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ABSTRACT

In this paper a family of so-called anytime signal pro-
cessing algorithms is introduced to improve the overall
performance of larger scale embedded digital signal pro-
cessing (DSP) systems. In such systems there are cases
where due to abrupt changes within the environment
and /or the processing system temporal shortage of com-
putational power and/or loss of some data may occur.
It is an obvious requirement that even in such situa-
tions the actual processing should be continued to insure
appropriate performance. This means that signal pro-
cessing of somewhat simpler complexity should provide
outputs of acceptable quality to continue the operation
of the complete embedded system. The accuracy of the
processing will be temporarily lower but possibly still
enough to produce data for qualitative evaluations and
supporting decisions. Consequently anytime algorithms
should provide short response time and be very flexible
with respect to the available input information and com-
putational power. The paper presents such algorithms
based on the re-configurable version of the recursive sig-
nal transformer structure described in [1].

1 INTRODUCTION

Computer-based monitoring and diagnostic systems are
designed to handle abrupt changes due to failures within
the supervised system or in its environment. This ca-
pability involves on one hand different, simultaneously
operated digital signal processors (DSPs), while on the
other the corresponding information processing algo-
rithms. These algorithms should be performed under
prescribed response time conditions. It is an obvious re-
quirement to provide enough computational power but
the achievable processing speed is highly influenced by
the precedence, timing and data access conditions of the
processing itself. It seems to be unavoidable even in the
case of extremely careful design to get into situations
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where the shortage of necessary data and/or process-
ing time becomes serious. Such situations may result in
a critical breakdown of the computer-based monitoring
and/or diagnostic systems.

With the introduction of anytime signal processing al-
gorithms we try to handle the above changes and their
consequences in larger scale embedded DSP systems [2].
The idea is that if there is a temporal shortage of compu-
tational power and/or there is a loss of some data the ac-
tual evaluation should be continued to provide appropri-
ate overall performance. The solution should be signal
processing of simpler complexity producing outputs of
acceptable quality to continue the operation of the com-
plete embedded system. The accuracy of the processing
will be temporarily lower but possibly still enough to
produce data for qualitative evaluations and support-
ing unavoidable decisions. Consequently anytime algo-
rithms provide short response time and are very flexi-
ble with respect to the available input information and
computational power. Such and similar flexibility is in-
vestigated in a somewhat different environment in [3].
It is important to observe at this point that such flexi-
bility is possible only if a vector of ”shortage indicators”
is an additional input of the signal processing facilities
in use. Obviously the shortage indicators are outputs
of such information processing units which monitor the
actual rate of sensory data and the rate of the compu-
tational load.

In Section II of this paper signal processing blocks
with shortage indicator inputs will be considered. Since
the operation of the monitoring and/or diagnostic sys-
tems should run in parallel with the data acquisition,
the investigations are restricted to recursive algorithms.
Recursive techniques are advantageous concerning also
the response time since they always provide some kind
of an estimate. Additionally, since parallelization may
reduce response time if more processors are available,
investigations are further restricted to highly parallel
transform-domain signal processing algorithms utilizing
time-recursive transformers. Some recent contributions
to these topics are in [4] and [5]. These time-recursive
transformers [1] can be offered as universal building



blocks having known behaviour, well established design
technology and easy implementation.

In Section IIT of this paper a ”shortage controlled”
mechanism is developed to adapt the actual signal pro-
cessing algorithm to the available amount of comput-
ing capacity. The simplest version of this mechanism is
changing the order of some digital filter or filter-bank,
but still maintaining the required filtering effect with
smaller selectivity. In [4] smaller order block-oriented
signal transformers are combined with recursive eval-
uation resulting a system with growing order. This
varying-order system can be considered as an anytime
algorithm, because it can provide output much earlier
as standard block-oriented transformers do.

Anytime  algorithms can be  implemented
as parameter- and/or structure-varying systems, i.e. as
re-configurable systems. This re-configuration is con-
trolled by shortage indicators. Due to the inherent dy-
namic nature any change within the system generates
certain kind of transients. These transients may cause
serious difficulties unless properly counteracted. Section
IV of this paper deals with the transient behaviour of
re-configurable signal processing systems. It is shown
that the transients due to reconfiguration are structure
dependent and therefore only certain types of signal pro-
cessing structures may be suggested to serve as a uni-
versal building block for larger-scale embedded systems.

Another aspect of using anytime algorithms is the
quality/accuracy degradation of the outputs while loss
of data and/or shortage of computational power results
in less accurate evaluation. For this reason Section V
of the paper considers the problem of accuracy in sys-
tems with adaptive and re-configurable signal processing
components.

2 MISSING INPUT SAMPLES

If due to temporary overload of certain communication
channels the input samples fail to arrive in time or will
be lost and some output of the signal processing is still
required the usual approach is to utilize some predic-
tion mechanism. This means that based on previous
data our signal processors try to generate estimations.
This alternative can be easily implemented using the
signal processing structure given on Fig.1, and fully de-
scribed, e.g., in [1]. This structure implements a recur-
sive discrete signal transformation with respect to the
basis vectors ¢, = [¢(0),cm (1), o yem(N = 1)], m =
0,1, ... ,N — 1. The multiplier values ¢, (n) on Fig.1
identify the vector element ¢, (k) where k = n modulo
N, i.e. the vector elements are repeated periodically
during operation. The g,,(n) values on Fig.1 denote in
a rather similar way the elements of the reciprocal ba-
sis vectors g°' = [g(0), gm (1), - ,gm(N = 1)], m =
0,1, ... ,N — 1. As an example, for the recursive dis-
crete Fourier transformation these coefficients are given
as ¢y (n) = e727m/N) and g,,(n) = (1/N)e=327(mn/N),
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Figure 1: Recursive transformation based signal pro-
cessing structure symbolizing the case of missing data.
cm(n) — ej?ﬂ(mn/N)7 gm(n) — (I/N)e_ﬁ’r(m”/N), m =
0,1, ..., N -1

The building blocks having uniform transfer function
271/(1 = 271) on Fig.1 are discrete integrators which
at their output (after convergence) will produce the
transform-domain representation of the input signal.
Multiplication by the basis vectors and a summation
will result in a signal reconstruction. If the difference of
the input and the output (reconstructed input) signals
equals zero the discrete integrators will not be influenced
and the system will operate in an autonomous way. This
behavior can be utilized if the input samples fail to ar-
rive in time. If this fact is identified the switch of the
signal e(n) on Fig.1 will be off and the remaining part of
the system will produce an estimate of the output based
on the information stored in the discrete integrators.
Fig.2 serves to illustrate this effect. A periodic triangu-
lar waveform having a period of N = 16 samples is de-
composed into its components. The switch is controlled
by a random number in [0,1]. If the actual value is
higher than 0.5 the switch is off,otherwise it is on. If all
the input samples were available the transformer could
learn the waveform from one complete period. With ran-
domly missing input this procedure takes longer time,
however, after receiving the first N samples the sig-
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Figure 2: Decomposition and reconstruction of a peri-
odic triangular waveform input in case of partial input
information (the ratio of the missing input data is appr.
50 %): output — continuous line, error — dotted line
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Figure 3: Response to a single sinusoid input signal plus
noise (SNR=5dB) in case of partial input information
(the ratio of the missing input data is appr. 50 %):
output — continuous line, error — dotted line

nal estimate becomes quite acceptable. In this example
there is a complete correspondence between the input
signal and the signal representation within the trans-
former, because the triangular waveform can be gener-
ated without error from its Fourier representation. For
this very reason, after convergence, the structure is ca-
pable to reconstruct the original waveform (in principle)
without error. This property can be extended to peri-
odic signals with unknown and/or varying fundamental
frequency using the so-called Adaptive Fourier Analyzer
(AFA) algorithm [6]. As another example Fig.3 shows
the response to a single sinusoid plus noise. The switch
is controlled similarly as in the previous example. To
reduce noise, the transformer is combined with a fading
memory effect [7], which corresponds to an exponential
averaging. This effect can be achieved by changing the
coefficient 1/N in the reciprocal basis vectors to a/N.
In this example @ = 0.2. The responses show that at
the prize of some delay and some transients the struc-
ture produces acceptable estimates.

3 SHORTAGE OF COMPUTING POWER

If due to a temporary shortage of computer power the
signal processing can not be performed in time several
alternative solutions can be proposed. Reduction of the
sampling rate or the application of less accurate evalua-
tions are typical examples. In this paper we consider
only complexity reduction techniques. If we concern
digital filters or transformers the most obvious proposi-
tion is to apply lower order filters or transformers. In
the case of recursive discrete transformers this means to
omit (switch off) some of the channels of the structure
(see Fig.4). It is an obvious requirement to maintain
e.g. the orthogonality of the transformation, i.e., as an
example, we can consider omitting every second channel

Figure 4: Recursive transformation based signal pro-
cessing structure symbolizing the case of missing com-
putational capacity. cpn(n) = ef27(mn/N) g (n) =
(1/N)e 72m(mn/N) 'y = 0,1, ... ,N =1

from the structure and switch to a transformer of order
N/2. In Fig.5 the decomposition and reconstruction of a
triangular waveform consisting of odd harmonics is illus-
trated. The channels dedicated to the even harmonics
are switched off for a while and switched on somewhat
later. As a further example Fig.6 shows the case of a pe-
riodic triangular waveform where each period consists of
N; = 13 samples while the block-size of the transformer
remains N = 16. The side-effects of applying reduced-
order transformer can be followed on the diagram.

4 RECONFIGURATION TRANSIENTS

Anytime algorithms based on feedback systems unavoid-
ably suffer from transients. These well-known phenom-
ena are due to the dynamic nature of the signal process-
ing structures applied. Both parameter and structure
adaptations generate transients. The nature of these
transients depends not only on the transfer function of
the filters to be implemented, but also on the actual sig-
nal processing structure [8]. It is important to note that
the so-called orthogonal structures (see e.g. [1]) provide
smaller transients as some other structures do. For this
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Figure 5: Decomposition and reconstruction of a peri-
odic triangular waveform input consisting of odd har-
monics (the case of limited computational capacity):
output — continuous line, error — dotted line
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Figure 6: Decomposition and reconstruction of a trian-
gular waveform input with period N; = 13 consisting
of odd harmonics (the case of limited computational ca-
pacity ): output — continuous line, error — dotted line

very reason the implementation of anytime algorithms
must be performed using structures having good tran-
sient behavior. This structure dependency is strongly
related to the "energy distribution” within the process-
ing structure. The structures on Figs.1 and 4, and all
its versions meet the general conditions of having rel-
atively small transients, however, controlling transients
in reconfigurable signal processing structures is still an
important area of investigations and research [8].

5 ACCURACY PROBLEMS

Concerning anytime algorithms it is an important issue
how can we handle accuracy problems. Accuracy can
be worse both due to the lack of the appropriate input
information, and to the less accurate calculations. The
characterization of the signal processing results is rel-
atively easy if only the stationary responses are to be
considered. Unfortunately, however, in time critical ap-
plications handling uncertainty issues in real-time can
be of great importance. This means that the concept of
anytime algorithms must be extended toward estimating
the reliability of the calculated results. Such an exten-
sion should be able to provide error bounds, and similar
uncertainty measures. In principle these measures can
be generated using classical approaches, however, the
elaboration of their conceptual background needs fur-
ther efforts. How to characterize, e.g. a simple recur-
sive averaging if some of the input samples fail to ar-
rive in time? How to characterize the usual prediction-
correction schemes from accuracy point of view if the
correction can not be performed? How to continue if
due to the lack of input the estimated outputs becomes
useless? This topic is strongly related to some aspects of
intelligent computing [9], where performance evaluation
involves different accuracy issues, as well. Similarly to
the problems of transients, concerning accuracy further
investigations are required.

6 CONCLUSIONS

In this paper a special class of adaptive algorithms is
introduced. These adaptive algorithms are considered
to improve the performance of signal processing under
conditions of extreme computational burden. The dig-
ital signal evaluation algorithms of this class can toler-
ate temporal shortage of computational power and the
lack of input data. If the shortage is indicated, a re-
configuration is performed within the signal processing
system. There are several alternatives to perform such
changes, however, the application of certain dedicated
signal processing structures promises relatively good be-
havior. The reconfiguration transients and the related
uncertainty issues ask for further research.
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