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Introduction

Digital Signal Processing (DSP) concerns the theoretical and practical aspects of
representing information-bearing signals in digital form and the use of processors
or special purpose hardware to extract that information or to transform the signals
in useful ways. Areas where digital signal processing has made significant impact
include telecommunications, man-machine communications, computer engineer-
ing, multimedia applications, medical technology, radar and sonar, seismic data
analysis, and remote sensing, to name a few.

Boaz Porat starts his book “A Course In Digital Signal Processing” (Wiley 1997),
by quoting Thomas P. Barnwell (1974):

Digital Signal Processing:That discipline which has allowed us to
replace a circuit previously composed of a capacitor and a resistor
with two anti-aliasing filters, an A-to-D and a D-to-A converter, and a
general purpose computer (or array processor) so long as the signal
we are interested in does not vary too quickly.

1This chapter covers references [562] – [664].
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This “definition” relates signals and systems with (digital) signal processing, as
illustrated in Figure 7.1.
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Figure 7.1: The relation of the signalsx(t) andy(t) with circuits and systems.

A signal refers to a physical quantity that varies with time, frequency, space or any
other independent variable or variables. Examples are electromagnetic waves such
as the visible light (reflections) in human vision, the sound waves we perceive in
a music hall, the electrocardiogram (ECG) that shows the differences in electric
potential on the human body due to the activity of the heart. We assume that a
sensor has transformed the signal into the electrical domain; the situation shown
in the upper half of Figure 7.1. Digital signal processing, shown in the lower part
of Figure 7.1, has developed rapidly over the past 30 years.

Figure 7.1 also applies to two-dimensional signals, usually called images, and im-
age sequences. In general, light is reflected by a scene and picked up by a sensor
at the input of an imaging system. The imaging system converts the sensor signal
into a digital matrix of picture elements ready for display, storage or further pro-
cessing steps. Digital image processing is based upon two main application areas:
improvement of pictorial information for human interpretation; and processing of
image data for storage and transmission. In this chapter we highlight key devel-
opments in the broad area of one- and multi-dimensional signal processing in the
past 25 years, and summarize the contributions of Information Theory researchers
in the Benelux. We have chosen the following subdivision.

• Signal Processing: We characterize the contributions in this category based
upon the consideration that signals are carriers of information that are used
to communicate between people, between people and machines, and are
used to sense the environment. We start with audio and speech process-
ing after which we pay attention to sampling, biomedical signals and signal
analysis before we turn via radar and sonar to signal processing for telecom-
munications. Finally, we address signal processing hardware.

• Image Restoration(Image Processing and Analysis): We have chosen for
the image restoration paradigm to classify and describe the papers in this
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area as this takes into account the overall impact of the different papers.
We first concentrate on still image restoration, followed by image sequence
restoration and the notion of object motion. Next, the focus will be on the
consecutive analysis and interpretation steps within the image processing
chain.

7.1 Signal Processing

This section addresses the (one-dimensional) digital signal processing topics as
presented in the past decades at the WIC Symposia. Signals are carriers of in-
formation that are used to communicate between people, and between people and
machines. Signals are also used to sense the macroscopic world around us, by
radar (electromagnetic waves) and sonar (acoustical waves), and the microscopic
world by optical and electron optical techniques. The papers of the symposia con-
tribute to these various aspects of signals in the digital signal-processing field of
research. We have grouped the papers in the following sections: (1) Audio and
Speech Processing, (2) Sampling, (3) Biomedical Signals and Applications, (4)
Signal Analysis and Modeling, Parameter Estimation, (5) Radar and Sonar, (6)
Signal Processing for Communications, (7) Signal Processing Hardware and a fi-
nal (8) Miscellaneous.

We remark that signal processing research is not exclusively algorithm oriented.
New algorithms often result from the need to improve efficiency and to reduce the
cost of implementation. But also computation-intensive algorithms stimulate new
design and implementation techniques. Over the last decades, the growth of sig-
nal processing in consumer products, computing, communications and networking
has been tremendous. This spectacular expansion in applications and capabilities
is due to the exponential development in the microelectronics and semiconductor
industry, well-known as Moore’s law. Over the last three decades, the integration
density of integrated circuits has been increased at a rate of 50% every year. At the
same time, the clock frequency of circuits has doubled every three years, result-
ing in more performance and computational power. Signal processing applications
implemented on a rack full of printed circuit boards in the early years of the sym-
posia are now implemented in a single chip. Several papers at the WIC Symposia
pay attention to the implementation aspects of signal processing algorithms.

7.1.1 Audio and Speech Processing

Speech is one of the most important forms of human communication; it therefore
has attracted much attention in the last decades. Speech coding has made voice
communication (viz. mobile phones) and storage effective and efficient. Together
with speech synthesis technology, speech recognition has created interactive infor-
mation systems that, if faster processing power becomes available, may evolve to
transparent human-computer interaction.

The human speech production system is illustrated in Figure 7.2. The main vo-



154 Chapter 7 – Signal Processing and Restoration

Figure 7.2: Elements influencing the vocal tract.

cal tract extends from the larynx to the lips, by lowering the velum for certain
sounds, the nasal cavity is coupled to the main vocal tract. During speech produc-
tion, the passage from pharynx to esophagus is closed. The width of the larynx is
variable and is called the glottis. Speech sounds are classified into three classes
corresponding with the excitation. Voiced sounds are produced by the vocal cords
which vibrate open and closed, thus interrupting the flow of air forced through the
glottis in a rapid sequence of pulses. The pulse rate is also known as the pitch fre-
quency. Unvoiced sounds result from noise like turbulence excitations produced
with open glottis if air is forced at high velocities through a constriction in the
vocal tract. Plosive sounds result from releasing the air pressure built up in a com-
plete closure in the vocal tract.

Speech generation systems model the human speech production, see for exam-
ple Figure 7.3, where the vocal tract is transformed into a mechanical model of an
acoustical speech production system. The system in Figure 7.3 is transformed to
the signal processing domain in Figure 7.4. This scheme is the basis for several
analysis-by-synthesis type of speech coders. The widely applied speech coder in
mobile telephony (GSM) is also of this type.

Speech Recognition

In [628], Hermus, Wambacq and Van Compernolle consider the degradation of
speaker recognition due to the presence of noise, e.g. disturbing sounds from the
surroundings. The paper proposes a method based on Singular Value Decomposi-
tion (SVD) to improve the robustness against the influence of additional noise at
moderate SNR ratios. The noise reduction is obtained by suppressing low-energy
singular value components in the Hankel matrix, while the formant structure of the
speech is preserved.

Vanroose [663] considers the problem of improving automatic speech recognition
from audio fragments containing background music. The problem is put into the
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Figure 7.3: The vocal tract as acoustical speech production system.

Figure 7.4: Signal processing model of speech production.

framework of linear source separation, where the music component is subtracted
from the signal, thereby aiming at better speech recognition, but not necessarily at
a better subjective audio quality. A pattern classifier depends on the input features
that have to be both highly discriminative and compact.

In [630], Demuynck and Wambacq describe an alternative to the commonly used
Linear Discrimant Analysis (LDA) for finding linear transformations that map
large feature vectors onto smaller ones while maintaining most of the discrimi-
native power. The new proposed set of methods is based upon the mutual infor-
mation error or the minimal classification error. The new methods, called Minimal
Mutual Information (MMI) and Minimum Classification Error (MCE), take all in-
formation on the individual class distributions into account while searching in an
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optimal subspace. An example of classification of a speech segment is presented.

Speech Coding, Modeling with Sinusoids

Traditionally, speech and audio coding have been two separated research areas.
Vos and Heusdens [636] present a method for coding both speech and audio sig-
nals. Speech coders obtain a low bit rate by heavily exploitinga priori knowledge
of the speech signal. This does not apply to audio. In video coding applications
such as MPEG-4, there is a need for coding of speech signals within the context
of audio coding. Both speech and audio signals are modeled with complex expo-
nentials. The presented method can efficiently represent the “attacks” in the audio
signal. Jensen, Heusdens and Veenman [650] propose an algorithm for encoding
the model parameters for sinusoidal coding of audio and speech signals. Sets of
amplitudes, frequencies and phases of the sinusoidal components are estimated for
consecutive signal segments. The differential encoding with respect to values of
components in the previous segment achieves a bit rate reduction up to 39% com-
pared to non-differential encoding schemes.

In [651], Hermus, Verhelst and Warnbacq present a scheme for perceptual speech
and audio coding. The Total Least Squares (TLS) approach is a flexible tool for
modeling short signal segments approximately by a finite sum of damped sinu-
soids. Close fits with transitional segments in natural speech are obtained. The
paper proposes dividing the speech signal into a number of subband signals, which
turns the TLS approach in a feasible optimization problem.

Burazerovic, Gerrits, Taori and Ritzerfeld [643] report on the use of time-scale
modification (TSM) for speech coding. The time scale of a speech signal is com-
pressed prior to coding, which leads to a lower bit rate representation. After de-
coding, the original time scale is restored. The paper compares the Synchronous
OverLap Add (SOLA) method including a special inverse time scaling of unvoiced
segments with other speech coders.

Speech Synthesis

Vanroose [644] discusses part-of-speech tagging in the field of natural language
processing. This technique assigns to each word in a sentence its morphosyntactic
category. Annotating a text with part-of-speech tags is a standard low-level text-
preprocessing step. The new approach in the paper is the modeling of the language
as an information source followed by a channel. The Shannon capacity is a bound
for the percentage of correct tagging by any tagging algorithm.

Speech Transmission

In [627], Slump presents a signal recovery approach to the problem of speech
transmission over a non-ideal channel. Thea priori knowledge about the speech
generation process that is usually well applied in the speech coding area is used in
the receiver’s signal detection. In this way the transmission capacity is exploited
effectively. In [629], Slump, De Bont, Mertens and Verwey address the speech



7.1 Signal Processing 157

quality to be expected from the new TErrestrial Trunked RAdio (TETRA) digital
mobile communication system for public order and safety. The TETRA standard
was developed for this application field by the European Telecommunication Stan-
dards Institute (ETSI). With the Perceptive Speech Quality Measure (PSQM), the
resulting speech quality is evaluated by simulation of different channel conditions.

7.1.2 Sampling

Digital signal processing starts with the conversion of the signal from the continu-
ous-amplitude continuous-time domain into the discrete-amplitude discrete-time
domain. This process is called sampling. The roots of sampling theory are in the
work of Shannon and that of mathematicians before him. The design and realiza-
tion of the devices doing the conversions, the Analog-to-Digital converters, is a
research field of its own in solid-state circuits and systems. The progress in this
field of microelectronics does not follow Moore’s law.

Wiersma [579] argues that although the classical sampling theorem for bandlim-
ited signals is well-known, it is often of no practical importance. The paper defines
bandwidth and time-duration based upon the second moments of the signal and the
spectral power. These definitions allow the definition of a class of finite energy sig-
nals that have both a finite time-duration and a finite bandwidth. The paper shows
that the total number of degrees of freedom of a signal is bounded by the product
of time-duration and bandwidth.

In [607], Moddemeijer argues that sampling is an application of linear algebra.
The paper shows that sampling and reconstruction of signals with a minimum
mean square error corresponds to the computation of inner products of basic func-
tions with the time signal to be sampled, followed by an orthogonalization step and
reconstruction by a coefficient weighted sum of basic functions. The linear algebra
approach leads to alternative sampling procedures with basic functions other than
sinc-functions.

Van der Laan [614] extends this approach. A geometrical representation of sam-
pling is generalized to an approximation in a subspace of the signal space. Two
sampling operators in spline spaces are presented and properties are discussed.
The abstract [649] points out the use of bandpass sampling in telecommunica-
tions, e.g., for software radio. Bandpass sampling holds the promise of a much
lower sampling rate than twice the maximum frequency, which is useful for mo-
bile terminals as it implies an AD converter with lower power consumption.

Sampling theory also applies to the conversion of optical scenes into video sig-
nals. This conversion is implemented using appropriate color filters. In [616],
Hoeksema describes two methods for selecting a 3× 3 matrix to be used in color
video imaging for correcting the color signal for non-ideal transmission filters in
the video camera.
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7.1.3 Biomedical Signals and Applications

Biomedical signals and applications have always inspired the creativity of the al-
gorithm researcher. Sometimes the bio-system itself is copied in part; examples
are neural networks and the human visual system. In [567], Heideman proposes to
use a model of the human visual system for image coding purposes. The method
comprises an image characterization, a model of the human observer, and a coding
part. Heideman and Veldhuis [568] continue this line of research by using a model
of the visual cortex in order to be able to decide what image details are not relevant
and can therefore be discarded in image coding. Circular bounded functions are
described for this purpose as a superposition of orthogonal basics functions, see
also Veldhuis and Heideman [572].

Rompelman [570] studies the behavior over time of a biological signal source,
namely the human heart. From the Electro Cardio Gram (ECG) signal, the heart
rate is determined and the variability is analyzed. This research result from 1982
was applied much later in determining the real-time digital filtering requirements
for baseline drift removal in ECG monitoring during physical exercise. In [593],
Rompelman indicates that many processes in nature can be described as a series
of repeatedly occurring identical events, which leads to a characterization by a
stochastic point process. This enables the use of simple algorithms for filtering,
spectral analysis and correlation analysis.

Mars [573] discusses the biological signal source of epilepsy: the almost simulta-
neous firing of neurons in the brain. In some cases there appears to be a “focus lo-
cation” in the brain from where the firing starts. In order to locate the focus, Mars
determines the time delays between simultaneously recorded Electro Encephalo
Graphic (EEG) signals during epileptic seizures. Cross-correlation between the
EEG signals is an often-used technique. However, its success is limited due to
non-linearities. The paper presents a new method based upon mutual information,
which results in more robust estimates of delay time and thus of the location of the
focus, which is highly relevant for cases where the focus must be removed surgi-
cally.

In [574], Rompelman analyzes repetitively occurring waveforms such as neural
spike trains and electrocardiographic signals. The shape of the signals is often
very similar; the information contained in the signal is represented by the Wave-
form Occurrence Time (WOT). The analysis requires two steps: detection of the
waveform, and estimation of the WOT, respectively. Because the signal needs to
be sampled in order to enable digital signal processing, also the maximum signal
frequency present in the waveform is of importance. The paper presents a method
for obtaining this frequency, exploiting also phase spectrum information.

In [580], Koenderink discusses the human visual system. The analysis of the hu-
man visual system by Fourier-based concepts from optical systems theory such as
the Modulation Transfer Function (MTF) by Schade in the 1950s has led to the
television system. Koenderink also points out that in case of a “lazy eye”, the im-
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Figure 7.5: Block diagram of a digital diagnostic X-ray system in the early
nineties.

age on the retina is about the same for both eyes, but that the visual acuity is also
determined by the way the neurons in the brain detect the simultaneous order in
the visual stimulus.

Slump [604] describes a way to avoid subtraction artifacts in Digital Subtraction
Angiography (DSA). DSA is a less invasive imaging technique of blood vessels
by intravenous injection of contrast material and subsequent X-ray exposures, see
Figure 7.5. By subtracting images from a pre-contrast mask image, the blood ves-
sels are visualized. Subtraction artifacts deteriorate the image quality, however,
which are due to the periodic motion of the arteries by the contraction of the heart
and the propagation of the blood pressure. By triggering the X-ray exposures with
respect to the ECG signal, the motion artifacts are reduced. In cardiology, coro-
nary angiography is thede factostandard imaging modality used to visualize the
condition of blood vessels. Usually the percentage area and percentage diameter
of a stenosed vessel segment are determined. This measure does not provide in-
formation about the blood flow. In [615], Lubbers, Slump and Storm report about
an approach in which the relative flow distribution between the two main branches
in the left coronary artery are determined from acquired digital angiograms. This
method may reveal the functional clinical relevance of a stenosis in one of the
branches.

Lerouge and Van Huffel [631] discuss the preoperative discrimination between
benign and malignant ovarian tumors. A reliable classifier assists clinicians in
selecting patients for whom minimally invasive surgery or conservative manage-
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ment suffices versus referral to oncology. The paper reports a first approach to
use a neural network for this classification task. To validate the performance of
the different classifiers, the Receiver Operating Characteristic (ROC) test criterion
is used. The ROC curve plots the percentage of correctly classified malignant tu-
mors (sensitivity) versus the percentage of false positives (specificity). Different
neural-network-based classifiers are compared by computing the area under the
ROC curve.

7.1.4 Signal Analysis and Modeling, Parameter Estimation

Signal analysis, the study of random signals and power spectrum estimation, is one
of the core competencies of signal processing. The level of mathematics necessary
for a rigorous characterization of stochastic processes is high, but tools have be-
come available which enable relatively easy implementation of various algorithms.
Simulation greatly helps in understanding the algorithms and their performance.
In practical situations such as radar tracking in air traffic control, linear filtering
may just not be sufficient. Non-linear filtering may give a significant improvement.

Many of the widely applied signal processing algorithms are based on second order
statistics. Among these most well-known algorithms we find Principal Component
Analysis (PCA) and Independent Component Analysis (ICA). In [657] an alterna-
tive approach to the Canonical Component Analysis (CCA) is proposed, based on
the observation that CCA does not work for certain classes of data. As a side result
an efficient algorithm is proposed for computing ICA under certain circumstances.

In [565], Blom discusses the implementation of the representation result of a dif-
ferential equation for the conditional density of the state of a Markov process sub-
ject to additive white Gaussian noise. Direct application to finite-state Markov
processes is possible. In many optimization problems, e.g. parameter estimation,
one has to find the global extremum of a function of several variables. In most
cases, iterative techniques must be used, and the problem becomes one of finding
the global optimum instead of a local extremum near the starting point of the it-
erative search procedure. Slump, Hoenders and Ferwerda [575] discuss a method
that provides the total number of extrema in the area of interest. This information
is useful for tracking the location of the extrema to ensure that the true global op-
timum was found.

In [578], Boekee and Van Helden discuss the relation between distance and dis-
tortion measures. Statistical distance measures are widely applied in e.g. pattern
recognition. In speech recognition on the other hand, distortion measures are used
based upon power spectral densities. Paper [578] investigates the relation between
the two types of measures.

Veldhuis, Jansen and Vries [584] discuss algorithms for the restoration of unknown
samples embedded in a neighborhood of known samples. For signals that can be
modeled as autoregressive processes, an adaptive iterative solution to the restora-
tion problem is given that produces good and stable results.
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Chen and Vandewalle [602] present a comparative study of the adaptive IIR fil-
ter with the adaptive FIR filter. The adaptive IIR filter is composed of two tapped
delay lines; one is fed with the input of the filter and the other is the feedback
path fed from the output or the residual error signal. A comparison is made based
on convergence properties and applications in adaptive noise cancellation, adaptive
line enhancement and spectral estimation. The IIR filter outperforms the FIR filter.
However, it is potentially unstable. The contribution [603] of Callaerts and Van-
dewalle shows that the Singular Value Decomposition (SVD) provides a unifying
framework and a numerically robust approach for use in signal separation prob-
lems. Two applications are presented; extraction of the foetal electrocardiogram
(fECG) from ECG recordings of the mother, and signal-to-noise enhancement in
speech disturbed by noise.

Beck [610] presents an algorithm that estimates the parameters of multiple si-
nusoids from a finite number of noisy discrete-time observations. The method is
essentially a statistically efficient variant of Prony’s method. The linear prediction
equations are solved using Total Least Squares. The Toeplitz structure of the re-
sulting error matrix leads to a computationally efficient procedure.

Van der Wurf describes in [611] the generation of synchronous random pulse
trains by linear pulse modulation. The input signal of linear pulse modulation
is a discrete-time signal and the output is continuous in time. Van der Wurf calls
this type of system a hybrid system. The paper describes the analysis of these
systems; expressions are given for impulse response, frequency response, convo-
lution, autocorrelation and power spectral density.

Albu and Fagan [656] treat the problem of unwanted echoes produced by a mi-
crophone if it picks up the reflections of the speech via different delay paths. If
the reverberation time is in the order of a few hundred milliseconds, an adaptive
Echo Cancellation Filter (ECF) with a long impulse response is required. The
well-known normalized LMS (NLMS) algorithm has been used for this purpose,
but the convergence is slow. The affine projection algorithm is a generalization
of the NLMS algorithm. However, its implementation as the Fast Recursive Least
Squares algorithm is not numerically stable. In this paper, the implementation of
several Fast Affine Projection (FAP) algorithms using the Logarithmic Number
System (LNS) is investigated. Successive Over-Relaxation (SORFAP) proves to
be marginally more complex than NLMS but a better alternative in different voice
applications.

De Lathauwer, De Moor and Vandewalle [660] consider the problem of signal
separation. For example, when a microphone picks up the signals from several
sources, the problem is to find the source signal. Many source separation algo-
rithms are based on an approximate diagonalization by means of a simultaneous
unitary similarity transformation. In this paper, the authors derive a new algorithm
for the approximate diagonalization of a set of matrices by means of a simultane-
ous non-unitary congruence transformation.
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In [658], De Lathauwer, Fevotte, De Moor and Vandewalle generalize the well-
known SOBI technique (Second Order Blind Identification) for blind source sep-
aration to convoluted mixtures. The algorithm is based upon joint block diago-
nalization of a set of covariance matrices by means of a unitary similarity Jacobi
transformation. In [661], De Lathauwer, De Moor and Vandewalle link the blind
identification of a MIMO FIR filter to the calculation of the Canonical Decompo-
sition (CANDECOMP) in multi-linear algebra. This allows blind identification of
systems that have more inputs than outputs.

7.1.5 Radar and Sonar

Radar

Not many papers have been presented in the WIC Symposia on the topic of radar
signal processing. One likely reason is that the radio frequencies applied for radar
are very high and that the digital processing technology was just not fast enough in
the past in order to process the signals. In 1980, Van der Spek [563] presented the
design of a radar system based upon a phased-array. Conventional radar systems
employ a rotating antenna. Therefore it is not possible to allocate radar energy and
observation time in a flexible way. Phased-array antennas overcome this problem.
The pencil beam of the phased-array antenna can be positioned very fast in any
desired direction within a field of view. The surveillance application with the
new phased-array-based radar concept is discussed. The 1986 abstract [589] by
Van der Spek introduces the Inverse Synthetic Aperture Radar (ISAR). With this
technique, an aircraft is tracked by radar with a coherent pencil beam and echoes
are obtained during several seconds at a sufficiently high repetition rate, as a one-
dimensional “image” from the object of interest.

Sonar

Digital signal processing techniques have developed more rapidly for active and
passive sonar systems in comparison with radar systems because of the lower sam-
pling frequencies. Time-delay estimation in the observation process has been an
area of significant practical importance in underwater acoustics. The understand-
ing of how the biosonar of dolphins works has been the research topic of Kam-
minga and co-researchers. In [595], Braadbaart and Kamminga compare four cur-
rent definitions of time resolution for biosonar, the echolocation waveforms of two
bottlenose dolphins, Tursiops truncates. In the abstract [597], Kamminga con-
siders the structural information theory of biosonar, the Odontocete echolocation
signal of dolphins. The “uncertainty product” of the time duration and bandwidth
of the echolocation waveforms of these dolphins is low; therefore, the analytic Ga-
bor elementary signal description seems appropriate.

In [609], Kamminga describes an echolocation experiment carried out with a cap-
tive born Tursiops truncates to obtain the threshold figure for time difference per-
ception in echo structures. The blindfolded animal was able to differentiate to
almost 8 mm in range, which corresponds to a time difference of 10.6µs. The
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Figure 7.6: Dolphin Doris approaches the echolocation targets.

theoretical definition of the time resolution of sonar clicks corresponds to these
experimental results. Decreasing the range differences to 4 mm and ultimately
2 mm lowered the success rate to 50%. This seems to suggest that the animal is
capable of breaking through a theoretical resolution bound derived from a Gaus-
sian wave shape.

Cohen Stuart [618] describes a method to investigate the similarity and discrep-
ancy of waveforms of dolphin echolocation signals from dolphins that belong to
the same species but have different dominant frequencies. A re-sampling tech-
nique is applied in order to normalize the dominant frequency and to get the same
number of data points per cycle in both signals to be compared. This improves the
correlation and shows that the waveforms of two different animals are similar. In
[619], Cohen Stuart and Kamminga model the polycyclic sonar waveform of the
Phocoena phocoena using Gabor’s elementary signal. They show that the sonar
click consists of a primary click and the first reverberation; both contributions are
described with Gabor’s model.

The paper [622] by Kamminga and De Bruin deals with the additive entropy mea-
sure of uncertainty applied to echolocation signals of dolphins. A modified min-
imum principle for the sum of entropies in the time domain and the frequency
domain is applied to the analytic form of limited time-duration-frequency band-
width signals. The minimum is obtained for a Gaussian pair under the constraint
of limited variance of the signal. The presented formulation reveals the additive
nature of entropy, other than Gabor’s uncertainty relation, which is based on the
variances in both time and frequency. An application is presented for echolocation
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Figure 7.7: Analysis and synthesis of information in UbiCom [633].

signals of dolphins in a perceptual context to establish whether there would be a
preference for the time domain or the frequency domain or that there is equilib-
rium between the two.

In [642], De Bruin and Kamminga minimize the uncertainty product of composite
signals, in particular signals composed of pure signal waveforms, to which a time-
delayed replica has been added. If the pure signal is Gabor’s elementary wave
packet, then the uncertainty product shows local maxima and minima as a func-
tion of the time delay. This effect is of importance for the interpretation of the
reverberation phenomenon in the echolocation signals of dolphins.

7.1.6 Signal Processing for Communications

In [633], Lagendijk describes the TU Delft research program Ubiquitous Commu-
nications (UbiCom). UbiCom was a multidisciplinary research program at Delft
University of Technology. The program aimed to develop wearable systems for
mobile multimedia communications, i.e., (i) visual information processing such as
context-aware augmented reality in real time, (ii) high bit-rate communication at
17 GHz, (iii) architecture and design optimization. The paper discusses the views
on UbiCom, and motivates the research objectives of the program: low power, ne-
gotiated quality of service, system level approach (see Figure 7.7).

Communication systems are hard to characterize analytically with respect to per-
formance evaluation. Fast stochastic simulation methods based upon Importance
Sampling (IS) have been successfully applied to a large number of situations that
involve non-linearities, memory effects and non-Gaussian stochastic processes.
Examples are coded modulation systems with Viterbi decoding, CDMA systems
with fading channels.

Srinivasan [655] describes the concepts of fast simulation by IS applied on com-
munication systems and signal processing detection. The paper provides an intro-
duction to adaptive IS theory and techniques, describing various biasing schemes
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that can be used to estimate probabilities of rare events. An IS technique for esti-
mating density functions of sums of random variables is also provided. The article
goes on to describe various applications. The two main applications presented
are the estimation of probabilities of error in some digital communication systems
and false alarm in constant false alarm rate detection algorithms. Several numer-
ical results are presented to demonstrate the huge savings in computational effort
obtained relative to conventional Monte Carlo simulation.

7.1.7 Signal Processing Hardware

Only few papers at the WIC Symposia were devoted to the design of signal pro-
cessing hardware. In [585], Lohman discusses digital optical computing. Photons
as well as electrons can be used as carriers of information. Electrons have strong
interaction, whereas photons normally do not interact. In non-linear optical mate-
rials, photon interaction and therefore logical functions can be realized. The paper
points to areas where optical computing and optical processors could play a role.

In [599], Verbakel describes the high-level description language SILAGE that is
used in the silicon compiler Cathedral II for digital signal processing, developed
by IMEC and Philips Research. The paper describes an overview of the language
and presents a simulation of an adaptive echo canceler. The synthesis of combina-
torial logic is important for the design of integrated circuits for all kinds of signal
processing systems.

In [647], Benschop describes the decomposition of any Boolean function of a
number of binary inputs into an optimal inverter coupled network of symmetric
Boolean functions. Threshold logic cells can implement these functions. The cells
can be mapped onto silicon with a proper CAD tool.

7.1.8 Miscellaneous

In [606], Van der Vlugt describes a system that enables accurate registration of
behavior. The researcher registers behavior by means of pushing preprogrammed
keyboard keys effecting the tagging of labels onto the video registration of the
behavior to be analyzed.

7.2 Image Restoration

This section deals with image processing and analysis papers. The major part of
the papers is devoted to the topic of image and video restoration. A much smaller
part deals with image processing steps such as analysis and interpretation. There-
fore, to describe the papers in a consistent way, we have chosen for the restoration
paradigm to classify and describe them. We will first concentrate on still image
restoration followed by image sequence restoration and the notion of object mo-
tion. Next, we will focus on the consecutive steps in the image (sequence) pro-
cessing chain.
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Figure 7.8: Restoration of an old photograph; (left) noisy defocused image,
(right) restored image with visible ringing due to inadequate bound-
ary conditions.

7.2.1 Still Image Restoration

Images are produced to record or display visual information. Because of imperfec-
tions in the imaging and capturing process, however, the recorded images invari-
ably represent a degraded version of the original scene. Although the degradations
may have many causes, two types of degradations are usually dominant: blurring
and noise. The field of image identification and restoration is concerned with the
problem of restoring these imperfections. Identification and restoration is crucial
to many of the subsequent image processing tasks, such as compression, analysis
and interpretation.

Since the introduction of restoration in digital image processing in the sixties, a
variety of image restoration methods have been developed, with applications in
astronomy, satellite imagery, electron microscopy, medical imaging, forensic sci-
ences, and cultural heritage. Figure 7.8 shows a restoration example of an old
photograph with out-of-focus blur. Although the restored version is clearly an im-
provement on the originally blurred version, some ringing artifacts at the image
boundaries are visible, showing the difficulty of the restoration problem.

The research on still image restoration as represented in the proceedings of the
WIC symposia can be best described by the general scheme in Figure 7.9. The
combined identification and restoration of images is sometimes referred to as thea
posteriori restoration scheme [81]. It shows the complete restoration problem, in
which prior to the restoration filtering, the characteristics of the blur Point-Spread
Function (PSF) must be estimated, as well as the statistical properties of the origi-
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Figure 7.9: A posteriori identification and restoration scheme.

nal image and the noise. Here, the recorded or observed image is given by

g(i, j) = d(i, j) ⊗ f(i, j) + w(i, j), (7.1)

while the restored image is given bŷf(i, j).

The first papers from the early eighties, however, concentrated ona priori restora-
tion, in that they assume that the PSF of the degradation process and the image and
noise characteristics are knowna priori. The focus in these days was on image
modeling and stochastic linear least-squares filtering methods (Wiener, Kalman),
and especially the extension of the recursive Kalman filter for the restoration of
noisy, degraded images. Kalman filtering theory was well established in one di-
mension (for time signals), and an intriguing question at that time was how to
extend the 1-D causal filter concept to two (spatial) dimensions with applications
to image restoration.

Image Formation and Recording

Accurate models for image formation and recording (sampling) are prerequisite
for good consecutive restoration. Biemond [562] introduces a state-space repre-
sentation for a scanned digital image which gives a recursive description of the
relations between intensities of pixels in the original image and those in the noise-
corrupted observations.

Slump, Hoenders and Ferwerda [571, 583] study image formation and recording
for low-dose electron microscopy. The electron dose is a compromise between the
requirements of minimal radiation damage and a sufficient signal-to-noise ratio for
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subsequent image interpretation. The images become a realization of a stochastic
process due to the low electron dose. Both papers discuss the stochastic process
that governs the low-dose image formation and present some aspects of the evalu-
ation of the information about the object’s structure contained in the noisy images.
In [625], De Bruijn, Schrijver and Slump observed that cardiac X-ray images tend
to be relatively noisy due to the low exposure. The assumption is made that if noise
is not correlated with the signal, it does not contain any diagnostic information. A
compression scheme is proposed exploiting the different spectral distributions of
signal and noise.

Veldhuis and Heideman [572] introduce a sampling model for space-limited two-
dimensional signals, followed by an implicit sampling model for images [577].
Here, implicit sampling means that samples are not taken at predetermined loca-
tions, but at locations where the signal fulfills some specified conditions. The way
the samples are taken is consistent with a model for a part of the human visual
system. In [596], Heideman, Hoeksema and Tattje discuss multi-channel sam-
pling of sequences. Simon [621] introduces a particular class of multi-resolution
transforms, the smooth non-symmetrical interpolation functions for a quad-tree
representation of images, which are aimed at representing an image in a visually
acceptable way.

Inverse Filtering and Least-Squares Filtering

An inverse filter is a linear restoration filter whose known Point-Spread Function
(PSF) is the inverse of the blurring functiond(i, j). There are two problems asso-
ciated with the inverse filter. First, the inverse filter may not exist because the PSF
has zeros at certain spectral frequencies. Second, the inversely filtered noise may
be magnified enormously because the PSF has near-zero values at certain frequen-
cies.

To overcome the noise sensitivity of the inverse filter, a number of restoration fil-
ters have been developed; they are collectively called least-squares filters (Wiener
filter, constrained least-squares filter, Kalman filter). In [564], Biemond derives
an optimal line-by-line recursive Kalman filter for restoring images degraded by
linear spatially-invariant degradation phenomena (motion, defocusing) in the pres-
ence of additive white noise.

Woods [588] observed that linear shift-invariant (noise) filtering is of limited util-
ity in many image processing problems, such as restoration. The main difficulty is
that the constraint of shift-invariance leads to blurring of the edges in the images.
This effect has motivated the introduction of many adaptive procedures to track the
apparent spatial inhomogeneity (non-stationarity) in images. Woods [588] intro-
duced the doubly stochastic random field model for image restoration, which has
apparent inhomogeneity on a local scale as well as homogeneity on a global scale
using the reduced-update Kalman filter.
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De Haan and Slump [608] report about a study to reduce folding distortion of
digitized analog medical images without anti-alias pre-filtering. The approach fol-
lowed is to consider the folding distortion as noise which can be partly filtered out
by a Wiener filter. In a consecutive paper, Slump [613] reports on the development
of image restoration algorithms (inverse Fourier filtering) to reduce the Moiré in-
terference patterns arising from anti-scatter grids in the application area of medical
diagnostic X-ray imaging.

Iterative Restoration Techniques

It is not easy to integrate the prior knowledge that image intensities are always
positive in the linear filtering techniques described above [79]. The Kalman and
Wiener filters may produce negative intensities, simply because negative values
are not explicitly prohibited in the design of the restoration filter. For reasons like
these, iterative procedures for image restoration have been introduced: they allow
one to incorporate physical constraints on the data, to deal with nonlinear or shift
varying blurs, they allow man-machine interaction and make it unnecessary to de-
termine the inverse distortion operator.

Biemond and Katsaggelos [581] introduce an iterative procedure whose iteration
equation consists of a prediction part that is based on a noncausal image model
description, and an innovation part that is weighted by a gain factor. This proce-
dure can be interpreted as an iterative procedure with a statistical constraint on the
image data.

In [592], Lagendijk and Biemond extend this work. They use three kinds ofa pri-
ori knowledge to solve the ill-posed restoration problem. The first type imposes
an upper bound on the residual signal, the second type restricts the high-frequency
content of the restored image, and the third kind ofa priori knowledge is a deter-
ministic constraint, representing a closed convex set in the solution space. Further,
the concept of weighted norms is introduced in order to incorporate fundamentally
spatially varying image statistics.

Lagendijk, Biemond and Boekee [598] extend the iterative restoration procedure
with a nonlinear model for the image formation and recording process. This model
incorporates the blurring of an image, and a nonlinear transformation to account
for the response of the recording device.

Identification of Model and Blur Parameters

In the use of the image restoration filters so far, it was assumed that the degradation
an image has suffered (the blur model), the image model, and the variance of the
noise are knowna priori. Since these parameters are unknown for practical images
of interest, they have to be estimated from the noisy blurred images themselves. In
[601], Lagendijk and Biemond propose a maximum-likelihood-based estimator to
simultaneously identify the unknown image and blur parameters and to restore the
image by employing an iterative procedure called the expectation-maximization
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Figure 7.10: Noise filter operating along the motion trajectory of the picture ele-
ment(n, k), wheren = (i, j).

(EM) algorithm. The advances of this method are reported in [605]: its ability
to solved the problem of estimating the coefficients of relatively large PSFs, and
the estimation of the support size of PSFs in general. Hereto a hierarchical blur
identification approach based on the EM algorithm is proposed.

7.2.2 Moving Picture Restoration

A video source is a much richer source of visual information than a still image.
This is primarily due to the capture ofmotion; while a single image provides a
snapshot of a scene, a sequence of images registers the dynamics in it. The reg-
istered motion is a very strong cue for human vision; we can easily recognize
objects as soon as they move, even if they are inconspicuous when still. Motion is
equally important for image sequence processing (filtering, restoration, interpola-
tion) and compression for two reasons. First, motion carries a lot of information
about spatio-temporal relationships between image objects. Second, image prop-
erties such as intensity and color have a very high correlation in the direction of the
motion, i.e., they do not change significantly when tracked in a picture sequence.
This can be used for example to remove temporal video redundancy (compres-
sion); in an ideal situation, only the first picture and the subsequent motion (vec-
tors) have to be transmitted. It can also be used for general temporal filtering of a
noisy picture sequence. In this case, the spatial detail in the picture is not affected
by one-dimensional temporal filtering along a motion trajectory (Figure 7.10).

Motion Estimation

The goal of motion estimation is to estimate the motion of image points, i.e., the
2-D motionor apparent motion. Such a motion is a combination of the motion
of objects in a 3-D scene and that of a 3-D camera. Since motion in an image
sequence is estimated (and observed by the human eye) based on variations of in-
tensity, color, or both, the assumed relationship between motion parameters and
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image intensity plays a very important role. The usual, and reasonable assumption
made is that image intensity remains constant along a motion trajectory, i.e., that
the brightness and color of objects does not change when they move. In order to
develop a motion estimation algorithm, one has to consider three important ele-
ments:motion models, estimation criteria, andsearch strategies.

Block matching is the simplest algorithm for the estimation of local motion. It
uses a spatially constant and temporally linear motion model over a rectangular
region of support. Although this is a very restrictive model assumption, when ap-
plied locally to small blocks of pixels it is quite accurate for a large variety of 3-D
motions. An average error criterion is usually used, although other measures are
possible, such as a maximum error (min-max estimation). An exhaustive search
gives the lowest matching error, but is computationally costly and does nota pri-
ori provide a smooth motion vector field. De Haan developed a “3-D recursive
search block-matcher”, as reported in Kleihorst, De Haan, Lagendijk and Biemond
[617], which allows an extremely fast implementation, and a smooth reliable mo-
tion (vector) field. The “bi-directional convergence” of the algorithm overcomes
the inherent slow convergence of the (block) recursive algorithm.

Noise Filtering

In [612], Kleihorst, Lagendijk and Biemond propose an image sequence noise
filtering scheme that operates in the temporal direction. Due to the movements in
the scene, the noisy signal

g(i, j, k) = f(i, j, k) + n(i, j, k) (7.2)

cannot be modeled as a stationary signal. Thus, one way of dealing with the non-
stationarities in the temporal signal is to use motion estimation of objects and to
filter along the motion trajectories. In this way, motion estimation is used to find
the path of maximal correlation in the temporal direction and indirectly creates a
more stationary signal. Motion estimation is a very time-consuming operation in
general, and does not successfully work in for example occluded areas.

Kleihorst, Lagendijk and Biemond [612] therefore investigate a noise filtering ap-
proach for image sequences that removes the non-stationarities in the temporal
signal in a different way, namely bytrend removal and normalization. The de-
composition is done by estimating the local statistics of the signal with the aid of
ordered statistics estimators. After the decomposition, the stationary part of the
signal can be filtered by a regular noise filter, the result of which is combined with
the non-stationary part to produce the final filtered sequence.

In [617], Kleihorst, De Haan, Lagendijk and Biemond extend their previous filter
with an additional motion-compensation step. This will remove additional non-
stationarities due to the filtering along the motion trajectory. However, because of
the incompleteness of the motion model, a compensated signal still contains a lot
of non-stationarities. Therefore the signal is additionally decomposed into a sta-
tionary and non-stationary part, resulting in a noise filtering scheme with a double
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Figure 7.11: Some processing steps in the removal of noise, blotches and intensity
flicker from video.

compensation for motion. For the motion-compensation step, the3-D recursive
search block-matcheris used. Excellent filter results are reported for moderate
amounts of noise. For low signal-to-noise ratios, the uncompensated results are
better. This is because the motion estimator tends to match the noise.

Restoration of Archived Film and Video

Another important application of image sequence filtering and restoration is for
preservation of motion pictures and video tapes recorded over the last century.
These unique records of historic, artistic, and cultural developments are deteriorat-
ing rapidly because of aging of the physical reels of film and magnetic tapes that
carry the information. The preservation of these fragile archives is of interest not
only to professional archivists, but also to broadcasters as the archives themselves
form a cheap alternative to fill the many television channels that have come avail-
able with digital broadcasting and the Internet.

However, it only makes sense to reuse old film and video material in a digital
format if the visual quality can meet the standards of today. For that reason, the
archived film or video is first transferred from the original reel or magnetic tape to
digital media. Second, all kinds of degradations (noise, flicker, blotches) are re-
moved from the digitized picture sequence to increase the visual quality and com-
mercial value. Intensity flicker refers to variations in intensity over time, caused
by aging of the film, by copying or format conversion (for instance from film to
video), and in case of earlier film, by variations in shutter time. Blotches are
the dark and bright spots that are often visible in damaged film. The removal
of blotches is essentially a temporal detection and interpolation problem. Where
blotches are spatially highly localized artifacts in video frames, intensity flicker is
usually a spatially global, but not stationary, artifact. In practice, picture sequences
may be degraded by multiple artifacts. Therefore, a sequential procedure is usually
followed where artifacts are removed one by one. Figure 7.11 illustrates the order
in which flicker, blotches, and noise are removed.

The reasons for the modular approach described above are the necessity to judge
the success of the individual steps (for instance for an operator), and the algo-
rithmic and implementation complexity. Blotch removal and noise reduction (see
Figure 7.12) use motion-compensated interpolation and filtering based on a mo-
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tion estimator on the flicker-corrected data, respectively. It is important to mention
that the estimation of motion from degraded sequences is problematic in general.
This particularly holds for picture sequences that contain flicker, because virtually
all motion estimators are based on the constant luminance constraint. Therefore,
motion estimation is performed on the flicker-corrected data. Further, the focus is
on robust motion estimators to the different artifacts, with the possibility to repair
incorrect motion vectors.

Because the objective of restoration is to remove irrelevant information such as
noise, it restores the original spatial and temporal correlation structure of digi-
tal picture sequences. Consequently, restoration may also improve the efficiency
of the subsequent MPEG compression of image sequences. However, there are
situations where current restoration/filtering techniques are still failing. In some
of these cases, the quality of parts of the restored sequence is even worse. For
instance, in sequences where objects or persons perform complex motion, called
pathological motion. Rares, Reinders and Biemond [654] extend and improve the
restoration scheme in Figure 7.11 by taking into account these complex motion
events.

Motion-Compensated Picture Rate Conversion and De-interlacing

In an early paper, Van Otterloo, Rohra and Veldhuis [587] identify two main
drawbacks of conventional television systems (625 lines per frame, 50 fields per
second, 2:1 interlace) as large area flicker and line flicker. The paper gives a the-
oretical analysis describing the effects of increased field rate on moving objects
in an observed sequence of pictures, where the increased field rate is obtained by
temporal interpolation without and with motion-compensated interpolation. It was
concluded that to prevent the interpolated sequence from artifacts (blurring) one
needs motion compensation. However, fast and reliable motion estimation was not
yet possible at that time.

De Haan [638] gives an overview of the progress in spatial scaling, picture rate
conversion, de-interlacing, and motion estimation as important tools for video
format conversion, which has become a key technology for multimedia systems.
By the end of the twentieth century, there was a strong convergence between PC
and TV, due to the fact that video entered the personal computer through DVD,
CD, and the Internet. This convergence led to an explosion of video formats, as
an addition to the two main broadcast formats (interlaced 50 and 60 Hz formats
with 625 and 525 scanning lines, respectively), PC monitors with picture rates be-
tween 60 Hz and 120 Hz, and spatial resolutions in a broad range (VGA, SVGA,
XVGA, etc.). Also television receivers profited from these techniques and de-
coupled their display format from the historically determined transmission format
to eliminate flicker artifacts (as discussed above), and/or to adapt to new display
principles, which resulted in new flicker-free (100Hz), non-interlaced (Proscan),
and/or widescreen (16:9) formats on cathode ray tubes, plasma panel displays and
liquid crystal screens. Currently, also video telephony, video from the Internet,
and graphics are being merged with broadcast signals.
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(a) (b)

(c) (d)

Figure 7.12: (a) Video frame with blotches, (b) blotch detection mask (incl. noise)
(c) Blotch detection mask after post processing; (d) blotch-corrected
frame.

7.2.3 Image and Video Analysis

After restoration, one of the possible goals of processing an image (sequence) dig-
itally is to analyze the image content, in order to extract information about the
phenomena which are represented by the image. Image analysis can thus be de-
scribed as animage-to-datatransformation, the output data being, e.g., a set of
measurement values, a set of labeled objects, or even a description of the imaged
phenomena. One of the crucial steps in the analysis process is the segmentation
of an image, i.e., the partitioning of the image plane into regions which are ho-
mogeneous according to some predefined criteria. The result of the segmentation
stage is thus a map of the various regions, which is intended to be meaningful with
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respect to the imaged phenomena.

Two major approaches exist to image segmentation:region-based, andedge-based
methods. In region-based methods, areas of images with homogeneous properties
are found, which in turn give the boundaries. In edge-based methods, the local
discontinuities are detected first and then connected to form larger, hopefully com-
plete, boundaries. The two methods are complementary and can also be combined
to a certain extent. The segmentation results combined with for example motion
information can be used for object tracking, object recognition and scene mod-
eling. It should be noted that color information is a highly important feature in
image analysis and recognition tasks. Finally, image analysis plays an important
role in the searching and accessing of stored visual information.

Region-based Segmentation

Gerbrands [566] describes image segmentation as a pixel labeling or classification
problem, because the ultimate goal of segmentation is to assign a label to each and
every pixel. The label indicates to which one of the various image components
or regions the pixel belongs. He introduces a probabilistic procedure, which is an
iterative procedure to use contextual information to reduce local inconsistencies in
label assignment.

Kruisbrink [569] applies syntactic pattern recognition for image segmentation. In
certain patterns (image components) to be classified simpler sub-patterns (pattern
primitives) are first searched and these are applied to segment muscle cell pictures.

Gerbrands and Backer [582] introduce a split-and-merge method for the segmen-
tation of side-looking airborne radar (SLAR) imagery, i.e. the detection of bound-
aries of agricultural fields. Based on an image formation model, the agricultural
fields are represented by regions in the image that differ in mean value (depending
on crop type, crop coverage, moisture, etc.). A region is examined as a candidate
for splitting or for merging based on some predefined criteria. In [600], Gerbrands,
Backer, Hoogeboom and Kleijweg improve their proposed split-and-merge seg-
mentation algorithm for SLAR imagery by usinga priori knowledge about the
agricultural scene in the form of topographical maps, remote sensing data from
other sources or from previous occasions, and, eventually, geo-information sys-
tems.

Gerbrands, Backer and Cheng [591] introduce a multi-resolution segmentation
algorithm based on split-and-merge procedure generating variable-sized multi-
resolution data units, which are used in a clustering procedure to extract regional
features followed by a nonlinear probabilistic relaxation procedure to conduct the
final labeling of the blocks. It is shown that a large reduction in data processing
is attained by using processing blocks rather than pixels (as in a previous method)
and still the result reasonably approximates the true segmentation.

Gonzalez, Katartzis, Sahli and Cornelis [646] discuss the identification of man-
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made objects like land mines from polarimetric infrared (IR) images. The perfor-
mance of IR systems for the detection of shallowly buried land mines is limited
due to the background clutter. For this reason, IR polarization filters were intro-
duced for improving the low target-to-clutter ratio in infrared scenes. The paper
proposes a pixel-fusion approach for combining the polarization information with
image analysis techniques such as image enhancement and segmentation.

Farin and De With [637] describe a fast and flexible implementation of region
merging as a spatial segmentation algorithm using different merging criteria in-
cluding region sizes and quad-tree decomposition as a preprocessing step to be
applied in object-oriented video coding, such as MPEG-4.

Finally, Brox, Farin and De With [653] develop a multistage generalization of
conventional region merging for image segmentation again with applications in
MPEG-4. A sequence of different criteria is used to achieve a semantically and
subjectively superior segmentation result. Instead of starting the algorithm with
single-pixel regions, a pre-segmentation with the watershed algorithm for edge
detection is performed on a gradient map of the input image.

Edge-based Segmentation

Gerbrands, Backer and Van der Hoeven [586] discuss a sequential method of edge
detection which uses dynamic programming to detect the optimal edge in a specific
region of interest. The problem of finding the optimal edge can be formulated as
the problem of searching for the optimal path from the bottom to the top through
a matrix of cost coefficients. This method is developed for the detection of the left
ventricular contour in cardiac scintigrams.

Vanroose [644] describes the implementation of a complete recognition system
for flat objects in a picture taken by a camera with unknown parameters and po-
sition. As a consequence, the objects, as seen in the picture, can be distorted by
an arbitrary projective transformation with respect to their counterparts in a sam-
ple database. Contours in an image are then found by standard edge detection
followed by spline fitting, contour segment transformation, and they are identified
with respect to a training database.

In [626], Vanroose reflects on the information flow and spatial locality of image
processing operators, such as thresholding, histogram, convolution and edge de-
tection. Special attention is paid to theedge followingstep of the edge detection
operation. The potential quality improvement resulting from the use of a less local
algorithm is studied.

Object Detection, Tracking, and Recognition

Detection and tracking of (moving) objects is important for robot control, human
face recognition in for example video surveillance applications, augmented reality,
motion-compensated prediction/interpolation/restoration and object-based coding.
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Backer and Gerbrands [594] design a flexible and intelligent system for fast mea-
surements in binary images to enable object tracking for in-line robot control.
Rares and Reinders [641] introduce an object tracking system for film archive
restoration based on statistical models. An object selected in a frame by a user is
tracked throughout the sequence by using a blob-like description of its features,
statistically represented by a mixture of Gaussians. To deal with the initial incom-
plete data about the object’s appearance, as well as to integrate the acquired knowl-
edge about these appearances and to cope with changes in them, the object models
are updated statistically by an on-line version of the expectation-maximization
(EM) algorithm.

Persa and Jonker [635] describe a real-time system for human computer inter-
action through gesture recognition and 3-D hand tracking. One camera is used to
focus on a user’s hand to which a small rigid dark square is attached.

Ravyse, Sahli and Cornelis [645] present an approach for automatically segment-
ing and tracking faces in color image sequences. The goal is to analyze a moving
person’s head in front of a static camera, relevant for applications in video tele-
phony, animation, and virtual conferences. Segmentation of faces is based on skin
color and shape verification. The tracking is realized using a 3-D ellipsoidal model
and optical flow. Here the optical flow is interpreted in terms of rigid motion of
the 3-D ellipsoid.

Zuo and De With [659, 664] concentrate on exploiting human face information
for surveillance applications in a consumer home environment. Their system fea-
tures robust, real-time human face detection and facial feature identification to be
inserted in a video-security system architecture, where MPEG-4 coding techniques
enable low bit-rate video transmission over a home network environment.

3-D Scene Modeling

Scene modeling aims to reconstruct, as accurately as possible, the exact shape of
3-D objects which are (partly) visible in several (2-D) views. This shape can be
used to the recognize 3-D objects as well as to determine the object’s position and
orientation in 3-D world coordinates.

Mieghem, Gerbrands and Backer [590] follow a stereo vision approach, where
two images are obtained from calibrated camera positions. Three-dimensional ob-
ject features are then computed and used as attributes in an inexact graph matching
recognition stage to recognize trihedral objects. Lei and Hendriks [640] focus on
the extraction of 3-D shape information. The necessary low-level feature extrac-
tion is approached in a unifying way, employing phase information which is robust
to noise, shading and contrast variations in an image.

Vanroose [639] rephrases the 3-D scene modeling process in information theoretic
terms using a source-channel model. An optimal 3-D model is obtained by maxi-
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mizing the mutual information as a measure of the goodness-of-fit of a 3-D model
to the imaging data. Pasman and Jansen [634] deal with virtual reality for mo-
bile use, where virtual objects can be projected in overlay with the real world for
applications such as remote maintenance. A latency-layered system is proposed
that combines fast position tracking and rendering using approximate geometric
models, with slower but more accurate techniques.

Vanroose, Kalberer, Wambacq and Van Gool [662] present a method to animate
the face of a speaking avatar, i.e., a synthetic 3-D human face, such that it real-
istically pronounces any given text, based on the audio only. Special attention is
given to the lip movements, which must be rendered carefully and perfectly syn-
chronized with the audio in order to look realistic, from which it should in principle
be possible to understand the pronounced sentence by lip reading.

On the Use of Color Information

Color information has proven to be very useful in image analysis and recognition
tasks. For example, for the viewpoint- and illumination-independent recognition
of planar color patterns such as labels, postcards, pictograms, which typically have
a high pictorial content. Mindru, Moons and Van Gool [632] present new invari-
ant features which are based on the moments of powers of the intensities in the
individual color bands and combinations thereof and test the discriminant power
and classification performance on a data set of images of real, outdoor advertising
panels. In [648], Mindru, Moons and Van Gool concentrate on a model for the
photometric changes of planar surfaces under internal and external illumination
changes between two different color (R,G,B) images of a same object or scene.

Video Content Analysis

Since digital libraries for storing large amounts of textual, audio and visual infor-
mation are becoming widespread, there is a need for efficient methods for search-
ing and accessing these libraries for example through the Internet. Hanjalic, La-
gendijk and Biemond [624] discuss the achievements and the challenges in the
visual search of video, especially for consumer home-digital libraries, such as au-
tomation of shot-change detection and optimization of key-frame extraction by
taking into account users’ specifications.

In [652], Hanjalic and Xu address the problem of extracting the affective content
of video, defined as the amount of feeling or emotion contained in and mediated
by a video toward a viewer. A method is developed to extract this type of video
content based on thedimensional approach to affectknown from psychophysiol-
ogy, where the affective content can be represented as a set of points in the ”3-D
emotion space”. The availability of methodologies for automatically extracting
affective video content should lead to a high level of personalization and a way of
efficiently handling and presenting the data to various categories of viewers.
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7.3 Discussion and Conclusions

The growth and maturity of the signal processing field can be measured by the
many text books on signal processing, the many patent applications in this area,
and the major signal processing conferences. We mention the annual IEEE In-
ternational Conference on Acoustics, Speech, and Signal Processing (ICASSP),
and Eurasip’s EUropean SIgnal Processing COnference (EUSIPCO). The growing
importance of image processing has led to the prestigious IEEE International Con-
ference on Image Processing (ICIP) in 1994.

Researchers of Information Theory Groups at Delft, Eindhoven, Leuven and Twente
and of Philips Research have contributed substantially to the field of signal pro-
cessing and in particular the image processing. Signal processing has been and
remains to be an exciting and economically vital area. The past decades have been
particularly exciting as each new wave of faster computing hardware has opened
the door to new applications. Most likely, this trend will continue in the near fu-
ture.
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