Helsinki University of Technology
Dissertations in Computer and Information Science
Espoo 2004 Report D6

EXPLORATORY SOURCE SEPARATION
IN BIOMEDICAL SYSTEMS

Jaakko Sareld

Dissertation for the degree of Doctor of Science in Technology to be presented with
due permission of the Department of Computer Science and Engineering for public
examination and debate in Auditorium T2 at Helsinki University of Technology (Espoo,
Finland) on the 29th of October, 2004, at 12 o’clock noon.

Helsinki University of Technology

Department of Computer Science and Engineering
Laboratory of Computer and Information Science
P.O.Box 5400

FIN-02015 HUT

FINLAND



Distribution:

Helsinki University of Technology

Laboratory of Computer and Information Science
P.0.Box 5400

FIN-02015 HUT

FINLAND

Tel. +358-9-451 3272

Fax +358-9-451 3277

http://www.cis.hut.fi/

Available in pdf format at http://lib.hut.fi/Diss/2004/isbn9512273438/
© Jaakko Sareld

ISBN 951-22-7342-X (printed version)
ISBN 951-22-7343-8 (electronic version)
ISSN 1459-7020

Otamedia Oy

Espoo 2004



Séreld, J. (2004): Exploratory source separation in biomedical systems.
Doctoral thesis, Helsinki University of Technology, Dissertations in Computer
and Information Science, Report D6, Espoo, Finland.

Keywords: exploratory source separation, independent component analysis,
blind source separation, denoising, denoising source separation, biomedical sys-
tems, biomedical data, magnetoencephalograms, electroencephalograms.

Abstract

Contemporary science produces vast amounts of data. The analysis of this data
is in a central role for all empirical sciences as well as humanities and arts using
quantitative methods. One central role of an information scientist is to provide
this research with sophisticated, computationally tractable data analysis tools.

When the information scientist confronts a new target field of research pro-
ducing data for her to analyse, she has two options: She may make some specific
hypotheses, or guesses, on the contents of the data, and test these using statisti-
cal analysis. On the other hand, she may use general purpose statistical models
to get a better insight into the data before making detailed hypotheses.

Latent variable models present a case of such general models. In particular,
such latent variable models are discussed where the measured data is generated
by some hidden sources through some mapping. The task of source separation is
to recover the sources. Additionally, one may be interested in the details of the
generation process itself.

We argue that when little is known of the target field, independent component
analysis (ICA) serves as a valuable tool to solve a problem called blind source
separation (BSS). BSS means solving a source separation problem with no, or
at least very little, prior information. In case more is known of the target field,
it is natural to incorporate the knowledge in the separation process. Hence,
we also introduce methods for this incorporation. Finally, we suggest a general
framework of denoising source separation (DSS) that can serve as a basis for
algorithms ranging from almost blind approach to highly specialised and problem-
tuned source separation algoritms. We show that certain ICA methods can be
constructed in the DSS framework. This leads to new, more robust algorithms.

It is natural to use the accumulated knowledge from applying BSS in a target
field to devise more detailed source separation algorithms. We call this process
exploratory source separation (ESS). We show that DSS serves as a practical and
flexible framework to perform ESS, too.

Biomedical systems, the nervous system, heart, etc., constitute arguably the
most complex systems that human beings have ever studied. Furthermore, the



contemporary physics and technology have made it possible to study these sys-
tems while they operate in near-natural conditions. The usage of these sophisti-
cated instruments has resulted in a massive explosion of available data. In this
thesis, we apply the developed source separation algorithms in the analysis of
the human brain, using mainly magnetoencephalograms (MEG). The methods
are directly usable for electroencephalograms (EEG) and with small adjustments
for other imaging modalities, such as (functional) magnetic resonance imaging

(fMRI), too.
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Mathematical notation

lower- or upper-case
bold-face lower-case
bold-face upper-case

A
a
a;
Qi
B
D
D*
E
e

e
£(.)
9(.)

i Jy1

M x N
M x1
M x1
scalar
N x M
TxT
TxT
LxM
M x1
M x1
1xT
scalar
scalar

scalar
scalar
scalar
scalar
1xT
M xT
NxT
1xT
1xT
scalar
N x1

scalar
vector
LxM
M x1
M x1
scalar

N x L
M x1

scalar, constant or scalar function
column or row vector, vector-valued function
matrix, matrix-valued function

mixing matrix

a column mixing vector

1th column mixing vector

mixing coefficient of the jth source in ith observation
demixing matrix

linear denoising matrix applied to the source estimate
linear denoising matrix applied to the whole data
matrix of the eigenvectors

a column eigenvector

[th column eigenvector

denoising function

objective function

general purpose indices, usually ¢ refers to observa-
tions, j to sources and [ to sphered data

number of retained principal components y;

number of observations x;

number of sources s;

Gaussian variable

1th additive noise term

additive noise matrix

matrix of N sources with T" samples

a row vector consisting of a source

a row vector consisting of the jth source

value of the jth source at (time) index ¢.

a column vector containing the values of all of the
sources at time instance ¢

number of samples in sources s;, and observations x;
a set of model parameters

sphering matrix

a column sphering vector

[th column sphering vector

sphering coefficient of the ith observation in the Ith
principal component

demixing (separating) matrix (from the sphered data)
a column demixing vector
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Abbreviations

BSS
CLT
CT
DSS
ECD
EEG
ESS
FA
fMRI
ICA
MAP
MEG
ML
MLP
MoG
MRI
NPCA
PCA
pdf
PET
SNR

M x1
scalar

MxT
1xT
1xT
scalar
M x1

LxT
1xT
1xT
MxT

jth column demixing vector

demixing coefficient of the ith observation in the jth
source

matrix of M observations with 7" samples

a row vector consisting of an observation

a row vector consisting of the ith observation

value of the ith observation at (time) index t¢.

a column vector containing the values of all of the ob-
servations at time instance ¢

matrix of sphered components

a row vector consisting of a sphered component y1

a row vector consisting of the [th sphered component
denoised data

blind source separation

central limit theorem

computer axial tomogram
denoising source separation
equivalent current dipole
electroencephalogram
exploratory source separation
factor analysis

functional magnetic resonance imaging
independent component analysis
maximum a posteriori
magnetoencephalogram
maximum likelihood

multi-layer perceptron

mixture of Gaussians

magnetic resonance imaging
nonlinear principal component analysis
principal component analysis
probability density function
positron emission tomogram
signal-to-noise ratio
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Chapter 1

Introduction

Complete knowledge always involves an apparent circle, that each part
can be understood only out of the whole to which it belongs, and vice
versa.

—Chladenius (1742)

1.1 Motivation and overview

Science mainly advances through continuous alternation between experimenta-
tion and suggesting of new explanations for the data that is observed in the
experiments. One of the biggest questions of philosophy of science throughout
centuries, even millennia, has been how the explanations are arrived at from the
observations. This is the realm of modelling.

Classical statistics usually advances from the observations to the explanations
by generating detailed models or hypotheses. The validity of these hypotheses
is then tested against contradicting null-hypotheses. While this kind of hypoth-
esis testing may be very reliable and useful in certain situations, it does not
provide a researcher with much information. Basically only one binary decision
can be made: either to accept the hypothesis or to discard it, i.e. to accept the
null-hypothesis. Modern statistics offers a researcher with better alternatives.
Especially in Bayesian probability theory, uncertainty can be taken into account
in a flexible manner, allowing one to estimate more general models from the
data. This is very useful for a researcher who wants to get good insight into the
data but has no good binary hypotheses a priori. Such research is often called
exploratory data analysis.

Linear models constitute a special class of general models because of their
tractable analytical properties. In this thesis, we discuss the problem of linear
source separation. In linear source separation, the model consists of two parts: a
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set of sources and a linear mapping that links the sources to the observations. In
case we want to solve the source separation problem in an exploratory manner,
when little is known of the target field, we call the problem exploratory source
separation (ESS). There is a need to perform the first phase of the ESS process
blindly. This means that one wants to fit a general linear model to the data
without knowing almost anything of the sources nor of the linear mapping. This
process is usually called blind source separation (BSS).

We discuss the use of independent component analysis (ICA) to solve the BSS
problem. We show that it is a reliable and robust way to solve BSS and that it
provides the researcher with good insight into the data for subsequent modelling.

Often, the researcher already knows more because of the accumulated research
in the target field. She may know some source characteristics, e.g. the nature
of their marginal distributions or their time structure, or she may possess some
prior knowledge of the linear observation mapping. In this case, the incorporation
of this prior knowledge should lead to a more accurate solution of the source
separation problem. Furthermore, the use of the prior knowledge often makes
it possible to obtain the results faster. We suggest ways to incorporate this
prior knowledge in the source separation algorithms. In particular, we suggest a
novel framework of denoising source separation (DSS), where this incorporation is
simple and practical to achieve and which leads to fast algorithms. In DSS, the
source separation algorithms are constructed around denoising methods of the
source estimates. Implementation of a denoising for the source estimates is often
suggested by the prior knowledge one possesses. We also suggest DSS algorithms
for BSS. In fact, we show that certain ICA algorithms can be derived under the
DSS framework, leading to improved stability and speedup. This makes DSS a
good candidate as a valuable general framework for ESS as well.

Biomedical systems are arguably the most complex systems science has ever
studied. For example, the human body consist of several complex subsystems
such as the central nervous system (CNS), the heart and the lungs. Several fields
of science, such as neuroscience, biology and biochemistry, have concentrated on
some particular parts of the biomedical systems. Furthermore, the human be-
haviour has interested researchers for a long time and there is substantial evidence
that it is closely related to the CNS, especially to the brain.

Recent advances in physics and technology have made it possible to study
these systems while they operate in near-natural conditions. The usage of these
sophisticated instruments has resulted in a massive explosion of available data. In
this thesis, we concentrate on developing analysis tools for this data and studying
biomedical systems using them. We mainly apply these ESS algorithms in the
analysis of the human brain, especially using magnetoencephalograms (MEG).
It is straightforward to extend the use of the developed methods for electroen-
cephalograms (EEG) and with small adjustments to data from other measuring
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devices, such as (functional) magnetic resonance imaging (fMRI).

The analysis of biomedical systems using source separation algorithms leads
to an accumulation of knowledge. This knowledge may be used to generate
functional models for the very systems that were studied, leading to a synthesis.
This analysis-synthesis process plays a central role in most scientific research. We
show that this synthesis may as well lead to more accurate subsequent analysis.

The introduction part of this thesis is organised as follows: In the very be-
ginning, there is a list of the most central mathematical notations and some
abbreviations. In Ch. 2, we review some needed mathematical concepts and in-
troduce the notation used in this thesis. In Ch. 3, the linear source separation
problem is reviewed. We concentrate especially in describing the problem and
reviewing previously existing work used to solve it. In Ch. 4, the DSS framework
for source separation algorithms is introduced and its connection to some exist-
ing algorithms is discussed. In Ch. 5, an overfitting problem arising in practical
uses of source separation algorithms is discussed in detail in the case of ICA and
somewhat more generally in the case of DSS. Finally, in Ch. 6, we consider the
study of biomedical systems and apply the algorithms presented and developed
in earlier sections. Illustrations will mainly use magnetoencephalograms (MEG).

The author’s contribution in the introduction part is concentrated in the
Chs. 4-6 whilst the first chapters mainly consist of a review of existing work.
The author’s contribution and literature survey are intertwined in the biomedical-
systems chapter (6) for belletristic reasons. Following the introduction part, there
is a set of published papers. These and the author’s contribution in them are
introduced next.

1.2 Publications of the thesis

The thesis consists of six publications and an introduction part. The introduc-
tion aims to give a general description of the problem and the proposed solutions
without going into detailed derivations. At the appropriate places, the publica-
tions are referred to from the introduction. This does not mean that in order to
understand the introduction part, one needs to read the articles. On the contrary,
in cases of forward references to the articles, we aim to give pointers to where
deeper analysis of the issues can be found.

The following six publications describe the development of methods suitable
for exploratory source separation in biomedical systems.

Publication 1. R. Vigario, J. Sarela, V. Jousmaki, M. Hamé&ladinen, and
E. Oja, "Independent component approach to the analysis of EEG and
MEG recordings”, IEEE Transactions on Biomedical Engineering, vol. 47,
no. 5, pp. 589 — 593, 2000.
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Publication 2. A. Hyvéirinen, J. Sdreld, and R. Vigario, “Spikes and
bumps: Artefacts generated by independent component analysis with in-
sufficient sample size”, Proceedings of the First International Workshop
on Independent Component Analysis and Blind Signal Separation, ICA’99,
(Aussois, France), pp. 425 — 429, 1999.

Publication 3. J. Sireld and R. Vigario, ” Overlearning in marginal distri-
bution-based ICA: analysis and solutions”, Journal of Machine Learning
Research, vol. 4 (Dec), pp. 1447 — 1469, 2003.

Publication 4. J. Sareld, H. Valpola, R. Vigario and E. Oja, "Dynamical
Factor Analysis of Rhythmic Magnetoencephalographic Activity”, Proceed-
ings of the 3rd International Conference on Independent Component Anal-
ysis and Blind Signal Separation, ICA’01 (San Diego, California, USA),
pp- 451 — 456, 2001.

Publication 5. J. Sérela and H. Valpola, ”Denoising source separation”,
Journal of Machine Learning Research, accepted with minor revision, re-

vised, 2004.

Publication 6. H. Valpola and J. Sareld, ” Accurate, fast and stable de-
noising source separation algorithms”, Proceedings of the Fifth Interna-
tional Workshop on Independent Component Analysis and Blind Signal
Separation, ICA’04, (Granada, Spain), pp. 65 — 72, 2004.

The content and the contribution of the present author in the above-mentioned
papers are as follows:

In Publication 1, the applicability of ICA in analysis of MEG is covered thor-
oughly. The suitability of the assumptions of the ICA model for the physical and
functional description of the MEG measurements and corresponding brain activ-
ity is extensively discussed. Several already published results are reviewed. For
instance, it is demonstrated that ICA is capable of identifying several non-brain-
activity related artefacts. Furthermore, ICA is shown to be useful in segmenting
event related MEG data to physiologically meaningful components. Finally, ICA
is shown to be capable of separating activity from different modalities such as
responses to auditory and somatosensory stimulation.

In this paper, the author was highly involved in the experiments and discussed
extensively the significance of different results with Dr.Vigario. He also partici-
pated in the writing of the manuscript.

Publication 2 is the first paper ever discussing an overfitting problem in ICA.
It is noticed that with insufficient sample sizes all ICA algorithms tend to produce
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results where there is a single spike or bump and little activity elsewhere. Some
preliminary solutions to this problem are suggested.

The present author noticed the problem together with Dr. Vigario in the
analysis of real MEG data. He participated in analysing the problem and finding
solutions. He was responsible for carrying out the experiments with artificial data
and participated in editing the manuscript.

In Publication 3, a comprehensible and thorough analysis of the problem of
overfitting (overlearning) suggested in Publication 2 is presented. The impact
of different data characteristics such as the length of the data, the number of
dimensions and correlations between different samples are analysed both with
mathematical formulation and extensive experiments. Several solutions are pre-
sented.

The present author was responsible for the mathematical formulation of the
problem and the analysis of potential solutions as well as all of the experiments
conducted in the paper. He was mainly responsible in writing the manuscript,
too. Dr. Vigario participated in the research very actively in all of its stages.

Publication 4 proposes the use of a Bayesian technique of ensemble learning
in the dynamical analysis of rhythmic MEG activity. In addition to the usual
linear observation mapping, a nonlinear feedforward network is used to model
the dynamics of the underlying sources. The network for the dynamics was not
fully connected, but rather connected in smaller blocks. The results of the paper
show that the frequency content of the oscillatory activity in the brain has several
significant frequencies. This makes the use of linear dynamics insufficient.

The present author suggested the use of the nonlinear state-space model intro-
duced earlier by Dr. Valpola for the analysis of rhythmic MEG. Dr. Valpola had
suggested a simplification of the model dynamics. Based on that, the author and
Dr. Valpola developed the block-wise dynamics. The author was responsible for
carrying out all of the experiments as well as writing the manuscript, Dr. Valpola
and the other authors participating in the editing of the paper.

In Publication 5, a denoising-source-separation framework is proposed. It
is shown that source separation algorithms can be constructed around denois-
ing principles. This framework allows for easy incorporation of prior knowledge
to guide the search for the sources, which makes it possible to design source-
separation algorithms ranging from highly specialised to almost blind approaches.
It is shown that some ICA algorithms can be seen as special cases of this frame-
work. In particular, some extensions to the FastICA algorithm are proposed.
The proposed DSS algorithms are extensively applied to both artificial and real
MEG data.

This paper shows seamless collaboration between the authors and it is there-
fore difficult to pinpoint the actual contributions of the present author. While
Dr. Valpola initially suggested the framework and is responsible for most of
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the theoretical contribution, the present author has been actively participating
in developing it. Furthermore, the present author is responsible for conducting
almost all of the experiments in the paper, though the other author has signif-
icantly contributed in them as well. The manuscript has been written in very
close collaboration between the authors.

Publication 6 proposes several practical algorithms derived from the DSS
framework. In particular, the extensions to the FastICA algorithm in Publication
5 are developed further. In addition, the accuracy, stability and the speed of
convergence of the different algorithms are studied. It is shown that the proposed
extensions achieve stability and fast convergence, even faster than with FastICA,
simultaneously.

The present author participated in developing the extensions to the particular
DSS algorithm, conducted part of the experiments and participated actively in
the writing of the manuscript.
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Chapter 2

Mathematical modelling

All models are wrong but some are useful.
—Box (1979)

In this section, we cover some basic mathematical concepts that are necessary
for the rest of this thesis. We aim to generality but we introduce some notation
for further use, as well.

2.1 Data

Mathematical description of data is almost essential for understanding complex
phenomena in nature. Consider a set of 7 observations: & = [£1---& -+ - &7]. The
set of observations & is unordered, i.e. nothing is assumed of the order in which the
observations come. Often, however, the measuring process implies some structure
for the data. For instance, in many cases, there exist several measurement devices
and it is beneficial to structure the data in different sets, one row vector for each
measurement device: x; = [2;(1) - x;(t) - - - x;(T;)]. It is allowed that different
measurement devices have different amounts of data samples T;. T often refers
to time, i.e. the measurements are ordered in chronological order, but this is not
mandatory, it can refer to other structure such as space or just serve as a general
indexing variable. Throughout this thesis, we call this index time for simplicity
reasons.

When the samples of the different measurement devices can be grouped, it
may be beneficial to have a mathematical notation for those groups too. We
denote such groups by a column vector x(t) = [z1(t)---z;(t) - 2 (t)]T, where
M different measurement devices are assumed. Note that this is a column vector
in contrast to the row vector x; that has been used to denote the observations
of one particular measuring device. Furthermore the notation of the vector x(t)
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contains the index ¢ to indicate that the observations at time ¢ are collected in the
vector. In this thesis, we mainly use the first notation using column vectors. The
second notation, with row vectors, is used only when the column-vector notation
would lead to cumbersome formulae.

When each measurement device produces the same amount of samples, it is
convenient to collect all of the data in a matrix:

X1

XM

where both the column and the row vector notations have been shown, for clarity.
The total amount of data elements in the data matrix X equals to 7 = M x T.

2.2 Modelling of the data

Mathematical description of the data often requires the use of models. Models
serve as simplifications of the underlying, often too complex, phenomenon that
generates the data. By use of models, it also becomes possible to answer some
specific questions regarding the data. One possibility to answer such specific
questions is to generate specific hypotheses. It can then be tested by classical
statistics whether these should be accepted or rejected.

If one is interested in more general questions regarding the data origin and
its characteristics, one would not gain much by the classical hypothesis testing.
To get a comprehensive picture of the data characteristics, one would need an
enormous amount of different hypotheses since each test provides one with only
little information. In this case, one may want to use more general models that
can answer questions such as what kind of a process has generated the data and
what kind of features build a good representation of it.

One way to build general descriptions of data is to use latent variable models.
This is to say that the model includes auxiliary variables that cannot be measured
directly, but which affect the data that is measured. A general mathematical
description of the latent variable models is given by

X = f(6), (2.2)

where 6 contains the model parameters and f is some mapping relating the model
parameters to the observations. This model is generative, because f explicitly
tells how the observations are generated.
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We divide the possible generative latent variable models in two classes: 1)
linear and 2) nonlinear models. Linear models have been widely studied because
of their convenient mathematical properties. For this reason, they are the main
focus in this thesis. Additionally, we apply the models in an application, where
the linear models are justified from the knowledge of the underlying phenomenon
(see Ch. 6 and Publication 6).

In linear models, an observation x;(t) at a particular time ¢ is given as a
weighted mixture of, say N latent, i.e. hidden variables s;(¢), plus some additive
noise v;(t):

N
zi(t) = Z aijs;(t) +vi(t), (2.3)

where a;; is called the mixing coefficient and s;(t) can be called source or factor.
Note that the source s;(¢) may have different values depending on time ¢ but the
weighting a,; is independent of it. Furthermore, the mixing is assumed instanta-
neous, i.e. z;(t) at time ¢, only depends on the sources at that same time. For
example, convolutive linear models do not fall under this restriction. Through-
out this thesis, we only consider this stationary and instantaneous mixing since
it is justified in our field of application (see Ch. 6 and Publication 1 for further
details).

The noise v;(t) accounts for all of the data in z;(¢) that is not fully modelled
by the weighted linear sum Z;V=1 a;;5;(t). We stress that although usually only
measurement noise is considered as noise, v;(t) accounts for all of the other in-
accuracies as well. These can be caused by inaccuracies of the generative model,
such as the nonlinearity or non-stationarity of the observation mapping. Some-
times the noise v;(¢) is also called sensor noise because it is additive in each sensor
x;(t) separately.

It is possible to collect the sources and the mixing coefficients in matrices
in a similar manner that was done for the data £&. Let us define a row vector
s; = [s;(1) -+ s;(t) --- 5;(T)] that contains all of the values of the jth source.
Then all of the observations in one measurement device, i.e. x; are given by

N
X; = Z 585 +v;. (24)
j=1
Introduction of a column mixing vector a; = [a1; -« - a;; - - an]T then leads to
a more compact form:
M
X = Z afsj + . (2.5)
j=1

Note that the index 7 has been dropped from the noise v to indicate that it is a
full matrix of size N x T.
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Furthermore, one can collect all of the sources in one matrix, similar to the
data matrix:

S1
S=|s; | =[s(1) - s(t) - s(T)]. (2.6)
SN
Finally, a mixing matrix A = [ajas --- a M]T lets one to describe the whole linear

model using one matrix equation:

X = AS +v. (2.7)

2.3 Probabilistic models

In modelling, the values of the unknown model parameters should be estimated
from the data. However, usually the data does not unambiguously define the
values of the model parameters. Consider for example a case where the sum of
two positive integers below 10 is observed. Let 16 be observed. It is not possible
to infer which of the pairs {8,8} or {7,9} has generated the observation. In other
words, there is uncertainty of the model parameters. A convenient and math-
ematically grounded way to account for this uncertainty is to use probabilistic
models and Bayesian probability theory (Cox, 1946, Gelman et al., 1995, Jor-
dan, 1999). In this section, we first review some Bayesian concepts. After that,
we proceed into possible ways to estimate model parameters under the Bayesian
framework.

2.3.1 Events

Let A denote some event. Then the probability that the event A occurs is denoted
by P(A). Let B denote another event. Then the probability that both events
occur is P(A A B). In the general case, this joint probability can be calculated
by

P(AANB)=P(A)P(B|A) = P(B)P(A|B), (2.8)

where P(B|A) denotes the conditional probability that B occurs when it is known
that A occurs and vice versa. If the event A is independent of event B, the joint
probability becomes the product of the individual probabilities

P(AAB) = P(A)P(B). (2.9)
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This means that the occurrence of A gives no knowledge of the probability of
occurrence of B.

In the classical probability theory, it is not possible to speak about the proba-
bility of a single event, for example the probability of whether it rains tomorrow.
This is because, in the classical theory, probability is defined through a frequency
of occurrence in an infinite sample, but tomorrow only occurs once. In Bayesian
theory, it is quite natural to speak about probabilities of single events, because
the probability actually describes the degree of belief in the occurrence of the
event. This also makes probability inherently subjective.

Often there are several events that are mutually exclusive. One example of
such a case is a single coin toss that has the two alternative results: ’heads’
or ’tales’. In this case, it is convenient to describe the relative occurrence of
the events with a probability distribution. Let A represent the coin toss. Then
the outcome is described by the probability distribution P(A = 'heads’) = p
and P(A = 'tales’) = ¢q. The sum of the probabilities of all possible mutually
exclusive (independent) outcomes has to be one.

2.3.2 Probabilities of continuous variables

Real world data does not usually have a distinctive set of possible values but
rather an infinite set. In this case, it is not possible to enumerate the probabilities
of all possible outcomes. Continuous variables should rather be described by
continuous distribution of probabilities. For instance, a Gaussian variable is
described by the probability density function (pdf):

1 (a —p)?
pgla) = Noroe exp <_T) , (2.10)

where the distribution is parameterised by two parameters: p and o2, the mean
and variance of the variable a, respectively. From time to time, we use a simplified
notation for the Gaussian distribution: N (a;p,0?).

Other often used density function are the Laplacian and the uniform distribu-
tions, defined as:

pi(a) = = exp (—“;’“‘) , (2.11)

— <a<
W(a) = 1/A, Whe.n,u A2<a<p+A)2 (2.12)
0, otherwise,

where p is again the mean of the distributions. Additionally, the Laplacian
distribution has a parameter 8 that defines the variance of the distribution. In
the uniform distribution, A is the interval of possible values for a around the
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Figure 2.1: Gaussian, Laplacian and uniform distributions. Their kurtoses are
0, 3 and -2, respectively.

mean p. The three distributions are plotted in Fig. 2.1 with zero mean (u = 0)
and unit variance (02 = 1). The parameters 3 and A are set to yield unit variance
for the Laplacian and uniform distributions respectively.

Notice that the concept of probability of a is commonly used in two distinctive
meanings: First, to mean the value of the density function p(a) at certain value
a = a*; second, to mean the probability that a lies in certain interval a= < a <
at. To avoid confusion, when the value of the density function is meant, we use
the words density function or probability distribution. On the other hand, if the
latter is meant, we use the words probability mass or simply probability. This
is because, a particular value of the probability density function does not have
any natural intepretation. Actually the probability of any exact particular value
of a occurring is zero. This becomes understandable in the Bayesian framework,
because the interpretation of the probability mass is the subjective degree of belief
in the variable to have its value on certain interval. Furthermore, it is impossible
to observe any exact particular real number because of the uncertainty principle.

In many cases, we describe more than one variable using probability distribu-
tions and it is convenient to have notation for the total joint distribution of the
variables. In this case we use the vector notation p(a) = p(a, - ,a;, -+ ,an) to
denote the joint distribution. Often, we also need to denote the marginal distri-
bution of all of the variables a. This is done by using a subscript to indicate that
the distribution is one dimensional: p,(a). When misunderstanding is feared, we
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use a subscript for the joint distribution, too: pa(a). In a similar manner, we
may use the probability distributions for matrices. The subscript is also some-
times used to denote which distribution function is used. For example, if a and
b have different distributions, we use p,(.) and py(.) to denote their respective
distributions. Usually however, we omit the subscript in this case.

We conclude the section on concepts needed for probabilistic modelling by
reviewing several methods to describe distributions and dependencies between
random variables. In Sec. 2.3.3, we return to the probabilistic modelling of the
data.

Cumulants: simple descriptors for distributions

Often there is a need to describe distributions using some simple scalar functions.
One practical way is to use cumulants (c.f. Kendall and Stuart, 1958). They are
defined as follows:

Consider a random variable a with E{a} = 0. The characteristic function ﬁ(t)
of a is defined as h(t) = E{e?®}. If the logarithm of the characteristic function
is expanded into Taylor series:

Ka(it)? Kr(it)"

gttt

log h(t) = Ky (it) + (2.13)

the Taylor coefficients k, define the cumulants (of the distribution) of a. The
first two cumulants are the mean and the variance

k1 = E{a} (2.14)
Ky = E{a®}. (2.15)

They define perfectly a Gaussian distribution. The rest of cumulants are zero
for Gaussian distributions, but may be non-zero for non-Gaussian distributions.
The third cumulant, defined as

k3 = B{a’}, (2.16)

is called skewness. The skewness is zero for symmetrical distributions and non-
zero for others. The fourth cumulant is perhaps the most interesting cumulant
in our framework. It is called kurtosis (Kendall and Stuart, 1958, Nikias and
Mendel, 1993), and is defined as

kurt(a) = kg = E{a*} — 3(E{a*})% (2.17)

Distributions that have kurtosis greater than zero are called super-Gaussian dis-
tributions, Laplacian distribution being one example. Super-Gaussian distribu-
tions are more peaked around the mean and have heavier tails than Gaussian
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distributions. Negative-kurtosis-valued distributions are called sub-Gaussian dis-
tributions and they are flatter than Gaussian distributions. The flattest distri-
bution is the uniform distribution that has kurt(a) = —2. Note that the kurtosis
is bounded to -2 in sub-Gaussian distributions, but unbounded for super-Gaussian
distributions. This makes kurtosis rather tuned to the tails of the distribution.

The higher than fourth order cumulants are not usually named mainly because
they become too complex to analyse.

Negentropy: a general measure of structure of the distribution

Differential entropy H of a random variable is a measure of disorder and is
dependent on the variance of the variable:

(@) = = [ pala)tog pafa) do. (2.18)

where the variable a has a density function p(x). For variables of fixed variance,
the Gaussian distribution gives the highest entropy and is thus most unstructured
distribution. A measure of structure, independent of variance, can be derived
from the differential entropy by calculating the difference between the differential
entropy of a variable a and a Gaussian variable with the same variance v:

N(a) = H(v) — H(a). (2.19)

This is called negentropy and it is zero for the Gaussian distribution and non-
negative for all distributions.

The calculation of the differential entropy, needed for the negentropy, assumes
the distribution of the variable to be known. This is seldom the case in prac-
tice and the estimation of the distribution is often difficult and computationally
demanding. Thus the negentropy is usually approximated with some simple mea-
sures easily calculatable from a signal s. For example approximations based on
the cumulants have been suggested (Kendall and Stuart, 1958) but these often
provide a poor approximation for the negentropy (Hyvérinen, 1998b).

Mutual information

Often two variables and their dependencies are compared. A good measure for
the comparison is the mutual information. It measures the information that is
common between the variables:

m

I(ay,az, ... ,am) = Y _ H(a;) — H(a), (2.20)
i=1
where a = [a1,as, ... ,a,]7 and H(a) is the total differential entropy of the

variables a1, a9, ... , Q.
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Kullback-Leibler Divergence

A good measure for the dissimilarity between two distributions is the Kullback-
Leibler divergence (Luenberger, 1969):

p(x)
Dy (p.q) /p(x) log q(x)d:v (2.21)
This measure is always non-negative and it is zero if and only if the distributions p
and ¢ are equal. For this reason, it is sometimes called Kullback-Leibler distance.
However, the measure is not symmetric, i.e. Dk1(p,q) # Dku(g,p) for which
reason it does not constitute a metric.
KL diverence can be used to measure the dependence between two variables a
and b by calculating the dissimilarity Dk, (p(a,b), p(a)p(b)).

2.3.3 Likelihood of the data

When a data matrix X has already been observed, it makes little sense to speak
about its probability. The probability should be one, because the data has been
observed as it is!. In that case, the word likelihood is used. Usually, the likelihood
of the data is given under some model H having parameters 0, i.e p(X|0, H). This
likelihood describes how probable it would have been to observe this particular
data X if it would have been generated by model H with parameter values 6.

In mazimum likelihood (ML) estimation, such a set of model parameters 6 of
the particular model H are sought that maximise the likelihood p(X|0, H) of the
data.

2.3.4 Bayesian modelling

When a data X has been observed, such a model H and such a set of parameters
0 should be selected that fit the data. In ML estimation, the likelihood of the
data given the model is maximised. But actually, it would be more natural to
maximise the probability of the model given the data, i.e. p(H,0|X), not the
other way around.

The equality on the right side of the Eq. (2.8) can be used to tell the condi-
tional probability of P(B|A) using the prior probabilities P(A) and P(B) and the
reversed conditional probability P(A|B) using the Bayes’ theorem (Cox, 1946):

B)P(A|B)

PB4y = 2 ) (2.22)

ITo be precise, there is an uncertainty principle that states that it is impossible to observe
any real values exactly. This would generate uncertainty in the data, too.
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This can be directly used for the estimation of the model parameters. Let us
denote by p(X|H) some prior probability distribution for the data X given the
model H and by p(0,H) the prior distribution of the model and its parameters.
Furthermore, p(X|0,H) is the likelihood of the data given the model H having
parameters 6. Then the probability of the model H having the parameters 6,
given the data is

_ (6. H)p(X10, 1)

(2.23)

This is called the posterior probability distribution of the model H having pa-
rameters 6. The model H is often dropped from the notation since it is usually
possible to infer it from the set of parameters 6.

In mazimum a posteriori (MAP) estimation, such a set of parameters 6 is cho-
sen that maximise the density of the posterior probability distribution p(0]X).
However, note that the density itself does not have an interpretation, only prob-
ability mass does. Hence, MAP estimation behaves badly when the posterior has
narrow but high peaks, having little probability mass. This leads to overfitting of
the model and overfitted models are not useful for generalisation, i.e. do not fit
well to future data. Overfitting is discussed in more detail in Sec. 5, Publication
2 and Publication 3.

Note that the ML estimation discussed earlier is equivalent to the MAP esti-
mation when the prior probabilities for the model parameters p(6) are assumed
uniformly distributed. This is because p(X) is always constant and the Bayes’
theorem results in p(0]|X) x p(X|0).

2.3.5 Full distribution approaches to Bayesian modelling

In correct Bayesian modelling, one should not only use a single set of parameters
0. Instead one should use the total posterior distribution for any inferences.
Thus, only one model should not be selected as in MAP but instead all of the
models should be taken into account. Moreover, their contribution should be
weighted according to their respective densities in the posterior distribution.

Almost in all of the practical applications, the calculation of the full posterior
distribution is intractable. Thus some methods are needed to approximate it.
Perhaps the most popular approximation methods base inferences on some finite
sample of the true posterior distribution. These are usually called Markov-Chain-
Monte-Carlo (MCMC) methods. These sampling methods fall out of the scope
of this thesis, but we point the reader to a good textbook on them by Gelman
et al. (1995). The Bayesian methods discussed here approximate the posterior
distribution with some analytically tractable distribution.
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Ensemble learning

Ensemble learning (EL, Wallace, 1990, Hinton and van Camp, 1993, Lappalainen
and Miskin, 2000) is a recently developed variational method for fitting a para-
metric approximation to the exact posterior density function p(@,H|X). The
true posterior distribution is approximated by a density ¢(€) having a simple
form. The misfit of the approximation is measured by the Kullback-Leibler di-
vergence (2.21) between the approximation and the true posterior distribution:

q(0)

D(O) (6. HIX)) = Ey) [log D0 220

The posterior distribution can be written as p(8, H|X) = p(0, H, X) /p(X|H).

The normalising term p(X|H), called evidence for the model H, cannot usually

be evaluated because it would involve an intractable integration over all of the

model parameters. However, this term is constant, when the parameters are

estimated for a fixed model. Hence, in EL, the evidence term is neglected and
the actual cost function is

Crr = D(q(8)|[p(0, H|X)) — log p(X|H) > —log p(X|H). (2.25)

The last inequality follows from the fact that Kullback-Leibler divergence is al-
ways non-negative.

This cost function is enough to determine the model parameters. However, in
addition to parameter estimation, it is important to be able to compare different
models, e.g. with different number of sources. Unfortunately, the most natural
measure for the comparison is the neglected evidence term. But fortunately,
minimisation of the cost function (2.25) for a given model H;, maximises a lower
bound of the evidence p(X|H;) for that model. In particular, the lower bound is
given by

p(X|H;) > e OxL. (2.26)

Hence Eq. (2.25) can also be used for comparing and selecting different models.
It is to be kept in mind, though, that because of the simple form of the posterior
approximation, ensemble learning favours simpler models.

2.4 Gradient based optimisation methods

In the previous section, we reviewed three methods that give grounds on which
the parameter estimation could be performed: ML and MAP estimation, and
ensemble learning. Each of them define an objective function to be optimised.
However, it is usually not possible to calculate the optima analytically, but iter-
ative methods are needed. A good handbook for iterative optimisation methods
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has been written by Luenberger (1969). All of the methods reviewed below can
be found therein.

Let g(0) be the function that should be optimised (minimised or maximised).
Generally, in the optimum, it holds that

Veg(8) =0, (2.27)

where Vgg(0) is a column vector having dg(6;)/06; as its ith element and 0 is a
column vector of the same size having zeroes as its elements.

In case the parameters @ have some constraints, the condition in the optima
includes the Lagrange multipliers:

Ve(9(8) — A"h(8)] =0, (2.28)

where the column vectors A and h denote the Lagrange multipliers and the cor-
responding constraints under which the optimisation is performed, respectively.

Note that the gradient of the function g points in the direction where g grows
maximally, in the Euclidean coordinate system. However, Amari (1998) has
pointed out that the parameter space often has a Riemannian structure. In
the scope of this thesis, it is not possible to discuss this issue any further. We
abide for noting that in this case, the so-called natural gradient serves as a more
suitable choice for the gradient-based algorithms.

In the following, we review three optimisation methods based on the gradient.

2.4.1 Gradient descent and ascent

The gradient Vgg(0) points in the direction where the objective function grows
maximally. Hence, an infinitesimal step in the direction of the gradient always
increases the objective function. By taking successive step, always in the direction
of the gradient, the following update rule is obtained:

Onew = 0 +vVog(0) (2.29)

where v makes the step size infinitesimal. Under certain conditions (Luenberger,
1969), this algorithm is guaranteed to converge to the nearest local maximum
of the objective function ¢g(8). Convergence is of course awfully slow, but it can
be greatly improved by using considerably bigger step size . Then it is usuall
to call it the learning rate. When non-infinitesimal ~ is used, it must usually
be taken adaptive. Otherwise the convergence of the gradient-ascent algorithm
cannot be guaranteed.

In case one needs to minimise ¢g(0), one should always move in the opposite
direction of the gradient. This results in a gradient descent algorithm. This may
be implemented by changing the addition to subtraction in Eq. (2.29).
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2.4.2 Fixed point algorithms

In many cases, the estimation of the parameters 8 can be performed in a subset of
the parameters. Let the subset of the parameters under which the optimisation
is performed to be denoted by w. Furthermore, it is common to restrict the
optimisation on a unit sphere, i.e. ||w|| =wlw = 1.

Consider the following general iterative algorithm to optimise some objective
function g(w) on the unit sphere:

wh =f(w) (2.30)
+
A%
Woow = ——— 2.31
o] (2.31)

where the explicit normalisation has been added to ensure the satisfaction of unit
norm. In other words, the current estimate w is updated using function f and
normalised. This iteration has stable points that satisfy the condition:

wh=f(w)xw. (2.32)

These points are stable because the normalisation step then renders wew = W.
Such points are called the fized points of the algorithm.

Now consider the Lagrange equation (2.28). Addition of w on both sides of
the equation results in

w = Vylg(w) = ATh(w)] + w, (2.33)

which can be directly used as the fixed point iteration step (2.30). The fixed
points of this algorithm are clearly exactly the points that satisfy Eq. (2.28). But
note that there are other algorithms that result in the same fixed points. For
instance, the right hand side of Eq. (2.33) can be multiplied by any constant be-
cause of the explicit normalisation (2.31). Furthermore, any multiple of w can be
added without changing the fixed points for similar reasons. These modifications
result in the general fixed point algorithms optimising ¢(€) having constraints
h(w):

wh = a(w)Vy[g(w) — ATh(w)] + B(w)w. (2.34)
wT
Whew = ||W+|| . (235)

where a(w) and B(w) are scalar-valued functions. §(w) can be used for speeding
up the convergence of the fixed-point algorithm. Such speedup for the estimation
of linear models using particular optimisation algorithms are further discussed in
Secs. 3.1.3 and 4.5.
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Chapter 3

Separation of linearly mixed
sources

Pluralitas non est ponenda sine necessitas.
~Ockham (14th century)

Let us consider modelling of data X using the linear model given in Eq. (2.7):
X=AS+v. (3.1)

To recall the notation, we remind the reader that X consists of M observations
T samples each, resulting in an M x T-matrix and S of NV sources also 1" samples
each, similarly. These are related by the matrix A which is the M x N mixing
matrix. Finally, there is some additive noise v that takes care of all of the
modelling inaccuracies.

The problem addressed in this thesis is to recover the unknown parts A and
S of Eq. (3.1). This problem is called linear source separation. Since we mainly
consider linear mixtures in this thesis, we frequently drop the word linear. Recall
also that we concentrate on instantaneous and stationary mixing.

Solving of the source separation problem is not possible if there is no informa-
tion on some of the variables A and S, in addition to the known data X. If the
mixing is assumed to be known and the noise to be negligible, the sources can be
estimated by finding a matrix B, for which BA = 1. Then BX = BAS = S. If
A is a square matrix, i.e. there are as many observations X, as there are sources
S, and A has full rank, the solution to this is simply B = A~!. The above
full-rank assumption is the necessary and sufficient condition for the existence
of the inverse matrix A~!. If instead, there are more observations than sources,
there exist several matrices B that satisfy BA = I. In that case, as long as we
are interested in some features of S only, disregarding A, any such B can be
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chosen. If the rank of A is less than the amount of sources, the problem has
no unique solution, if further assumptions are not made. This is the case when
there are less observations than sources or when there are some redundancies in
the mixing.

If, on the other hand, no non-trivial prior information of the mixing A is
assumed, the problem of estimating the unknowns, A and S, is referred to as blind
source separation (BSS). Notice that something of the sources S still has to be
”seen”, to make the estimation possible. Consider for instance the multiplication
of the source estimates with some constant «. Then, the relation X = AS can
be preserved by multiplying the mixing with 1/«. This presents a simple case of
indeterminacy, though usually harmless, that cannot be solved without additional
assumptions. In this thesis, we restrict the sources to have zero mean and unit
variance, without loss of generality (Hyvérinen et al., 2001b). If the observations
X; are not zero mean, the sample means ), z;(t) are removed. Thus, for the rest
of this thesis, we assume X zero mean, as well.

There exists one common formulation for the source separation problem in
addition to the formulation (3.1): s is interpreted as a vector-valued random
variable. Then the model is expressed as x = As, where s contains the sources
(now a column vector of length N) and x the data (a column vector of length
M). The source separation model (3.1) used in this thesis is achieved from this
random-vector model by collecting the instances of the observation vector x in
an observation matrix X and the instances of the source vector s in a source
matrix S. The choice between the vector- and the matrix-form models is mainly
notational. All of the algorithms can be easily developed in both notations.
Usually, algorithms using the vector notation can be molded from the algorithms
having the matrix form by changing the sums and normalisations with 7T into
expectations and vice versa. We mainly use the matrix notation to be consistent.

So far, the noise v has been assumed to be non-existent or negligible. Then
it is evident that the solution to the source separation problem is found in a
form S = BX. In case the noise is not negligible, the demixing matrix B can
often be identified, but the estimated sources still contain noise (c.f., Hyvérinen
et al., 2001b). In particular, the demixing matrix can be identified when the
noise covariance X has the specific form:

¥ =AAT2 (3.2)

In this case, it is possible to use a transformation # = A~!v and the linear model
results in X = AS + Av = A(S + »). Or equivalently, the demixing matrix can
be solved from S + & = B(X + ©). Note that in order to solve the sources,
additional methods are needed to account for the noise term ©. To conclude,
even in the noisy case, it is sometimes possible to identify the demixing matrix
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and the noisy sources by

S = BX. (3.3)
In the following, we discuss source separation methods that concentrate on esti-
mating the separating matrix B. Only in Secs. 3.2.4, 3.2.5 and 3.4, we discuss
methods that try to estimate the noise in the sources or where the noise co-
variance does not follow the model (3.2) and the identification of the separating
matrix is not directly possible.

This lays the foundation and the notation for the problem of source separation
used in this thesis. In the following sections, we review several ways to restrict
the unknown variables to make the estimation of the interesting features of the
sources possible.

3.1 Principal component analysis

Consider the two two-dimensional data sets shown in Fig. 3.1. Substantial corre-
lations exist between the components x; and x5. This hints that there is a more
informative representation for the data via latent variables. A good attempt to
recover the possible original sources s; and s is to find a linear mapping B that
makes the produced sources uncorrelated. This can be achieved by calculating
the eigenvalue decomposition of the covariance matrix XX7 /T = ETAE, and
making the transformation:

Y = VX = A Y2EX, (3.4)

where A = diag(A A2 -+ Ar) has the L largest eigenvalues in decreasing order
and E = [e; --- e, --- er]T consists of the eigenvectors corresponding to the
eigenvalues!'. The transformation E makes the components in Y decorrelated to
each other and the diagonal matrix A~/2 renders all of the variances to unity.
It is common to call the transformed components Y whitened or sphered. The
latter name is used in this thesis.

The eigenvectors E can be calculated for instance by the classical power method
(Wilkinson, 1965). Other possibilities include neural methods (c.f. Amari, 1977,
Oja, 1982, Oja and Karhunen, 1985). Transformation EX without the normalisa-
tion A2 has many names, the most popular perhaps being principal component
analysis (PCA). Other names include Hotelling transformation (Hotelling, 1933)
or Karhunen-Loéve transformation (Loéve, 1955).

The principal eigenvalue corresponds to the variance of the data X projected
to the direction of the principal eigenvector. The nut-shaped curves in Fig. 3.1

INote that an unconventional direction has been selected for the eigenvectors e; in the
eigenmatrix E to produce an L x M matrix. This has been done to keep the notation coherent
with that of the matrices A, and B.
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Figure 3.1: a) Some 2-dimensional data b) Other 2-dimensional data. The nut-
shaped curves show the standard deviation of the projections of the data in each
direction. The straight lines show the direction of the mazimal variance.

are in proportion to the standard deviation of the data when projected in that
particular direction?. The straight lines show the principal eigenvectors. The
transformed or sphered data are shown in Fig. 3.2. The marginal distributions
of the sphered components y; and ys in Fig. 3.2a are Gaussian and hence the
components are independent as well.

In practical use of PCA, it is common to reduce the dimensionality. Then the
principal components enable the optimal reconstruction of the original data in
mean-squared-error sense.

PCA is not the only way to achieve a transformation matrix V that makes
the components Y mutually uncorrelated, and independent in case of Gaussian
sources. Actually, any further orthogonal rotation UY gives uncorrelated com-
ponents: UY(UY)? /T =UYY?UT /T =1 This in illustrated by the fact that
in Fig. 3.2 the projection of the data in any direction gives unit variance.

The rotational indeterminacy means that it is not possible to recover the orig-
inally mixed Gaussian i.i.d sources in the first data set. Thus, in strict sense,
PCA does not solve the source separation problem. It can be argued, though,
that from ESS point of view, no further insight to the structures of the data
X can be achieved. It is usual to use a common name of factor analysis (FA,

2To be exact, the double of the standard deviation is shown. The scaling is done for illus-
trative purposes only, and similar scaling is used in all subsequent examples following the same
logic.
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Figure 3.2: The sphered components of Fig 3.1. The unity of variances is high-
lighted by the solid circles.

see Spearman, 1904, Holzinger and Harman, 1951, Cattell, 1952, Horst, 1965, for
classical references), for all of the decorrelating projections.

In the case of the other data set shown in Fig. 3.1b, sphering does not remove
all of the structure, but the star shape is persistently visible in Fig. 3.2b. This
is an indication that though PCA has removed the simple linear correlations, it
has not been able to recover the original sources. In contrast to the previous
case, the marginal distributions are not Gaussian. Furthermore, some higher-
order correlations exist and the sphered components are thus not independent.
Hence, PCA has not been able to solve the source separation problem from the
ESS point of view either.

Despite the strong rotational indeterminacy described above, PCA and FA
methods are frequently applied in biomedical systems (Jokeit and Makeig, 1994,
Marder et al., 1997, Levelt, 2001, Tsiptsios et al., 2003, Ito et al., 2003). Even
heavier impact they have on psychology and social sciences (Spearman, 1904,
Rubin and Thayer, 1982, Gorsuch, 1983, Everitt, 1984, Basilevsky, 1994).

To conclude, FA seems like a useful step towards source separation but it is
not able to recover the original sources because of the rotational indeterminacy.
In the following, we discuss what additional structure might make the separation
possible. We consider sources having non-Gaussian marginal distributions in
Sec. 3.2. In Sec. 3.3, we concentrate on sources having some time structure, i.e.
individual samples s(t1) and s(t2) are not independent for at least some pair

(t1,t2).
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But first, we review the classical power method approach to calculate the eigen-
vectors and the eigenvalues of the covariance matrix in Sec. 3.1.1 and some com-
mon extensions in subsequent sections. These extensions and the power method
will be used to derive fast and robust source separation algorithms in Sec. 4.

3.1.1 Power method

The principal eigenvector e; should correspond to the direction of maximum
variance of all of the projections y = e”X. In other words,

gin(e) = ||eTXH2 = eTXXTe/T (3.5)

should be maximised. Since the eigenvectors have unit length, there is an addi-
tional constraint h(e) = efe—1 = 0. According to the Lagrange equation (2.28),
the optima of gy, (€e), subject to the constraint h(e), satisfy:

Velg(e) — A\'h(e)] = 2XXTe /T — 2\e = 0. (3.6)

Derivation of a fixed point algorithm (see Sec. 2.4.2) from this is simple and
results in:

et =XXTe (3.7)
+
e
€new = ||e+|| P (38)

where epew, means the new estimate of the principal direction and the normali-
sation has been added to ensure stable unit length of the eigenvector estimate e.
The unnormalised principal component is given by e”X. The algorithm above
is the classical power method (Wilkinson, 1965). For an intuitive explanation of
the power method, consider two consecutive steps of the algorithm:

XXTe  CZ
IXXTe||  [[XXTel|’

e = XXTe o = XXT (3.9)
where C = XX7 is the unnormalised covariance matrix. Thus in each step,
C is multiplied by itself. This promotes the principal eigenvector to the lesser
eigenvectors.

The power method has some limitations. First, it calculates only the principal
direction corresponding to the maximal eigenvalue. Second, its matrix power
nature makes the algorithm converge slowly when the principal directions have
comparable eigenvalues. There are two common extensions that try to overcome
these problems: deflation can be used to calculate several principal directions
and spectral shift can be used to speedup the algorithm. These are discussed
next.
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3.1.2 Extracting several components

In case there is a need to calculate a subset or all of the principal directions, the
power method can be applied several times. This is referred to as the deflation
procedure. However, the subsequent estimates e;, ¢ > j need to be restricted so
that they do not converge to already estimated principal directions e;, j < ¢. This
can be achieved by replacing the normalisation (3.8) with an orthonormalisation
procedure:

€new = orth(e™). (3.10)

One possibility for orthonormalisation orth(e®) was introduced by Hotelling
(1933)3:

eorth = e —ETEe™ (3.11)
€orth

€new = 5 3.12

Tear] (312

where E contains the already estimated principal directions.
It is also possible to estimate several uncorrelated basis vectors at the same
time in a symmetric manner. Then the symmetric power method becomes:

Et =XXTE (3.13)
E,cw = orth(ET). (3.14)

The orthonormalisation can be implemented by Eney = (ETETT)"Y/2E (Luen-
berger, 1969). In this symmetric procedure, it is not guaranteed that the basis
vectors correspond to the principal directions but the variance of the covariance
matrix may be divided more evenly. However, it does hold that the first L sym-
metric basis vectors span the most variating subspace of the whole data X. Thus,
symmetric power method can be used to perform FA, where the factors come from
the most variating subspace.

3.1.3 Spectral shift

In the classical power method, the convergence speed depends on the ratio of the
largest eigenvalues, |A\1/Az|, where |A1| > |A2| (Wilkinson, 1965). If this ratio
is close to unity, the matrix multiplication (3.7) does not promote the largest
eigenvalue effectively when compared to the second largest eigenvalue.

3However, Wilkinson (1965) notes that this method may suffer from numerical instability
and suggests more stable methods. The method by Hotelling (1933) is used in this thesis for
its simplicity, though.
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The convergence speed in such cases can be increased by so called spectral
shift? which modifies the eigenvalues without changing the fixed points. At the
fixed point of the classical power method,

de = XXTe. (3.15)

Then it also holds that (A+Ag)e = (XXT +\g)e for any A\g. The additional term
simply adds Ag to all eigenvalues. The spectral shift modifies the ratio of two
largest eigenvalues to [(A1+Ag)/(A2+Ag)| > |A1/A2|, provided that g is negative
but not much smaller than —\s. This can greatly increase the convergence speed
of the classical power method.

On the other hand, for very negative Ag, some eigenvalues will become nega-
tive. In fact, if Ag is small enough, the absolute value of the originally smallest
eigenvalue will exceed that of the originally largest eigenvalue. With this neg-
ative spectral shift, the modified power method converges to the minor compo-
nent (Oja, 1992, Xu et al., 1992).

3.1.4 Nonlinear principal component analysis

In the following, we review an algorithm that can realise PCA, but which also
has an important application to BSS. Consider a gradient descent algorithm that
converges to the vector e corresponding to the maximum of an objective function
g(.) (Oja et al., 1991):

e” =e+7(t)Veg (e7x(2)) (3.16)
et
Cnew = He+H y (317)

where ~(t) is a learning rate, changing in time to ensure convergence and the
gradient is taken with respect to each element of e resulting in a column vector.
x(t) contains the values of the data at a particular time instance ¢ in a column
vector. The gradient is usually called the nonlinearity and denoted by fe(.) =
Ve g(.). It should give negative values for negative arguments and positive values
for positive arguments, for stability reasons. The main aim of Oja et al. (1991) is
to present a local neuron learning rule to approximate this algorithm. However,
the nonlocal algorithm above (3.16) and (3.17) serves our purposes better and
we do not present the details of the local algorithm.

When function fe(.) is linear, the iteration (3.16) and (3.17) calculates the
principal direction. In other cases, this presents a case of nonlinear PCA (NPCA).
The reference further argues that a saturating nonlinearity implements a PCA
algorithm that is robust against outliers. However, note that the components of

4The set of the eigenvalues is often called eigenvalue spectrum.
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the NPCA algorithm are not ordered according to the eigenvalues as in ordinary
PCA. Rather, they are ordered according to the nonlinear eigenvalues defined as
the local maxima of the objective function g(.).

3.2 Independent component analysis

In the previous section, noncorrelated components were achieved using PCA or
FA methods. However, this only solves the source-separation problem for Gaus-
sian sources. In this section, we review a method called independent component
analysis (ICA) that can be used to solve the BSS problem in non-Gaussian cases
as well. This is done by assuming the sources statistically independent and to
have non-Gaussian marginal distributions®.

Thus, in this section we assume that the sources are independent, they are
linearly mixed with a stationary and instantaneous mixing and there exist at
least as many nondegenerate mixtures as there are sources. Furthermore, we
assume that at most one of the sources has a Gaussian distribution. We as
well assume that there exist an infinite amount of independent samples of the
mixtures.

ICA can be used either to solve the BSS problem, or as a feature extraction
technique. In BSS, the main focus is the determination of the underlying inde-
pendent sources. This is the main goal when attempting to identify artefacts and
signals of interest in biomedical systems (see Sec. 6.2 for several references). It
has also been used to blindly separate audio signals (Torkkola, 1999), or to demix
multispectral images (Parra et al., 2000, Funaro et al., 2003).

The other central application for ICA is feature extraction, where it provides
a set of bases, which can be used to represent the observed data. So far, some
of the main applications of this feature extraction strategy include the study of
natural image statistics (Hurri et al., 1996, Bell and Sejnowski, 1997) and the
development of computational models for human vision (Hoyer and Hyvérinen,
2000, Hyvérinen et al., 2001a), although it has been as well used for denois-
ing (Hyvéarinen, 1999b).

The references given above do not exhaust the applications of ICA, on the
contrary. ICA research has found applications in a multitude of fields during its
relatively short history. For further applications see the books by Lee (1998),
Girolami (2000), Hyvérinen et al. (2001b), Roberts and Everson (2001), Cichocki
and Amari (2002), Stone (2004) and the proceedings of the conference-series on
ICA and BSS (ICA99, ICA00, ICA01, ICA03, ICA04).

In the previous section, we reviewed an NPCA algorithm, based on an article by
Oja et al. (1991). Later on, it was found out by Karhunen and Joutsensalo (1994)

5To be precise, at most one of the sources can have Gaussian distribution.
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and by Oja (1995, 1997) that NPCA actually does more than decorrelates the
data X in a robust manner. In case the sources S have non-Gaussian distribution
and the nonlinearity f, is chosen properly, NPCA carries out ICA and thus solves
the BSS problem.

In this section, we discuss ICA in more detail and review several other al-
gorithms to implement it. There are several principles that can be used to ar-
rive at an ICA algorithm. For instance, the mutual information (2.20) between
the source estimates may be minimised. Or one may minimise the KL diver-
gence (2.21) between the joint probability distribution of the source estimates
and the product of the marginal densities. The subsequent reviews of ICA algo-
rithms follow the structure by Hyvérinen et al. (2001b), but other reviews that
derive several previously suggested algorithms from a common criterion have also
been written (cf. Lee et al., 2000, Cardoso, 2003, Parra and Sajda, 2003).

In Secs. 3.2.2-3.2.3, we review some approaches that assume the noise v neg-
ligible. More precisely, they assume that the independent components S can be
recovered by an demixing or separating matrix W from the sphered data Y by
S = WY or by an unsphered separating matrix B from the original data X by
S = BX. In Sec. 3.2.4, we review some approaches that explicitly take the noise
v into account. In Sec. 3.2.5, we review a Bayesian method to implement ICA.

The last section 3.5, reviews some existing work to relax the assumptions for
I1CA.

3.2.1 FastICA: ICA by maximisation of non-Gaussianity

Reconsider the second source separation example in Sec. 3.1. The data after PCA
and sphering of the variances is shown again in Fig. 3.3a. It was stated already
that the sphered components do not have Gaussian marginal distributions. This
becomes evident in Fig. 3.3b where the normalised histograms of the sphered
components are plotted together with the standardised Gaussian distribution.
The distributions of the sphered components are clearly super-Gaussian (recall
the definition from the Sec. 2.3.2) because of the higher peaks and heavier tails
than the Gaussian distribution. The projection directions where the independent
components lie, are shown by the dashed and dot-dashed lines. The distributions
of the projections in these directions, depicted in Fig. 3.3c are even peakier around
zero and show even greater tails.

This indicates that at least in this case, a way to estimate the independent
components would be to maximise the non-Gaussianity of the projections w’Y.
Could this be the case more generally as well? The central limit theorem (CLT,
c.f. Papoulis, 1991) states that the distribution of the sum of independent
variables tends to Gaussian when the number of variables increase. Vice versa,
it may be thought that the less Gaussian a projection from the sphered data
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Figure 3.3: a) Sphered data, reprinted from Fig. 3.2b b). Marginal distributions
of the sphered components. The dashed line indicates the Gaussian distribution.
¢) Marginal distributions of the true sources. Again, the dashed line indicates the
Gaussian distribution.

Y is, the more independent it is of the other orthogonal projections. Following
this inverse intuition, an algorithm for ICA might be designed by maximising a
measure of the non-Gaussianity of the source estimates.

Perhaps the simplest method to measure the non-Gaussianity of the source
estimates is to use the sample kurtosis (see Sec. 2.3.2) defined as:

2
kurt(s) = > s*(t)/T -3 <Z .92(15)) /T. (3.18)

t t

For a signal with zero mean and unit variance, this simplifies to kurt(s) =
>, s*(t)/T — 3. More generally, non-Gaussianity can be measured by negentropy
(again, see Sec. 2.3.2). This would lead to maximising

g(s)=N(s)=H(v)— H(s), (3.19)

where H(s) and H(v) are the differential entropies of the random variable s and
a Gaussian variable v with same mean and variance as s, respectively. However,
this definition does not lend itself for easy implementation, because it needs the
estimation of the marginal distribution ps(s) from the source estimate s. Thus
some approximations are usually used.

FastICA (Hyvérinen and Oja, 1997, Hyvérinen, 1999a) is a family of algorithms
derived from a general objective function:

Ng(s) = lg(s) — g(@)I?, (3.20)
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where ¢ is said to be any even, non-quadratic, sufficiently smooth scalar function.
v is a standardised Gaussian data vector. p is a positive integer, usually 1 or
2. Compared to Eq. (7) by Hyvérinen (1999a), we have used the data-vector
notation and thus dropped the expectations. Additionally, the upper-case letter
G has been replaced by the lower-case letter g. This contrast function can be seen
as an approximation of negentropy (Hyvérinen, 1998b). The objective function is
usually called contrast function since it measures the deviation of the distribution
of the source estimate s from the Gaussian distribution.

Hyvérinen (1999a) suggests several all-purpose functions g for the basis of the
contrast function N, (the derivatives f; of the contrast functions are given for
future use):

g1(s) = % Z log cosh(as(t)), fi(s) = tanh(as) (3.21)
1
92(8) = 4 ; s'(t),  fa(s) =s°, (3.22)

where 1 < a < 2 and s® = [s3(1) s3(2) ---s3(T)]. It is said that g; is generally
usable while go is justified only for sub-Gaussian distributions when no outliers
exist. This is because s* grows very rapidly and heavy tails or outliers would then
dominate the measure. Application of contrast function go actually maximises the
kurtosis (3.18). In general, it does not provide a very robust method to estimate
the independent components. On the other hand, it has some nice analytical
properties for which reason it is introduced here (Hyvérinen, 1999a).

In FastICA, the contrast function (3.20) is maximised using an approximate
Newton iteration. The details of the derivation fall outside the scope of this
introduction and we only give the algorithm:

wh =Y (wY)/T - f(w'Y)w (3.23)
Whew = orth(w™), (3.24)

where f/(w1Y) is the derivative of function f(-). Note also that the usual simple
normalisation has been replaced by the orthonormalisation (3.24). This is done
to be ready to apply the deflation (Sec. 3.1.2). The first term YfZ(wY)/T
determines the stable points of the algorithms while the second term f/(w?Y)w
significantly speeds up convergence. It has been proven that the asymptotic
convergence of the FastICA algorithm, i.e. when there is an infinite amount of
samples, is at least quadratic, usually cubic (Hyvérinen, 1999a, Oja, 2002) when
the ICA model holds. This is much faster than simple gradient-ascent-based
optimisation algorithms. Furthermore, Hyvérinen and Oja (1997) prove that
with kurtosis as the contrast function, the FastICA converges asymptotically to
the independent components.
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Figure 3.4: The curve indicates the kurtosis of different projections w Y. The
solid line corresponds to the direction of mazimal kurtosis, whereas the dashed
and dot-dashed lines indicate the true original sources.

Let us now finally solve the second source separation example in Sec. 3.1 using
FastICA. In contrast to the variance of the sphered data, the value of the contrast
function Ny, (wTY) (3.22 applied to 3.20 with p = 1) is not constant but depends
on the direction of the projection w. This is illustrated by the curve in Fig. 3.4.
The direction giving the maximum value of the contrast function is indicated in
a solid line. The dashed and the dot-dashed lines depict the directions where the
original sources can be found. It is evident that maximisation of the kurtosis is
able to recover the original sources. FastICA converged in the first independent
component in five iterations. The second component, achieved using deflation
(see Sec. 3.1.2), was fixed by the orthogonalisation procedure and thus converged
in one iteration.

3.2.2 ICA by maximum likelihood estimation

For any linear model X = AS, there holds the following relation between the
marginal probability distribution py(X) of the data X, and ps(S) of the latent
variables S:

px(X) = [ det B| ps(S), (3.25)

where B = A~!. The joint marginal distributions have been indicated by the
bold subscript, in concordance with Sec. 2.3.2. When the latent variables are
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independent of each others, this can be written as

px(X) = [det B[ [ [ p;(b] X), (3.26)

where the relation S = BX has been made explicit. It is usual to assume the
samples x(t) independent for all t = 1,2,...,T. It is then easy to write down the
likelihood of the measured data X = [x(1) --- x(¢) --- x(T")] in function of the
demixing matrix B :

T N

9B) =[] [I»r; (b]x(t)) |det BJ, (3.27)

t=1;=1

where x(t) means all of the observed values at time instance t collected in a
column vector. Usually it is more practical to maximise the logarithm of the
likelihood ¢(B). The original likelihood is naturally maximised for the same pa-
rameter values. Then the products becomes summations and Eq. (3.27) simplifies
to

T N
logg(B) = Z Z log p; (bIx(t)) + TN log | det BJ. (3.28)

t=1 j=1

The maximisation of this likelihood would be easy by gradient methods. However,
there is one problem to it. The likelihood of the data X actually also depends
on the source distributions and not only on B. But the source distributions are
usually unknown and cumbersome or even intractable to estimate from the data
X. Some approximations are thus needed.

However, Hyvérinen et al. (Theorem 9.1, 2001b) prove that the approximation
for the source distributions need not be very exact. Let p; denote the assumed
distribution of the jth independent component and

¢(s;) = ai log 5;(s;) = ?E:; (3.29)

S5 j

Then, for the ML estimator to be locally consistent, it is only needed that
E{s;q;(s;) — qj(s;)} > 0, (3.30)

for all j. This means that as long as the assumed distributions p; do not make the
expectation (3.30) negative, the ML estimation converges (locally) to the correct
maximum.

Some practical choices for the approximations of the source distributions are
then needed. Hyvarinen et al. (Theorem 9.1, 2001b) have further suggested
and proven that to reasonably approximate the source distributions, only a very
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simple one-parameter approximation is needed. Basically they use one approxi-
mation for super-Gaussian source distributions, and another one for sub-Gaussian
ones. Then a binary parameter is needed to switch between these two approxi-
mations. They suggest the following log-distributions as an example:

logf)j(s) = a3 — 2logcoshs (3.31)
logp; (s) = az — (s2/2 — log cosh s), (3.32)

where ﬁj(s) and p; (s) are used to denote the super-Gaussian and the sub-
Gaussian distributions respectively and a; and sy are some suitable constants.
After the derivation of these log-distributions, the expectation (3.30) becomes

2 E{—tanh(s;)s; + (1 — tanh®(s;))} for p; (3.33)
E{tanh(s;)s; — (1 — tanh®(s;))} for D - (3.34)

What is important in these equations is that they have always opposite signs.
Then, it is (nearly) always possible to choose the approximation that gives the
consistent ML estimation. Thus these approximations can be used for practically
any source distributions. The only limitation is that the above equations should
not give zero for the target distribution. In this case, the ML estimation using
these approximations is not possible. This is similar to the case of trying to
extract zero-kurtosis sources using kurtosis as the objective function.

It is now possible to construct ICA algorithms using the ML method, based on
the log-likelihood (3.28) and the approximations of the source distributions (3.31)
and (3.32). At each iteration, one can determine which approximation one should
use by checking the signs of Egs. (3.33) and (3.34).

The derivation of FastICA using CLT in an inverse manner in Sec. 3.2.1 seems
somewhat heuristic. It turns out that the FastICA algorithm can be derived
from the ML principle, making the FastICA algorithm sound. The details are
omitted here but can be found in the comprehensive ICA book by Hyvérinen
et al. (2001b).

In the following sections, we review two ICA algorithms that can be seen as
ML estimations and acknowledge the connection of FastICA to ML estimation.

Bell-Sejnowski

One popular ICA algorithm is the Bell-Sejnowski algorithm (Bell and Sejnowski,
1995). It was first derived from the Infornaz principle that maximises the entropy
of outputs of a nonlinear network. Cardoso (1998) showed that the algorithm
can be derived as a stochastic gradient method for the log-likelihood (3.28). The
algorithm arrives at the following update rule:

AB x [B]7! + F(BX)XT, (3.35)
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where F = [f{ ... £] ... f{]” contain the nonlinearities derived as approxima-
tions to Eq. (3.29) and f;(s;) is a row vector containing the nonlinearities applied
to each of its elements s;(t). For each source estimate, we may use different non-
linearities f, depending on whether the current source-estimate suggests super-
or sub-Gaussian distribution. For instance, Egs. (3.31) and (3.32) may be used
for super- and sub-Gaussians respectively, arriving at the following nonlinearities

ft(s) = —2tanhs (3.36)
f~(s) = tanhs —s. (3.37)

The Bell-Sejnowski algorithm usually suffers from slow convergence. Further-
more, calculation of one iteration is rather intensive because of the matrix inver-
sion. This can be avoided by presphering the data. Moreover, a natural gradient
can be used instead of the stochastic gradient.

Natural gradient

In Sec. 2.4, we noted that a natural gradient is often more justified choice for
a gradient ascent algorithm. In the case of ICA, applying the natural gradient
results in (Amari, 1998)

AB = (I + F(S)ST) B, (3.38)

where S = BX are the source estimates and F contains the nonlinearities as in
the Bell-Sejnowski algorithm (3.35).

3.2.3 Some other methods for ICA

Several other approaches to ICA has been proposed, too. In the following, we
review two most frequently used ICA algorithms in addition to already mentioned
ones.

JADE

In Sec. 3.1, it was seen that eigenvalue decomposition of the covariance matrix
leads to non-correlated data. This idea of diagonalisation can be generalised in
higher-order correlations than XX using the so called cumulant tensors. As an
example, let us consider the joint approximate diagonalisation of eigenmatrices
(JADE, Cardoso, 1990). The idea is to compute several cumulant tensors F(M;),
where F represents the cumulant tensor and M; the corresponding eigenmatrices.
These tensors are diagonalised jointly as well as possible. A possible objective
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function for the goodness of the joint diagonalisation process is

gsape(B) = Z ||diag(BF (M;)B7)||?, (3.39)

which is practically the sum of all of the diagonal elements in all of the diago-
nalised cumulant tensors. Maximisation of this cost function minimises the sum
of the off-diagonal terms in the nearly diagonal matrices BF(M;)B7.

Jutten-Hérault algorithm

If two sources s; and s, truly are independent, then correlation between any
nonlinear functions of them should be zero:

E{fi(sl)fj(52)} =0. (3.40)

The pioneering algorithm in ICA by Jutten and Herault (1991) uses this ap-
proach. The update rule for the algorithm is

AA;; o fi(s;)f] (s),fori # j,

o (3.41)
AA;; =0,fori = j,

where the s; are computed at each iteration according to S = (I + A)~!X.
The nonlinearity fi(s;) = [fx (5:(1)) -+ fx (8:(¢)) -+ fx (s:(T))] is a row vector
containing the nonlinearity f; applied to each element of s; separately. The
Jutten-Hérault algorithm has also been a fruitful basis for other algorithms (c.f.
Cichocki et al., 1994, Cichocki and Unbehauen, 1996, Cichocki et al., 1997).

3.2.4 ICA models considering noise explicitly

It became evident when the source separation problem was introduced in the
beginning of Sec. 3 that the separating matrix B can be identified when the noise
covariance has the simple form (3.2). In this case, the demixing matrix cannot be
used to recover the original sources, but only noisy versions of them:S = S + & =
B(X + »). In this section, we assume that the separating matrix B and the
noisy sources S have been solved, already. Detailed description of these noisy
ICA methods is not possible in the scope of this thesis and we confine to review
one of them in a very concise manner and give some further references:

e Douglas et al. (1998), a bias-removal technique.
e Hyvirinen (1998a), a shrinkage method, considered in more detail below.

e Books considering several noisy models: Lee (1998), Hyvarinen et al. (2001b),
Cichocki and Amari (2002).
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e Bayesian techniques: Knuth (1998), Attias (1999), Lappalainen (1999),
Miskin and MacKay (2001), Choudrey and Roberts (2001), Hgjen-Sgrensen
et al. (2002), Chan et al. (2003). The Bayesian approach is considered in
more detail in Sec. 3.2.5.

Shrinkage removal of the noise

In this section, we review one shrinkage estimation method, based on Hyvéarinen
(1999b). The main results therein are given in Hyvérinen et al. (pp. 299-302,
2001b). The intuition behind the idea of shrinkage estimation is simple: strongly
super-Gaussian sources have relatively few small values (but many zeroes). Thus,
when a small value is encountered at time instance t, it is probable that it is
solely noise and s(t) = 0. The method itself is rather complex. However, noise
covariance of the form (3.2) constitutes an interesting and tractable special case.
In particular, the noiseless source estimates are given by

S =F(S), (3.42)

where the elements of the matrix-valued function F are obtained by inverting the
relation
Fii'(35(1) = 3;(t) + 0?q;(5;(1))- (3.43)

o2 is the noise variance and q} is the derivative of the logarithm of the marginal
pdf of the corresponding source s; (3.29). For details, see Hyvérinen et al.
(2001b). The inversion may be impossible analytically. However, Hyvérinen
et al. (2001b) considers three special cases where it is possible. We review one of
them below.

Consider a source s having Laplacian marginal pdf: p(s) = exp(—v/2|s|)/v/2.
The derivative of the logarithm becomes ¢'(s) = v/2sign(s) and f is given by

F(3;(1)) = sign(3;(t)) max(0, [3;(1)| — v20?). (3.44)

This shrinkage function is plotted in solid line in Fig. 3.5 with noise variance
0? = 0.3. The dash-dotted line is f(5;(t)) = §;(¢) — tanh §;(¢) which has the
same convergence points as FastICA using nonlinearity (3.21), due to the in-
determinacy similar to $(€) in the general fixed point algorithm (2.34). This
actually means that the nonlinearity of FastICA can be used for noise removal as
well. This kind of approach has been used by Valpola (2004). However, in case
of this shrinkage function, it is not easy to derive the corresponding pdf.

3.2.5 Bayesian ICA using ensemble learning

Recently, a Bayesian approach called ensemble learning (EL, recall Sec. 2.3.5
for details) has been applied to ICA by several researchers (Attias, 1999, Lap-
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Figure 3.5: Shrinkage functions. The solid line corresponds to the Laplacian
distribution and the dash-dotted line to f(5;(t)) = 5;(t) — tanh §;(t). The dashed
line corresponding to f(5;(t)) = §;(t) is given for comparison.

palainen, 1999, Miskin and MacKay, 2001, Choudrey and Roberts, 2001, Hgjen-
Serensen et al., 2002, Chan et al., 2003). The approach is often called the varia-
tional Bayes method, as well. Here, we concentrate on the Bayesian ICA (BICA)
introduced by Valpola in Lappalainen (1999)%. There the form of the posterior
approximation is factorised Gaussian. For this end, the noise v is assumed to have
Gaussian distribution, with means b; and variances e2?7. The source distributions
are modelled by mixtures of Gaussians (MoG):

22 €N (s;(1); pji, €2777)
p(si(t)]ej, py,v;) = == Zj, — ! . (3.45)
J

The parameters c are the logarithms of the mixture coefficients, p the means and
~ the logarithms of the standard deviations of the Gaussians. N(a;b,c) denotes
a Gaussian distribution over a with mean b and variance c¢. The variances of
the Gaussians are parameterised by the logarithms of the standard deviations in
order to make the assumption of roughly Gaussian posterior pdf valid.

Another possibility for posterior approximation is to use the so called conjugate
priors. Their advantage is that they ensure that the posterior distribution has

6The present name of the author is Harri Valpola.
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the same form as the prior. However, their use is problematic for hierarchical
models, especially when there are hierarchies including variance parameters.

Valpola et al. (2001) developed several general purpose building blocks for
hierarchical Bayesian modelling using ensemble learning. These blocks make
it relatively easy to implement the Bayesian ICA. The building blocks enable
also further modelling of the various parts of the ICA model. See Valpola and
Karhunen (2002) for a detailed construction of some extensions on the ICA model
under the EL framework.

Minimising the cost function used in EL (2.25) automatically estimates the
correct number of various parameters in the model such as the number of sources.
Often this can be implemented by starting with a big number of sources and then
pruning away those that were not used, or vice versa by starting from a small
number of sources and creating new sources as needed. Naturally, it is as well
possible to go through the estimations using several models with different number
of sources.

Valpola and Pajunen (2000) developed a fast version of Bayesian ICA (FBICA),
using the same model as in BICA (3.45). It first derives FastICA from a low-
noise approximation of the expectation-maximisation algorithm (EM, see Demp-
ster et al., 1977, Bermond and Cardoso, 1999)7. Then the low-noise restriction
is slackened by introducing the EL framework.

3.3 Temporal methods

ICA can solve the source separation problem when the sources are independent
and have non-Gaussian distributions. However, reconsider the sphered data
shown in Fig. 3.2a. After sphering, there is no more structure visible in the
scatter-plot. This means that the marginal distributions of the sphered com-
ponents are Gaussian and there are no correlations between them. Thus, the
source estimates are independent, but not separated. However, if there exist cor-
relations between different time instances in the sources, i.e. p(s;(t1),si(t2)) #
p(si(t1))p(s;i(t2)), the correlations can be used to separate the sources. Note that
this requires that the auto-correlation structures of the sources are different.
Several algorithms (c.f., Tong et al., 1991, Molgedey and Schuster, 1994, Be-
louchrani et al., 1997, Ziehe and Miiller, 1998), have been suggested that achieve
source separation by diagonalising jointly several delayed autocorrelation matri-
ces X1 X™T /T where the delays are defined by 71 and 75 and the elements of
X7 are the elements of the data matrix X delayed by 7, i.e. 7 (t) = z;(t — 7).
In case the sources have both non-Gaussian marginal distributions and time
structure, one benefits from combining ICA and the time-delay approach. Miiller

"For connections of EL to EM, see Neal and Hinton (1999).
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et al. (1999) combined JADE with the TDsep algorithm. Hyvérinen (2001) mod-
elled the time structure using an AR-model. The remaining innovation process
was made as non-Gaussian as possible. Another approach, based on the non-
stationarity of the variances of the sources has been proposed by Pham and
Cardoso (2001). Note that the time structure can also be used to solve the noisy
ICA problem. This has been done for example by Koivunen et al. (2001).

3.4 Dynamical factor analysis

In this section, we review another model using time structure called dynamical
factor analysis (DFA) that is applied to MEG signal analysis in Publication 4.
The parameter estimation of DFA is based on EL that was discussed in Sec. 2.3.5,
see also Sec. 3.2.5.

The model is a very general model of complex dynamical processes. Observa-
tions x(t) are assumed to be generated by linear mixing A from hidden states
s(t) including Gaussian white additive noise v, (t). Additionally each state s(t)
for all ¢ is generated from the previous states s(t — 1) by a nonlinear mapping f
with a Gaussian innovation process v, (t). Mappings A and f are assumed to be
independent of time. This results in a two part model:

x(t) = As(t) + v, (t)

s(t) =f(s(t — 1)) +vs(t). (3.46)

The nonlinear mapping f is modelled by a two-layer multi-layer-perceptron
network (MLP, Haykin, 1999) with sigmoidal tanh’s as the hidden layer nonlin-
earities. The overall model structure is shown in Fig. 3.6.

Factor analysis defines the mapping up to a rotation. This means that the
learned states can be mixtures of each others, though they are not correlated. The
dynamical mapping defines the rotation, but it is very slow to learn, if the MLP
network is fully connected (Valpola and Karhunen, 2002). For this reason the
dynamics of the factors is forced to be block-wise (see Fig. 3.6), which simplifies
the network and encourages the model to find independent source processes. If
the factors are modulated sinusoids as is the case in rhythmical activity, blocks
of two factors suffice.

The posterior approximation of DFA that is used in EL and the learning algo-
rithm are described in detail in Publication 4. They are quite similar to those of
the nonlinear state-space model (Valpola and Karhunen, 2002).

A Bayesian framework for combining temporal and marginal-distribution in-
formation has been presented by Attias and Schreiner (1998). However, as is true
with DFA as well, the algorithms are computationally rather intensive. A lighter
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Figure 3.6: Part of DFA model. Dark units are states, empty units the observations
and the ones with a sigmoid inside correspond to the MLP dynamics. Direction of the
arrows correspond to the direction of the causality: observations are caused by states
and next states are caused by previous states. (from Publication 4)

Bayesian algorithm for dynamical sources has been suggested by Hansen et al.
(2001).

In the next chapter, we show that the procedure that was used to initialise
the sources (Sec. 3.2 from the Publication 4) can be extended into full source
separation framework. In this framework the usage of dynamics to guide the
separation becomes simpler and computationally more efficient than in the algo-
rithms derived from the Bayesian framework.

3.5 Relaxing the ICA assumptions

In Sec. 3.2, we assumed that the sources are independent, they are linearly mixed
with a stationary and instantaneous mixing and there exist at least as many
nondegenerate mixtures as there are sources. Furthermore, we assumed that at
most one of the sources has a Gaussian distribution. We as well assumed that
there exist an infinite amount of independent samples of the mixtures. In this
section, we give the readers some pointers to existing literature that discusses
separation of sources under assumptions relaxed from the ones given above.
The assumptions have been relaxed:

e in the sources, more specifically

— dependent sources have been considered by: Hyvéarinen and Hurri
(2004), Tanaka and Cichocki (2004).
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Gaussian sources with time structure are discussed in Sec. 3.3.

e in the mixing, more specifically

nonlinearity has been considered by: Hyvérinen and Pajunen (1999),
Valpola and Karhunen (2002), Almeida (2003),

and post-nonlinearity by: Taleb and Jutten (1999), Ziehe et al. (2003).
non-stationarity has been considered by: Everson and Roberts (2000).

convolution has been considered by: Haykin (2000), Olsson and Hansen
(2004), Winter et al. (2004).

overcomplete and nonorthogonal representations have been considered
by: Amari (1999), Lewicki and Sejnowski (2000), Hyvérinen and Inki
(2002), Winter et al. (2004).

undercomplete representations have been considered by: Amari (1999),
see also Sec. 5 and Publication 3.

e the noise is considered in Sec. 3.2.4

The above lists are not exhaustive. We again refer to the ICA books by Lee
(1998), Girolami (2000), Hyvérinen et al. (2001b), Roberts and Everson (2001),
Cichocki and Amari (2002), Stone (2004) and the proceedings of the conference-
series on ICA and BSS (ICA99, ICA00, ICA01, ICA03, ICA04).
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Chapter 4

Denoising source separation, a
new approach

He who has ears, let him hear.

~The Bible: Matthew 13:9

In Secs. 3.2-3.4, we reviewed several solutions to the source separation problem.
We noticed that it is possible to solve the source separation problem if the sources
do not have Gaussian distributions or they have differing time structures.

In this section, we introduce a novel general framework of denoising source
separation (DSS) that gathers the approaches of these two families under the
same roof. This framework is more explicitly described in Publication 5. The
accuracy, stability and speed of convergence in some of the algorithms developed
under this framework are described in more detail in Publication 6.

In Publication 5, the DSS framework is derived from a generative linear model
whose parameters are estimated using the EM algorithm (Dempster et al., 1977,
Bermond and Cardoso, 1999). Namely, we assume that the data is (pre)sphered
and the sources are estimated one-by-one. This results in a fixed point algorithm,
similar to FastICA (Hyvérinen, 1999a). The nonlinearity in the algorithm is
intepreted as a denoising step.

In this chapter, we take a more tutorial-like approach to DSS. We argue that
source separation algorithms can be constructed around denoising principles. We
show that some of the source separation algorithms in previous sections can
explicitly be seen as carrying out denoising of the source estimates and using
simple correlation based learning to estimate the demixing vectors.
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Figure 4.1: a) The two-dimensional data from Fig. 3.1a. The true mizing co-
efficients are shown in dashed and dot-dashed lines.b) The normalised principal
components of the data. The unity of variance is highlighted by the solid cir-
cle. Again, the true directions of the sources are shown in dashed and dot-dashed
lines.

4.1 A source separation example using DSS

Let us reconsider the first source separation example in this thesis, in Sec. 3.1.
The data is redrawn in Fig. 4.1a and the sphered data in Fig. 4.1b. The projec-
tions that would yield the original sources are shown in dashed and dash-dotted
lines, respectively. All orthogonal projections from the sphered data yield compo-
nents which are decorrelated to each others and which have unit variance. Thus
FA cannot be used to solve the source separation problem. Neither does the
principal direction yield any of the sources.

However, the scatter plot loses any temporal structure the signals might have.
A good representation for stationary temporal structure is given by amplitude
spectrum computed using the discrete Fourier transform or the discrete cosine-
transformation (DCT). Consider then the amplitude spectra of the sphered com-
ponents, shown in Fig. 4.2a. The spectra are dominated by low frequencies, giving
rise to a hypothesis of existing slowly varying sources. Thus low-pass filtering,
e.g. by a filter whose amplitude response is shown in bottom of Fig. 4.2a, should
make the sources clearer, i.e. denoise the source estimates. The denoised data
using the particular low-pass filter is shown in Fig. 4.2b.

In general, low-pass filtering decreases the energy of the signals and the re-
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Figure 4.2: a) The amplitude spectra of the sphered data and the amplitude re-
sponse of a low-pass filter. b) The sphered data after denoising using the low-pass
filter, together with the standard deviations in each directions, direction of maxi-
mal variance and the true directions, similarly to previous figures.

maining energy depends on their frequency content. This means that projecting
the data on a vector with unit length no longer yields a signal with unit variance.
This is illustrated by the fact that the data cloud in Fig. 4.2b has shrunken. But
more importantly, not all projections result in the same variance, as illustrated
by the ellipsoid corresponding to proportion of the standard deviation. After low-
pass filtering, it is therefore possible to identify the signals having higher than
average proportion of low frequencies by PCA. This is manifested in the fact
that the principal direction is aligned with the first source mixing vector and the
second mixing vector is perpendicular to that. The projections to the principal
and the minor components extract the original sources. The amplitude spectra
of the source estimates are shown in Fig. 4.3a. From those, we may conclude that
the first source had significant low frequencies not being i.i.d. samples though
the marginal distribution is Gaussian. The second source seems to be Gaussian
i.i.d. with no time structure.

Usually sphering is used in source separation algorithms because it provides
a quick way to restrict the search space of separating vectors on a unit sphere.
We stress that in case of DSS, the sphering has much greater role. Only the
presphering makes it possible to identify the original sources by PCA on the
denoised data. As a case of contrary, consider the denoising through low-pass
filtering applied straight to the original data X, illustrated in Fig. 4.3b. Note
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Figure 4.3: a) The amplitude spectra of the estimated sources. b) The original
data X after denoising using the low-pass filter.

that the maximal-variance direction does not align well with either of the pro-
jection directions of the sources, though it is closer to the original source having
considerable low frequencies.

4.2 Linear DSS

The above source separation had three distinct phases: sphering, denoising and
PCA. In the following, we formulate these in a unified framework. We note
that instead of applying the denoising to the sphered data, it can be applied to
the current source estimate. In Sec. 4.3, we then consider replacing the linear
denoising with a nonlinear one.

Linear denoising can be mathematically expressed as matrix multiplication.
Then, for denoising matrix D*, the denoised data Z becomes:

Z=YD". (4.1)

Note that D* operates on each signal y; separately, i.e. denoising is defined
for one-dimensional signals. Furthermore, the denoising is performed over time,
ie. D* is T x T -matrix. We have used the asterisk here to be congruent
with Publication 5.

Though other methods exist, we propose to compute the first principal com-
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ponent of the denoised data Z by the classical power method (see Sec. 3.1.1):
wh =272Z"w (4.2)
Whew = orth(w™)

where Wy, a column vector, means the new estimate of the principal direction
and we have used the orthonormalisation in case we estimate several components
in a deflationary or symmetric manner (see Sec. 3.1.2). The power method applied
to the denoised data maximises the objective function:

Qiin (W) = wlZZw, (4.4)

subject to the constraint w’w = 1 (again, refer to Sec. 3.1.1 for more details).
Let us now substitute the denoising (4.1) into the power method (4.2):

wt =2Z"w =YD'D*" Y w. (4.5)

Further, let us denote
D =D*D*T. (4.6)

Then the classical power method applied to filtered data can be reformulated as
follows:

s=w'Y (4.7

st =sD (4.8)
wh =vYs™" (4.9)
Whew = orth(w™), (4.10)

where s is used to denote the current source estimate corresponding to the eigen-
vector estimate w. Mathematically, algorithm (4.7)-(4.10) is equivalent to the
classical power method applied to the filtered data (4.1)—(4.3). In the classical
version, the denoising D* was applied to the whole data, but in Eq. (4.8) the
denoising D is applied to the current source estimate s, instead. Equations (4.9)
and (4.10) compute the weight vector which yields a new source which is closest
to the denoised s™ in the least-mean-squares (LMS) sense. We call Egs. (4.7)—
(4.10) the linear DSS algorithm. The corresponding objective function, starting
from Eq. (4.4), can be written as

Giin(s) = wlZZTw = sDs”. (4.11)

The deflation procedure (see Sec. 3.1.2) can be used to extract several compo-
nents. For that reason, an orthonormalisation (4.10) has been used instead of
simple normalisation.
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4.3 Nonlinear DSS

In general, denoising is not restricted to linear operations. Median filtering is
a clear example of nonlinear denoising which cannot be implemented as mere
matrix multiplication. Another example of nonlinear denoising is encountered
when the denoising is tuned adaptively to improving estimates of the source
characteristics as the iteration progresses. A good review on nonlinear filtering
is given by Kuosmanen and Astola (1997).

One common way to develop nonlinear algorithms!, such as ICA, from linear
algorithms, such as PCA, is to replace the quadratic criterion (3.5) by a criterion
which contains other than second-order moments. However, we argue that it
is often easier and more practical to simply replace Eq. (4.8) by a nonlinear
denoising step:

st =f(s). (4.12)

The function f(s) denotes the result of denoising, i.e. both s and f(s) are row
vectors of the length T'. In the linear case f(s) = sD, but in general, almost any
type of denoising procedure can be applied. When more than one sources are
estimated, it may be desirable to use the information in all of the sources S for
denoising any particular source s;. This leads to the following denoising function:

The objective function of the above nonlinear DSS algorithm is extensively
discussed in Publication 5. Here it suffices to say that the exact derivation of
the objective function is not usually necessary, since the algorithm is constructed
around the denoising principle, not around optimisation of an objective function.
In cases where the objective function would be needed and would be difficult to
compute, we have suggested an approximation:

g(s) = sf7(s). (4.13)

It is exact in the case of linear denoising and in some special nonlinear cases too,
such as the cumulants.

Denoising is useful as such and therefore there is a wide literature of sophisti-
cated denoising methods to choose from (c.f. Anderson and Moore, 1979). More-
over, one usually has some knowledge about the signals of interest and thus
possesses the information needed for denoising. In fact, quite often the signals
extracted by BSS techniques would be post-processed to reduce noise in any case
(c.f. Vigneron et al., 2003, and Sec. 3.2.4). In the DSS framework, the available
denoising methods can be directly applied to source separation, producing bet-
ter results than purely blind techniques do. There are also very general noise

1By nonlinear, we refer to the nonlinearity imposed on the source estimate, not to the
nonlinearity of the observation mapping. This is on a par with the use of the words in NPCA.
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reduction techniques such as wavelet denoising (Donoho et al., 1995, Vetterli and
Kovacevic, 1995)% or median filtering (Kuosmanen and Astola, 1997) which can
be applied in BSS. The DSS framework thus suggests new algorithms ranging
from BSS to highly detailed methods in specialised applications.

The deflational method (see Sec. 3.1.2) is readily available for the linear DSS
algorithms. It turns out that the deflation is directly applicable to nonlinear
DSS as well. The orthogonal constraints h(w) = w’w; = 0 do not affect the
denoising procedure (see Sec. 2.4). Hence, the consecutive runs of the algorithm
optimise the same g(w) as the first run but under the constraint of orthogonality
to the previously extracted components. If more than one sources are estimated
simultaneously, symmetric orthogonalisation methods can be used.

4.4 Denoising functions in practice

DSS is a framework for designing source separation algorithms. The idea is
that the algorithms differ mainly in the denoising function f(s) while the other
parts of the algorithm remain mostly the same. In this section, we discuss both
simple but powerful linear and sophisticated nonlinear denoising functions. The
goal is to inspire others to try out their own denoising methods. The range of
applicability of the examples spans from cases where the knowledge about the
signals is relatively specific to almost blind source separation where very little is
assumed about the signal characteristics.

Before, we note that it is usually not crucial for the denoising to be very exact.
Otherwise DSS would not be very useful because one would only get what is
asked from the algorithm in terms of the denoising function. Fortunately, this
is not the case: assuming that the signals are recoverable by linear projections
from the observations, it is enough for the denoising function f(s) to remove
more noise than signal (c.f. Hyvérinen et al., 2001b, Theorems 8.1 and 9.1). This
is because the reestimation steps (4.9) and (4.10) constrain the source s to the
subspace spanned by the data. Even if the denoising discards parts of the signal,
reestimation steps restore them.

In practice, the observations contain noise which does not fully disappear by
any linear projection. Then the quality of the separated signals depends on the
accuracy of the denoising. If there is no detailed knowledge about characteristics
of the signals to start with, it is useful to bootstrap the denoising functions.
This can be achieved by starting with relatively general signal characteristics
and then tuning the denoising functions based on analyses of the structure in
the noisy signals extracted in the first phase. In fact, some of the nonlinear DSS
algorithms can be regarded as linear DSS algorithms where a linear denoising

2See Hesse and James, 2004, for a very similar approach to DSS, using wavelet denoising.
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function is adapted to the sources.

4.4.1 Detailed linear denoising functions

In this section, we consider several detailed, simple but powerful, linear denoising
schemes. We introduce the denoisings using the denoising matrix D when feasible.
We consider effective implementation of the denoisings as well.

On/off-denoising

Consider designed experiments, e.g. in the field of biomedical systems. It is
usual to control them by having periods of activity and non-activity. In such
experiments, a denoising can be simply implemented by

D = diag(d), (4.14)

where the diagonal matrix D refers to the linear denoising in Eq. (4.8) and
d=|[dy -+ d; -+ dr] determine the active periods:

dy = {1,for the active parts (4.15)

0, for the inactive parts

This amounts to multiplying the source estimate s by a binary mask?®, where
ones represent the active parts and zeroes the non-active parts. Notice that
this masking procedure actually satisfies D = DD?. This means that DSS is
equivalent to the power method applied to the filtered data even with exactly the
same filtering. In practice, this DSS algorithm could be implemented by PCA
applied to the active parts of the data, while the sphering stage would still involve
the whole data.

Denoising based on the frequency content

If, on the other hand, signals are characterised by having certain frequency com-
ponents, one can transform the source estimate by DCT, mask the spectrum, e.g.
with a binary mask, and inverse transform to obtain the denoised signal:

D = UAU7, (4.16)

where U is the transform, A is the matrix with the mask on its diagonal, and UT
is the inverse transform. Again, a computational implementation of the algorithm
needs not resort to matrix multiplications and it is possible to implement DSS
by applying PCA on selected parts of the transformed data.

3By masking we refer to point-wise multiplication of a signal or of a transformation of the
signal.
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Spectrogram denoising

Often a signal is well characterised by what frequencies occur at what times.
This is evident, e.g. in burst-like oscillatory activity in the brain. An example
of source separation in such data is studied in Sec. 6.3. The time-frequency
behaviour can be described by calculating DCT in short windows in time. This
results in a combined time and frequency representation, i.e. a spectrogram,
where the masking can be applied.

There is a known dilemma in the calculation of the spectrogram: detailed
description of the frequency content does not allow detailed information of the
activity in time and vice versa. In other words, large amount of different fre-
quency bins Ty will result in small amount of time locations T};. Wavelet trans-
forms (Donoho et al., 1995, Vetterli and Kovacevic, 1995) have been suggested to
overcome this problem. There, an adaptive or predefined basis, different from the
pure sinusoids used in Fourier transform or DCT, is used to divide the resources
of time and frequency behaviour optimally in some sense. Another possibility
is to use so called multitaper technique (Percival and Walden, 1993, Ch. 7). A
simpler approach than these two is to use fixed length windows and to bootstrap
their sizes when source characteristics emerge.

Denoising of quasiperiodic signals

As a final example of denoising based on detailed source characteristics, consider
Fig. 4.4a. There a source estimate s has been reached. The apparent quasiperi-
odic structure of the signal can be used to perform DSS to get a better estimate.
The denoising proceeds as follows:

1. Estimate the locations of the peaks of the current source estimate s
(Fig. 4.4b).

2. Chop each period from peak to peak.
3. Dilate each period to a fixed length (linearly or nonlinearly).
4. Average the dilated periods (Fig. 4.4c).

5. Let the denoised source estimate s™ be a signal where each period has
been replaced by the averaged period dilated back into the original length
(Fig. 4.4d).

The denoised signal s* in Fig 4.4d show significantly better signal-to-noise
ratio (SNR) compared to the original source estimate s, in Fig. 4.4a.

This averaging is a form of linear denoising since it can be implemented as
matrix multiplication. Furthermore, it presents another case in addition to the
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Figure 4.4: a) Current source estimate s of a quasiperiodic signal b) Peak esti-
mates ¢) Average signal Sayve, for clarity two averages are shown concatenated. d)
Denoised source estimate s*. (from Publication 5)

binary masking, where DSS is equivalent to the power method for the denoised
data even with exactly the same filtering. It would not be easy to see from the
denoising matrix D itself that D = DD?. However, this becomes evident should
one consider the averaging of the source estimate s* (Fig. 4.4d) that is already
averaged.

Note that there are cases where chopping from peak to peak does not guarantee
the best result. This is especially true when the activity does not span the whole
section from peak to peak, but there are parts where the response is silent. Then
there is need to estimate the lengths of the periods separately.

4.4.2 ICA using DSS

In the previous section, several linear denoising schemes were introduced. In all of
them, the details of the denoising were assumed to be known. It is as well possible
to estimate the denoising specifications from the data. This makes the denoising
nonlinear or adaptive. In this section, we consider a particular ICA algorithm in
the DSS framework, suggesting modifications which improve separation results
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and robustness.
Consider one of the best known BSS approaches, FastICA optimising the sam-
ple kurtosis of the sources:

s=wlY (4.17)
st =¢* (4.18)
wt =YstT/T — 3w, (4.19)

where s® = [s3(1) --- s3(t) ---s3(T)]. The orthogonalisation step has been omit-
ted, because it does not affect the present analysis. This iterative algorithm is
equivalent to Eq. (8.20) in Hyvérinen et al. (2001b). The first two steps (4.17)
and (4.18) can be considered as intermediate results for the actual update of the
projection vector (4.19). The expectation is replaced by matrix multiplication in
Eq. (4.19) and thus the normalisation by 7" is needed. The term —3w does not
change the fixed points of the algorithm. The role of it is further discussed in
Sec. 4.5.

The above FastICA algorithm can be considered as a case of DSS where the
denoising step is f(s) = s3. The denoising interpretation of that step arises from
the observation that one can interpret s® as being s masked by s2, the latter
being a somewhat naive estimate of signal variance and thus relating to SNR.

Kurtosis as an objective function is notorious for being prone to overfitting and
producing spiky source estimates (see Sec. 5, Publication 2 and Publication 3 for
a more detailed description of the problem). The denoising interpretation gives
rise to many improvements to the kurtosis-based ICA, improving its stability and
robustness. For instance, it is not necessary to base the instantaneous variance
estimate on only one sample, but on several instead. The improvements are
discussed in more detail in Publication 5 and Publication 6.

4.4.3 Other denoising functions

There are cases where the system specification itself suggests some denoising
schemes. One such case is encountered in CDMA signal separation (see Publi-
cation 5 for details). Another example is source separation with a microphone
array combined with speech recognition. Many speech recognition systems rely
on generative models which can be readily used to denoise the speech signals.
Sometimes the sources can be grouped to form interesting subspaces. This
could happen, e.g. when all of the sources are not independent of each others,
but there exists anyway subspaces that are mutually independent. Some form
of subspace rules can be used to guide the extraction of interesting subspaces
in DSS. The independence criterion can be further relaxed at the borders of the
subspaces. This can be achieved by incorporating a neighbourhood denoising rule
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in DSS, resulting in a topographic ordering of the sources. One such topographic
rule was used in topographic ICA (Hyvérinen et al., 2001a).

It is possible to combine various denoising functions when the sources are
characterised by more than one type of structure. Note that the combina-
tion order may be crucial for the outcome. This is simply because, in general,
f; (f;(s)) # £, (fi(s)) where f; and f; represent two different linear or nonlinear
denoisings (compare for instance Rivet et al., 2003 and Rivet et al., 2004).

Finally, a source may be almost completely known. Then it is possible to
apply a detailed matched filter to estimate the mixing coefficients or the noise
level. Detailed matched filters have been used in Sec. 4.6 to get an upper limit
of the SNRs of the source estimates.

4.5 Speedup in DSS

As DSS is closely related to the power method, it suffers from slow convergence
similar to the case of the power method with comparable principal eigenvalues.
In Sec. 3.1.3, we reviewed the method of spectral shift to increase the speed of
convergence of the power method in this case. This approach can also be used in
DSS. In fact, denoisings of the form:

s = a(s)[f(s) + B(s)s] (4.20)

result in the same fixed points as s™ = f(s). «a(s) and ((s) are some scalar
functions.

However, in nonlinear DSS, the denoising is dependent on the current source
estimate and this may make finding a suitable spectral shift difficult: DSS either
converges slowly with too modest a spectral shift or ends up oscillating between
two weight estimates with too enthusiastic a spectral shift. In this section, we
first discuss suitable spectral shifts for DSS. Then we introduce a learning-rate
term in DSS to ensure fast and stable convergence.

In the classical power method, the spectral shift usually applies to the eigen-
vector estimates of the covariance matrix XX /T. However, in DSS the spec-
tral shift can be embedded in the denoising of the source using 3(s) according
to Eq. (4.20). In particular, the shift of eigenvalues by Ag is implemented by
B(s) = Ag/T. We use 3(s) to implement the spectral shift in DSS.

A reasonable spectral shift is to move the eigenvalue A corresponding to a
Gaussian signal to zero. This, for instance, most effectively cancels Gaussian
noise. This spectral shift can be approximatively implemented by

8= —§(v)/T = vi™()/T, (4.21)

where v stands for standardised Gaussian variable. The last part of the equation
exploits the approximation of the objective function (4.13). One way to improve
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the efficiency of this approach is to try to scale the denoising such that a Gaussian
noise signal always has a similar contribution in the denoised signal. For example,
if the denoising is implemented by masking the source signal, the contribution of
a fixed amount of Gaussian noise to the denoised source signal can be equalised
by normalising the sum of the masking components.

It is not necessary to base the spectral shift on a global approximation of g(v).
An alternative is to linearise f(s) around the current source estimate s and use
this to compute 3(s) as follows:

f(v) =1(s) + (v —s)J(s) (4.22)
B(s) = —4s(v)/T = —vlf(s) + (v —5)I(s)]" /T
= —trJ(s)/T, (4.23)

where J(s) is the Jacobian of the source estimate (Luenberger, 1969). The
last step follows from the fact that the elements of v are mutually uncorre-
lated and have zero mean and unit variance. If the denoising is instantaneous,
ie. f(s) = [f(s(1)) - f(s(t)) - f(s(T))], the shift can be written as
B ==, f(s(t))/T. This is the spectral shift used in FastICA (Hyvérinen,
1999a). There, it has been justified as an approximation to Newton’s method
and DSS thus provides a novel interpretation.

In general, iterations converge faster with the FastICA-type spectral shift
(4.23) than with the fixed shift (4.21) but the fixed shift has the benefit that
no gradients need to be computed. This is important when the denoising is
defined by a complex nonlinear procedure, such as median filtering.

Another well known example where the spectral shift by the eigenvalue of a
Gaussian signal is useful is the mixture of both super- and sub-Gaussian distri-
butions. A DSS algorithm designed for super-Gaussian distributions would lead
to A > Mg for super-Gaussian and A\ < Ag for sub-Gaussian distributions, Ag
being the eigenvalue of the Gaussian signal. By shifting the eigenvalue spectrum
by —Aqg, the most non-Gaussian distributions will result in the largest absolute
eigenvalues regardless of whether the distribution is super- or sub-Gaussian. By
using the spectral shift it is therefore possible to extract both super- and sub-
Gaussian distributions with a denoising scheme which is designed for one type of
distributions only.

Consider for instance f(s) = tanhs (notice the connection to Eq. (3.21)) which
can be used as denoising for sub-Gaussian signals, while s—tanhs = —(tanhs—s)
(a shrinkage function, see also Fig. 3.5) is a suitable denoising for super-Gaussian
signals. This shows that depending on the choice of §, DSS can find either
sub-Gaussian (3 = 0) or super-Gaussian (§ = —1) sources. With the FastICA
spectral shift (4.23), 8 will always lie in the range —1 < # < tanh®1—1 ~ —0.42.
In general, § will be closer to —1 for super-Gaussian sources which shows that
FastICA is able to adapt its spectral shift to the source distribution.
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None of the above methods always work for nonlinear DSS. Sometimes the
spectral shift turns out to be either too modest or strong, leading to slow conver-
gence or lack of it, respectively. For this reason, we suggest a simple stabilisation
rule: instead of updating w into Wyey defined by (4.10), it is updated into

Wadapted = OI‘th(W + ’)/AW) (424)

AW = Wyew — W, (4.25)

where +y is the step size. We propose to start the iteration with v = 1, but if the
consecutive steps are taken in nearly opposite directions, i.e. the angle between
Aw and Aw,yq is greater than 179°, then v = 0.5 for the rest of the iterations.
We call this the 179-rule for adapting the learning rate. A stabilised FastICA
has been proposed by Hyvérinen (1999a) as well and a procedure similar to the
one above has been used.

The above modification is able to stabilise convergence in case of oscillations
but sometimes the spectral shift is too small. Then an increase in step size would
be appropriate, ie. v > 1. We propose a simple rule for adapting v which is
inspired by predictive controllers used in robotics: a simple, but slow and possibly
unstable, reactive controller is used to teach a new, predictive controller. Usually
stable and rapid convergence are difficult to achieve simultaneously, but in this
setup the new controller can be both faster and more stable.

Translated to our problem, the old slow and unstable controller is the weight
modification rule which proposes a modification of weight according to (4.25).
The new controller is implemented by (4.24), i.e. it modifies the step size. The
new controller tries to do immediately what the old controller would do in the
future. The step at the previous time instant was apparently optimal if the step
proposed at this time instant is orthogonal with it. If not, 7 should have been
different and, assuming that the optimal 7 is constant, the gamma used at this
time step should be

Ynew = Yold T chﬁdAW/||AW01d||2 . (426)

As it does not seem productive to take steps in the direction opposite from what
is suggested by Aw or to take extremely short steps, we require that v > 0.5.

The above adaptation of « has turned out to be very useful and it can both
stabilise and accelerate convergence. According to (4.26), v keeps increasing as
long as the steps are taken to the same direction and decreases if they are taken
backwards.
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4.6 Separation of artificial signals: comparison of
DSS algorithms

In this section, we demonstrate the separation capabilities of the DSS algorithms
presented earlier. Artificial signals were mixed to compare different DSS schemes
and JADE (Cardoso, 1999, Sec. 3.2.3). Ten mixtures of five artificially generated
sources were produced and independent white noise was added with different
SNRs ranging from nearly noiseless mixtures of 50dB to -10dB, a very noisy
case. The original sources and the mixtures are shown in Figs. 4.5a and 4.5b
respectively. The mixtures shown have SNR of 50 dB.

(a) (b)

Figure 4.5: (a) Five artificial signals with simple frequency content (signals #1
and #2), simple on/off non-stationarity in time domain (signals #3 and #4)
and quasi-periodicity (signal #5). (b) Ten miztures of the signals in (a). (from
Publication 5

4.6.1 Linear denoising

In this section, we show how the simple linear denoising schemes described in
Sec. 4.4.1 can be used to separate the artificial sources. These schemes require
prior knowledge about the source characteristics.

The base frequencies of the first two signals were assumed to be known. Thus
two band-pass filtering masks were constructed around these base frequencies.
The third and fourth source estimates were known to have periods of activity
and non-activity. Third was known to be active in the second quadrant and the
fourth a definite period in the latter half. They were denoised using binary masks
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in time domain. Finally, the fifth source had a known quasi-periodic repetition
rate and was denoised using the averaging procedure described in Sec. 4.4.1 and
Fig. 4.4. Since all of the five denoisings are linear, five separate filtered data
sets were produced and PCA was used to recover the principal components. The
separation results are described in Fig. 4.6 together with the results of other DSS
schemes and JADE.

4.6.2 Nonlinear exploratory denoising

In this section, we describe an exploratory source separation of the artificial
signals. The present author gave the mixtures to the other author of Publication
5 whose task was to separate the original signals. The author did not receive any
additional information, so he was forced to apply a blind approach. He chose
to use the masking procedure based on the improvements on the kurtosis-based
ICA (see Sec. 4.4.2; for details of the improvements, consult Publication 5). To
enable the separation of both sub- and super-Gaussian sources in the ICA-based
denoising, he used the spectral shift (4.21). To ensure convergence, he used the
179-rule to control the step size v (4.24).

Based on the separation results of the ICA-based DSS, he further devised spe-
cific masks for each of the sources. He chose to denoise the first source in frequency
domain with a strict band-pass filter around the main frequency. The author de-
cided to denoise the second source by a simple denoising function f(s) = sign(s).
This makes quite an accurate signal model though it neglects the behaviour of
the source in time. The third and fourth signal seemed to have periods of activity
and non-activity. He found an estimate for the active periods by inspecting the
instantaneous variance estimates s2, and devised simple binary masks. The last
signal seemed to consist of alternating positive and negative peaks with fixed
inter-peak-interval as well as some additive Gaussian noise. The signal model
was tuned to model the peaks only.

4.6.3 Separation results

In this section, we compare the separation results of the linear denoising (Sec. 4.6.1),
improved ICA-based denoising and adapted denoising (Sec 4.6.2) to other DSS
algorithms. In particular, we compare to the popular denoising schemes f(s) =
s3 — 3s and f(s) = tanh(s), suggested for use with FastICA (1998). We com-
pare to JADE (Cardoso, 1999) as well. During sphering in JADE, the number
of dimensions was either reduced (n = 5) or all of the ten dimensions were kept
(n =10).

We restrained from using deflation in all of the different DSS schemes to avoid
suffering from cumulative errors in separation of the first sources. Instead one
source was extracted with each of the masks several times using different initial
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vector w until five sufficiently different source estimates were reached (see Him-
berg and Hyvarinen, 2003, Meinecke et al., 2002, for further possibilities along
these lines). Deflation was only used if no estimate could be found for all of the
five sources. This was often the case for poor SNR under 0dB.

To get some idea of statistical significance of the results, each algorithm was
used to separate the sources ten times with the same mixtures, but with different
measurement noises. The average SNRs of the sources are depicted in Fig. 4.6.
The straight line above all of the DSS schemes represents the optimal separation.
It is achieved by calculating the demixing matrix explicitly using the true sources.

60r
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~-a- pow3 DSS
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Figure 4.6: Average SNRs for the estimated sources averaged over 10 runs. (from
Publication 5)

With outstanding SNR, (> 20 dB), linear DSS together with JADE and kurtosis-
based DSS seem to perform worst, while the other, nonlinear DSS approaches:
tanh-based, improved ICA-based and the adapted one seem to perform better.
The gap between these groups is more than two standard deviations of the 10
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runs, making the difference statistically significant. In practice, the difference in
performance probably does not matter.

With moderate SNRs (between 0 and 20 dB), all algorithms perform quite
alike and quite optimally, too. With poor SNR (< 0 dB), the upper group
consist of the linear and adapted DSS as well as the optimal one and the lower
group consists of the blind approaches. This seems reasonable, since it makes
sense to rely more on prior knowledge when the data is very noisy.



72

Chapter 5

Overfitting

The philosopher, Samuel Alexander, was hard of hearing in his old
age, and used an ear trumpet. One day a colleague came up to
him in the common room at Manchester University, and attempted
to introduce a visiting American philosopher to him. "THIS IS PRO-
FESSOR JONES, FROM AMERICA!” he bellowed to the ear trum-
pet. ”Yes, Yes, Jones, from America,” echoed Alexander, smiling.
"HE’S PROFESSOR OF BUSINESS ETHICS!” continued the col-
league. "What?” "PROFESSOR OF BUSINESS ETHICS!” Alexan-
der shook his head and gave up:”Sorry. I can’t get it. Sounds like
business ethics’!”

~Dennett (1994)

In the previous chapters, we discussed several source separation algorithms.
Often, the convergence analysis of these algorithms is carried out under idealised
assumptions. For example, it is usually assumed that there exist an infinite set
of samples. Naturally, this is never the case in practice. In fact, we often face
a source separation problem with rather limited amount of data. How do these
algorithms perform under this more realistic setting?

It is classically known that the linear regression problem (Luenberger, 1969)
with equal amount of samples and model parameters results in a serious failure.
The fitted curve travels exactly through the data points, achieving a zero mean-
squared error. But it may be totally useless for interpolation between the data
points and for extrapolation outside the data range. This problem is called the
problem of overfitting (or overlearning). In a more general optimisation problem,
overfitting means that the optimisation result depends less and less on the data
and is almost totally determined by the optimisation criterion.

As an example, consider the noiseless linear source separation model with equal
amount of samples and mixtures that is T'= M. Then, all of the matrices in the
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equation X = AS are square. Now, by changing the values of A, we can give
any values for S. In this case, the source separation criterion totally determines
the resulting estimate of the sources. In other words, whatever the data X and
the original sources might be, we attain the same source estimates S.

In general, there are two reasons for a model to fail in modelling data: 1)
the model is not estimated properly, even if it is a probable model for the data;
2) the model is not adequate for the phenomenon causing the data. Both cases
have been called overfitting. However, the measures to be taken to solve the
overfitting problem differ drastically in the two cases: in the case of the first type
of overfitting, more proper ways to estimate the model should be searched for,
whilst in the second case the model itself should be affected.

In Sec. 5.1, we first discuss the problem of overfitting in the case of ICA al-
gorithms based on the marginal-distribution information of the sources. Some
solutions in the scope of noiseless ICA algorithms are presented in Sec. 5.2.
In Sec. 5.3, we broaden the scope by considering the overfitting in a Bayesian
marginal-distribution-based ICA. In this section the main emphasis is to find out
whether the overfitting problems at hand are of the first type or of the second
type. In other words, is it enough to consider a better founded estimate for the
model or is it necessary to consider some refinements in the model structure itself.
Finally, in Sec. 5.5, the overfitting in DSS is considered.

The overfitting problem in ICA was first reported in Publication 2. A thorough
coverage of the problem appeared in Publication 3 and was extended in a Bayesian
framework by Séreld and Vigario (2003).

5.10verfitting in marginal-distribution-based ICA

Consider the FastICA algorithm, using the absolute value of kurtosis as its con-
trast function (Hyvérinen, 1999a). It has been proven by Hyvérinen that the
maximum absolute kurtosis is achieved by signals that have a single spike and
are almost zero everywhere else (Publication 3, Appendix A). Thus, in the ex-
treme case where there are only as many samples 7' as dimensions in the data M,
the estimate for the source matrix S is roughly a permutation matrix, multiplied
by VT.

As an illustration, consider the sources shown in Fig. 5.1a, having 500 samples
each. Let 500 mixtures be generated of the sources resulting in a data matrix
of size 500 x 500. Very little noise is also added, to make the covariance matrix
of the data to have full rank. From now on, this data set is called the artificial
data set. Three representative mixtures are shown in Fig. 5.1b. An application
of FastICA using the absolute value of kurtosis gives source estimates (Fig. 5.1¢)
that are utterly different from the original ones, but contain only a single spike,
as expected. Similar results have been reported for Bell-Sejnowski algorithm
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in Publication 2 and are expected for other ones too.

O oy

a) b) c)

Figure 5.1: a) Three original sources. b) Three representative miztures of the
sources. ¢) Three separated components using FastICA. (from Publication 3)

5.1.1 Are we saved if T" > M?

It does not sound very dangerous to suffer from overfitting when there are only
as many samples as there are dimensions. Does the problem vanish, if there exist
more? In parameter estimation (e.g. linear regression), a rule of thumb states
that one needs, at least, a number of samples equal to ten times the number of
free parameters. In the case of ICA, there is a need to estimate the demixing
matrix W. Assuming presphered data, the number of free parameters is roughly
N?/2, where N is the number of sources'. Thus, there should exist T > 5 x N2
samples.

CLT guarantees that a sum of N independent variables is more Gaussian than
the most non-Gaussian original variable (see e.g. Papoulis, 1991). Thus, it is
guaranteed that e.g. the kurtosis (or the absolute value of kurtosis, if you wish)
of any linear projection s; = w? Y is at most equal to the kurtosis of the most
kurtotic independent source?. In some sense, this result precludes the emergence
of the type of overfitting mentioned earlier. Yet, because infinite realisations of
the measurements do not exist, it is conceivable to attain higher values of kurtosis
than those of the most kurtotic source, as will be shown next.

Consider a 50 dimensional Gaussian i.i.d data with 12500 samples. Since every
channel is Gaussian and independent, every projection, according to the CLT,
should be Gaussian. However, it is easy to produce a spike by enhancing one
time instance and dampening all others: e.g. by using one time instance as the
demixing vector, i.e. s; = yT (ty)Y, where y(to) = [y1(to) --- vi(to) - - yar(to)]”

1If M > N, the spare dimensions can be removed during sphering.
2Y is used for denoting the data to emphasise the fact that the data is uncorrelated already.
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corresponds to the data at tg. Some spikes generated in this way are shown in
Fig 5.2a. Their positive sample kurtoses, ranging between 0.53 and 0.70, make
them appear significantly non-Gaussian. FastICA produces similar spikes with
comparable kurtoses, which can be seen from Fig. 5.2b.
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Figure 5.2: a) Artificially generated spikes from the Gaussian i.i.d. data. b)
FastICA estimates for the Gaussian i.i.d. data. (from Publication 3)

Hence, in the case of finite data sets, the maximisation of measures such as the
absolute value of the kurtosis, may result in the generation of spiky components.
This is the case especially when the spiky components have greater kurtoses than
the actual independent components.

5.1.2 Bumps emerge when low frequencies dominate

Consider another data set, having independent channels, but this time with sig-
nificant dependencies between the samples, i.e. p(y(t1),y(t2)) # p(y(t1))p(y(t2))
for some pairs t; and t5. In particular, let the power spectra of the components
follow a 1/f-curve. This kind of behaviour is faced in many natural data as
argued by Bak et al. (1988). Henceforth, this data set is called 1/f data.

Again, the marginal distributions of all channels are Gaussian and thus every
projection should, in theory, be Gaussian. Nonetheless, because we are still in
presence of finite data samples, we can try to generate spikes using the same
strategy as before. Because nearby samples in time are strongly correlated, the
result is not any more a single spike, but rather a bump. Figure 5.3a shows five
such bumps. Spikes are still visible, but now they emerge in the middle of a small
bump. The sample kurtoses of those signals are clearly non-zero (0.74, 0.96, 0.84,
0.65 and 0.92).

A stronger “non-Gaussian” effect can be produced by forcing the demixing
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vector to be a weighted average around some time point. Then, the bump is

s=wlY, where

L
w=> d(t)y(to— L/2+1).

t=0

(5.1)

d(t) is the windowing function, normalised to > d(t) = 1. L + 1 is the width of
the window, which is, at best, also the width of the bump. Some bumps, using a
triangular window of length L = 1001, are presented in Fig. 5.3b. Here the spike
is completely absorbed by the bump and the kurtoses are even greater (1.15,
0.98, 1.48, 0.69 and 1.51). Again, FastICA extracts similar components as seen
in Fig. 5.3c.

xmmwmmmmm

Figure 5.3: a) Artificially generated bumps from the 1/f-data. b) Artificially gen-

Z%)
erated smooth bumps. ¢) Components estimated by FastICA. (from Publication

3)

5.1.3 Bumps are the overfitting in magnetoencephalograms

In this section, we show that the bump-type overfitting-problem arises in practice
with real data. In particular, magnetoencephalograms (MEG) are used. The data
set (Vigario et al., 1997b) has been initially analysed by Vigédrio et al. (1997a).
Three found sources were selected as targets to see the effect of different solution
proposals in Secs. 5.2 and 5.3. Magnification of them are shown in Fig. 5.4a.
They are called focus signals for the rest of this chapter.

Due to its 1/f nature, MEG data tends to show a bump-like overfit, rather
than the spike type, observed for the Gaussian i.i.d. data. This fact can be
observed in the last five independent component estimates shown in Fig. 5.4b.

Because of the considerable amount of data (over 12000 samples, for a total
of 127 channel measurement), as well as the high values of kurtoses of several
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Figure 5.4: a) Magnifications of the components IC4, IC5 and IC6 from Vigdrio
et al. (1997a). b) Some ICA components, including both true underlying sources
and bump-like overfits. (adapted from Publication 3)

meaningful components, these seem to be allowed to coexist with the overfits (see
the first five components in Fig. 5.4b). The kurtoses of the first five components
range from 10.30 to 44.46, whereas the last five range from 9.37 to 14.10.

5.2 Attempts to solve the problems in ICA

In this section, we present a summary of the solutions proposed for ICA in Pub-
lication 3.

5.2.1 Proper estimate of the ICA model

If the ICA model is assumed to be a probable one, and the overfitting observed
to stem from a modelling failure of the first type, a solution may be attempted
by increasing the number of samples per free parameter to be estimated with our
ICA algorithm. This can be achieved either by increasing the number of samples,
or by reducing the dimensionality of the data set.

We show in Publication 3 that the kurtosis of a spike is inversely proportional
to the sample size T', and directly proportional to the square of the dimensions
M: kurt(s) o« M?/T. Hence, decreasing the number of dimensions should be a
more efficient way to reduce the overfitting effects than increasing the number
of samples. This is illustrated in Fig. 5.5, where results of separation of the
components using the artificial data set are shown. In particular, the correlations
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to the original sources are shown as a) a function of the sample size and b) the
compressed dimensionality.
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Figure 5.5: a) Correlations between the original signals and the ICA correspond-
ing estimates, as a function of the sample size. b) same, as a function of the
compressed dimensions. The order of the components is in concordance with
Fig. 5.1a. (adapted from Publication 3)

Nevertheless, those considerations assume that there is a strong redundancy
between channels, i.e. there exist significantly more sensors than sources, which
is not always verified. If this is not the case, dimension reduction cannot be used
in principle. In practice, it may be used and hoped that the components found,
sums of the underlying independent sources, are still somehow meaningful.

We observed as well that an increase of the sample size or a reduction of the
dimension does not yield as clear results in avoiding bumps as when avoiding
spikes. This suggests that the problem of bumps may arise also from the in-
adequacy of the model and not only from the fact the model is not estimated
properly. More robust contrast functions suggested by Hyvérinen (1998b) were
also tested but they didn’t seem to improve the results considerably.

5.2.2 Additions to the model

In a model failure of the second type, a solution may lie in additional modelling
of the data. It may be possible to divide, linearly, the observations X into two
terms, X = X; + Xy, in such a way that only X; is prone to a bump type of
overfitting. Then it should be possible to estimate the original mixing matrix A
from the relation X9 = AS,. Similarly, So corresponds now to the portion of
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the underlying sources, independent and non-Gaussian, which are associated with
Xj. This should solve the problem of bumps. This strategy resembles the sensor-
noise ICA model considered in Sec. 3 when the noise has the covariance (3.2).

Because bumps are mainly dominated by low frequencies, one such division
may consist simply of a high-pass filtering of the data, prior to the application of
the ICA algorithm. In experiments, it was observed that the width of the bumps
increases with the number of samples. Thus the determination of a fixed cut-off
frequency for all the data is not suitable.

A more elegant approach can be derived using an auto-regressive (AR) model
to account for the low frequencies in the data:

T
x(t) = Y elx(t — 7) + xa(t).

The sum corresponds to the AR-process and x2(t) is usually referred to as the
innovation process. After removing the AR-process from the data, ICA is applied
to the residual innovation process Xs.

To test this technique with the MEG artefacts data, we selected to model the
low frequencies with a one-tap AR process: x(t) = ¢1x(t — 1) + x2(¢). The AR-
coefficient was estimated from an MEG data using ML resulting in ¢; = 0.9. This
comes close to basic random walking or Brownian movement. The components
that best estimate the focus signals are shown in Fig. 5.6. All artefacts are
perfectly recovered, better so than with simple high-pass filtering.

Figure 5.6: Results with AR-process filtering. (from Publication 3)
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5.3 Bayesian analysis of the problems of spikes
and bumps

In this section, we discuss the origin of the two overfitting problems encoun-
tered in ICA: the spikes and the bumps. The analysis is carried out in Bayesian
framework, in particular using analytic EL-approach where a simple factorial ap-
proximation is fitted in the true posterior distribution. This approach, together
with some ICA implementations were discussed in Secs. 2.3.5 and 3.2.5.

Using the so called bits-back argument, Hinton and van Camp (1993) linked
the lower bound of the evidence given by EL (2.26) to the principle of minimum
description length (Rissanen, 1978)3. Thus, intuitively, EL avoids overfitting due
to the fact that overfits, in general, do not provide compact codes for the data.
Instead, a big amount of components is needed to fully explain the data. The
Bayesian approach has also other assets in avoiding overfitting. For instance,
instead of considering one single model, the results are averaged over several
models. Therefore it is not sensitive to narrow though high peaks in the posterior.
Moreover, EL favours simple models and has an explicit modelling of the noise.

In the experiments below, we use BICA and FBICA (see Sec 3.2.5).

5.3.1 Avoiding spikes

The capability of BICA to avoid spikes was tested using the artificial data set.
Small amount of additive noise with variance o2 = 0.01 was added to the mix-
tures. 10 components were learned from this data. The means of four learned
components are shown in Fig. 5.7a. BICA was able to separate the three original
independent components. BICA also estimated correctly the number of indepen-
dent components, by pruning away the remaining 7 components (one of them is
depicted in the figure), despite the fact that the three components do not explain
all of the data. The unexplained part is Gaussian i.i.d and is thus considered as
noise.

The noise estimation capability was tested using the Gaussian i.i.d data set.
The smallest value of the cost function C'kp, i.e. the most probable model was
quite correctly achieved, when there were no sources but all of the data was
considered to be noise. In some cases, EL got stuck in local minima and all of
the sources were not killed. Even in those cases the sources were Gaussian and
did not contain any spikes.

3A closely related subject is minimum message length (Wallace and Freeman, 1987).
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5.3.2 Reducing the effects of bumps

Whether the problem of bumps is of the same origin as the spikes was tested
using the 1/f data set, with M = 30 and T =5 x M? = 4500. BICA model was
compared to modelling the data as Gaussian i.i.d with no sources (null-model).
The most probable ICA model contained 5 sources and was approximately 101599
times more probable than the null-model. The means of the sources are pictured
in Fig. 5.7b. The results do not have a single bump, but rather several. When
the number of sources approaches the number of mixtures, more and more clear
bumps emerge. Even if the ICA model with five sources was superior to the
0-model, it does not make it a good model. A model where each channel was
modelled using a random walk was more than 102°%8 times more probable.

a) b)

Figure 5.7: a) Four of the 10 estimated independent components by Bayesian ICA
in the artificial data. b) ICA estimates from the 1/ f-data. (adapted from Sdreld
and Vigdrio, 2003)

The performance of FBICA was tested using the MEG data set. The best
correspondences to the focus signals are depicted in Fig. 5.8a. FBICA was suc-
cessful in extracting the first two focus signals. Unfortunately, the third one still
contains a bump.

As a final experiment, FBICA was combined with the noise cancelling proce-
dure of ML-based AR filtering described in Sec. 5.2.2. The results are gathered in
Fig. 5.8b and show a clear extraction of the cardiac and watch artefacts. Because
of the rather slow behaviour of the blink artefact, most of it is erased by the
AR-process. That is the reason why the blink artefact is not that well extracted.
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Figure 5.8: a) Estimated independent components by fast Bayesian ICA in the
MEG artefacts data. The first 2000 points of the best correspondences to the
focus signals are shown. b) AR + FBICA. (adapted from Sareli and Vigdrio,
2003)

5.4 Conclusions on overfitting in marginal-
distribution-based ICA

Bayesian ICA was able to solve the problem of spikes. This is a clear indication
that, in the ICA algorithms relying on higher-order statistics, the problem of
spikes is originated from the crude estimation of the ICA model, probably due
to the coarse approximation of the negentropy. However, in the cases where
there existed strong dependencies between the data samples, BICA still produced
bumps or bump-like structures. This hints that the ICA model as such may not
be sufficiently adequate for MEG data nor for any other data with 1/f frequency
characteristic. Moreover, the overfitting seems to be of the second type. This
suggests that in case of data having strong dependencies between samples, one
would benefit from the combination of marginal-distribution-based ICA and time-
information-based BSS methods. Note that we were able to recover all of the focus
signals without the usage of the Bayesian methods, as well. Furthermore, it is our
belief that with suitable preprocessing, the ML- and MAP-based methods can
also cope with overfitting more generally. The main aim of using the Bayesian
methods here, was to be able to analyse the origin of the two overfitting problems.
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5.5 Overfitting in DSS

We have shown in Sec. 4 that the marginal-distribution information is effectively
combined with the time information in a source separation algorithm under the
DSS framework. Thus, we expect DSS to be less prone to overfitting when used
properly. However, it is still possible that DSS extracts structures that are not
actually present in the data but are generated by the denoising function, i.e. the
results may be due to overfitting.

In DSS, the outlook of the overfitted results naturally depends on the denoising
criterion and may not resemble spikes or bumps as is typical in ICA. To detect
an overfitted result, one should know how it looks like. As a first approximation,
DSS can be performed with same amount of i.i.d Gaussian data. Then all of
the results present overfits, typical to the denoising function used. Even better
characterisation of the overfitting results can be obtained by mimicking the actual
data as well as possible. In that case it is important to make sure that the
structure assumed by the signal model has been broken. In MEG data, one
possibility to realise this is to use 1/ f-data with no other structure.

Note that in addition to visual test, the methods described above provide us
with a quantitative measure as well. Using the objective function or its approx-
imation (4.13), we can set a threshold under which the sources are very likely
overfits and do not carry much real structure. In the case of linear DSS, the value
of the objective function is given simply by the corresponding eigenvalue.

‘We have reported the use of the above-mentioned ovefitting tests in Publication
5 where they have been shown to be valuable. Furthermore, we suggest that
all of one’s source-separation results should be subjected to overfitting tests to
investigate their reliability. Additional information on the stability of ICA results
can be provided by bootstrapping methods (see Himberg and Hyvérinen, 2003,
Meinecke et al., 2002).
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Chapter 6

Biomedical systems

In this part of the thesis, we apply the exploratory-source-separation methods,
developed and reviewed in the first part, to the study of biomedical systems.
Biomedical systems arguably form the most complex systems the human kind has
ever explored. Living organisms, such as humans, consist of several biomedical
subsystems. In humans, there exist the central nervous system (CNS), the heart,
and the lungs, just to name a few. Scientific community has devoted serious
efforts to the understanding of these systems for centuries, even for millennia. In
this thesis, we concentrate on studying CNS, though the methods described in
the first part have been successfully applied to other subsystems as well.

This chapter is organised as follows: First, several brain imaging techniques
are reviewed in Sec. 6.1. MEG is reviewed in more detail since it is the central
imaging technique discussed in this thesis. Then, in Sec. 6.2, we show how the
ESS framework, especially the adaptation of the source separation algorithms,
can be used in extraction of sources in MEG.

6.1 Brain imaging techniques

In this section, we briefly review some brain imaging techniques and discuss MEG
in more detail. For more information, see Bankman (2000), Gazzaniga (2000),
Robb (2000).

6.1.1 Early techniques

Already during the eighteenth century, Luigi Galvani became aware that electrical
nervous stimulation in a frog caused movement of limbs. During the nineteenth
century, many similar studies were done on animal subjects. The most important
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study was perhaps the study by Fritsch and Hitzig in the year 1870: by stimu-
lating electrically some brain regions of a dog, they were able to produce muscle
activity on the contralateral side to the stimulation.

Lesion studies and post-mortem examination have brought an enormous amount
of information on the functioning of the human brain. Autopsy-studies of people
with brain-functional disorders have given us knowledge about brain parts essen-
tial to specific functions. Already as early as 1861, Broca was able to show that
a lesion located in an area in the left hemisphere, later called the Broca’s area,
leads to speaking disorder called motoric aphasia.

6.1.2 Modern techniques

The twentieth century brought many new techniques for investigating the anatomy
and functioning of the human and animal brains. Since ancient times, physicians
have used stethoscopes to listen to the breathing and the heart pumping. This
has been generalised to phonocardiogram where an array of microphones are used
to listen to the heart sounds.

Electroencephalogram (EEG) is nowadays perhaps the most used technique in
clinical diagnostics. The earliest EEG studies are already from the end of the
nineteenth century. In EEG, electric potentials are measured by electrodes on
the scalp. Since activation potential of a single neuron is extremely weak, only
simultaneous activations of many neurons can be measured. Furthermore, the
neuronal activity has to be synchronous, otherwise differently phased activities
cancel each other.

Magnetoencephalogram (MEG) is a newer technique, in many ways similar
to EEG. It measures the magnetic fields on the scalp caused by the electric
synchronous activity in the cortex. The next section covers MEG in more detail.

Another measuring technique is one-cell recording, where electric potential of
a single cell is measured by an electrode on the head of a needle. Since insertion
of the needle always kills some neurons, even thousands, this technique has been
used much in animal studies, but not so much in humans.

Mostly caused by the enormous progress of physics in last century, many so-
phisticated measuring techniques have been invented during the latter half of the
last century. One of these techniques is the computer (azial) tomogram (CT)
which combines multiple X-ray shots to scan the human brain.

In another modern technique, positron emission tomogram (PET), some ra-
dioactive marker, usually oxygen '°Q is injected into the subject’s veins. Positrons,
which are emitted when *O changes to the stable °O, annihilate with electrons
producing two gamma rays. The gamma rays are measured, giving information
about the oxygen consumption in the brain, hence the functional assessment of
brain regions.
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Magnetic resonance imaging (MRI) is a brain imaging technique that takes
advantage of nuclear magnetic resonance: Each nucleus has a spin or a momen-
tum. Normally the alignment of the spins in a substance is random. But if the
substance is placed in an external magnetic field, the directions of the spins of
the nuclei align to it. If the external magnetic field is cancelled, the spins start
to return to their normal positions. This relaxation induces gamma radiation,
which can be measured, producing anatomical knowledge of different tissues in
the brain. The same technology can be used for functional studies resulting in
functional MRI (fMRI). Then the blood flow in the brain can be monitored,
giving information on the activity distribution in the brain.

One of the newest brain imaging techniques is the transcranial magnetic stim-
ulation. There, the cortex is stimulated by strong magnetic field pulses, which
induce a post synaptic flow of current leading to the excitation of neurons.

6.1.3 Basics of magnetoencephalograms

The following introduction to MEG is heavily based on Haméldinen et al. (1993).

It is believed that the neural information processing is mainly based on the
neurons sending electrical neuroimpulses to other neurons. The neuroimpulses are
called action potentials (AP) and they cause post-synaptic currents (PSC) when
they arrive at their target neurons. AP cause changing electric potentials, which
are measured in EEG. Moving charges cause also magnetic fields. In MEG, the
flux due to these fields is measured on the scalp level. However, the magnetic field
of an AP of a single neuron is very weak and lasts only about 1 ms. On the other
hand, PSC, though weaker in amplitude, lasts for several tens of milliseconds.
Hence, if neuron populations fire syncronuously, the net PSC caused by them is
far greater than the corresponding net AP. This syncronuous PSC is measured
in MEG.

However, even the magnetic fields caused by net PSCs is several order of
magnitudes weaker than the earth’s magnetic field. For this reason, MEG de-
vices are placed in magnetically shielded rooms. Furthermore, delicate instru-
ments called superconducting-quantum-interference devices (SQUIDs, Zimmer-
man et al., 1970) are used to measure the flux. Nowadays it is possible to combine
even hundreds of SQUIDs in a same measuring device (c.f. Vectorviewrys, a 306-
channel device). Figure 6.1 presents a simplified picture of one such whole-head
MEG measuring device. The device is seen on the left. On the upper-right, one
of the sensors is depicted.

MEG is a completely non-invasive brain imaging technique. Traditional def-
inition of non-invasiveness is that the measuring process does not require any
surgery. MEG is even safer: it does not need, either, any marking substances
(radioactive or other as PET does), nor exposes the studied subject to any radia-
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Figure 6.1: A simplified picture of an MEG system using gradiometers. (adapted from
Hamdlainen et al., 1993)

sensor array

tion (like X-rays as CT does) or to strong magnetic fields (as in MRI and fMRI).
It only measures magnetic flux passing through the scalp. That makes it very
safe and useful in clinical medicine as well as in brain imaging research.

MEG data can be acquired arguably fast enough to capture all functionally
important neuronal activity in the brain. The spatial precision is quite good too,
less than lcm? in favourable circumstances. Spatial resolution, i.e. how close
parallel sources are distuingishable, is close to 3cm.

There are two common tasks in electromagnetic field analysis. One is to calcu-
late what is the field contribution on the scalp of electromagnetic sources inside
the head. This is called the forward problem and can be solved rather precisely,
when the electromagnetic field inside the head is known. The other task is the
reverse task, i.e. to calculate the electromagnetic field distribution inside the
head based on the flow through the scalp. This is called the inverse problem or
localisation of the sources. Unfortunately, there are always an infinite amount of
different field distributions that result in the same flow through the scalp. For
this reason, additional assumptions have to be made in order to solve the inverse
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problem. Several such assumptions have been proposed, such as the equivalent-
current-multipole technique (ECM, Katila, 1983, ECD is used as an acronym
for equivalent-current dipole when only one dipole is used), and minimum-norm-
estimate technique (Hamaldinen and Ilmoniemi, 1994).

It should be noted that in case of applying ICA to MEG (or EEG) data, both
the mixing matrix and the sources give important knowledge of the underlying
phenomena. A source naturally describes the temporal activity pattern of the
corresponding neuronal population. On the other hand, the corresponding mixing
vector contains spatial distribution of the magnetic field on the scalp, enabling
the localisation of the active brain region(s), i.e. allows one to solve the inverse
problem, together with the additional assumptions.

6.2 Analysis-synthesis cycle

Exploratory-source-separation approach to the study of biomedical systems can
be described by the diagram shown in Fig. 6.2: The underlying biophysical ob-
jects are measured using some devices and the data is analysed using source
separationmethods. Furthermore, the extracted knowledge is used to build a
synthesis, i.e. to understand the underlying system and to build functional mod-
els of it. Finally, these models can be used to generate new hypotheses and to
utilise even better source separation methods in order to verify these hypotheses.

analysis

physical

object biomedical systems

\—/

synthesis

knowledge

Figure 6.2: Schematic description of the research in biomedical systems.

As an example of the analysis-synthesis cycle, consider the following: ICA has
been applied to MEG data several times in a blind manner (c.f. Vigério et al.,
1998, 1999). This naturally corresponds mainly to the analysis part. These stud-
ies suggest that an ECD model (Katila, 1983) explains well the typical magnetic
field patterns corresponding to the mixing vectors (synthesis). Vigdrio (2000)
has used this to restrict the mixing mappings to produce dipolar-like field pat-
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terns (subsequent analysis). This lead to sparser components, suggesting greater
physiological plausibility (subsequent synthesis).

The studies in this thesis concentrate on analysing the data produced by brain
imaging methods. However, methods baring resemblance to source separation-
methods have been applied to other levels of brain research, too. For instance,
ICA has received a growing interest in the computational-neuroscience commu-
nity. In particular, it has been shown that ICA extracts features from natural
images that resemble the receptive fields of the simple cells on the primary visual
cortex (V1, c.f. Olshausen and Field, 1996b). Furthermore, such ICA-related
methods as slow feature analysis (SFA, Wiskott and Sejnowski, 2002), bubble-
ICA (Hyvérinen et al., 2003) and hierarchical DSS (Valpola, 2004) have been
shown to extract features similar to complex cells in V1.

ICA has been extensively used in the analysis of biomedical data. For studies
on MEG, see for instance Vigério et al. (1997a), Jahn and Cichocki (1998), Tang
et al. (2002) and for EEG, Makeig et al. (1996), Vigdrio (1997), Jung et al.
(2000). Both structural and functional MRI have received an increasing interest
too (McKeown et al., 1998, Calhoun et al., 2003, McKeown et al., 2003, Karp
et al., 2004, Ylipaavalniemi and Vigario, 2004).

6.3 Analysis-synthesis in extraction of MEG sources

In this section, we describe experiments where prior knowledge and update of the
denoising procedure lead to improved estimates of the underlying sources. We
concentrate on spontaneous activity in MEG data.

Since the early EEG and MEG recordings, cortical electromagnetic rhythms
have played an important role in clinical research, e.g. in detection of various
brain disorders, and in studies of development and aging. It is believed that the
spontaneous rhythms, in different parts of the brain, form a kind of resting state
that allows for quicker responses to stimuli by those specific areas. For example
deprivation of visual stimuli by closing one’s eyes induces so called a-rhythm on
the visual cortex, characterised by a strong 8-13 Hz frequency component (c.f.
Basar and Schurmann, 1997, Klimesch, 1997, Niedermeyer and Lopes da Silva,
1993, Haméléinen et al., 1993). For extraction of multiple oscillatory sources in
MEG, see Jensen and Vanni (2002).

We examine an MEG experiment where the subject is asked to relax by closing
her eyes (producing a-rhythm). There is also a control state where the subject’s
eyes are open. The data has been sampled with f; = 200 Hz, and there are
T = 65536 time samples giving a total of more than 300 seconds of measurement.
The magnetic fields are measured using a 122-channel MEG device. The data is
available in Vigério et al. (1997c). The first source separationresults of this data
have been reported in Publication 4. Prior to any analysis, the data is high-pass
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filtered with cut-off frequency of 1 Hz, to get rid of the dominating very low
frequencies.

Denoising in rhythmic MEG

Examination of the average spectrogram in Fig. 6.3a reveals clear structures
indicating the existence of several, presumably distinct, phenomena. The burst-
like activity around 10 Hz and the steady activity at 50 Hz dominate the data, but
there seem to be some weaker phenomena as well, e.g. on higher frequencies than
50 Hz. To amplify these, we not only sphere the data spatially but temporally
as well. This temporal decorrelation actually makes the separation harder, but
enables the finding of the weaker phenomena. The normalised and filtered power
spectrogram is shown in Fig. 6.3b.
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Figure 6.3: (a) Averaged spectrogram of all of the 122 MEG channels. (b) Fre-
quency normalised spectrogram. Time is on the horizontal and frequency on the
vertical azis. (from Publication 5)

The spectrogram data seems well suited for demonstrating the exploratory-
source-separation use of DSS. We used the time-frequency analysis with lengths of
the spectra Ty = 256 (see Sec. 4.4.1). We apply several noise reduction principles
based on the estimated variance of the signal and noise discussed in more detail
in Publication 6. Specifically, the power spectrogram of the source estimate
is smoothed over time and frequency using a 2-D convolution with Gaussian
windows. The standard deviations of the Gaussian windows were o, = 8/7 and
of = 8/m. After this, the instantaneous estimates of the source variances are
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decorrelated to get rid of the leakage from other signals. This gives the estimates
of the source variances, which are then used to mask the current source estimates
to come up with denoised source estimates. Finally, the projection vectors w
are updated according to the stabilised update-rule (4.24) using the 179-rule (see
Sec. 4.5 around Eq. 4.24, for details).

Separation results

Some extracted sources are shown in Fig. 6.4. Though quite a clear separation of
the sources was achieved, some cross-talk between the signals remains. We now
turn to more specific masks by taking advantage of the structures uncovered by
variance-based masking. In Sec. 6.3.1, the anomalous signal on the upper-right
corner of the Fig. 6.4 is inspected further. Furthermore, in Sec. 6.3.2 we show
that with specific knowledge it is possible to find even very weak phenomena in
MEG data using DSS.

s LR Vo
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Figure 6.4: Spectrograms of some of the sources separated using variance sphering.
Time is on the horizontal and frequency on the vertical axis. Units as in Fig. 6.3.
(adapted from Publication 6)

6.3.1 Adaptive extraction of the component with wander-
ing frequency content

Exploratory DSS separated some presumable artefacts. In Fig. 6.4, the 3th com-
ponent on the top row has a curious wandering frequency around 30-40 Hz and
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some higher harmonics. In this section, we adaptively maximise SNR of the wan-
dering component. We as well check whether some weaker, but related signals
come forward when the masks are adapted.

Denoising of the components with wandering frequency contents

The denoising of the wandering signal is based on the masking of the time-
frequency spectrogram. Thus DSS comes close to the approach by Mitra and
Pesaran (1999), where a multitaper technique is used together with singular value
decomposition. In this example, we confine ourselves to simpler short time DCTs
and PCA as suggested for DSS in Secs. 4.2 and 4.4.1.

We adaptively tune a mask in the time-frequency-space so that it takes into
account the slow drifting of the base frequency. The very clear 2nd and 3rd
harmonics are used to aid in the estimation of the base frequency. The final
mask is shown in Fig. 6.5a. Note that the third harmonic surpasses the Nyquist
frequency of f/2 = 100 Hz at certain locations and causes an aliasing effect.

Separation results

Using the DSS procedure described earlier, we extracted several signals having
wandering frequency around 30-40 Hz and higher harmonics. Two of these are
shown in Figs. 6.5b and c. As the tuned mask (Fig. 6.5a) is a very narrow
one, it can see similar structure in pure Gaussian data already. Comparison of
the corresponding eigenvalues revealed that all of the other extracted wandering
components, except the two shown, are probably caused by overfitting. The base
frequency of the second source is not clearly visible but this appears to be caused
by greater noise variance on its frequency range when compared to the higher
frequencies where the harmonics are.

6.3.2 Adaptive extraction of cardiac subspace in MEG

Cardiac activity causes magnetic fields as well. Sometimes these are strongly
reflected in MEG and can pose a serious problem for the signal analysis of the
neural phenomena of interest. In this data, however, the cardiac signals are not
visible to the naked eye. Thus, we want to demonstrate the capability of DSS
to extract some very weak cardiac signals, using detailed prior information in an
adaptive manner.

Denoising of the cardiac subspace

A clear QRS complex can be extracted from the MEG data using standard BSS
methods, such as kurtosis- or tanh-based denoising. Due to its sparse nature,
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Figure 6.5: (a) The final adapted time-frequency mask for the wandering com-
ponent. (b) Enhanced spectrogram of one artefact having wandering frequency
around 3040 Hz and harmonics. (b) Enhanced spectrogram of another similar
component. Time is on the horizontal and frequency on the vertical axis.

this QRS signal can be used to estimate the onsets of the heart beats. With they
are known, we can guide further search using the averaging DSS, as described in
Sec. 4.4.1. Every now and then, we reestimate the QRS onsets needed for the
averaging DSS.

When the estimation of the QRS locations has been stabilised, a subspace
composed of signals having activity phase locked to the QRS complexes is ex-
tracted.

Separation results

Figure 6.6 depicts five signals averaged around the QRS complexes, found us-
ing the procedure above!. The first signal presents a very clear QRS complex,
whereas the second one contains the small but wider P and the T waves. An
interesting phenomenon is found in the third signal: there is a clear peak at the
QRS onset, which is followed by a slow attenuation phase. We presume that it
originates from some kind of relaxation state. Further research may provide one
with additional, possibly intriguing, information about the function of the heart.

Two other heart related signals were also extracted. They both show a clear
deflection during the QRS complex, but have as well significant activity elsewhere.
These two signals might present a case of overfitting, contemplated in Sec. 5.
To test this hypothesis, we performed DSS using the same procedure, but for
reversed data, i.e. t = T,...,2,1. This should break the underlying repetitive
structure. Resulting signals should then be pure overfits. They are shown in
Fig. 6.6b. The eigenvalues corresponding to the QRS-complex and to the second

1For clarity, two identical cycles of averaged heart beats are always shown.
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Figure 6.6: a) Averages of three heart related signals and presumably two over-
fitting results. b) Averages of five signals from the cardiac control experiment,
showing clear overfits. Time on the horizontal azis. (adapted from Publication

5)

signal having the P and T waves are approximately 10 times higher than the
principal eigenvalue of the reversed data. Thus they clearly exhibit some real
structure in the data, as already expected. The eigenvalues corresponding to the
last three signals are comparable to the principal eigenvalue of the reversed data.
Therefore, it is probable that at least part of the structure is due to overfitting.
Especially, the slow wavy structure seems to be similar in the control experiment.

It is worth noticing that even the strongest component of the cardiac sub-
space is rather weakly present in the original data. The other components of the
subspace are hardly detectable without advanced methods beyond blind source
separation. This clearly demonstrates the power that DSS can provide for an
exploring researcher.
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Chapter 7

Conclusions and future trends

Space, the final frontier. These are the voyages of the Starship En-
terprise, her five-year mission to explore strange new worlds, to seek
out new life and new ciwilization, to boldly go where no [hu/man has
gone before.

—Mission of the Star Trek Enterprise NCC 1701-A, Gene Rodden-
berry

We considered exploratory source separation in biomedical systems. We in-
troduced denoising source separation as a general framework for both blind al-
gorithms and algorithms where detailed prior knowledge can be utilised. It was
suggested that the analysis-synthesis nature of scientific research naturally sug-
gest refinements to the principles source separation is based on. We have shown
that DSS is a good candidate for such a task.

We discussed several denoising methods in detail. The methods were divided
in two classes: 1) linear and 2) nonlinear denoisings. The linear DSS algorithms
were seen to be equivalent to the classical power method applied to the data
where comparable linear denoising has been applied to. This leads to very fast,
but still powerful, source separation algorithms. Furthermore, a particular non-
linear DSS algorithm was seen to coincide with FastICA, perhaps the fastest
existing general ICA algorithm, using kurtosis as the objective function. The
denoising intepretation of that particular algorithm has already lead to several
improvements, as well.

The performance of different DSS algorithms was examined in simulated data.
The best results under poor SNR were achieved using detailed prior knowledge,
embedded in linear DSS algorithms. On the other hand, blind approaches im-
plemented using nonlinear DSS algorithms outperformed linear ones with good
SNR.
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The utility of the DSS algorithms was demonstrated in real magnetoencephalo-
grams. We showed that using DSS, extraction of phenomena having poor SNR
becomes possible. In particular, we extracted some weaker parts of the cardiac
cycle using linear denoising. The knowledge required for the denoising consisted
of the onsets of the cardiac cycles and was acquired in a blind manner. Further-
more, we showed some other cases where adaptation of the denoising procedures
leads to improved performance.

Any optimisation method may suffer from overfitting when limited amount of
data is available. The issue of overfitting was extensively discussed in case of
ICA algorithms. We divided it in two cases: 1) Overfitting is caused by improper
or inadequate estimation of the model. 2) The model is not suitable for the
data as such but should be revised. In particular, it was noted that the ICA
model as such is not ideal for MEG data because of the considerable correlations
between samples at different time instances. Several solutions were proposed for
both cases of overfitting. We discussed also the overfitting in DSS algorithms.
There, the type of overfitting encountered depends on the details of the denoising
procedure. We proposed quantitative and qualitative measures for the detection
of these overfits.

The ESS research described in this thesis, suggests several promising exten-
sions. In the following we mention some of them. While the extensions are
worth exploring in a wider context as well, we give suggestions on how the DSS
framework could be used therein.

For now, ICA has been applied to several other imaging modalities, including
MRI, fMRI, EEG and ECG. Actually, it may be argued that the biomedical
signals constitute the most important field of application for ICA. In DSS, the
possibility to incorporate prior knowledge may lead to more accurate results and
even new findings.

In this thesis, we mainly considered the application of the DSS framework in
the study of biomedical systems. We have already extended its use to the sepa-
ration of CDMA signals. There exist a multitude of other possible applications
too. In many fields, denoising tools for the signals of interest already exist. The
application of DSS therein should be fairly straightforward.

Source separation is not the only application of ICA-like algorithms. Another
important field of application is feature extraction. ICA has been used, for ex-
ample, for the extraction of features from natural images, similar to those found
in the primary visual cortex (Olshausen and Field, 1996a).

Until now, we have only considered extraction of multiple components by forc-
ing the projections to be orthogonal. However, nonorthogonal projections result-
ing from overcomplete representations provide some clear advantages, especially
in sparse codes (Foldidk, 1990). Hence, this extension may be found useful if
DSS is used for feature extraction.
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Linear features can only build a rather limited representation of data. Hence,
nonlinear features are often considered. One simple way to generate a nonlinear
model is to feed the final source estimates through the same nonlinearity that was
used for denoising. This has been used by Valpola (2004) where the nonlinearity
was a shrinkage function. Such shrinkage functions can only produce mildly
nonlinear mappings. However, building a hierarchy consisting of mildly nonlinear
DSS modules can result in very complex mappings. This has been suggested
in Publication 5 and discussed further by Valpola (2004).

Similar hierarchy of modules has been suggested for slow feature analysis (SFA,
Wiskott and Sejnowski, 2002) which aims at extracting slowly varying complex
features from the data. It also has a direct connection to DSS, made explicit
in Publication 5.

In addition to temporal slowness in SFA, spatial similarities have been consid-
ered, e.g. by Valpola (2004). He uses spatial information in a DSS framework for
extraction of complex-cell-like features from a natural scene.

The common feature in SFA and the spatial-DSS approach by Valpola (2004)
is that the feature extraction is guided by activations of other parts of the hier-
archical network, at different times or at different locations, respectively. This
suggests that internal guidance of the feature extraction may be beneficial more
generally.

Many researchers have suggested that feedback (top-down, lateral or recur-
rent) connections from other parts of the brain, often called the context of the
input, have an important role in learning (cf., Marr, 1982, Becker and Hinton,
1992, Parga and Rolls, 1998). Recurrent feedback would correspond to temporal
and lateral to spatial information. The top-down connections are said to realise
attentive mechanisms (cf., Deco and Schiirmann, 2000), but they may serve as a
feature extraction mechanism as well (Publication 5, Valpola, 2004).

The extensions discussed above are expected to result in new powerful source
separation and feature extraction algorithms. They may also suggest new models
for computational neuroscience, thus resulting in valuable functional synthesis of
neural information processing principles.
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