
Summary

In computing systems employed for data acquisition and process control, communication with
the controlled processes is mainly taking place via analog signal lines. In this situation, the
quality of data acquired by A/D-converters and the generation of analog control signals by D/A-
converters is of major importance for the overall performance of a system.

Standard A/D-converters are based on Shannon’s sampling theorem. This theorem guarantees
perfect reconstruction of bandlimited signals, i.e., signals for which the frequency spectrum has
a maximum frequency, from its samples at equidistant time instants. The reconstruction can be
obtained by filtering with an ideal low-pass filter. However, in practical situations the theorem’s
conditions cannot be met: signals are measured during a finite time-interval and can, therefore,
never be bandlimited. Furthermore, an electronic circuit is not able to take point measurements
due to internal capacitances. Instead, signals are integrated during a (short) interval. Finally,
the ideal low-pass filter cannot be realized in a practical system.

We can conclude that there is a certain gap between the sampling theorem and practical A/D-
conversion. Nevertheless, this theorem is the basis for commercially available devices. Since
there are (infinitely) many methods for signal sampling, we could pose the question whether it
is possible to find methods for A/D- and D/A-conversion for which a similar theorem holds and
whose conditions can be satisfied in practical devices. This is the basic question considered in
this thesis.

Practical signals are corrupted by noise and, typically in an industrial environment, with spikes
and distortions from high-power currents. If not suppressed by the A/D-converter, these dis-
turbances propagate through the digital part of a system, and their effect can only be reduced
by digital signal processing techniques. Often, much effort is spent to reduce them in a later
stage. This could be relaxed if the A/D-converter itself is insensitive to disturbances.

In our search to alternative conversion methods we first concentrate on Shannon’s sampling
theorem. This theorem has been the subject of intensive research, both by mathematicians and
by communication engineers. We shortly discuss some of its extensions and related topics such
as aliasing effects and sampling errors.

Then we formulate the sampling problem in the context of vector spaces. Signals are considered
as vectors in an infinitely dimensional signal space. A particular vector space structure, called
the reproducing kernel Hilbert spaces, yields a unified framework for Shannon’s theorem and
its various extensions. We show that sampling and reconstruction can be generalized to abstract
operations between vector spaces. The composition of sampling/reconstruction reduces to an
approximation problem: Find a vector in a subspace of the signal space which is close to the
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original vector. Perfect reconstruction can only be achieved if the signal lies in the subspace. In
this case the signal should not be affected. Hence, the composite operator must be a projection.

There are many operators yielding such an approximation, but for practical reasons, we assume
the following requirements:

� Linearity

� Time-invariance

� Equidistant evaluation

These requirements lead to the general sampling scheme. The scheme consists of a pre-filter, an
ideal sampler sampling at equidistant times, and a reconstruction filter (post-filter). Shannon’s
sampling with anti-alias filtering is a special case of this general scheme.

The filters in the general sampling scheme can, in principle, be chosen freely. However, to
achieve good approximation quality, they have to serve additional properties. In the context
of a Hilbert space, it is relatively easy to state conditions on the filters such that the scheme
provides optimal approximation, which is in this case similar to orthogonal projection. The
space on which is projected is completely defined by the post-filter. In the more abstract Banach
spaces, optimal approximation operators are non-linear. Hence, the general sampling scheme
will be sub-optimal.

The requirements above imply that the range of the composed operator is a subspace which is
spanned by translated copies of a single function. In a Hilbert space setting, such subspaces
are richly available. The recently developed theory of wavelets and multiresolution analysis
appears to be a convenient framework for this. Wavelet theory involves representing general
functions in terms of simpler, fixed building blocks (‘wavelets’) at different scales and positions.
Multiresolution analysis (MRA) is a method for L2-approximation of functions with arbitrary
precision. MRA gives approximations on different scales in such a way, that an approximation
on a fine scale can be obtained by adding the ‘details’ to an approximation on a coarse scale.

We show that there is a close relation between the general sampling scheme (GSS) and ortho-
gonal MRA’s, and that the so-called scaling functions can be used as filters in the GSS. Daubech-
ies’ wavelet filters and specific polynomial spline filters, both fitting in the MRA framework,
appear to be promising alternative filters, since they share a number of advantageous properties
with respect to implementation and suppression of distortions.

All filters in the MRA framework lead to orthogonal projection. The only difference is the
subspace on which is projected. The approximation is good if the original signal is close to this
subspace. Hence, it is difficult to optimize the quality of a sampling/reconstruction operator in
the general case, because the signals to be sampled can lie anywhere in the signal space. We
must therefore assume that we have a-priori knowledge about the source of the signals, which
enables us to estimate the location of the signals in the signal space. The subspace must then
be chosen in such a way that the average distance to the region of interest is small.

The approximation quality of different filter combinations is experimentally evaluated for both
synthetic and real-life test signals. To this end, we give the discrete-time equivalent of the
general sampling scheme and discuss its relation with the original (hybrid) scheme. From the
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experimental results we conclude that Daubechies and spline filters have an approximation qual-
ity comparable to that of the ideal low-pass filter. Moreover, due to better decay of these filters,
the truncation error is smaller.

A/D- and D/A-conversions also play a major role in digital control systems. Here the emphasis
is not on optimal signal reconstruction, but on appropriate control of the process. The general
scheme offers an optimal representation of a signal in the digital domain, which may improve
the behavior of the control system. However, a known problem of advanced filtering techniques
is the destabilizing effect due to additional delay introduced by the filters. Because a thorough
study on the effects of filters inside a control loop was not found in the literature, this phe-
nomenon is investigated in this thesis by means of a case study with a simple linear feedback
system.

Again, we use the discrete-time equivalent for the analysis and experiments, which is known as
a multirate sampled data system. We show that it is possible to analyze such a system completely
in the Z-domain, but can only partly be written in terms of a simple transfer function. Computer
simulations show that the destabilizing effects are not compensated by a better representation.
In other words, early knowledge of the process state is more important than having an optimal
representation of it at a later time. However, if dealing with a noisy environment, pre-filtering
may required. In this case, the B0-spline pre-filter turns out to be an interesting alternative to
standard anti-aliasing filters.

An important issue is the hardware-implementation of the general sampling scheme. The
Daubechies filters can only be implemented by digital hardware. This implies that the scheme
is to be surrounded by traditional converters operating at high rates. This causes a major
drawback with respect to the costs of the circuit, but this may be paid off by reductions in
storage/transmission bandwidth due to a better (less redundant) representation. The sampling
scheme with spline filters of low-order can be realized in analog circuitry. A special case is the
scheme with a B0-spline pre-filter. Here, the combination of filtering and point measurements
is nothing more than local integration of the signal. We present the design of an A/D-converter
based on local integration. The quality of the acquired data, which has been evaluated based
on measurements taken by a hardware prototype, was satisfactory.

A particular application of advanced sampled data processing was found in Gas-liquid-
chromatography (GLC). Here the signal reconstruction is not carried out explicitly. However,
the general sampling scheme with spline filters offers a comprehensive representation, which
considerably facilitates the processing of chromatograms. We discuss the representation and
present a software package for the processing of chromatographic data.

We conclude that the vector space setting of the sampling problem is a fruitful one. The result of
this setting, the general sampling scheme, generalizes Shannon’s theorem and its common exten-
sions. Alternative filters to be used in the scheme can be found from multiresolution analysis.
Two particular families of filters, Daubechies filters and spline filters, are promising candid-
ates due to their additional advantageous properties. The approximation quality is as good as
that of the ideal low-pass filter. The alternative schemes can be realized in hardware, offering
alternative converters.


