
Realizing the potential of large, distrib-
uted wireless sensor networks (WSN)
requires major advances in the theory,
fundamental understanding and practice
of distributed signal processing, self-
organized communications, and infor-
mation fusion in highly uncertain envi-
ronments using sensing nodes that are
severely constrained in power, computa-
tion and communication capabilities.
The European project ASPIRE
(Collaborative Signal Processing for
Efficient Wireless Sensor Networks)
aims to further basic WSN theory and
understanding by addressing problems
including adaptive collaborative pro-

cessing in non-stationary scenarios; dis-
tributed parameter estimation and object
classification; and representation and
transmission of multichannel informa-
tion. This highly diverse field  combines
disciplines such as signal processing,
wireless communications, networking,
information theory and data acquisition.

In addition to basic theoretical research,
ASPIRE tests the developed theories
and heuristics in the application domain
of immersive multimedia environments.
The project aims to demonstrate that
sensor networks can be an effective cat-
alyst for creative expression. We focus
on multichannel sound capture via wire-

less sensors (microphones) for immer-
sive audio rendering. Immersive audio,
as opposed to multichannel audio, is
based on providing the listener with the
option of interacting with the sound
environment. This translates to listeners
having access to a large number of
recordings that they can process and
mix themselves, possibly with the help
of the reproduction system using some
pre-defined mixing parameters. 

These objectives cannot be fulfilled by
current multichannel audio coding
approaches. Furthermore, in the case of
large venues which are possibly out-

doors or even underwater, and for
recording times of days or even months,
the traditional practice of deploying an
expensive high-quality recording
system which cannot operate
autonomously becomes impossible. We
would like to enable ‘immersive pres-
ence’ for the user at any event where
sound is of interest. This includes con-
cert-hall performances; outdoor con-
certs performed in large stadiums;
wildlife preserves and refuges, studying
the everyday activities of wild animals;
and underwater regions, recording the
sounds of marine mammals. The cap-
ture, processing, coding and transmis-
sion of the audio content through mul-

tiple sensors, as well as the reconstruc-
tion of the captured audio signals so that
immersive presence can be facilitated in
real time to any listener, are the ultimate
application goals of this project.

So far, we have introduced mathemat-
ical models specifically directed
towards facilitating the distributed
signal acquisition and representation
problem, and we have developed effi-
cient multichannel data compression
and distributed classification tech-
niques. In the multisensor, immersive
audio application, we tested and vali-
dated novel algorithms that allow audio

content to be compressed and allow this
processing to be performed on resource-
constrained platforms such as sensor
networks. The methodology is ground-
breaking, since it combines in a prac-
tical manner the theory of sensor net-
works with audio coding. In this
research direction, a multichannel ver-
sion of the sinusoids plus noise model
was proposed and applied to multi-
channel signals, obtained by a network
of multiple microphones placed in a
venue, before the mixing process pro-
duces the final multichannel mix.
Coding these signals makes them avail-
able to the decoder, allowing for inter-
active audio reproduction which is a
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Art, entertainment and education have always served as unique and demanding laboratories for
information science and ubiquitous computing research. The ASPIRE project explores the
fundamental challenges of deploying sensor networks for immersive multimedia, concentrating on
multichannel audio capture, representation and transmission. The techniques developed in this
project will help augment human auditory experience, interaction and perception, and will
ultimately enhance the creative flexibility of audio artists and engineers by providing additional
information for post-production and processing.

As immersive spatialised sound and user controlled interactivity depend on enhanced audio content, the ability to efficiently capture, process,
transmit, and render multiple recordings containing numerous sound sources is of crucial importance.



necessary component in immersive
applications. 

The proposed model uses a single refer-
ence audio signal in order to derive an
error signal per spot microphone. The
reference can be one of the spot signals
or a downmix, depending on the appli-
cation. Thus, for a collection of multiple
spot signals, only the reference is fully
encoded; the sinusoidal parameters and
corresponding sinusoidal noise spectral
envelopes of the remaining spot signals
are retained and coded, resulting in
bitrates for the side information in the
order of 10 kbps for high-quality audio
reconstruction. In addition, the pro-
posed approach moves the complexity
from the transmitter to the receiver, and
takes advantage of the plurality of sen-
sors in a sensor network to encode high-
quality audio with a low bitrate. This
innovative method is based on sparse
signal representations and compressive

sensing theory, which allows sampling
of signals significantly below the
Nyquist rate. 

In the future, we hope to implement
exciting new ideas; for example,
immersive presence of a user in a con-
cert hall performance in real time,
implying interaction with the environ-
ment, eg being able to move around in
the hall and appreciate the hall
acoustics; virtual music performances,
where the musicians are located all
around the world; collaborative envi-
ronments for the production of music;
and so forth. A central direction in our
future plans is to integrate the ASPIRE
current and future technology with the
Ambient Intelligence (AmI)
Programme recently initiated at
FORTH-ICS. It is certain that the home
and work environments of the future
will be significantly enhanced by
immersive presence, including enter-

tainment, education and collaboration
activities.

ASPIRE is a €1.2M Marie Curie
Transfer of Knowledge (ToK) grant
funded by the EU for the period
September 2006 to August 2010. The
University of Valencia, Spain and the
University of Southern California, USA
are valuable research partners in this
effort.
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Brain-Computer Interfaces (or BCI) are
communication systems that enable a
user to interact with a computer or a
machine using only brain activity. The
brain activity is generally measured by
electroencephalography (EEG). BCI is a
rapidly growing area of research and
several impressive prototypes are
already available. The aim of the
OpenViBE consortium was to develop
open-source software for brain-com-
puter interfaces, which is expected to
promote and accelerate research, devel-
opment and deployment of BCI tech-
nology. Key features of the resulting
software are its modularity, its high per-
formance, its multiple-users facilities
and its connection with high-end virtual
reality displays. The development of
OpenViBE involved six academic and
industrial French partners (INRIA,
INSERM, FRANCE TELECOM R&D,
CEA, GIPSA-LAB and AFM).
Applications of OpenViBE are initially
concerned with the provision of access

for disabled people to multimedia and
telecommunication services.

The OpenViBE partners have con-
ducted innovative research and pub-
lished around forty papers covering the
entire spectrum of the BCI field: neuro-
science, electrophysiology, EEG signal
processing, human-computer interac-
tion and virtual reality. For example, the
consortium has proposed novel tech-
niques for processing and identifying
cerebral data (eg classification of EEG
signals based on fuzzy sets theory), as
well as new paradigms for BCI based on
neurophysiological experiments (eg the
use of auditory signals for BCI). The
connection between BCI and virtual
reality technology has also been investi-
gated.

In parallel, the OpenViBE consortium
has developed free and open-source
software devoted to the design, testing
and use of brain-computer interfaces.

OpenViBE processes brain signals: it
can be used to acquire, filter, process,
classify and visualize brain signals in
real time. It is also notable for its high
modularity. The platform comprises a
set of software modules written in C++
that can be integrated easily and effi-
ciently to design BCI applications.
OpenViBE proposes a user-friendly
graphical language to allow non-pro-
grammers to design a BCI without
writing a single line of code (see Figure
1). As such, OpenViBE addresses the
needs of all users, regardless of whether
they are programmers or not.
OpenViBE is portable, independent of
hardware or other software, can run
under Windows and Linux and is
entirely based on free and open-source
software. Various 2D and 3D visualiza-
tion tools allow brain activity to be dis-
played in real time. Thanks to its
generic acquisition server, the platform
is compatible with many EEG
machines. OpenViBE also includes pre-
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Brain-computer interfaces enable commands or messages to be sent to computers by means of
brain activity. Created by a consortium of academic and industrial partners, OpenViBE is free and
open-source software, which makes it simple to design, test and use brain-computer interfaces. 


