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Introduction

The XI European Signal Processing Conference (EUSIPCO 2002) was held on 3-6 September 2002 at the Congress Center Pierre Baudis in Toulouse, France.  Its general chairman was Prof. Francis Castanie of the Telecommunications for Space and Aeronautics Laboratory (TeSA) in Toulouse.
There were about 550 attendees from 32 countries  - including Australia, Austria, Belgium, Brazil, Canada, China, Croatia, the Czech Republic, Egypt, Finland, France, Germany, Greece, Hong Kong, India, Iran, Ireland, Israel, Italy, Japan, Kuwait, Latvia, the Netherlands, Nigeria, Norway, Poland, Portugal, Romania, Saudi Arabia, Slovakia, Spain, Sweden, Switzerland, Taiwan, Tanzania, Tunisia, Turkey,  the United Kingdom, the United States of America, and Yugoslavia.

The conference offered over 400 technical papers (both oral and poster) selected from over 600 submissions.  There were about 64 sessions (listed below) each containing about six individual papers.  EUSIPCO is held every two years, with the next one to be in Vienna in 2004.

The parent organization of the conference is called EUROSIP and it performs many other functions (such as publishing numerous journals) besides running the conference.  Its current president, Prof. Peter Grant (a well-renowned signal processing researcher and teacher at the University of Edinburgh) welcomed everyone in the opening session.  Also welcoming attendees was a representative of the deputy mayor of Toulouse who pointed out that Toulouse is very much a “university city”  - containing over 110,000 students attending 3 major universities.  (Since my 30-minute walk from my hotel to the Congress Center passed one of them, I can attest that the city is literally teaming with youthful exuberant students.

Each attendee received a conference program, a CD-ROM containing all of the presented papers, a book of paper abstracts, and a package of EUROSIP promotional material.  There is a conference web site at http://www.carte-blanche.fr/~eusipco2002/ .

It is not my intent to review all presentations - but to concentrate on some worthwhile points made by a few.  These points, in my opinion, best illustrate the issues being addressed and some promising future research directions.  Obviously, my personal interest in the signal-processing aspects of speech and hearing has colored my selection of presentations to highlight.

List of Conference Sessions

Direction-Of-Arrival Estimation

Time-Frequency and time-Scale Analysis

Multimedia Signal Processing: Communications & Data Processing

Pattern Recognition and Classification

Image Processing: From Acquisition to Interpretation

Security Issues in Digital Watermarking (2)

Source Coding

Room Acoustics and Noise control

Segmentation and Voice Detection

Parameter Estimation and Statistical Signal Analysis

Multicarrier and Multiuser

Speech coding and Synthesis

Sound synthesis and Propagation

Nonlinear Signals and Systems: Adaptive Methods

R&D Challenges on the Way to FP6 (2003-2006)  - invited

Blind source Separation / Independent Component Analysis (2)

Video Processing

Implementation Issues

Synchronization Techniques (2)

Echo Cancellation and Speech Enhancement

Watermarking

Filter Design

Channel Estimation and Equalization

Nonlinear Techniques for channel Equalization

Image and Video Coding

Applications of Particle Filtering in Communications

Adaptive Filtering

Blind Identification and Deconvolution

Image Filtering

Filter Optimization

Space-Time Processing / Coding for Communications

Image Representation and Transformation

Signal Reconstruction

Signal & Image Processing for Space Applications

Telecommunications

Image Restoration

Multirate and Filter Banks

Video Coding and Processing

Multi-Carrier / Orthogonal Frequency Division Multiplexing (2)

JPEG 2000 (2)

Industrial Applications

Subspace Detection and Estimation

Filter Design / Fast Algorithms

Frequency Estimation

Biomedical Processing

Multimedia Data Protection

Speech Analysis and Recognition

Channel Estimation and Equalization

Content-Based Audio and Video Indexing (2)

Beamforming and Spatial Filtering

Speech Enhancement and Noise Reduction

Image Representation and Transformation

Spectral Estimation

Segmentation and Vision

Applications

Language and speech Recognition

Object Recognition Non-linear speech Processing

Low-Power Algorithms / Architectures for Image & Video

There also was a series of presentations under the umbrella title of “Signal Image Processing Activities in Major Companies”.  Separate presentations were made by: Thales Communications, Alcatel Space, Astrium, Schneider, the French Space Agency (CNES), Motorola, Airbus France, and the German Aerospace Center (DLR).

Image Processing for High Resolution Aerial Images

Dr. Josiane Zerubia of the INRIA Research Group in France presented an overview of their work in “Image Processing for High Resolution Aerial Images”.  He pointed out that aerial imaging systems can be characterized by several parameters such as sensor type (e.g., either panchromatic or multispectral), resolution, swath width, quantization, stereo vision, etc.  He then showed charts overviewing the features of several well-known systems launched over the past decade – including Ikonos by the USA in 1999 and SPOT-5 by Belgium, France, and Sweden in 2002.
He then talked in detail about three particularly challenging image processing problems that his group is currently researching: (a) image deconvolution to remove the point-spread-function of the lens, (b) urban area extraction using Markhov models of texture, and (c) road network extraction using stochastic geometry.  

In discussing the first of these problems, he pointed out that it is an ill-posed inverse problem.  The conventional approach – namely performing a Fourier transform on the observed image, thresholding its Fourier coefficients, and performing an inverse Fourier transform – unfortunately increases the noise content of the image.  The promising solution that they are pursuing uses the shift-invariance and compaction properties of complex wavelet packets (called “COWPATHs”) as introduced by Kingsbury of Cambridge University in 1998.

He ended his talked by posing the following challenges in this field:

· how to deal with texture areas and geometric objects,

· how to compress and store data efficiently,

· how to construct high-resolution digital elevation models and to evaluate their precision,

· how to use the information from multi-spectral sensors efficiently,

· how to deal with the increase in resolution and swath width of new sensors, and

· how to deal with the dramatic increase in data volume (the number of pictures available).

The “bottom line” underlying problem needing to be addressed is the need for fast and efficient image information retrieval.

TV-Based Terrestrial Radar

Prof. Rajesh Saini of the University of Birmingham in the United Kingdom discussed “TV-Based Terrestrial Radar”.  Many other scientists have looked at using conventional television transmissions as the non-cooperative source signal in a bistatic radar system.  All previous work (using analog television signals) has shown severe ambiguity for range measurements.  But the speaker pointed out that analog TV is being replaced by digital TV, and he set out to determine whether digital TV was better (in terms of radar ambiguity function) than analog.

His underlying assumptions were (a) a quasi bistatic radar system, (b) all signals are ideal (i.e., free from clutter), (c) a maximum range of 150 kilometers, and (d) a coherent integration interval of 1 millisecond - although it conceivably can go up to 500 milliseconds.  His radar receiver consists of (a) an MPEG-2 decoder, (b) channel coding, (c) Orthogonal Frequency Division Multiplexing (OFDM modulation), and (d) a function to add a pilot signal and guard interval.  He conjectured that the ambiguity function would have a desirable thumbtack-like shape due to the random inputs.

His experiments showed that some method is needed to filter out undesirable peaks caused by deterministic pilot signals and guard intervals.  He proposed either (a) using a delay-locked tracking-loop heterodyne channel to remove the guard/interval effects, or (b) using notched filters to remove the pilot signals (since they have known frequencies).

In summary, he did in fact achieve a radar ambiguity function with the good properties that we associate with noise-like signals.

Nonlinear Speech Synthesis

Prof. Stephen McLaughlin of the University of Edinburgh in the United Kingdom gave a plenary talk on “Nonlinear Speech Synthesis“.  The conventional linear model of the human vocal apparatus separates its components into (a) source, (b) vocal tract, and (c) lip radiation – with each providing a “transfer function” contributing to the output speech.  But there are actually several nonlinear effects in real speech that are not handled well by this model – namely: (1) there are amplitude-dependent changes in the glottal waveform, (2) there is nonlinear turbulent air flow, and (3) there is coupling between the vocal tract and the folds in the glottis.

The rest of his plenary talk was highly informative and highly entertaining – but it is beyond my capability to relay his techniques based upon one listening.  Among the mathematical methods his group is exploring is:

· epoch detection using Poincare maps (1 revolution = 1 pitch period) to show the intersections of the paths of attractors,

· one-step-ahead prediction:   yi+1 = F(yi)  where the y are vectors of features, and F is a nonlinear function,

· radial basis functions (RBFs),

· using Gaussian processes as a generalized regression model (including RBFs, ARMA, and Bayesian analysis.

He has set up a web site at http://www.ee.ed.ac.uk/~cost277 devoted to nonlinear speech processing.  And the url http://www.see.ed.ac.uk/~cost277/actapress_final.pdf contains an informative overview paper on nonlinear speech processing  

During the question-and-answer period succeeding the talk, an interesting observation was made by someone in the audience.  He stated that “time-varying linear” techniques have proven to be a highly successful middle ground between linear and nonlinear.  He suggested taking 5 to 20 millisecond chunks of speech (during which things are pretty much linear) and changing the linear-predictive coding coefficients (LPCs) at this rate to handle nonlinear effects.

Automatic Processing of Broadcast Audio in Multiple Languages

Ms. Lori Lamel of the Spoken Language Processing Group in LIMSI-CNRS in Orsay, France talked about “Automatic Processing of Broadcast Audio in Multiple Languages”.  She described her company’s work on audio-stream processing (i.e., transcribing and annotating speech)  for radio, television, and internet channels.  Large-vocabulary continuous speech recognition is a key technology for this task.  I was very impressed by her group’s capabilities.  They have been working strongly in this area for many years, and seemed well-versed in both the European and American government initiatives in speech processing.

She summarized the field by saying “The ability of systems to deal with non-homogeneous data as is found in broadcast audio (e.g., changing speakers, languages, backgrounds, topics) has been enabled by advances in a variety of areas including techniques for robust signal processing and normalization; improved training techniques which can take advantage of very large audio and textual corpora; algorithms for audio segmentation; unsupervised acoustic model adaptation; efficient decoding with long-span language models; and the ability to use much larger vocabularies than in the past.”

She showed spectrograms illustrating automatic data-partitioning results. The automatically generated segments are typed as either speech, music, or noise.  For the speech segments the clusters are labeled as either wideband or telephone-band and as either male or female.

LIMSI broadcast news transcription system have been developed for the American English, French, German, Mandarin, Portuguese, Spanish and Arabic languages.  Their current software implementation on a DEC alpha workstation runs at six times slower than real time.
Assessment

This conference was extremely useful in bringing together experts from diverse backgrounds and facilitating their interaction to explore this broad field of study.  My major criticism (intended constructively) is that the conference seemed heavily oriented towards theoretical and algorithmic results.  I personally would have enjoyed more of the flavor of seeing results of actual implementations (either in hardware or software), applications, and focussed R&D.

I greatly enjoyed the conference and was very impressed with the high technical calibre of the leaders, presenters, and attendees.  As usual, a great deal of very useful information exchange took place over meals and coffee.

My prize for the most humorous comment at the conference goes to the poster containing a single sheet of paper saying “Thanks to Air France, this poster (and the rest of my luggage) is currently at some airport on the planet.  I regret the inconvenience.”
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