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Abstract

The Mind-Modulated Music Interface (MMMI) provides a new way to create music.
The system is designed to harness the musical processing power of the brain, allowing
musicians to control the output of the system just by paying attention to it. The Phase
Synchrony Engine, a component of the MMMI, is used to detect musical processing in
the brain via EEG in real-time. This information is then used to modulate the output
of a Music Generation Engine in real-time. A feedback loop is set up in which the brain
interfaces with the music in a more direct way than has previously been achievable. In
benchmarks, the MMMI has been shown to produce accurate results, and the MMMI
is poised to investigate this new frontier in music creation.
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Chapter 1

Introduction

Listening to music is largely a passive experience. When playing a CD, the CD player
is unaware if anyone is listening or not, and the music playback is the same in either
case. When a musician plays an instrument, however, it is an active experience: the
musician is in direct control of their musical output. In these cases, there is a clear
separation between the passive and active musical experience.

The Mind-Modulated Music Interface (MMMI) blurs this distinction, allowing a
musician to interact with the musical output of a system directly with their mind.
This approach combines the surprise and anticipation of the passive experience with
the control and interactivity of the active musical experience in a way which has not
been previously explored. The goal of the MMMI is to allow people to experience music
in an entirely new way by allowing the mind to be an active collaborator in the musical
experience.

This report describes the design, construction and testing of the MMMI, and sug-
gests possible directions for the future of the project.
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Chapter 2

A Next Generation Music

Interface

2.1 Music: A Historical Interface

All human cultural groups exhibit their own form of musical expression [1], and the
creation and appreciation of music is a skill intimately linked to the human experience.
Throughout the ages, the musical traditions of cultural groups have been shaped by the
particular musical instruments at their disposal. As musical instrument technology has
changed, new avenues of musical expression have emerged and have sometimes become
synonymous with certain cultural periods in history; from the earliest tribal drumming
in Africa to the harpsichord of the Baroque period to the Moog synthesizer of the 1970s.
A musical instrument is an application of technology to the design of an interface for
producing music. As interfaces, musical instruments employ many different human
sensorimotor modalities, from blowing into and manipulating the valves on a trumpet,
to fingering the keys on a piano, drawing a bow across the strings of a violin, and so
on. These interfaces have been designed to allow musicians to express their musical
ideas. Just as a steering wheel is an interface designed to give us the ability to drive, a
musical instrument is an interface which allows us to venture into the world of musical
expression.

Musical creativity must, inevitably, be filtered through the technical constraints
imposed by a given interface. It is impossible, regardless of the talent of the musician
involved, to coax a major triad (three notes sounding simultaneously) out of a trumpet,
or a staccato passage out of a ringing bell. These interface constraints are both a
blessing and a curse; while they limit a musician’s musical output to a subspace of all
musical expression, it is often in grappling with the limitations of a given instrument
that a musician may produce his or her finest work. The musical output of a musician
is a product of both their own internal musical inspiration, and the characteristics of
their musical interface.

5
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2.2 The Brain: Releasing the Music Within

One famous example of musical inspiration is the genesis of the Beatles song ‘Yesterday’.
In Paul McCartney: Many Years From Now [2], McCartney recalls

I woke up with a lovely tune in my head. I thought, “That’s great, I wonder
what that is?” There was an upright piano next to me, to the right of the
bed by the window. I got out of bed, sat at the piano, found G, found F
sharp minor 7th – and that leads you through then to B to E minor, and
finally back to E. It all leads forward logically. I liked the melody a lot, but
because I’d dreamed it, I couldn’t believe I’d written it. I thought, “No,
I’ve never written anything like this before.” But I had the tune, which
was the most magic thing!

This is one example of the enigmatic nature of “musical inspiration” - a complex
subject which is beyond the scope of this thesis (see [3] for an interesting discussion).
Ultimately, though, the brain is the source of all creativity, and all art and science
throughout human history is a testament to the creative output of the human brain.

In recent decades, concerted attempts have been made to explain the inner work-
ings of the mammalian brain itself. Medical and technological advances have enabled
the study of the human brain in great detail, and many insights have been gained from
studying the brains of other animals in laboratory environments. While the philosophi-
cal question of whether the brain can ever truly understand itself remains unanswered,
great strides have been made in understanding both low-level concepts, such inter-
neural signalling and cortical topology (texts such as [4] provide a useful reference), as
well as higher-level concepts such as memory [5] and intelligence [6].

The 21st Century promises to be a period of great strides in our understanding of
the brain. As we develop a better understanding of the brain, we will grow closer to
demystifying the elusive concept of musical, and in fact all artistic, creativity. This
will suggest exciting new directions in the design of music creation interfaces as we
seek to unleash the full creative power of the brain. The purpose of this thesis is to
present a novel music creation system, the Mind-Modulated Music Interface - MMMI
(“triple–M I”). As developed through the course of this Honours year of study, the
MMMI is not yet ready to revolutionise the way we create music overnight, but rather
it is a prototype which suggests a way that the art of making music can benefit from
advances in technology and in our recent understanding of how the brain works.

To elaborate on the discussion of the previous section, the instruments with which
musicians conventionally make music create a necessary level of abstraction between
the musical ideas in the brain of the musician and their musical output as perceived
by a listener (see Fig. 2.1). With training, this gap can be bridged to some extent: a
novice musician may express frustration at the ease with which they can hear a melody
in their head compared with the difficulty they experience in coaxing the same melody
out of their instrument. Conversely, an experienced musician may not be conscious of
this process at all, effortlessly forming beautiful melodies while all of the translation
happens subconsciously.
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Musician's 
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Other 
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Musical Feedback

Figure 2.1: The stages of musical expression

The MMMI takes a different approach to music creation, which is shown schemati-
cally in Fig. 2.2. The idea is to directly measure the musical creativity in a musician’s
brain, using data obtained from an electroencephalogram (EEG), and then to hand this
information off to an ‘expert system’ for musical realisation. Ultimately, a musician
should be able to drive the MMMI by thinking musical thoughts without the need to
worry about their realisation in a practical way on a musical instrument. Of course,
as mentioned above, the processes involved with musical creativity in the brain are
not well understood, and ‘expert systems’ for automatic music creation are similarly
immature, so the approach taken in the MMMI is to build a generative music engine
whose output is modulated by measures of musical processing in the brain which have
been derived in real time from EEG data. By modulating the musical experience in
this way, the musician should, in principle, still get a sense that the musical output of
the system is responsive to their musical sensibilities.

Musical
Processing

Musical
Stimulus

MMMI

Figure 2.2: The MMMI music creation approach

The MMMI is an ambitious project, and because it incorporates cutting-edge ideas
from neuroscience, the particular musical processing measures used in the project are
not perfect. As such, the particular implementation of the MMMI described in this
thesis is a preliminary one, and the software implementation of the MMMI has, there-
fore, been designed in a modular way, so that new discoveries in neuroscience may be
incorporated into the system as they occur. The MMMI pilot study described has the
twin merits of being a prototype of a genuinely new way of controlling musical expres-
sion and performance as well as providing the infrastructure which can be extended to
build a full-blown musical instrument over time.
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2.3 The Mind Attention Interface (MAI)

The MMMI project is part of a larger umbrella project known as the Mind Attention
Interface (MAI) which aspires to build immersive Brain-Computer Interfaces (BCIs)
for virtual environments. Existing at the intersection of BCIs and Virtual Reality (VR)
technology, the goal of the MAI is to use direct measurements of physiological activity
to modulate and enhance the degree of “immersion” experienced by a participant. The
MAI has a much broader scope than the MMMI, in that it involves both visual and
aural stimuli and feedback. It is also driven by other physiological measurements,
particularly eye gaze and head position as well as EEG. The relationship between the
MMMI and the MAI is discussed in Chp. 4.

The main MAI concept was originally developed by Dr. Henry Gardner and PhD
student James Sheridan from the ANU Department of Computer Science and all of the
MAI component projects share a common distributed client-server software architec-
ture which has been primarily developed by Zhen Yang for his MPhil research [7].

2.4 The Rest of this Thesis

The rest of this thesis describes the work which the author has done in the course of
this Honours year. This work includes the invention of the MMMI concept, as well as
the decisions involved with its design and construction. It describes the genesis of the
MMMI idea as a new application of recent developments in neuroscience and Brain-
Computer Interface design. It then describes the implementation of the system as an
exercise in software design, and also the process of testing the system.

In particular, this thesis describes the two key components of the MMMI, the
Phase Synchrony Engine (Chapters 6 and 7) and the Music Generation Engine
(Chp. 8). These components represent the majority of the research content of the
thesis. The thesis also proposes a test methodology for examining the success of the
MMMI as an environment for musical expression.



Chapter 3

Literature Review

3.1 Brain-Computer Interfaces

A Brain-Computer Interface (BCI) is a system in which computer control information is
extracted from direct measurements of neural activity in a user’s brain. Development
on such systems began in the 1970s, with the term ‘Brain-Computer Interface’ first
being used by Jacques Vidal [8]. Since then, the advent of low-cost, digital computers
and signal measurement technology have lead to an increased interest in BCI design
and research in the scientific community. An interesting review of BCI history can be
found in [9]. In designing a BCI, there are two main questions to answer:

• Measurement - What is the best way to measure the neural activity in the
brain?

• Analysis - How best to extract the desired control information from the neural
data stream?

The general structure of a BCI is shown in Fig. 3.1. Within this framework, there are
many different design options. The design choices made are largely dependent on the
goals of the particular BCI.

3.2 Measuring Neural Activity

Measurement of neural signals can be done either invasively or non-invasively. In-
vasive measurement techniques usually involve implanting electrodes into the brain to
directly measure the electrical activity in the cortex [10]. This provides a cleaner signal
than non-invasive techniques, but is a more drastic procedure involving major surgery.
Consequently, this method is more often used in animals [11] than with people, but it
has been particularly used in patients with impaired brain function [12]. Non-invasive
techniques sacrifice signal quality for ease of use and the ability to connect a user
up without the need for risky and irreversible surgery and are, of course, much more
suitable for use in the MMMI.

The two main signal-acquisition technologies in use in modern non-invasive BCIs are
functional Magnetic Resonance Imaging (fMRI) and the electroencephalogram (EEG).

9
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Figure 3.1: General BCI structure

fMRI works by measuring the level of blood oxygenation in the brain, and the measure-
ment apparatus is a large machine which the participant must sit inside. Just like any
other organ, the brain requires oxygen to function, and this can be exploited to measure
the approximate amount of neural activity in any brain region [13]. fMRI provides ex-
cellent spatial resolution, but poor temporal resolution. In comparison, EEG provides
much finer temporal resolution than fMRI, at the expense of spatial resolution. An
EEG measures neural activity by placing a network of electrodes in direct contact with
the scalp. These electrodes measure the net electric field generated by the synchronous
firing of groups of similarly oriented neurons [14]; the electric field propagates through
the cerebro-spinal fluid and skull and is detected by the scalp electrodes.

Because of their complementary strengths and weaknesses, fMRI and EEG are
sometimes used simultaneously [15]. Although there are also other non-invasive ways
to measure the activity in the brain, these two technologies are the basis of most current
BCI research. EEG is the method used in the Mind Attention Interface.

3.3 Analysing Neural Activity

The goal of a BCI is, ultimately, to allow a user to control a system directly with their
brain. To do this, the signal analysis component of a BCI is usually a two-stage task:
specific ‘neural events’ must firstly be detected in the neural signal, and these events
are then mapped to control actions in the interface (see Fig. 3.1).

There are many well-known neural events which have been used for BCIs. Some of
the most common are:
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• A P300 response is associated with the recognition of anticipated stimuli. P300
based BCIs often ask participants to monitor a stream of varying stimuli (either
auditory or visual) whilst trying to recognise a particular target stimulus from
that stream. When the user detects the target stimulus, a spike in neural activity
is evident approximately 300ms after the event detection [16]. The magnitude of
the spike is inversely proportional to the frequency of the target stimulus. This
type of experimental setup is known as the oddball paradigm [17], as the target
stimulus is often an ‘odd-one-out’ from a group of presented stimuli.

• Imagined Movement is the action of having a participant imagine moving a
limb, without actually doing so. This ‘imagined movement’ can be detected by
an decrease in mu-rhythm (8 - 12Hz) power in the opposite side sensorimotor
cortex [18]. Actual movement of the limb is not required. Given that left and
right limb imagined movements are easily distinguishable, this technique is often
used for left-right selection in BCI menus.

• Steady-State Visual Evoked Potentials (SSVEPs) are oscillations which are
established in the brain when a participant fixates on a flickering visual stimulus.
The SSVEP oscillates at at the same frequency as the flickering frequency of
the visual stimulus. By designing a visual interface with targets which flicker
at different frequencies, the SSVEP can be used to determine which target the
participant is looking at [19].

• Othher, alternative, neural events have also been used in BCI design [20].

All these techniques rely on the known response and activation profile of the brain
to different sensory inputs or processes. In most cases, these neural events are relatively
easy to detect, and robust classification algorithms exist [19], [21], [22].
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Figure 3.2: The P300 Speller

An example of how conventional neural events can be used to control an interface
is the P300 speller, first proposed in 1988 [23]. The goal of this interface is to spell
words one letter at a time. The letters of the alphabet, as well as some basic editing
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operations, are presented in a 6×6 grid as shown in Fig. 3.2. The participant is required
to focus on the character they wish to select in the grid. Each row and column of the
grid is the highlighted, one at a time. The participant is looking out for their desired
character to be highlighted, when this occurs it triggers a P300 response in the partic-
ipant’s brain. The desired character is highlighted twice: once in a row and once in a
column. By selecting the row and column with the greatest measured P300 response,
the desired character can be inferred. In the original study of this method [23], a com-
munication rate of 12 bits/min was achieved (the neural event used in this interface is
the P300 response, the control model is that of the P300 speller). In subsequent work,
the exact same P300 speller paradigm was able to achieve a communication rate of
84.7 bits/min by improving the neural signal-detection algorithm [22].

The analysis of neural events in BCI design is informed by advances in neuroscience
and our understanding of how the brain works. The design of new BCIs also provides
motivation and a practical testbed for new theories of brain function. BCI research
is therefore a dynamic discipline, whose evolution is driven by both technology and
fundamental science.

3.4 Natural vs Artificial BCI Design

Several of the established BCI paradigms based on the detection of the neural events
mentioned in the previous section have been shown to be quite effective. As previously
mentioned, the P300 speller [22] gives a communication rate of 84.7 bits/min with 95%
accuracy. However, the neural events which form the basis of this human-computer
communication often have very little to do with the desired outcome or goal of the
interface itself. While this may provide an effective interface methodology, there is
little correlation between the desired outcome of the interface (composing a word,
typing a letter etc.) and the neural events required to achieve the goal (imagined
limb movement). For this reason, we shall call these conventional interfaces “artificial”
BCIs.

At the other end of the spectrum are BCI designs where there is a direct and obvious
relationship between the neural events to be detected and the purpose of the interface.
These “natural” interfaces should afford the construction of systems which augment,
rather than derail, task-related neural activity and should leave the user with more
cognitive resources to complete a task than they would have access to unaided. This
natural interface design necessitates the detection and quantification of higher-level
neural processes such as cognition, emotion and creativity as well as other task-specific
resources. Less is known, however, about these correlates of higher level neural activity
and the detection of their neural events and activation patterns is a more difficult task
than for artificial data, and the control rate of such systems is not comparable to the
simpler approaches used in artificial BCI design [24].

In reality, these categories represent not so much discrete classes as a continuum,
and any BCI design will fall somewhere between the two. However, most current BCIs
are located towards the ‘artificial’ end of the BCI continuum. This is primarily due to
the lack of understanding of the neural events required to construct a useful ‘natural’
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BCI.

3.5 Musical BCI Development

Musical BCI technology, while still in it’s infancy, has already been demonstrated as
a viable approach to music creation [25]. Using established BCI control techniques,
a control signal which may be used to select a character from a character set (as in
the P300 speller) to enable writing can be mapped to a musical synthesiser. With
appropriate musical expertise in creating these mappings, highly musical output can
be created even with the low bit-rates associated with current BCI designs.

Pioneering work in this type of musical BCI has been carried out by the Brain
Computer Music Interface (BCMI) group at Plymouth University in the UK. In the
BCMI system [26], a participant’s neural signal is processed using several different
techniques (such as imagined movement, alpha-band power and eye blink detection),
effectively giving multiple simultaneous control streams. These control streams are then
combined to drive a musical synthesis engine. The ‘biomusician’ can, with training,
produce the neural patterns required to consciously produce a desired control signal.
Other biological data, collected by heart rate and muscle contraction sensors, is also
used to drive the music creation processes. Some of the control signals measured in the
Plymouth BCMI are eye blinks (as detected from the EEG signal) and imagined hand
movement: the musical output is turned on and off by the biomusician’s eye blinks and
it is subject to filtering and panning based on imagined movement of the left and right
hands. With training, the biomusican can control the panning of the music consciously
by using the appropriate lateral trigger. This approach proved successful enough to
enable a concert to be given demonstrating the use of the BCMI in action in 2005 [27].

The BCMI falls towards the artificial end of the BCMI spectrum. While a skilled
biomusician may have the holistic musical output of the system in mind, low level con-
trol is achieved by distinctly non-musical thought patterns such as imagined movement.
This is not necessarily a bad thing, it merely represents a conscious decision by the
designers. The neural events utilised in the system are (relatively) well understood,
and there exist robust detection algorithms, so that the BCMI is able to achieve a
control accuracy greater than 95%. The BCMI does not, however, utilise the natural
musical processes in the brain and this is a primary point of difference between it and
the MMMI.

3.6 Measures of Musical Processing in the Brain

What, then, are natural musical processes in the brain? Is it possible to quantify the
musical processing or attention of a given individual? It is first helpful to examine
what is meant by the phrase musical processing.

In the MMMI, the idea of musical processing is defined to be the neural patterns
and cognitive processes associated with creating and analysing music. Every human
being is capable of listening to music. Indeed, most people find it a pleasant experience,
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although the degree of pleasure is dependent on the type of music and the musical tastes
of the listener. Creating music, on the other hand, is considered a special skill, and is
generally only practised by those who have been trained to do so (although this training
may take many forms). Those trained in music are also often highly skilled in musical
analysis, recognising trends and patterns in music (such as harmonic structures) to
which the casual listener is oblivious. How is this musical skill manifested in the brain?
What activation patterns is the brain of a musician capable of which allow them to
create music?

To answer this question, several studies have investigated the differences between
the brains of musicians and non-musicians. Professional keyboard players (more than
one hour practice per day) have been shown to have greater brain volume in several
brain regions when compared to amateur and non-musicians ([28]; similar results have
been reported in [29], [30] and others). These results show quantifiable changes in the
brain as a result of musical training, but these changes are static measures of long
term musical development rather than the dynamic measures of instantaneous musical
processes. If the MMMI is to be used to create music in real time, a more dynamic
measure of musical processing is required.

A more promising result for the MMMI is a recent study by Joydeep Bhattacharya
and Helmuth Petsche which monitored musicians and non-musicians via EEG while
listening to music [31]. In particular, this study monitored phase synchrony in the
participant’s neural signals as they listened attentively to various types of music. Phase
synchrony is an indicator of functional connectivity, which represents the task-specific
neural connections between different brain regions. The musicians showed a significant
increase in synchronised activity in the gamma frequency band (30-50Hz) over the
non-musicians when listening attentively to the music. Gamma-band activity is known
to be involved in the perception of auditory stimulus [32]. There was also a control
condition where the participants listened to plain text being read, and no difference in
phase synchronisation was detected between the groups in this case. The musicians in
this study all had at least at least 5 years of formal music study.

In the Bhattacharya & Petsche study, the musicians were not creating the music
themselves, they were merely listening. However, the authors suggested that the result
may be due to the increased musical ability of the musicians: a musician’s experience
with creating and working with music allows them to engage with music on a deeper
level. They may be simultaneously analysing the melody, rhythm, chord progression,
dynamics and timbre of the music. All of these separate perceptual streams are then
integrated in the brain to form a complete picture of the musical stimulus. It is this per-
ceptual integration which causes the increase in functional connectivity. Given that the
non-musicians are not attending to the musical stimulus on as many levels (due to their
relative lack of experience in musical analysis), the amount of functional connectivity
in the brain is also smaller.

Other studies have shown similarities between musician and non-musician listeners
in EEG during musical perception. Changes in spectral power, particularly in the
alpha band between 7Hz and 12Hz, has been exhibited during attentive listening to
music [33]. This effect has also been noticed when music is used to aid performance
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in various tasks involving logic and spatial reasoning [34]. There are certainly many
aspects of the brain’s response to music which are universal. However, as the study by
Bhattacharya & Petsche shows, there are musical processes in the brain of a musician
which are not present in those without musical ability. These differences provide clues
as to the mechanism of musical creativity in the brain.

Bhattacharya and Petsche’s study is not the final work on musical processing in the
brain. It merely suggests one neural correlate of musical expertise in musical processing.
The dynamic nature of this measure is its main advantage in a real-time environment
such as the MMMI. While functional connectivity may not entirely measure the elusive
‘musical creativity’ of the brain, it is a promising indicator of the processes that are
specific to a musical brain.

3.7 Functional Connectivity in the Brain

The cortex is a thin sheet of neural tissue on the outside of the human brain which
comprises about 60% of the brain by volume, and plays a central role in information
processing [35]. The way the cortex processes information is highly complex, using
both modular and distributed processing techniques [36]. The modular nature of this
processing is manifested in the specialisation of different cortical regions. Vision and
sound, for instance, are processed in distinct areas, and these areas have a well-defined
spatial profile. The specialisation of the different areas of the brain has been historically
studied by observing patients with localised brain damage but these days it is usually
associated with fMRI studies.

The cortex can be seen to be made up of distinct processing modules, each differ-
ing in specialisation and location [37]. From higher-level modules, processing can be
further decomposed into specialised submodules, each carrying out a particular com-
ponent of the overall task. These modules can be arranged hierarchically, with each
level of the hierarchy representing a different level of specialisation, and these differ-
ent modules give the brain an enormous amount of processing power: they give us
the ability to process, in parallel, five sensory input streams, to produce complex, co-
ordinated motor-control information, and enable all the different tasks and emotions
which constitute our thoughts and behaviour.

Although the brain can be viewed as a collection of specialised modules, this is not
the way people perceive the world around them. The information from all the different
modules is combined to form a holistic model of the world. For example, when looking
at a moving car an observer is not aware, separately, of the noise the car makes, the
sight of the car approaching, and the feel of the wind as it rushes past. The observer
perceives the car as a single object, and the different sensory streams conspire to build
a unified idea of the car in the mind of the observer. The question of exactly how
these disparate information streams (from the specialised modules) are integrated into
a cognitive whole is known as the integration problem. Recent results have suggested
that the solution to the integration problem may lie in the temporal profile of neural
activity in the brain [38].

While each region of the brain has it’s own processing speciality, these regions are
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all highly connected by millions of ‘inter-region’ neuronal links (see Fig. 3.3). When two
different modules are communicating, their activity is synchronised due to the active
connections between them [39]. Synchronous activity between two different modules is
an indicator of communication and integration between the two modules. Depending
on the type of information being processed, different modules will be required to com-
municate in this way. This type of connectivity is known as functional connectivity.
Functional connectivity is task-specific; it changes depending on the type of information
the brain is processing. The functional connections between brain modules typically
last between 100 and 300ms [40].

Localised 
Processing 

Modules

Reciprocal 
Connections

Figure 3.3: Inter-region neuronal connections

Typically, functional connectivity in the brain is measured by determining the
amount of phase synchrony present in the neural signal, often in a specific frequency
band. Mathematical techniques have been developed for extracting phase synchrony
information from the neural signal, and a quantitative analysis of several of these
techniques can be found in [41], which also suggests a benchmarking methodology for
determining the accuracy of a given phase synchrony detection method. The use of
this validation procedure to test the MMMI will be discussed in Chp. 7.

The study by Bhattacharya and Petsche [31] found higher levels of phase syn-
chronous activity in the gamma frequency band (30-50Hz) in musicians compared with
non-musicians, which suggests more extensive functional connections in musicians while
attending to music. In the light of functional connectivity as a characteristic of cogni-
tive integration, this result makes some intuitive sense: the detailed musical analysis
streams in a musician’s brain would need to be integrated to give a complete picture
of the musical stimulus. This integration is characterised by multiple functional con-
nections between regions of the cortex, which would result in an increase in phase
synchronised activity. Conversely, the non-musicians’s musical analysis was not as de-
tailed, and therefore, there was less information to integrate, resulting in lower amounts
of functional connectivity.

Although detailed musical processing, it seems, bears shows some of the characteris-
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tics of the distributed neural processing common to more general integration problems,
it is important to note that the Bhattacharya & Petsche result has been specifically
demonstrated for enhanced musical processing by musicians, it is thus appropriate for
use in the MMMI.
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Chapter 4

MMMI Overview

4.1 Functional Connectivity in the MMMI

The result by Bhattacharya and Petsche discussed in Chp. 3 is an exciting one for
the idea of building a Mind-Modulated Musical Interface. Here, it seems, is a viable
time-varying measure of musical processing in the brain. The MMMI challenge, then,
is to harness this information in a usable music creation interface. The functional
connectivity measure is not particularly ‘information rich’. Therefore, it is not feasible
to turn it into music directly, as the resulting music would be very simplistic. An
alternate approach is to use the functional connectivity measure of musical processing
to modulate the musical output of an distinct musical source. This modulation would
allow a user to have meaningful musical control over the musical output of the system
with even a small amount of neural musical processing data.

An appropriate music-generation engine for the MMMI must be responsive to the
musical input extracted from the neural signal. An intuitive way to do this is to gen-
erate music which varies along some characteristic dimension, such as pitch, volume,
tempo, or note density, and to directly map this characteristic dimension to measure-
ments of musical processing in the participant’s brain. For example, an increase in
the level of phase synchrony could cause the generated music to increase in tempo,
and vice versa. While such a simple example may seem unsatisfactory from a musical
standpoint, it provides a starting point for the music creation methodology to be em-
ployed in the MMMI and also suggests possible human factors tests which could follow
its development: whether the musician feels that their musical thought processes affect
the characteristics of the generated music.

A key idea in the MMMI is the idea of feedback: the musician listens to the output
of the system, and, in processing this output, their musical skills are engaged in their
brain. This musical neural activity is then measured in real-time and fed back into the
music generation engine, which adjusts its output accordingly. The brain and the music
generation engine form a closed-loop system, and their interaction over time represents
a new outlet for musical processing and creativity (see Fig. 4.1)

4.2 MMMI Architecture

As a research problem, the MMMI consists of two separate tasks:

19
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1. Measuring the amount of musical processing in the brain

2. Generating a musical stimulus

Musical
Output

Music
Generation

Engine

Phase
Synchrony

Engine

Measures of
Musical Processing

EEG EEG Signal

Figure 4.1: MMMI structure

These tasks are reflected in the basic structure of the MMMI. The system is composed
of two basic components, the Phase Synchrony Engine (PSE) and the Music Generation
Engine (MGE), as shown in Fig. 4.1. The PSE is responsible for measuring the amount
of musical processing occurring in the musician’s brain. This information is then passed
to the MGE, which generates musical output to be played back to the musician. The
interaction between these two components governs the behaviour of the system. This
real-time interaction of the musician’s brain and the generated musical stimulus defines
a new method of musical expression, which is the stated aim of the MMMI.

While these two components constitute the research element of the MMMI, there are
other tasks essential to the operation of the MMMI. The participant’s neural activity
is measured via EEG, and the musical stimulus is output via a multichannel speaker
array. The Mind Attention Interface (MAI) system is an existing distributed system
architecture for connecting the components of the MMMI together for real-time BCI
operation. We shall now consider the MAI system and its use in the MMMI.

4.3 The Mind Attention Interface

4.3.1 Design Philosophy

The concept of “attention” is a difficult one to define, but a definition given by one of
the fathers of modern psychology, William James, in 1890 is [42]
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“. . . the taking possession by the mind, in clear and vivid form, of one out of
what seem several simultaneously possible objects or trains of thought. . . It
implies withdrawal from some things in order to deal effectively with oth-
ers, and is a condition which has a real opposite in the confused, dazed,
scatterbrained state. . . ”

Attention plays a crucial role in human information processing. In attending to a
particular stimulus, the brain’s resources are devoted to that processing, which allows
us to filter out things of interest from the chaos of everyday life. The idea of the
Mind Attention Interface (MAI) is to harness a participant’s attention in determining
their use of the interface. The MAI system measures both neural activity (via EEG)
and eye-gaze information (via two face-monitoring cameras) to determine the state of
the participant’s attention. The MAI is therefore not strictly a BCI, because non-
neural measurements are also a part of the interface. The eye gaze data provides
useful information about the visual attention of the participant [43] by monitoring
the rate of eye movements, including involuntary saccades, and by calculating the
objects which are the focus of the visual field. This idea of augmenting neural activity
measurements with other physiological data is an advantage in the difficult task of
measuring attention.

The MAI is currently under active development as the PhD project of James Sheri-
dan, under the supervision of Henry Gardner. The task of extracting information
about attention from the EEG and eye gaze measurements is a difficult one, but the
last decade in particular has seen the development of attention measurement tech-
niques (see, for example, [44], [45], [46]), and some of these techniques are currently
being developed for use in the MAI.

The MMMI, while a distinct project to the MAI, has some similarities in it’s ap-
proach. Both interfaces are designed to augment the natural processes in the brain
rather than derail them. In some ways, the MMMI can be considered an application
of the MAI ‘attention-modulated interface’ idea to the specific task of music creation.
Because of these similarities, a great deal of the infrastructure required to implement
both interfaces is common to both projects. A comparison of the interfaces can be
seen in Fig. 4.2. To see how this has been achieved, it is necessary to describe the
MAI system in greater detail. Additional information about the wider MAI project is
contained in Appendix C.

4.3.2 Previous Work by the Author

The author’s collaboration with the MAI team began in July 2006 and continued
through the summer of 2006/2007. Prior to commencing this Honours year of study,
the author had already completed two 6-unit ‘Advanced Study Courses’ (ASCs) in this
field. It is, therefore, necessary to desccribe this work as a precursor to the MMMI.

The first ASC was completed in November 2006. At that time, the MAI EEG
signals were not being analysed in any meaningful way. The goal of the ASC was to
build a module for real-time spectral analysis of the EEG signal and to incorporate
it into the MAI software system. This module, the Mind Attention Spectral Engine
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Figure 4.2: Comparison between the MAI and the MMMI

(MASE), employed a window-based, Fourier-transform approach to calculate the power
spectrum of an EEG signal, and it was verified to give correct output when verified
against artificial test data. The MASE is described in more detail in Appendix B.

The second ASC was completed in December-February of 2006/2007. With the
MASE completed and verified as a standalone unit, the aim of this ASC was to achieve
real-time communication between the MASE and the rest of the MAI. This involved
developing an interface between the MASE (written in Simulink, part of the MAT-
LAB package [47]) and the MAI server [7] (written in C++). This proved to be quite
difficult, as Simulink is designed primarily for offline simulation rather than real-time
operation (the reasons for this, as well as a rationale for the choice of the Simulink
environment, are discussed in Chp. 5). At the end of the summer project an interface
had been constructed and demonstrated, but several of the synchronisation issues en-
countered during the project were not completely resolved. At this stage, the MASE
was connected and ready for use with the rest of the MAI, but the MAI interface was
incomplete.

The MMMI itself has been developed within the timeframe of the 2007 Honours
course: the MASE is not a part of the MMMI, as more advanced signal analysis
techniques have been developed for use in the MMMI. The main benefit of the MASE
development in the previous ASC projects was the familiarisation gained with the
general architecture of the MAI. The lessons learnt in the development of the MASE
have been very useful in guiding the development of the MMMI this year.
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4.3.3 The Wedge

The feedback interface used in the MAI system is known as “The Wedge”. The
Wedge is an immersive audiovisual environment designed by Henry Gardner and Rod
Boswell [48]. Two large, back-projected screens meet at a right angle, with the partic-
ipant located in the angle formed by the screens. The Wedge is capable of 3D imaging
using LCD shutter glasses. The Wedge audio system consists of eight speakers arranged
as the vertices of a cuboid. This sound cuboid arrangement allows precise sound locali-
sation and panning effects. A diagrammatic representation of the wedge setup is given
in Fig. 4.3.

Speakers
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Video
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Figure 4.3: The Wedge

The physical arrangement of the MAI is a pair of moveable displays which can be
arranged in a ‘V’ shape and inserted into the space of the wedge. When the participant
sits at the MAI screens, their EEG and eye gaze can be monitored. Using this data, the
participant’s attention is then measured as a response to the visual and audio stimulus
presented on the screens and through the speakers. The interface is designed to allow
the user to interact in a natural way with whatever stimulus commands their attention.
The goal is not so much to determine what the the user must pay attention to, but
to present them with several options and measure their natural attentional response.
The MAI approach falls into the natural BCI category (see Sec. 3.4). It is designed to
observe the user’s attention without dictating the shape it must take.

The MMMI, unlike the MAI, does not involve any visual stimulus or gaze tracking.
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The MMMI therefore uses a subset of the Wedge’s functionality. In MMMI operation,
the participant sits and listens to the musical output through the 8 Wedge sound cuboid
speakers. The participant’s EEG is then used to measure their musical attention. The
devices used in the MMMI feedback interface are shown in Fig. 4.4.

Speakers
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Participant

Figure 4.4: The MMMI Wedge configuration

4.4 MMMI System Architecture

The MMMI system shares a network communication architecture with the Mind Atten-
tion Interface. The architecture of the MMMI, shown in Fig. 4.5, is based around the
MAI Server. The MAI server protocol allows the primary components of the MMMI,
the Phase Synchrony Engine and the Music Generation Engine to communicate in
real-time. The MAI Server protocol has been developed by Zhen Yang, a member of
the MAI research team, in his Masters project [7].

4.4.1 MAI Server

The MAI Server protocol is an extension of an existing protocol called the Neuroserver
protocol [49], which is designed specifically for EEG-based BCIs. The Neuroserver
protocol is designed to allow real-time processing of the EEG signal by compatible pro-
cessing modules. The functionality of these modules is up to the BCI designer, as long
as the interface conventions of the protocol are maintained. However, the Neuroserver
protocol was designed for EEG input only. Other physiological measurement inputs
such as eye gaze (which is used in the MAI) are not supported.
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Figure 4.5: Data transmission in the MMMI

There are two types of connections specified by the MAI protocol: handshaking
and data transmission. A handshaking connection is established whenever a device
connects to the MAI Server. The handshaking procedure involves the exchange of
header information about that particular device, such as the name and type of the
device, whether it intends to transmit or receive data, and the nature of the data. This
information is sent as a string over a TCP connection. TCP is a connection oriented
protocol, and also includes inbuilt error checking and acknowledgement [50]. While
this adds overhead to the transmission process, the header data is only exchanged at
the beginning of each session, and therefore performance is a secondary consideration
to reliability. The handshaking procedure allows the MAI Server to maintain a list of
all the connected devices at any point in time. This list can then be requested by new
devices, in order to determine if the desired data stream is available.

The other type of connection supported by the MAI Server is a data transmission
connection. A device can connect to the server, determine what other devices are
connected, and then request any available data stream. This data transfer does not
actually occur over a connection in the strict sense. The data transmission is performed
with UDP multicasting. UDP, unlike TCP, is a connectionless protocol, so packets are
merely sent, and the sender does not receive any acknowledgement that the packet has
been received safely [50]. This lack of acknowledgement makes UDP much more efficient
that TCP, although this efficiency comes at the expense of reliability. Furthermore, the
data is sent directly to the interested devices rather than going through the MAI server
first, removing a possible bottleneck in the system. After handshaking, a device informs
the MAI server of its desire to receive data from any other connected device, and any
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subsequent UDP packets are forwarded directly to the application. The interaction of
the various system components and the MAI Server is shown in Fig. 4.5.

Each UDP data packet contains a counter representing the ‘packet index’ of that
particular data stream. This information allows some low-level error checking at the
receiving end, to mitigate the lack of checking in the UDP protocol. This error checking
cannot be as comprehensive as the error checking in TCP (no checksums are involved)
so the data integrity is not guaranteed. It is useful, however, in eliminating jitter and
ensuring the received packets are processed in the correct order. Apart from this packet
index, the format of the data is largely unspecified - any string can be sent as a payload
in the UDP packet. This allows for flexibility in the type of data which can be sent.
The disadvantage of this approach is that the format of a given data type (such as an
EEG signal, or musical processing index) must be determined, a priori, to allow the
data to be successfully unpacked at the receiving end. This is perfectly acceptable in
the MMMI, as the structure of the system remains static during operation.

4.4.2 EEG Neural Signal Measurement

The electroencephalogram (EEG) is used in the MMMI to measure the neural activity
of the participant. The EEG measures the electric potential due to neural activity
using electrodes distributed across the scalp. Recent technological advances have seen
the introduction of the digital EEG, which can record this potential at discrete time
intervals, and this digital output is ideally suited to further digital signal processing.
Given the use of EEG for signal acquisition in the Bhattacharya & Petsche study, a
similar approach is a natural choice for the MMMI.

The MMMI EEG apparatus is a BiosemiTM digital EEG, which records at 16 scalp
locations (16 channels) at a sampling rate of 2048 Hz with 24-bit resolution [51]. The
Biosemi uses active electrode technology, which is more resistant to noise than older
passive electrode designs. The Biosemi EEG interfaces with the rest of the system
using a custom MAI driver developed by Zhen Yang.

4.4.3 Phase Synchrony Engine

The aim of the Phase Synchrony Engine (PSE) is to provide a time-varying indication
ρ of the musician’s neural state, which is necessary for the construction of a responsive
interface. The study by Bhattacharya & Petsche [31] provides the model for the type of
musical processing to be detected by the PSE. In that study, the degree of phase syn-
chrony between EEG electrode pairs was used to measure the functional connectivity
in the brain. However, the neural signal analysis was performed offline, so this tech-
nique is unacceptable for use in the MMMI. The goal of the PSE is therefore to adapt
the phase synchrony measurement techniques used in the Bhattacharya & Petsche for
real-time operation. The PSE is written in the Simulink & xPC Target modelling lan-
guage (see Chp. 5). The algorithm used in the PSE is described in Chp. 6, and the
PSE operation is compared with existing benchmarks in Chp. 7.
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4.4.4 Connection Kit

The Simulink & xPC Target implementation of the PSE, as described in Sec. 5, is
primarily designed for numerical processing. It also only has limited string processing
functionality, and is not able to communicate using the MAI server protocol. To deal
with this problem, an intermediate C++ application was developed by Zhen Yang
called the Phase Synchrony Engine Connection Kit. The connection kit sits between
the MAI server and the PSE (see Fig. 4.5), and interfaces with the MAI server using
the MAI protocol. Any data to be sent to the PSE is then sent first to the connection
kit using the string based MAI protocol. This data is then parsed into a numerical
format (32 bit integers) and forwarded on to the xPC Target machine running the PSE
via UDP. After processing, the PSE sends the processed results (that is, the measured
phase synchrony ρ) back to the connection kit, where it is reformatted to the MAI
protocol and sent out to the rest of the MMMI. The connection kit is transparent to
the operation of the MMMI; the system operates as if the connection kit were doing
the PSE processing. While this is a slightly cumbersome workaround, the decision to
implement the PSE in the Simulink language has many benefits which outweigh the
disadvantages. Given the crucial role off the PSE in the system, the connection kit was
a necessary concession in the construction of the MMMI.

4.4.5 Music Generation Engine

The Music Generation Engine is responsible for the musical output which is played
back to the participant. This is a crucial component of the system; the measurements
of functional connectivity in the brain must be used in a meaningful way if the goal
of an interactive musical experience is to be achieved. The output of the PSE is a
scalar parameter ρ representing the measured musical processing in the musician’s
brain, at an output sample rate of 4Hz (see Sec. 6.4). This information is used to
modulate the musical output of the Music Generation Engine (MGE). The MMMI is
designed to allow the participant to concentrate on thinking musical thoughts, while the
MGE responds to these musical thought processes in a natural way. The music creation
process is transparent, in the sense that the musical thoughts of the participant directly
affect the musical output of the system. No other musical control interface (such as an
instrument or control panel) is required. (see Chp. 8)
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Chapter 5

Real-Time System Design

5.1 Real-Time Feedback in the MMMI

Music-creation interfaces can be designed for real-time or for offline use. A guitar,
for instance, is a real time interface. The musical processes associated with playing
the guitar occur as it is being played; musical thoughts and ideas can be expressed
instantaneously. There is also direct feedback: the result of playing a string is audible in
the (very small) time it takes for the sound to reach the ear. Many software sequencers,
on the other hand, are designed for offline music creation. The musical stimulus is
mapped out ahead of time by the musician, and played back upon request. The musical
creativity takes place ahead of the performance, during playback the computer is simply
following instructions.

This issue is further complicated when written music is played by a musician on
an instrument. The composer of the music certainly exercised the musical processing
power of his brain in writing the music, and this was all done prior to the music being
played. However, the performer of the music is also utilising the musical power of her
own brain in playing the music, by playing the instrument, and in adding feeling and
expression to the performance. In improvisation, these two steps are combined; the
music is conceived and played almost simultaneously by the musician.

It is important to remember what type of musical processing we are detecting in
the Phase Synchrony Engine (PSE). According to [31], the increased phase synchrony
was detected in musicians while attentively listening to the musical stimulus. What we
require, therefore, is to have the MMMI participants listen attentively to the musical
output of the MGE. Whether this information is used instantaneously or offline depends
on the objective of the interface.

As an example of an offline application, a musician’s attentive musical processes
could be logged during a MMMI operation, and afterwards compared with the musical
stimulus. Such an experiment may provide interesting insights into the way that certain
characteristics of the music affect the musician’s attention. Indeed, the relationship
between the variation in the music, and the ebb and flow of the listener’s musical
attention, is not well understood. This question has implications for composers, who
are seeking to write music which connects with the listener on some level.

However, the stated focus of the MMMI is on the real-time interaction between the
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musical stimulus and the musical attention of the musician. We therefore require output
of the PSE to affect the MGE output straight away. This decision has implications for
the design of the MMMI. In particular, all the components only have a finite amount
of time to do their ‘work’, otherwise some components of the system will begin to
lag behind others, and this de-synchronisation has unacceptable consequences for the
MMMI as a real-time interface.

The primary job of the MAI server is to maintain synchronous communication
amongst the separate processing modules of the MMMI. The operation of each system
component requires a non-zero amount of time, and this introduces latency into the
system. This latency may be caused by the processing time required in calculations,
the time taken for packets to traverse the network, or necessary delays introduced by
the processing algorithms themselves. In designing a real-time system, these latencies
must be anticipated, and accommodations must be made to ensure the system remains
synchronised and on time.

Hard real-time describes the requirement that certain processes occur at a specified
absolute time. In the MMMI, however, this is not strictly necessary. What is necessary
in the MMMI is synchronisation. If, for example, the PSE becomes desynchronised to
the EEG input stream, then the phase synchronisation in the EEG data stream may
become impossible to detect. The various components must be aware of their operation
relative to the other components in the system, so that synchronous communication
may be maintained.

5.2 Simulink and the Phase Synchrony Engine

The PSE is written in the Simulink modelling language, which is part of the Matlab

package by the Mathworks [47]. As mentioned in Sec. 4.4.3, Simulink is a graphical,
block-based environment for matrix manipulation and simulation of dynamic systems.
Low level component ‘blocks’ can be connected together to emulate the structure of
complex systems. Such a collection of blocks is known as a model, and this is the
standard filetype for Simulink. Given appropriate initial conditions, these models can
then be run, and the results of the simulation can be analysed. Simulink allows users to
test and analyse complex systems without having to physically build them. It is widely
used in the fields of digital signal processing and control engineering [52]. The Simulink
environment is also used in the Plymouth musical BCI project, the BCMI [25].

One advantage of Simulink is the wide variety of add-on ‘toolboxes’ available for
the software. These toolboxes add a variety of domain specific blocks to those in the
standard library. The Signal Processing Blockset provides signal processing function-
ality, such as the FFT and digital filtering, to the Simulink package. This blockset is
utilised heavily in the PSE.

The obvious disadvantage with using Simulink in the PSE is the cost: Simulink
is a commercial product, and, particularly once the necessary add-ons are purchased,
the licence is expensive. For this reason, implementing the PSE algorithms in a low
level language such as C++ (the same as the MAI server) was considered. However,
expressive power of Simulink in DSP applications provides benefit’s which justify the



§5.3 Real-Time Simulink 31

expense. The choice of Simulink greatly reduced the development time of the PSE,
allowing it to reach maturity in the short period of the Honours year.

5.3 Real-Time Simulink

The Simulink environment was initially developed as an environment for offline sim-
ulation. While the various toolboxes and add-ons extend it’s functionality to other
problem domains, a simulation oriented design approach is still evident in some as-
pects of Simulink operation. In particular, the Simulink model in use has no concept
of absolute time; it simply executes as fast as the hardware will allow. In a simulation
environment, this is ideal; simulating the operation of a complex system for 24 hours
of simulation time, for example, may only take five minutes of real time. This is one of
the benefits of running such simulations, as the long term behaviour of a system can be
determined far sooner than is possible by actually building the system and monitoring
its behaviour over time.

This becomes a problem, however, when Simulink is dependent on data from an
external source, such as is the case in the MMMI. If the hardware running the Simulink
model is too powerful, the Simulink model will ‘run ahead’ of the data input, resulting
in a buffer underrun. Similarly, if the hardware is not powerful enough, then the
Simulink model will not be able to keep up with the data inflow, and a buffer overflow
will result. While, in theory, if the hardware is perfectly matched to the task at hand,
the devices may stay synchronised, it is very difficult to achieve this in practice and it
is an unacceptable solution to the MMMI problem.

As mentioned in Sec. 4.3.2, an attempt was made at achieving synchronous MMMI
operation with Simulink, with no success. Simulink’s ignorance of absolute time proved
too large a hurdle to synchronous operation. As the PSE is an integral component of
the MMMI, a solution to the synchronisation problem was found in a Simulink add-on
called xPC Target [53].

5.4 xPC Target

Simulink is by default an interpreted, rather than a complied, language. Once the
model is constructed, the simulation can be performed by clicking a button in the IDE.
However, for increased performance, it is also possible to generate C code from a given
model. This generated C code can also be generated for a specific hardware platform,
including many embedded devices. The C code generation procedure for the PSE is
performed with a Simulink add-on called the ‘xPC Target’ toolkit.

The xPC Target toolkit allows the creation of a boot disk containing a special,
lightweight operating system developed by the Mathworks specifically designed for
running Simulink models. Upon booting any x86 computer with this boot disk, the
computer then becomes a ‘target’ box for the Simulink process running on a ‘host’
computer. Optimised C code for a given model is then built by the host computer
and downloaded to the target computer via a network connection. The purpose of



32 Real-Time System Design

this special xPC Target OS is to allow the execution of the Simulink model in hard
real-time.

Using xPC target, then, the PSE would execute its processing at the known sample
rate of the input. This prevents the PSE ‘running ahead of itself’ and causing the
buffer underrun problems experienced in early tests. The PSE input uses a polling
procedure to receive EEG datagrams from the Connection Kit (see Sec. 4.4.4). Since
the input rate of the incoming data is known (the 2048Hz EEG signal), the PSE is
set to perform its processing at the appropriate rate (see Fig. 5.1). Testing has shown
no significant packet loss between the PSE and the rest of the MMMI when using this
procedure.

EEG

EEG
EEG

EEG

EEG

EEG

EEG

data arriving 
over network

(with jitter)
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e Port
Buffer PSE

regular time 
intervals
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hard real-time

Figure 5.1: The Simulink PSE polling the input port buffer in real-time

The completed PSE is a Simulink model consisting of approximately 200 blocks,
which is reproduced in Appendix A. This is then compiled to C code and executed on
a target PC running the xPC Target OS during MMMI operation. The host PC is an
Intel Core 2 Duo 2.13GHz with 2GB RAM. The target computer, which actually runs
the PSE, is an Intel Pentium 4 2.4GHz with 512MB RAM. This hardware setup has
proved sufficiently powerful to run the PSE in real-time.



Chapter 6

Phase Synchrony Engine Design

6.1 Signal Input and Initial Processing

The Phase Synchrony Engine takes, as input, 16 channels of EEG activity at a sampling
frequency of 2048Hz. By comparing the degree of phase synchrony between all the EEG
channels, the PSE obtains a global (that is, over the whole mesh of electrodes) measure
of phase synchrony in the neural signal, denoted by ρ (see figure 6.1). This measure
is normalised to be between 0 and 1, with a value of 0 corresponding to no phase
synchrony in the neural signal and a value of 1 representing totally phase coupled EEG
channels.

Phase 
Synchrony 

Engine

EEG ρ

Figure 6.1: Information flow through the PSE

As a first processing step, the PSE uses a 30Hz - 50Hz bandpass filter to isolate
the gamma band activity in the EEG signal, which is the frequency band of interest
in measuring the musical processing in the brain. The filter used is a FIR Equiripple
bandpass filter (ωc1 = 30Hz, ωc2 = 50Hz) of order 130. The magnitude and phase
response of the filter are shown in Fig. 6.2. This filter was chosen because of it’s
linear phase response, and therefore the group delay is constant. The constant group
delay minimises the phase distortion caused by the filtering process. The filter merely
induces a delay on a narrowband signal. The important relative phase relationships in
the signal are preserved.

The raw EEG signal is downsampled after filtering, and the bandpass filter also
acts as an anti-aliasing filter. The sampling theorem then dictates that the largest
resolvable frequency in a sampled signal is equal to half the sampling frequency. To
represent the signal components up to 50Hz, the sampling rate for the neural signal
must be at least 2 × 50 = 100Hz. The EEG input sample rate of 2048Hz far exceeds
the requirements of the system, and this unnecessarily high sample rate increases the
cost of the processing in the PSE. The EEG input signal is therefore downsampled to
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Figure 6.2: Gamma-band filter response

128Hz for processing in the PSE. The bandpass filter has significant attenuation at
64Hz, ensuring minimal aliasing distortion caused by the downsampling of the signal.

(a) EEG electrode placement (b) The cap in action

Figure 6.3: The Biosemi EEG cap

Each of the 16 EEG channels represents the signal from a given electrode in the
EEG cap. The location of the EEG electrodes is shown in Fig. 6.3(a). In the PSE, we
wish to detect the degree of phase synchrony between the various EEG channels. The
higher the degree of phase synchrony between the channels, the greater the functional
connectivity in the brain.

The PSE takes a window-based approach to measuring the amount of synchrony in
the EEG signal. Each EEG channel is buffered into sequential length N signal windows
as shown in Fig. 6.4. The phase synchrony between all the EEG channels is measured
for that particular signal window. The output rate of the PSE is then governed by the
window length
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PSE output rate =
EEG sample rate
window length

These signal windows can also be ‘overlapped’, to increase the output rate of the
PSE. The window overlap parameter (the number of consecutive windows a given
sample appears in) can be tuned to allow real-time operation on a given hardware
platform. The PSE uses length N = 128 (corresponding to a window length of one
second) signal windows with a 4× overlap, a configuration which has allowed real-time
operation on the MMMI hardware.

There are two stages to the task of determining the phase relationship between two
length N signal segments

1. The PSE must determine the phase evolution of the signal segments

2. The PSE must compare the phase of the two segments to determine the synchro-
nisation degree

The next two sections discuss each of these stages in detail.

6.2 Phase Estimation

Consider the discrete time length N signal segment

xexp[n] = ejωn for N = 0 . . . N − 1

xexp[n] is a complex exponential with frequency ω. The value of xexp[n] over one period
with ω = π/3 is shown in Fig. 6.5. The phase of a complex sinusoid is well defined,
and is given by

φexp[n] = arg(xexp[n])

= arg(ejωn)

= ωn (mod 2π) (0 ≤ φ[n] ≤ 2π) (6.1)

Determining the phase of a a general signal segment x[n], however, is not so straight-
forward . For a non-periodic signal segment, such as the EEG segment in Fig. 6.6, it
is not immediately clear what is meant by the phase of the signal. How, then do we
determine the phase relationships between EEG signal segments in the PSE?

Any length N signal segment x[n] can be represented as a sum of complex exponen-
tial components using the Discrete Fourier Transform (DFT) synthesis equation [54]

x[n] =
1
N

N−1∑
k=0

X[k]ej(2π/N)kn (6.2)

Each of these complex exponential components has a well defined phase given by 6.1.
However, if x[n] is real, as is the case with the EEG signal segments, then the DFT is
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conjugate symmetric, that is

X[k] = X∗[((−k))N ]

= X∗[N − k] for 1 < k < N (6.3)

(6.4)

where ((−k))N denotes k modulo N . For a real signal, then, we can write the DFT
equation 6.2 as

x[n] =
1
N

N/2−1∑
k=0

X[k]ej(2π/N)kn + X[N − k]ej(2π/N)(N−k)n

=
1
N

N/2−1∑
k=0

X[k]ej(2π/N)kn + X∗[k]e−j(2π/N)kn (6.5)

Each complex exponential term in the first sum in equation 6.5 is a complex conjugate of
a term in the second sum. When these complex exponential terms are added together,
the phase cancellation results in a purely real signal x[n]. The phase information
associated with each of the complex exponential components is then lost, the phase of
x[n] (being real) is either 0 (if x[n] > 0), −π (if x[n] < 0) or undefined (if x[n] = 0).

One approach to this ‘phase masking’ problem involves the construction of the so-
called analytic signal. For a given real signal x[n] the associated analytic signal z[n] is
defined such that

Re{z[n]} = x[n], Z[k] = 0 for N/2 < k < N (6.6)

In continuous-time, the analytic signal z(t) is so named because it is an analytic func-
tion of the variable t. Analytic functions have other nice properties such as continuous
differentiability, and both real and complex analytic signals are well understood (see,
for example, [55]). In discrete-time, however, many of these properties are no longer
well defined, however the name analytic signal is still used to express the connection
to the continuous-time case.

Since Z[k] is zero for N/2 < k < N , Z[k] is only conjugate symmetric in the trivial
case Z[k] = 0 ∀k. The analytic signal z[n] is therefore, in general, complex. We can
then write

z[n] = zr[n] + jzi[n] (6.7)

where zr[n] and zi[n] are real and represent the real and imaginary parts, respectively,
of the analytic signal. Now, by the linearity of the DFT,

Z[k] = Zr[k] + jZi[k]

= X[k] + jZi[k] (6.8)

where in 6.8 we have used the fact that Zr[k] is the DFT of the real part of z[n], which
is equal to x[n] by construction. Furthermore, since zr[n] is real, by the symmetry
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property (6.3)

Zr[k] = X[k] =
1
2

[
Z[k] + Z∗[N − k]

]
(6.9)

Since Z[k] = 0 for N/2 < k < N , Z[k] and Z∗[N − k] only overlap at k = 0 and
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Figure 6.7: The DFT overlap between Z[k] and Z∗[((−k))N ]

k = N/2. This is shown graphically in Fig. 6.7, although for clarity only the real part
of Z[k] is shown. Furthermore, Z[k] = Z∗[N − k] for k = 0 and k = N/2. Z[k] can
therefore be completely recovered from 6.9

X[k] =
1
2

[
Z[k] + Z[0]δ[n] + Z[N/2]δ[n−N/2]

]
(6.10)

Because x[n] is known, we can evaluate X[k] using the DFT analysis equation

X[k] =
N−1∑
k=0

x[n]e−j(2π/N)kn (6.11)

Rearranging 6.10, we can express Z[k] in terms of the known quantity X[k]

Z[k] =


X[k], for k = 0, N/2
2X[k], for 0 < k < N/2
0, for N/2 < k < N

(6.12)

From Z[k], we can construct the analytic signal z[n] using the DFT synthesis equa-
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tion 6.2

z[n] =
1
N

N−1∑
k=0

Z[k]ej(2π/N)kn

By imposing the constraints 6.6 on the analytic signal, the relationship between Z[k]
and X[k] is explicitly determined. This type of constraint-based relationship is called
a Hilbert Transform relationship, and these relationships occur often in signal pro-
cessing [56]. Computing the analytic signal z[n] in the PSE is therefore a three step
process:

1. Calculate X[k] from x[n] using the DFT analysis equation 6.11

2. Construct Z[k] from X[k] using the relationship given in 6.12

3. Produce z[n] from Z[k] using the DFT synthesis equation 6.2

Each of these DFT evaluations can be implemented efficiently in Simulink using the
Fast Fourier Transform (FFT). The PSE Simulink model is shown in Appendix A. The
phase of the analytic signal is easily determined,

φ[n] = tan−1

(
Im{z[n]}
Re{z[n]}

)
(6.13)

Because the input signal x[n] is not necessarily periodic, the phase φ[n] is meaningful
only in the statistical sense. However, the phase information can be used effectively to
quantify the degree of synchrony between between two signal segments, as we shall see
in the next section.

6.3 Characterising Phase Synchrony

Once the phase evolution of a signal segment φ[n] is determined, we wish to characterise
the phase relationship between two signal segments xa[n] and xb[n] (with 0 ≤ n ≤
N − 1).

Firstly, we use the procedure described in the previous section to obtain the phase
information φa[n] and φb[n]. To do this, we first compute the phase difference between
the two signals over the whole signal window.

φa,b = ARG(φa[n]− φb[n]) (6.14)

where ARG(θ) represents the principal value of the argument (−π < ARG(θ) ≤ π).
Two signals are phase-locked if they satisfy the condition

φa,b[n] = constant ∀n (6.15)

Two signals xa[n] and xb[n] satisfying the condition 6.15 are said to be synchronised in
phase. It is important to note that this condition places no constraints on the signal
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amplitudes |xa[n]| and |xb[n]|. For noisy signals, this condition is weakened [57] to

c1 < |φa,b[n]| = c2∀n (c1, c2constant) (6.16)

In the noisy case, the phase difference is no longer necessarily constant, but must fall
in some range given by c1 and c2.

In general, the two signals xa[n] and xb[n] may be perfectly phase coupled, com-
pletely phase independent, or they may lie somewhere in between (containing both
phase-locked and independent components). The job of the PSE is to quantify the
degree of phase synchrony between the signals. To do this, we examine the distribu-
tion of the absolute value of the phase difference φa,b[n] over the whole signal window,
specifically the set

Φa,b = {|φa,b[n]| : 0 ≤ n ≤ N − 1} (6.17)

If the phases of the two signals are correlated, then the distribution of phase difference
values in the set Φa,b will show a strong peak around the absolute value of the phase
lag between the two signals. If the phases of the two signals are uncorrelated, their
difference will be distributed uniformly.

One measure off the ‘spread’ of Φa,b is given by the Shannon information en-
tropy [58]. To calculate the entropy, we must first estimate the underlying distribution
of Φa,b. The simplest way to do this is to divide the range of Φa,b (that is, 0 to π) into
P bins, and the probability pi associated with each bin is given by the proportion of
Φa,b values falling in the ith bin

pi =
|{θ ∈ Φa,b : (i−1)π

P ≤ θ < (i)π
P }|

N
(6.18)

In the PSE, P = 2 ∗ log N bins are used, which is the same as in Bhattacharya &
Petsche [31]. The entropy of the distribution is then given by

H(Φa,b) = −
P∑

i=1

pi ln(pi) (6.19)

The entropy value is normalised to a value between 0 (representing no phase synchrony)
and 1 (representing perfect phase synchronisation) to give the synchronisation index
ρa,b

ρa,b =
Emax − Φa,b

Emax
(6.20)

where Emax = ln(P ) is the maximum entropy of the distribution.

In the PSE, we wish to calculate an overall measure of phase synchrony in the
brain. The procedure described up to this point is only suitable for determining the
phase synchrony index ρa,b between two EEG signal epochs xa[n] and xb[n]. The overall
synchronisation index ρ is given by the average pairwise synchronisation index over all
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possible EEG channel pairs, that is

ρ =
∑16

a=1

∑16
b=a+1 ρa,b

120
(6.21)

The quantity ρ is then an overall index of the degree of phase synchronisation in the
EEG signal, which was the desired output of the PSE. The complete process is shown
in Fig. 6.8.
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Figure 6.8: The components of the PSE algorithm

6.4 Algorithmic Complexity

As mentioned in Sec. 5.1, it is necessary for the PSE to calculate this neural synchrony
index ρ in real time. As the length N signal segments are processed by the PSE
algorithm, this processing must be completed before the next signal segment arrives
for processing. If the PSE processing is not completed in the available time step the
PSE will ‘fall behind’ and will not be able to catch up, resulting in a buffer overflow.

The PSE operates on one signal window at a time, and each each window contains
16 length N signal segments, one for each EEG channel. For a given window, the most
computationally expensive parts of the PSE algorithm are the FFT (equation 6.2) and
the pairwise entropy calculation (equation 6.21). The time complexity of the FFT
algorithm is [59]

O(N log N) (6.22)

The number of different pairs of EEG channels can be seen as the handshake problem
in disguise. There are the same number of distinct EEG channel pairs as there are
possible unique handshakes in a group of people. For M EEG channels, the number of
pairs of channel windows which must be compared to estimate the synchrony index is
therefore [60]

M(M − 1)
2

, which is O(M2) (6.23)

Comparing the complexity expressions 6.22 and 6.23, it is clear that the cost of the FFT
will ultimately dominate if M < log N , while the synchrony estimation will dominate if
M > log N . However, given the practical nature of the PSE system, we are interested
not only in the asymptotic behaviour of the algorithm, but also in the absolute time
complexity for given values of N and M . The exact multiplicative constants associated
with (6.22) and (6.23) depend on the implementation of the algorithms on the PSE
hardware, and as such are difficult to compute. In the PSE, the number of EEG
channels M is fixed at 16, and a one second signal window dictates a value of N = 128
due to the downsampled input signal at 128Hz.
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The other factor to consider in the performance of the PSE is the amount of signal
window overlap. The PSE calculates one ρ value per window. By increasing the amount
of overlap, the output frequency of the PSE is increased, at the expense of an increase
in the number of numerical operations per second. This window overlap parameter can
be used to tune the PSE for real-time performance. In the PSE, with M and N fixed
as described above, a 4× window overlap has provided real-time performance in the
MMMI. The output sample rate of the PSE is the product of the window length and
the window overlap factor. The output sample rate is therefore 1× 4 = 4Hz.
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Chapter 7

Phase Synchrony Engine Testing

7.1 Testing with Artificial Data

Using the procedure described in Chp. 6, the PSE provides a measure ρ of the degree
of synchrony in the input EEG signal. Verifying the accuracy of the PSE is difficult,
because it is not known apriori what the value of ρ should be. To test the PSE, it is
necessary to construct an artificial signal with phase synchrony characteristics which
are known, and can be compared to the output of the PSE.

This validation approach is adopted in a 2006 paper published in Physical Review
Letters, entitled Quantitative evaluation of linear and nonlinear methods characteriz-
ing interdependencies between brain signals [41]. In this paper (which shall hereafter
be referred to as the QE paper), several approaches to the phase synchrony detection
problem in the literature were quantitatively compared using artificial test data. Fur-
thermore, one of the approaches tested uses a similar technique to the PSE to detect
neural synchrony (we shall refer to this technique as PRL for Physical Review Letters).
The PRL performance on the QE artificial test data is given in the paper, and these
results provide meaningful benchmark data for the PSE. While the testing in QE was
performed offline, a comparison with the PSE is an excellent test of the validity of the
real-time approach adopted in the PSE.

7.2 Phase Coupled Systems

S1 X1

X2S2

x1[n]

x2[n]

Phase
Synchrony
Engine

ρ

Figure 7.1: Test data system structure

The test data used in QE and which we shall use to test the PSE is based on a

45
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simple, two-source system (see Fig. 7.1). Two sources, S1 and S2 generate data with
independent phase profiles. These sources are detected by two sensors, X1 and X2,
producing signals x1[n] and x2[n]. The output of source S1 is present in both x1[n]
and x2[n], while the output of source S2 is present in x2[n] only. The influences shown
in Fig. 7.1 do not necessarily indicate simple linear mixing of the two sources at X2,
merely that the signal x2[n] is influenced by both S1 and S2. The influence of each
component is governed by the coupling parameter c.

There are many ways to model this influence mathematically. In one model used
in QE, the parameter c determines the degree of phase synchronisation between two
generated narrowband signals x1[n] and x2[n]. Four lowpass filtered (cutoff frequency
0.1Hz) white noises F1, F2, F3 and F4 are used to generate the signals

x1[n] = A1 cos(2πf0n + φ1) (7.1)

x2[n] = A2 cos(2πf0n + c1φ1 + (1− c1)φ2) (7.2)

where

A1 =
√

F 2
1 + F 2

2

A2 =
√

F 2
3 + F 2

4

φ1 = tan−1

(
F1

F2

)
φ2 = tan−1

(
F3

F4

)
The generated narrowband signals have a fundamental frequency centered at f0. In
testing the PSE, a value of f0 = 40Hz was used so that the generated signal would lie
in the 30Hz - 50Hz gamma frequency band (the frequency band to which the PSE is
sensitive). The phase relationship between the generated signals is dependent on the
parameter c in equation 7.2. When c = 0, the phase of the two signals x1[n] and x2[n]
is completely determined by the independent quantities φ1 and φ2 respectively. When
c = 1, the phase of both signals is determined by φ1, and the phase is the same for
both signals. When 0 < c < 1, the phase of x2[n] is only partially determined by the
phase of x1[n]. By varying the parameter c, we can vary the degree of phase synchrony
between the two signals as shown in Fig. 7.2. Notice that the quantities A1 and A2,
which govern the amplitudes of x1[n] and x2[n], are independent. This is important for
measuring functional connectivity in the brain: we wish to detect a phase relationship
between two signals even if their amplitude is uncorrelated [61].

It is important to note that this test model is not physiologically accurate. The
system described in Fig. 7.1 and in equations (7.1) and (7.2) is not designed to accu-
rately model the neural activity associated with functional connectivity in the brain. It
is designed, rather, to allow the generation of signals with a known phase relationship,
and this is extremely useful for testing phase synchrony detection methods such as the
one used in the PSE. The lack of a neurological basis for the model does not diminish
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Figure 7.2: The effect of the coupling parameter c on the phase terms for c = 0.1 (weak
synchrony) and c = 0.9 (strong synchrony)
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it’s usefulness as a test mechanism [62].

7.3 Quantitative Evaluation of the Phase Synchrony En-

gine

The test procedure used in QE involves generating paired signals x1[n] and x2[n] with
equations (7.1) and (7.2). The sampling frequency of the generated signals is 2048Hz,
the same as the EEG input sampling frequency (see Sec. 6.1). The generated signals are
each ten minutes (600 seconds) in length. Multiple pairs of test signals are generated
with coupling degree c ranging from 0 to 1 in increments of 0.1. Each pair (for a fixed
c) of signals is processed by the PSE in it’s entirety. For a 600 second long input signal,
the PSE will process 600× 4 = 2400 ρ values (one second windows with a 4× overlap).
The mean and variance of these output ρ values are then are then calculated.

As mentioned in Sec. 7.1, a ‘phase difference entropy’ based phase synchrony de-
tection technique (PRL) similar to the one used in the PSE was also tested in the QE
study, and the results are provided in the paper. The performance of the PRL systems
is used as a benchmark for the PSE in determine if the PSE generates correct output.
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Figure 7.3: Artificial test data results

The performance of the ideal phase synchrony detection system (ρ = c) is shown
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as a blue line. The performance of the PSE is plotted in red, while the performance
of the PRL method used in QE is plotted in green. The standard error over the ten
minute test signal is also shown.

Clearly, both systems fall short of the ideal performance. For independent signals
(c = 0), both the PSE and PRL systems overestimate the degree of synchrony between
the test signals (ρ > c). As c increases beyond 0.2, both systems begin to underestimate
the degree of synchrony between the signals (ρ < c). The response of both the PSE
and PRL is monotonic, so an increase in phase coupling c cannot lead to a decrease in
detected synchrony ρ or vice versa. This is important because it shows that as c varies,
both the PSE and PRL will accurately detect the direction of the change, even if the
amount of change may have some error.

For 0.1 ≤ c ≤ 0.6, the response of both the PSE and PRL is equal to within the
standard error in the calculation. As c increases past 0.6, the PSE becomes less sensitive
that the PRL. The probable reason for this is due to the phase distortion introduced in
the gamma-band filtering stage of the PSE (see Sec. 6.1). The group delay of the filter
introduces a phase-lag in the phase information extracted by the PSE. As c increases,
the phase difference changes more quickly, and a greater change in phase can occur in
the fixed time lag introduced by the filter. The PRL system does not suffer from this
problem, because the system is interested in any phase-synchronous activity rather
than in a specific frequency band, so the bandpass filtering step is not required.

The results in Fig. 7.3 are pleasing for the PSE, they are acceptably close to the
benchmark PRL results from the QE paper. For use in a real-time music generation
interface such as the MMMI it is the changes in phase synchrony over time which we
are interested in, and the PSE is well behaved with regard to changes in the phase
synchrony parameter c.

7.4 Further Testing

The artificial test data given by equations (7.1) and (7.2) can also be used to test
individual components of the PSE algorithm. To test the analytic signal generation
procedure, we can examine if the constraints (6.6) are satisfied. By (6.6), the input
signal x[n] and the real part of the generated analytic signal z[n] should be equal.
In Fig. 7.4 their absolute difference (plotted in the bottom axes) is shown for a 500
sample period, and is less than 3 × 10−16 for the entire period. If this difference is
considered the processing noise introduced by the PSE, then the signal-to-noise ratio
is approximately 1015, an excellent result.

The other half of the constraint (6.6) is the requirement that Z[k] = 0 for N/2 <

k < N . The magnitude FFT of the original signal (X[k]) and the analytic signal
(Z[k]) is shown in Fig. 7.5. Again, the negative frequency components (−π < ω < 0)
of Z[k] are clearly removed, while the positive frequency components (0 < ω < π)
are unaffected. The analytic signal conditions (6.6) appear to be fulfilled. These tests
further support the validity of the PSE algorithm.
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Figure 7.4: Testing the validity of the generated analytic signal
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Figure 7.5: Log magnitude FFT for original and analytic signals
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Chapter 8

Music Generation

8.1 Music Generation Environment

Generating music based on the output of the PSE is a very open-ended task, and
a great deal of musical domain knowledge can be used. The generated music must
be musically interesting to engage the participant’s attention. The MGE output is
therefore not deterministic, and stochastic processes are utilised extensively to ensure
the stimulus is constantly changing, even if ρ remains constant. The MGE is, in essence,
a set of rules which govern this stochastic music generation (Fig. 8.1). Designing these
rules is an artistic endeavour, because the rules ultimately dictate the artistic merit of
the generated output.

Music 
Generation 

Engine

ρ

Figure 8.1: Information flow through the MGE

One of the key goals of the MMMI is for the musician to feel that their musical
attention affects the musical stimulus in some meaningful way. The musical output
of the MGE must therefore vary along some characteristic dimension. This dimension
can then be paramaterised by the index of neural musical processing, ρ. In the MMMI,
the MGE output varies in note density, that is, the number of musical events (notes)
per unit of time. Note density has been shown to influence the amount of tension
perceived in music [63]. Note density is a relatively simple concept to encode in a
stochastic music generation engine, the likelihood of a note being played can be simply
made proportional to ρ. For a fixed value of ρ the actual note density of the output will
vary with time, but the expected value of the note density remains constant. Exactly
how the parameter ρ influences the note density of the music is described in Sec. 8.2

The MGE has been implemented in the impromptu environment developed by
Andrew Sorensen [64]. Impromptu is an interactive programming environment for
real-time music creation based on the Scheme programming language, a Lisp dialect.
Musical structure is defined in accordance with the MIDI protocol [65], where in-
dividual notes are well defined events, with associated pitch, duration and loudness
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values. impromptu also features accurate temporal scheduling, allowing note events to
be scheduled for playback at the appropriate time.

As a functional language, Scheme is naturally suited to recursion. impromptu allows
temporal recursion, in which the callback time of a recursive function can be specified.
A function can be defined to, say, schedule one bar of music for playback. After the
notes have been scheduled, the function can then schedule itself to be called again
after a delay of one bar. The function, upon callback, will then schedule the notes
of the bar again before rescheduling itself for callback again. This technique makes
impromptu ideal for generating repetitive music, such as dance music. Of course, the
bar of music to be played can also be changed before callback, allowing impromptu to
produce dynamic, time-varying music as well.

A MIDI stream from impromptu contains musical control information only, it is not
an audio signal. MIDI control information must be processed by a synthesiser, which
turns the MIDI information into sound. The synthesisers can be either hardware or
software based, and in the MGE the synthesiser used is the Logic Studio package by
Apple R© [66]. The synthesiser output is played back to the MMMI participant in the
sound cuboid (see Fig. 4.3).

8.2 Musical Aesthetics

The MGE output consists of four different instrumental agents: a Drum Agent, Bass
Agent, Keyboard Agent and Lead Agent. Each of these musical agents is played
back using a synthesiser sound designed to emulate the corresponding real instrument
(drums, bass guitar, keyboard or lead guitar). The MGE generates music on a bar-
by-bar basis, scheduling one bar of music at a time. Each instrument has their bar
generated in advance, and impromptu then schedules and plays back the bar through
the Logic Synthesiser. The bars are designed to be somewhat persistent; each instru-
ment does not completely change every bar. In fact, the likelihood of any instrument
changing their bar to be played is proportional to ρ. Low values of ρ decrease the
likelihood of a given instrument changing the bar of music to be played. This results
in music which is repetitive, and evolves slowly over time. High values of ρ, on the
other hand, cause the musical output of each instrument to change more frequently.
The musical output of a high ρ system is therefore much less stable, and the musical
output is much more dynamic. This also provides a clear difference in the generated
music along the ρ continuum.

There are three different aesthetic aspects to the musical output of the MGE.

• The Rhythmic structure of the musical output

• The Harmonic structure of the musical output

• The Dynamic structure of the musical output

The aesthetic aspects of the generated music are governed by the behaviour of the
different musical agents. The inter-agent interaction has been designed to resemble
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the dynamics of a conventional four-piece band. The music generation algorithm used
in the MGE allows the agents to influence each other in the three structural aspects
described above (this influence is shown in Fig. 8.2). This co-operation allows the
agents to produce coherent musical stimulus.

Drums

Bass

Keys Lead

Rhythymic Influence

Harmonic Influence

Figure 8.2: Aesthetic influences in the MGE

8.2.1 Rhythmic and Dynamic Structure

The musical output of the PSE is generated one musical bar at a time. The rhythmic
structure of the music concerns the temporal relationships between the notes of the
bar. As in a real band, the Drum Agent governs the rhythmic structure of the bar for
all the MGE agents.

Each bar of drums generated by the Drum Agent is a sequence of drum hits, known
as a groove. The hits can be either a kick drum hit, a snare hit or a cymbal hit. The
hits can occur in 16th note steps, that is, 16 hits to a bar. In generating a new groove,
the Drum Agent starts with a set of hits which constitute a basic groove. This initial
groove is then iteratively built upon to generate more complex grooves. In this iterative
process, the Drum agent makes successive passes over the groove. Each time, existing
hits (seeds) in the bar spawn new hits with probability ρ. The spawned hits will occur
close to the seed hit, and is necessarily of the same hit type (the possible options
are shown in Fig. 8.3). Spawned hits can then spawn further new hits in successive
iterations. Any hit which spawns a new hit is called an active hit. The hit remains
active until it fails to spawn a new hit for the first time, it then becomes inactive. The
hit spawning process continues until there are no remaining active hits. The whole
process is shown in Fig. 8.4. Dynamically, the loudness of a spawned hit is also less
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Figure 8.3: An active hit may spawn a new hit

than its seed hit. The initial groove hits will therefore be the loudest, which provides
the musical output with a musical ‘pulse’.
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Pass 2 K S K SC S
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Pass 3

Pass 4

Final

Figure 8.4: The groove creation process

The number of hits in the final groove (which governs the note density of the musical
output) is proportional to ρ. If ρ is close to 1, the likelihood of new hits being spawned
is high, and the groove will therefore be more complex. The groove generated by the
Drum Agent also provides the rhythmic structure for the other musical agents, so the
note density of the entire ensemble is governed by ρ.
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8.2.2 Harmonic Structure

The harmonic structure of the bar is determined by the groove generated by the Drum
Agent. The Bass, Keyboard and Lead Agents, however, are tuned instruments. The
timing of the notes to be played is dictated by the groove, but the pitch of the notes
is unspecified. If the tuned instruments do not play in tune, the musical output of the
system will be dischordant and jarring. It is necessary to define a harmonic structure
to shape the output of the tuned instruments. The structure used in the MGE is called
the tonnetz (a subset of the tonnetz is shown in Fig. 8.5).
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Figure 8.5: The tonnetz

Western musical theory defines a set of musical relationships between notes which
are accepted as ‘musically pleasing’ [67]. This theory forms the basis for the harmonic
relationships present in the output of the MGE. The tonnetz is a way of representing
the 12 tones of the western musical scale first proposed by Euler in 1739 [68]. The
notes of the scale are arranged in a lattice, while musical chords are represented as
the vertices of triangles in the tonnetz. In the tonnetz, these acceptable relationships
are represented by subsets of the tonnetz structure. These regions form a basis for the
acceptable musical notes played by the musical agents in the MGE.
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The core harmonic concept in the MGE is the tonic chord pair. For a given tonic
pair (shown red in Fig. 8.5), the acceptable notes to play lie in a well defined ‘region
of consonance’. For a given tonic, any notes from the associated region of consonance
will be acceptable [69].

In the MGE, the Bass Agent determines the tonic chord for a given bar. When
a new bar is generated, the Bass Agent changes the tonic with probability ρ. If the
tonic is changed, the new tonic is determined by a random walk in the tonnetz. When
the tonic is determined, so also is the region of consonance for the Keyboard and Lead
Agents. This effectively defines a set of acceptable notes from which the notes to be
played in the current bar can be selected.

For a given bar, the three tuned instruments play a note corresponding to each hit
in the groove produced by the Drum Agent. The timing and loudness of each note is
inherited from the hit in the drum groove. The pitch is selected with a random walk
through the acceptable pitches for the given tonic. The notes selected are guaranteed
to be pleasant-sounding by the structure of the tonnetz. The note density of the tuned
instruments is the same as the drum groove, which is in turn dependent on ρ.

The note density of the output is the most noticeable difference in the musical
output for different ρ values. When ρ is close to 1 (which indicates a large amount
of musical processing), the music is frantic and rhythmically complex. When ρ is
close to zero (indicating a low amount of musical processing), the music is subdued
and sparse. The musician can, therefore, control the complexity of the music merely
by attentively listening to it. The musical responsiveness of the system is one of the
major contributions of the MMMI to the field of music creation.



Chapter 9

Status and Future Work

9.1 MMMI Status

The MMMI is ready to be used to create music. All of the components have been shown
to work properly, and real-time operation has been achieved. In informal testing, the
musical output of the MMMI has proved to be dynamic and engaging. The MMMI is
ready to allow musicians to interact with their music in a way which has previously
been impossible.

The MMMI is also in the process of being presented to the wider scientific com-
munity. A paper based on the MMMI, Mind-Modulated Music in the Mind Attention
Interface [70], has been accepted for presentation at the 2007 Australasian Conference
on Computer-Human Interaction. The theme for the conference is Entertaining User
Interfaces. The author is attending the conference in Adelaide in November to present
his work. The MMMI also features in a paper submitted for the 2008 IEEE Virtual
Reality Conference in Nevada, USA [71].

9.2 Future Work

9.2.1 User Testing

With the construction of the MMMI complete, the next stage is to test the experience
of musicians using the interface. Unfortunately, a planned user study of the interface
has not been performed due to time constraints. We wish to determine whether the
participant feels as though their musical attention is affection the musical output of
the system.

The next step in the development in the MMMI is to perform a user test. In the
planned user test, subjects will use the MMMI for two ten minute sessions. In one
of the sessions, the musical output of the system will be responsive to the musical
processes in the participant’s brain, as described in this thesis. In the other session,
the musical output of the system will vary independently of the musical processes in
the brain. The participant will simply be asked to determine which session was which.

The proposed test is deliberately simple. In a single session test, where the par-
ticipant was simply asked whether they felt that the music was responsive or not, the
participant may have been compelled to say that the musical output was responsive
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even if it was not. Because musical perception is subjective by nature, the risk of such
false positives would be great. In the proposed test, the participant knows that one of
the sessions only was the responsive session, but not which one. The test is therefore
less susceptible to false positives, and gives a clearer indication of the effectiveness of
the MMMI. The planned test is due to be carried out in the new year.

9.2.2 Migration to Open-Source Software

As discussed in Chp. 5, the PSE is built using the proprietary Simulink package from
the Mathworks. Because of this, some licensing issues have hindered the development
of the MMMI, particularly towards the end of the Honours project. Planned user tests
and further benchmarking have needed to be postponed due to the unavailability of
the Simulink licence.

For this reason, it is desirable to rebuild the PSE using only open-source software
tools. This would eliminate the licensing problems associated with Simulink develop-
ment. As a further benefit, the PSE code would be able to be released to the wider
research community, allowing neural synchrony processing to be easily implemented in
other BCI systems.

9.2.3 Further PSE and MGE Development

Because the field of Brain-Computer Interfaces is so dynamic, the MMMI is also a
work in progress. In the future, it would be advantageous to incorporate other signal
processing techniques in parallel to the PSE. This could provide a richer and more
complete picture of the elusive musical processes in the brain.

The MGE is a crucial part of the MMMI, but it is far from the only conceivable
musical mapping for the parameter ρ. It is possible, due to the modular design of the
MMMI, to insert a completely different algorithmic composition unit into the MMMI
to be driven by the measures of functional connectivity from the PSE. This would allow
musicians to ‘bring their own’ music generation algorithms, but interface with them
directly via the MMMI. This is an interesting option to be explored in the future.

9.2.4 The MMMI as a Creative Tool

Finally, the author hopes to be able to use the MMMI as a musical tool for composition
and performance. As an alternative outlet for musical creativity, the MMMI has the
potential to provide a revolutionary new way to express the musical processing power
of the brain. The prospect of interacting with music in new and interesting ways
has driven the development of the MMMI thus far and will continue to influence it’s
development in the future.



Chapter 10

Conclusion

The Mind-Modulated Music Interface shows promise. Phase synchrony in the neural
signal has been shown to be an indicator of musical processing in the brain, and the
tests described in this thesis show the Phase Synchrony Engine to be a reliable tool
for detecting phase synchrony. The use of the MMMI as a compositional tool can now
begin in earnest.

The persistence of musical expression throughout history suggests that the art
of creating music will always be practised, and the question of how music will be
created and experienced in the future is a fascinating one. In the MMMI, we have
suggested one possible direction for the future of music creation. By directly including
the mind of the musician in the music creation experience, the musical processing
of the musician is harnessed in a way which is not possible in conventional musical
instruments. Ultimately it is hoped that the MMMI can contribute not only to the
way music is experienced, but also to our knowledge of the way music is processed in
the brain.
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Appendix A

Phase Synchrony Engine Block

Diagram

The following pages contain a printout of the complete PSE as a Simulink model. The
model has several layers of abstraction, and each subsystem is shown on a separate
page.
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Appendix B

Previous MAI Projects by the

Author

Prior to this honours year of study, the author completed two smaller development
projects for the Mind-Attention Interface. These projects were each of one semester’s
duration, and assessed as a 6 unit Advanced Studies course (ASC) as part of the
Bachelor of Philosophy degree. While the work done in these projects is not used in
the MMMI, it is important to describe clearly the work which was completed prior to
the author’s Honours year to avoid confusion.

B.1 The MASE

A great deal of information can be extracted from the temporal profile of neural ac-
tivity in a person’s brain [72]. In particular, researchers have divided the neural signal
frequency spectrum up to 50Hz into five frequency bands:

δ - band (0.5 - 2 Hz)

θ - band (3 - 7 Hz)

α - band (8 - 12 Hz)

β - band (13 - 29 Hz)

γ - band (30 - 100 Hz)

The amount of power in each of these frequency bands is known to correlate with
various types of mental processing. In fact, the presence of a dominant alpha-wave in
the resting brain was first discovered in 1924 by Hans Berger [73]. These frequency
bands are relatively well understood, and have been the subject of a large amount of
study. It is therefore desirable to measure the spectral power of a given EEG in each of
these frequency bands as an initial function of the signal processing layer of the MMMI.
The goal of the project was to build a signal processing module, the Mind Attention
Spectral Engine (MASE), to perform this task in real-time.
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76 Previous MAI Projects by the Author

The author designed and built the MASE using the Matlab & Simulink package
by the Mathworks [47]. Simulink is a graphical, block based environment with domain-
specific tools available for building signal processing and control systems. The graphical
nature of Simulink means it is intuitive to learn, and it contains many high-level signal
processing routines built-in.

The spectral decomposition performed in the MASE was done using short-time
Fourier transforms (STFTs). The STFT procedure used in the MASE involves taking
short (1 second) sections of the signal, called epochs, and decomposing each epoch indi-
vidually using a FFT. The energy in each frequency band is the sum of the appropriate
terms in the magnitude FFT.

Using this procedure, the power in any given frequency band is determined for the
duration of the signal epoch. By repeatedly evaluating this procedure for sequential
signal epochs, a time-varying measure of the spectral power of the EEG signal can be
obtained.

The MASE was designed and constructed in Simulink by the author in the Semester
2 2006 ASC. As a final part of this project, the MASE was also tested using artificial
data with known spectral content. The MASE was shown to give accurate results and
also to be relatively impervious to noise. At the completion of this ASC, the MASE
was a standalone entity in Simulink, communication with the rest of the MAI had not
yet been achieved.

The MASE is not used in the MMMI. However, the Simulink model is still main-
tained, and it’s functionality is still available to other MAI projects. Given the impor-
tance of spectral analysis in many BCI design paradigms, the MASE remains a useful
part of the MAI signal processing layer.

B.2 MASE-MAI Integration

The second ASC undertaken by the author took place as part of a Summer Scholarship
offered by the DCS in the summer of 2006/2007. The aim of this ASC was to continue
the development of the MASE, and in particular to integrate the MASE into the MAI
system. This task primarily involved the construction of a interface allowing Simulink
(which the MASE is written in) to communicate with the rest of the MAI system using
the MAI communication protocol.

Data transmission in the MAI uses the UDP protocol, so a suite of custom Simulink
blocks for sending and receiving UDP messages was used to connect the MASE to the
rest of the system. These blocks were developed by Giampiero Campa, and are freely
available from the Matlab Central File Exchange [74]. The blocks await MAI data
packets on the designated UDP port, and pass this information through to the MASE
for processing.

By the end of the ASC, communication between the MASE and the rest of the MAI
system had been demonstrated. However, testing of the system revealed significant
packet loss in this communication, and the MASE output was therefore not an accurate
measure of the spectral content of the EEG signal. Further details of the problems
encountered in this project are given in Chp. 5. Although many solutions to this
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problem were attempted, the MASE was not able to be successfully integrated in the
course of the ASC.

The problem of reliable, real-time communication between the signal processing
layer tools (implemented in Simulink) and the rest of the MAI remained outstanding
at the end of the author’s ASC projects. A successful connection between Simulink
and the MAI was not achieved until the 2007 Honours course.
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Appendix C

The Mind Attention Interface

Project

There are many aspects of the MAI project which are not directly relevant to the
MMMI. This section provides background information for the interested reader.

C.1 MAI System Architecture

A great deal of the design work for the MAI software system has been done by Zhen
Yang, another member of the MAI research team, for his Master’s Thesis Infrastructure
Development for a Mind Attention Interface. The MAI software system is composed
of four layers (Fig. C.1).

Data
Acquisition MAI Server Application

Signal
Processing

Figure C.1: MAI architecture

• The MAI Server is the heart of the MAI system. The MAI server uses a custom
communication protocol based on an open source protocol called Neuroserver [49].
The Neuroserver protocol is part of the OpenEEG project, an attempt to build
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80 The Mind Attention Interface Project

an EEG system from scratch using low-cost electronic hardware. The MAI server
co-ordinates data flow between the different components of the system by keeping
a list of all currently connected components. Any component wishing to receive
data from another component can select from this list which device it wishes to
listen to. This ‘handshaking’ is performed over a TCP/IP connection for relia-
bility. The data is then transferred directly between the respective components.
The data transfer uses a connectionless multicast UDP datagram stream due to
the lower network overhead of UDP and the large bandwidth required. The job
of the MAI server is to manage these connections so that the different compo-
nents of the MAI system, distributed over a network, can operate cohesively in
real-time.

• The Data Acquisition Layer contains the devices for monitoring the physio-
logical signals of the MAI participant. The current hardware configuration of the
MAI contains a Biosemi ActiveTwo [51] digital EEG (for neural signal capture)
and Seeing Machines Facelab [75] system (for gaze tracking). The data acquisi-
tion layer includes custom drivers written for each of these devices to make their
measurement data available to the rest of the system. These drivers allow the
hardware communicate with the MAI server and the other system components
using the MAI server protocol. The system is designed to be extensible in the fu-
ture to include other devices such as an electrocardiogram (for heart monitoring)
and measurements of galvanic skin response (for measuring arousal).

• The Signal Processing Layer is responsible for high-level analysis and feature
extraction of the raw data from the data acquisition layer. This transformed
data is then available to other clients for visualisation and sonification. The sig-
nal processing later can be viewed as an ‘intermediate’ layer between the DAQ
and the application layer. Currently, all the signal processing algorithms in the
MAI are written in Matlab & Simulink [47]. This environment specialises in
the efficient implementation of signal processing and other numerically intensive
algorithms coupled with rapid development and prototyping. This signal process-
ing layer has been primarily the responsibility of the present author throughout
the development of the MAI and it’s chronology is described in Sec. B.

• The Application Layer is, potentially, the most interesting in the MAI. The
applications in this layer govern the operation of the MAI as an interface. They
must determine how the measurements of the users attention are utilised, and
how the visual and auditory feedback is to be presented to the user in the wedge.
These applications can use either the raw data from the data acquisition layer,
or higher level features from the signal processing layer, or some combination of
both. An application can be implemented using any programming language as
long as it adheres to the MAI server protocol. One convenient software option is
a package called BrainBay [76], a rapid-development environment which contains
many standard tools for BCI development. BrainBay is also a part of the Ope-
nEEG project, and as such is fully compatible with the (Neuroserver-based) MAI
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communication protocol. BrainBay is currently being used for MAI application
development by James Sheridan. Currently, there are not many completed mod-
ules in the application layer, although the MMMI can be considered a special
case of the MAI.

The layered design of the MAI allows for a great deal of design flexibility. New
devices, signal processing algorithms and applications can easily connect to the MAI
server and are ready to use in the system. The MAI architecture can therefore be used
to support other interface projects such as the MMMI. Utilising the data acquisition
layer EEG functionality already in place, development of the MMMI has been con-
centrated on the key parts of the project, namely measuring the musical processing in
the brain (its signal processing layer) and generating musical output (its application
layer). As the portfolio of MAI projects grows and diversifies, the number of tools at
the disposal of an MAI designer will also increase. The MAI therefore has the potential
to become a feature rich development suite for the next generation of natural BCIs.

C.2 Other MAI Projects

Several projects which use the MAI are already in development. Aside from the MMMI,
PhD student Jaeyong Kim and final-year Software Engineering student Torben Schou
are currently developing projects using the MAI infrastructure.

C.2.1 Measuring Immersion in a Virtual Environment

Jaeyong Kim is currently investigating the amount of presence experienced by partic-
ipants in virtual environments. Presence is defined as the psychological sense of being
there in an immersive environment [77]. Presence is typically measured subjectively,
such as having the participant move a slider while using the interface [78] or fill out a
questionnaire afterwards [79]. Recent studies have also suggested objective measures
of presence calculated from direct physiological measurements such as EEG [80].

The goal of Jaeyong’s project is to directly compare subjective and objective mea-
surements of presence in a virtual environment. Using the Wedge to display the immer-
sive environments, participants are asked to record their sense of presence in real-time
with a slider, while simultaneously having measures of their presence directly moni-
tored via EEG. This study shall have important consequences for the comparison of
other presence studies in the literature. Jaeyong’s project uses many of the modules
from the MAI, particularly for EEG acquisition and signal processing. It also involves
the creation of new data acquisition layer objects, in particular the slider for recording
user-reported presence. The MAI server allows these components to be added with
relative ease.

C.2.2 Immersive Computer Games in a Virtual Environment

Torben Schou has developed an immersive virtual world in the wedge. In particular,
Torben has incorporated the Nintendo Wiimote [81], a motion-sensitive video game
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controller and pointing device made by Nintendo, into the wedge environment. The
Wiimote has been used to control a participant’s movement around a virtual map
of the ANU. In the past, interactive virtual worlds have been created in wedge-like
setups. Torben’s aim is to design a control interface for such a virtual world which
maximises the sense of involvement and immersion experienced by the user. In the
tasks of looking and moving around in the virtual world, the Wiimote allows for a
more natural mapping than a conventional mouse and keyboard setup. This minimises
the mental overhead on the user, and increases the subjective feeling of immersion.
Initial user tests have yielded promising results regarding the intuitive nature of this
control interface.

Torben’s project does not use any direct physiological measurements in it’s control
interface. This sets it apart somewhat from the other projects in the MAI portfolio.
It is, however, concerned with the creation of a more natural interface for it’s chosen
task, and in doing so freeing the user to concentrate on exploring a virtual world rather
than struggling with basic control issues. This work may provide significant results for
further virtual reality interface design in other MAI projects, and the Wiimote is also
an interesting possibility as another interface option to the MAI.
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