration statement

|

buffx=[buffx (B+l:end);IN];
x p(:,2:end)=x p(:,1:P-1);
x p(:,1)=buffx;
X=fft (x_p,tam fft);
% Filtrado
y=ifft (X.*H);
y=sum(y,2);
y=real(y(B+l:end, 1));

% Dentro del campo datos guardo la salida

red.nodos (nodo) .datos .buff salida=0OUT:

% Almacenar estados del nodo en estructura

algoritmo

red.nodos (nodo) .algoritmo nodo.estado.buffx=buffx;

red.nodos (nodo) .algoritmo_nodo.estado.x_p=x p;

Figure 4. Example of an algorithm function.

Waves - 2015 - year 7/ISSN 1889-8297



mm) Acoustic System:

Sistema Acustico

&
<

function [;ed]:SA(red)

$ Leemos de estructura la

IN=red.datos.estado.s_altavoces;

a

Leer 0os constantes del sistema

caminos=red.caminos_acusticos.caminos;
M=red.caminos_acusticos.tam caminos;
J=red.altavoces.numero_altavoces;

K=red.micros.numero micros;
% Leer campos variables de

buff y=red.caminos_acusticos.estado.buff y;

buff_y(1,:)=IN;
OUT=zeros (1,K) ;

sefial alm

1 sistema act

Declaration statement

N fevong

astico

% Filtrado por caminos secundari
for k=1:K
for j=1:J0
OUT (k) =0OUT (k) +caminos (:, k+K*(j-1)) '*buff y(:,3);
end

end

% Almacenamos

que llega a

seflal

red.datos.estado.s_micros=0UT;

% Almacenamos estados del sistema

red.caminos_acusticos.estado.buff y=buff y;

nicros

acustico

en estructura

en estructura

Figure 5. Function that models the acoustic system.

2.6. Analysis of the performance

The tool can analyse any existing signal or parameter in
the system. Using a specific function, the tool stores in
the structure only those signals captured by the micro-
phones that have been previously selected as well as only
those signals produced by the loudspeakers that have
been previously chosen. This reduces the computational
load and the stored memory in the cases of systems with
a large number of microphones or speakers but that only
need the signals captured or reproduced by some of
them.

2.7. Limitations

At this moment the main limitation of the simulation tool
is the lack of interaction with the user, but a graphical user
interface is planned for the next phase of the project.

From the point of view of efficient programming in Mat-
lab, the tool tries to use multiple dimension arrays (vec-
tors, matrices) but the use of loops is unavoidable. There-
fore, when a large number of nodes are used, both
runtime and memory storage become prohibitive. In ad-
dition, working with different units of time increases the
runtime.

Another issue is the resolution. The tool works with Mat-
lab resolution but the idea is to simulate the main effects
of AD/DA converters in the audio input/output respec-
tively, as for instance the saturation and finite quantiza-
tion of the samples. Finally, the tool does not support dy-
namic or variable acoustic systems.

3. WASNS over mobiles devices and
wireless loudspeakers: current tech-
nology

In this section we explain how to develop a real WASN
using mobile devices with Android operating system.
We also indicate basic Android instructions to manage
the Wi-Fi connection between mobile devices (smart-
phones and tablets) and the Bluetooth connection be-
tween devices and wireless speakers.

3.1. Programming the Android Operating System (O.S.)

Android has classes' for record and reproduce audio sig-
nals. The class AudioRecord can record audio signals
from the device microphone and the class AudioTrack is
used for audio reproduction. These classes work with sig-
nals without any kind of codification, that is, they use
pulse coded modulated (PCM) signals. To explain how
the above classes can record and reproduce simultane-
ously, it is necessary to introduce here the concept of
Thread in Java: a Thread is the smallest processing unit
that allows the execution of concurrent tasks. Therefore,
to record and reproduce different audio files at the same
time, two Threads are needed.

Each Thread has two parts:
1. The initialization of the variables
2. The execution of the operations.

1 Class: It defines an object specifyinng its properties and the operations
that can perform.
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An important point is that the initialization of the recording
Thread has a higher computational complexity than the ini-
tialization of the reproduction Thread. This means that the
operations of both do not start at the same time. To solve

Regarding the synchronization among the connected de-
vices, it needs to be as tight as possible in order to start
the reproduction on one device and the recording on the

this problem the functions wait() and notify() are used.
When the reproduction Thread finishes its initialization, it
uses wait() and remains blocked until the recording Thread
finishes its initialization and uses notify() to awake it.

3.2. Bluetooth communication

The Bluetooth protocol is used to connect a mobile de-
vice (smartphones or tablets) to a wireless loudspeaker.
In order to understand the procedures of Bluetooth con-
nections, it is necessary first to talk about the Bluetooth
profiles. A Bluetooth profile is a service that the devices
are able to use for the communication. There are a lot of
profiles, but in this project only two of them are relevant:

1. A2DP profile: Advanced Audio Distribution Profile.
It defines how multimedia audio is streamed be-
tween two devices.

2. HSP profile: Headset Profile. It provides support
for the popular Bluetooth headsets to be used
with mobile devices.

Android has two classes, BluetoothA2dp and Bluetooth-
Headset, to manage these two profiles. Thanks to these
classes the process of connection can be done success-
fully. This process has two steps:

1. Pair? the chosen device.
2. Connect the chosen device.

If the device is already paired, the step 1 is not needed,
but to connect two devices, they always must be previ-
ously paired.

The connection between a mobile device and a wireless
speaker under A2DP makes the sound to be reproduced
by the wireless speaker instead of by the local speakers
embedded in the device.

3.3. Wi-Fi communication

The Wi-Fi protocol is used to connect the mobile devices
(smartphones or tablets) among them. To perform a Wi-
Fi link between two devices there are three steps:

1. Searching and connection of a network.
2. Searching of devices inside the chosen network.

3. Connection among devices with a TCP socket®.
This last step is needed to assure a safe and reli-
able communication.

At the third step the ServerSocket and Socket classes are
used. One device will act as a server and the other as a

2 pair: It is a process to do safer the communication Bluetooth, but to
pair does not mean to connect. In fact, a single device can be paired to
several devices.

3 Socket: It is a data communications endpoint for exchanging data be-
tween processes executed within the same host operating system.

other one simultaneously.

client, but only during the connection process. Assume
that devices A and B act as server and client respectively.
Device A will use the accept() method of the Server-
Socket class to enable listening to connection requests
from the client. This method is blocking, meaning that
until a connection is not established, the following line
of code is not executed. Moreover, device B will perform
the connection request by the Socket class, which also
blocks the code. Once the connection is established, both
devices will have the same attributes for sending and re-
ceiving information.

Regarding the synchronization among the connected de-
vices, it needs to be as tight as possible in order to start the
reproduction on one device and the recording on the other
one simultaneously. The procedure is shown in the diagram
in Figure 6. Once the connection is established, both de-
vices get their own time reference and stored them in tm
and ts respectively. The master then executes the initializa-
tion of its variables and notifies the slave, waiting till the
slave completes its initialization process and alerts to the
master. At that time the master gets a new temporary ref-
erence tm1 and transmits to the slave the difference (tm1-
tm). The slave then takes his own time reference ts1 and
calculates the delay with respect to the master as (ts1-ts)
- (tm1-tm). From this moment, both devices wait a time
fixed by method Thread.sleep(millisec) where millisec is the
number of milliseconds that each device has to wait to get
synchronized, as is shown at the bottom of Figure 6.

MASTER | T SLAVE

ss.accept() @ ) s = new Socket
(‘_____,_,,‘_————————""'J'_'_'_4 (dir_serv,port)
- B = ey el o i ts

CONNECTION DONE

wx)

Initialization

Wait() Initialization
tm1 :@T e
ts1
Sleep(3000) Sleep(3000 —
((ts1-ts)-Atm))

Main Thread

Figure 6. Procedure to synchronize two devices in Wi-
Fi connections.

3.4. Technology limitations

At this point, we can divide the current limitations in
three groups:

1. Bluetooth limitations:
* The maximum distance between devices is 10 m.

e One device can establish only one connection at
the same time and the process of connecting and
disconnecting is quite time consuming.
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¢ The time spent by the O.S. to reproduce an audio
file through a wireless loudspeaker is different at
each reproduction. Figure 7 shows the distribution
of the reproduction delay for different distances
between the device and the loudspeaker. For each
distance the delay has been obtained 20 times. It
can be appreciated that the Bluetooth connection
presents a mean delay (red line) below 0.3 ms in-
dependently of the distance. Unfortunately, the ex-
pected delays are spread between 0.23 and 0.33 s
and cannot been predicted.

2. Wi-Fi limitations:

e The connection between devices must be done
through a common router, which has to provide high
transmission rates and support all the data traffic.

e As in Bluetooth, the delay is not constant, al-
though it can be controlled as explained above.
However, the expected delay is much smaller than
in Bluetooth, around 5 ms.

3. Android limitations:

e The vector and matrix management is very ineffi-
cient.

e The processing times are not constant. Moreover,
similar devices of the same model, with the same
hardware and software (O.S.) can present very dif-
ferent processing times.

4. Conclusions

In this work, a simulation tool that allows the develop-
ment of sound field control applications over distributed
networks has been presented. The main advantage of
this tool is the simplicity and quickness to simulate dif-
ferent systems. The tool allows us to create nodes with
an arbitrary number of microphones and speakers and
to execute any algorithm both in the time and the fre-
quency domain, and both working sample-by-sample
and grouped in block of samples. The simulator executes

the acoustic system sample-by-sample independently and
allows for modelling of both the behaviour of the com-
munications system simulating the possible problems and
the data acquisition performed in real time applications.
Finally, the proposed tool allows to analyze any signal or
parameter in the nodes, acoustic system or communica-
tion network, hence, at any point in the system. More-
over, the development of a real WASN programmed in
Android and the basic instructions needed to manage
Wi-Fi and Bluetooth connections between devices have
been explained.
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