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Abstract

This thesis was written as the final project of the Master of Science in Sound
and Music Computing at Aalborg University Copenhagen.

The presented work has been carried out in the Music Representations
team at IRCAM - STMS Lab in Paris, between February and May 2023.
During this stay, several applications for assisted cyber-human improvisation
have been explored, finally focusing on the co-creative generative software
Somax. New features have been researched, implemented and tested, and two
artistic residencies with well known improvising musicians has been carried
on, leading to performances in international renowned festivals.

This research brought up a number of interesting outcomes that will be
explored in a future collaboration, regarding the behaviour of autonomous
agents for human-machine improvisation as well as the extension of the artis-
tic residencies in question.
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Chapter 1

Introduction

Historically, the first digital systems for music generation were mainly based
on sets of rules coded by a programmer or a composer, to achieve certain re-
sults. Examples of this protocol are the systems designed by Iannis Xenakis
for his compositions [1], as well as Voyager by George E. Lewis [2]. In partic-
ular, the latter might be considered the progenitor of all modern co-creative
improvising systems, as it defined a model of rules to achieve high levels of
musical interaction [3].

During the years, music generation, or computer-assisted composition,
has been extended with a wide number of tools and libraries. Among these,
two of the most famous and important were developed at IRCAM [4]: Open-
Music [5] [6], an object-oriented visual programming environment for musical
composition based on Common Lisp , and Bach [7], a toolbox for computer-
assisted composition for Max/MSP [8], which among other things adapts and
integrates several concepts from OpenMusic into Max/MSP. These works
eventually helped extending the field of music generation and computer-
assisted composition with the notion of machine, or corpus-based, impro-
visation.

Machine improvisation uses computer algorithms to create improvisation
on existing music materials (corpus). This is usually done by sophisticated
recombination of musical phrases extracted from existing music, either live
or pre-recorded. In order to achieve credible improvisation in a particular
style, machine improvisation uses machine learning and pattern matching
algorithms to analyze existing musical examples. The resulting patterns are
then used to create new variations in the style of the original music, develop-
ing a notion of stylistic reinjection, a term coined in [9]. This is different from
other improvisation methods that use algorithmic composition to generate
new music without performing analysis of existing music examples [10].

Style modeling implies building a computational representation of the
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musical surface that captures important stylistic features from data. Statis-
tical approaches are used to capture the redundancies in terms of pattern
dictionaries or repetitions, which are later recombined to generate new mu-
sical data. Style mixing can be realized by analysis of a database containing
multiple musical examples in different styles. Machine Improvisation builds
upon a long musical tradition of statistical modeling that began with Hiller
and Isaacson’s Illiac Suite for String Quartet (1957) [11] and Xenakis’ uses
of Markov chains and stochastic processes [12]. Style mixing is possible by
blending models derived from several musical sources, with the first style
mixing done by Shlomo Dubnov in the piece NTrope Suite, using Jensen-
Shannon joint source model [13]. Later the use of factor oracle algorithm (a
finite state automaton constructed in linear time and space in an incremental
fashion) [14] was adopted for music by Gérard Assayag and Shlomo Dubnov
[15] and became the basis for several systems that use stylistic reinjection.

1.1 Related works

Over the past two decades, several real-time systems for machine improvisa-
tion that, to some extent, interacts or relates to a human musician have been
developed. As previously mentioned, the term machine improvisation stems
from the fact that the system has some sort of musical understanding of the
content it is performing and that the output is being generated on the fly.

Among the more impactful examples of such a system is OMax, a soft-
ware environment (Creative Agent) which learns in real-time typical features
of a musician’s style and plays along with him interactively, giving the flavor
of a machine co-improvisation. It is based on a research on stylistic model-
ing carried out by Gérard Assayag and Shlomo Dubnov [15] and a research
on improvisation with the computer by G. Assayag, M. Chemillier and G.
Bloch (also known as the OMax Brothers) [9]. OMax reinjects in several dif-
ferent ways the musician’s material that has gone through a machine-learning
stage, allowing a semantics-level representation of the session and a smart
recombination and transformation of this material in real-time [16]. As pre-
viously mentioned, during this research, the authors coined the term stylistic
reinjection to express this particular way of interacting of one’s own clone.

Several systems for human-machine improvisation have been developed
that to some extent stems from OMax. Among these are Somax [17], [18],
[19], which adds the concept of reactivity to the OMax model, allowing the
system not only to draw its material from an input, but to react to a mu-
sician in real-time, hence creating a situation of co-improvisation. Another
system, Improtek [20], adds the concept of temporal scenarios and contextual
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awareness to the model. Recently, the DYCI2 project [21] [22] was designed
with the intention to merge these three systems into a single framework and
introducting longer term scenarios.

1.2 REACH: Raising Co-creativity in Cyber-
Human Musicianship

The work carried on during this thesis is part of the framework of the Eu-
ropean Research Council (ERC) Project REACH: Raising Co-creativity in
Cyber-Human Musicianship [23], directed by G�erard Assayag, in the Music
Representation Team at IRCAM STMS Lab [24].

The research objective of this inter-disciplinary project is to model and
enhance co-creativity as it arises in improvised musical interactions between
human and arti�cial agents in a spectrum of practices spanning from inter-
acting with software agents to mixed reality involving instrumental physi-
cality and embodiment [25]. Such creative interaction strongly involves co-
improvisation, as a mixture of more or less predictable events, reactive and
planned behaviors, discovery and action phases, states of volition or idleness.
Improvisation is thus at the core of this project and indeed a fundamental
constituent of co-creative musicianship, as well as a fascinating anthropolog-
ical lever to human interactions in general.
The outline of the project unfolds as follows:

ˆ Understanding, modeling, implementing music generativity and impro-
vised interaction as a general template for symbiotic interaction be-
tween humans and digital systems (cyber-human systems);

ˆ Creating the scienti�c and technological conditions for mixed reality
musical systems' based on the interrelation of creative agents and active
control in physical systems;

ˆ Achieving distributed co-creativity through complex temporal adapta-
tion of creative agents in live cyber-human systems, articulated to �eld
experiment in musical social sciences.

The purpose of this thesis is thus to explore parts of this large research
program, analyze and summarize the state of the art in co-creative musical
interaction, improve features of existing software, experiment and prototype
with musicians and creative instruments, in order to adapt to realistic ex-
perimental and creative situations.
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Hence, this thesis will focus on Somax [26], IRCAM Music Representation
team's state of the art in the �eld of AI interaction for human-machine co-
creation. After an introduction given in chapter 1, chapter 2 will present
the theoretical model of Somax, summarizing the work done in [18], [19] and
[27]. In chapter 3 the work done to improve the real-time beat tracking of the
environment will be presented. Chapter 4 will describe the implementation
of interaction design strategies used during the artistic residencies, from the
study of physical models to generate sound synthesis, to interaction strategies
derived from the context of musical co-creativity. Chapter 5 will focus on
the artistic research work that has proved fundamental to the development
of the current version of Somax and to the success of the artistic residency
projects that have accompanied this research. Finally, Chapter 6 will present
some suggestions and ideas for future work in the �eld.
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Chapter 2

Somax Concepts

Somax is an interactive system which improvises around a given musical ma-
terial, aiming to produce a stylistically coherent improvisation while jointly
listening to and adapting to live musical input . The system is trained on
musical material selected by the user, from which it constructs a corpus that
will serve as a basis for the improvisation. Somax can use either audio or
MIDI �les as its musical material (or a combination of the two), and it is able
to listen and adapt to both audio and MIDI input from the external world.

Somax may serve as a co-creative agent in the improvisational process,
where the system after some initial tuning is able to continuously listen and
adapt to the musician in a self-su�cient manner. Of course, the input doesn't
have to come from a live musician; any type of audio and/or MIDI input
works, be it from an audio �le, score editor, synthesizer, DAW, or another
Somax player (agent). Somax also allows detailed parametric controls of its
output and can even be controlled as an instrument in its own right. Also,
the system isn't necessarily limited to a single agent or a single input source -
it is possible to create an entire ensemble of agents where the user can control
how the agents listen to various input sources as well as to each other.

The goal of this section is to provide a brief introduction to Somax and
provide the reader with the fundamental knowledge about how its interaction
model works, which in turn should serve as a basis for making informed
choices when tuning and interacting with the system. The content of this
chapter summarizes the Somax theoretical and interaction model detailed in
[19], [27] and [28].
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2.1 The Corpus and Navigation Model

As previously mentioned, the Somax system generates its improvisation ma-
terial based on an external set of musical material, the corpus. This corpus
can be constructed from one or multiple MIDI �les, or a single audio �le,
freely chosen by the user. In contrast to many other generative approaches,
the system does not construct a model that eventually is independent of
the material that was used to train it. Rather, the model is constructed
directly on top of the original data and provides a way to navigate through
it in a non-linear manner. One way of seeing this is to consider that some
�ne-grained aspects of the musical stream are somehow too complex to be
modeled, but will be preserved { to a certain extent { when weaving into this
musical material.

In order for Somax to build a corpus from given music material, the �rst
step is to segment the musical stream into discrete units or slices, which
are vertical (polyphonic) segments of the original �le, where the duration
of a slice is the distance between two note onsets.1 Each slice is analyzed
and classi�ed with regards to a number of musical features related to its
harmony/texture, individual pitches, dynamics, etc., and these features along
with the pattern structure they infer over the musical sequence will serve as
the main basis for controlling the navigation model. Thus a navigation model
is made of a musical memory (basically the corpus), plus a dynamic pattern
matching and selection scheme to navigate into memory and reconstruct a
generative signal. Slicing is illustrated in Figure 2.1 in the case of MIDI,
where the polyphony is broken down in vertical columns with ties between
notes, prior to analysis and classi�cation of the content. This representation
allows to weave back the polyphonic structure at generation time.

The procedure of mapping memory with patterns is actually repeated
for each music feature (harmony, melody etc.) in the analysis, e�ectively
resulting in a multilayer representation where each layer roughly corresponds
to one feature, i.e., one layer for harmony, one for pitch, etc.

When a musician interacts with the system, a similar process of segmenta-
tion and multilayer analysis and classi�cation is computed in real-time on the
input stream, and at each point in time the result of this process is matched
to the information in the navigation model, generating activations, or peaks,
at certain points in the sequential memory where the input corresponds to

1In non-quantized MIDI �les it is rare for any two notes that are perceived as simulta-
neous to be exactly simultaneous. Since one goal of Somax is to be able to maintain and
reproduce the original timings within slices as recorded, notes with almost simultaneous
onsets will still be grouped together in a single slice but with their internal timing o�set
preserved.
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Figure 2.1: Constructing a corpus by segmenting MIDI data into slices.

the model. Each peak corresponds to a point in the memory, so the entire set
of peaks can e�ectively be seen linearly as a one-dimensional curve over the
corpus' time axis (see Figures 2.3 and 2.4 below for examples). The peaks
in each layer are merged and scaled according to how the system has been
tuned, and �nally the output slice is selected from the sequential memory
based on the distribution of the peaks, typically at a location that is a good
match with the overall context at this particular moment.

Figure 2.2: An overview of the steps through which the system generates its
output at each given point in time.

The generated output of this process is a co-improvisation that recom-
bines existing material in a way that is coherent with the sequential logic
and statistical properties of the original material while at the same time
adapting in real-time to match the input from the musician. This is because
the multilayer peak pro�les is shaped not only by the input, but also by the
output of the navigation itself, which is called \self-listening". Self-listening
conditions its own set of layers, that combine in turn with external listening
ones. This process of attempting to balance the internal logic of the corpus
with the external logic of the musician often provides a mix of coherency and
unexpectedness in a way that convincingly gives the impression of an active
agent in the improvisational process.
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2.2 Interacting with Somax

When interacting with Somax, there are three main concepts that are im-
portant to understand: slices, in
uences and peaks.

2.2.1 Slices

A slice, as previously mentioned, is a short segment of the corpus and serves
as the smallest building block of the output of the system. The slice can be
manipulated to some extent (transposed, �ltered with regards to voices/chan-
nels, stretched etc.) but will always maintain most fundamental properties
of the original corpus.

2.2.2 In
uences

When Somax listens to a musician, this musical stream is segmented and
analyzed with respect to its musical parameters similarly to how the cor-
pus was constructed, but with a slightly di�erent set of methods to be able
to operate in real-time. The result of this process are discrete chunks of
multilayer data or in
uences, which the system uses to be able to compare
the input to the memory, where the main purpose of the in
uence is to act
as the guide that determines the output of the system. The concept of an
in
uence may initially seem like an implementation detail, but will become
increasingly important for more complex con�gurations with multiple agents
and/or multiple input sources. The main takeaway is that the system cannot
listen directly to a musical input stream, but will need to translate it into
in
uences, and that the process of tuning the listener can be a very impor-
tant factor for the quality of the co-improvisation. Thus in
uences are the
main data that circulate between the Somax agents, hence the names `au-
dioin
uencer' and `midiin
uencer' for the input modules. Typically, a Somax
Player "listens" to a certain amount of cumulated in
uences (audio inputs,
MIDI inputs, other agents' productions) and takes decisions based on these
in
uences.

2.2.3 Peaks

Finally, a peak is, again, a point in the corpus where the input corresponds
to the model, or simply a match between an incoming in
uence and a cor-
responding slice that would serve as an output candidate. Each peak has a
height, corresponding to a probability (or viability) of that particular slice
as an output candidate. Unlike in
uences (which are visible in the interface)
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and slices (which are correlated to the audible output of the system), peaks
are never interacted with directly, they're only part of the internal state of the
system, but perhaps the most vital part. Each peak e�ectively corresponds
to a slice in the corpus that could serve as an output at the current point in
time, given the latest in
uence. Having at each point in time a reasonable
number of peaks is thus vital for the quality of the output, since having no
peaks means that the output has not taken the musician's in
uences into
account, and on the opposite side, in most cases a large number of peaks
indicate that the matching is imprecise.

2.2.4 Putting all together

To put the concept of peaks in context, it is needed to brie
y explore in more
detail how the system works. While the musician is playing, Somax is at each
detected onset segmenting / analysing the input into in
uences, carrying
information about the pitch, harmony, etc. of what the musician currently is
playing. This process is carried out by agents of the system called in
uencers.
This information is routed to a player, which handles the entire process of
matching and generating output. The in
uence is routed in multiple layers
by the player, as brie
y mentioned, where each layer corresponds to one
musical dimension (e.g. harmony, melody) of the in
uence. In each layer, a
model of the corpus with respect to the particular layer's musical dimension
exists, and upon receiving an in
uence, the model will look for sequences in
the corpus that match the sequence of most recent in
uences from the input,
and, in each of those places, insert new peaks.

Figure 2.3: The process of shifting and decaying previous peaks in a single
layer upon receiving new in
uences (the process of matching the incoming
in
uence to the corpus has been omitted for clarity).
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The system is also simulating a type of short-term memory inside this
model by not immediately discarding peaks from previous in
uences, but
rather shifting them along the time axis of the memory and decaying their
height corresponding to the amount of time that has passed, followed by
merging them with the new incoming set of peaks. This means that se-
quences continuously matching several consecutive in
uences will be more
highly prioritized over others, as illustrated in Figure 2.3. Another powerful
property of this system is that it allows some form of fuzzy pattern recogni-
tion since positions that are not perfect matches at timet, can still become
good matches at timet + i , due to the propagation mechanism. Finally,
the peaks from all layers will be merged together into a single set of peaks
which the system will use to probabilistically determine which slice is the
best output candidate2. The result of this multilayer peak merging process
is an output that will not just strictly match the harmony and pitch of the
in
uence but rather improvise around the most recent history of in
uences
with regards to the corpus own structure, with both �delity and agency. In
addition, as already said, there are also two layers which listens to the output
of the player itself, as feedback layers, that can be used to balance the player's
consistency with the input with its continuity in its own performance. The
balance between the di�erent layers as well as control over the shift/decay
time of old peaks, length of sequences to match in the memories, etc. are all
available in the `somax.player.app' and `somax.player.ui' user interface.

Another important aspect of the interaction with Somax is its relation to
time. According to the user's preference, each player can be assigned to either
operate continuously in time as an autonomous agent, maintaining the pulse
and exact within-slice timings of the original corpus (while possibly adapting
to the tempo and/or phase of the input), or operate reactively, generating
output synchronously as requested by the input's events. In the continuous
case, this means that the player improvises freely over time while still taking
the in
uences of the musician into account, while in the reactive case, it
synchronizes strictly (note-by-note) or loosely (depending on tuning) with
the input. Of course, the player is in the latter mode not strictly limited to
the input from where it receives its in
uences, but could be connected to a
third source of some sort, for example any type of step-sequencer or other
generative approaches, thus giving the user multiple options for controlling
the temporal domain of the system.

2Actually, in addition to this, there are a number of parameters that scale the height
of the peaks individually with regard to a number of other musical parameters of choice,
but this is thoroughly documented in the help �les and tutorials in Max and will not be
discussed here
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Figure 2.4: The four layers of peaks corresponding to di�erent musical di-
mensions such as internal melody, internal harmony, external melody and
external harmony, being merged into one set of peaks before the �nal scaling
and peak selection. Here, all four layers are weighted equally, but it is pos-
sible to balance the contribution from each of the layers.

2.3 Somax User Interface

The user interface of Somax, which was discussed brie
y in [19], is imple-
mented in the Max [29] programming language. The user interface was origi-
nally designed as a thin client, where all of the computation is handled on the
Python server (apart from the real-time signal processing required for audio
signals used as in
uences). Being Max a visual programming language where
the default means of programming is by connecting objects using patch cords,
in most cases, the readability of a Max program is determined by how easy
it is to follow the cords throughout the program. The Somax user interface
was originally designed with this in mind to promote readability on both
micro and macro levels of the program, but is from version 2.3 using wireless
communication (send and receive ) between objects on a macro level. While
this approach to some extent obscures the readability (or at least the global
signal 
ow) of the system, the bene�ts are manifold. First of all, the archi-
tecture becomes easier for the user to extend - adding new players can be
done with a single keypress - and objects can dynamically select which other
objects to interact with without having to modify the architecture. This new
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architecture and its implications is now presented in [28] and [30].
Another purpose of this redesign is to make the system integrable into

Ableton Live. Somax can as a system be described as a function that reads
one or multiple audio and/or MIDI streams and outputs one or multiple MIDI
streams. For compatibility with Live, this has to be split into several smaller
objects based on Live's syntax of instruments (function that reads one MIDI
stream and outputs one audio stream), audio e�ects (function that reads one
audio stream and outputs one audio stream) and MIDI e�ects (function that
reads one MIDI stream and outputs one MIDI stream). Using a wireless
architecture, this goal is possible to achieve for Somax.

To accommodate these changes, the Python back-end has been updated
to drastically increase the performance when using multiple players.

Figure 2.5: Interaction model for the wireless architecture. Dotted arrow
lines denote some sort of \wireless" communication between objects while
�lled arrow lines denote their traditional UML relations (composition, gen-
eralization) and corresponding cardinality.

A simpli�ed diagram over the entire wireless system can be seen in �gure
2.5. Here we see that the only objects that do not have corresponding objects
in the Python back-end are the in
uencers. Each in
uencer is given a name
by the user, which the system ensures is unique, and this name will serve as
the address on which the in
uencer sends its in
uences to players.

The new Somax2.5 has been redesigned both as a Max application and a
Max library. Almost every object in the package has a `core' version and an
`.app' version (i.e., `somax.player' and `somax.player.app'). As their names
say, core objects are pure Max abstractions, intended for users that want to
use Somax in a fully Max-like programming style. On the other hand, .app
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objects are abstractions providing a user interface to control the parameters,
as well as other utility tools to immediately use the abstractions. They are
really wrappers around the core objects (that are still contained inside any
.app object) that provide the users instant access to a nice interaction, while
maintaining the modularity of the core objects. Only .app objects appear in
the `somax2.maxpat' application that most people will use, unless they are
skilled Max programmers and wish to build their own custom application
patch. Some of the objects have also a `.ui' version (i.e., `somax.player.ui'),
which is a compact user interface version of the core object, and that could
be used as an alternative to this one. Note that the .ui objects doesn't have
the same utilities as the .app objects, and therefore they cannot be used
as ready-to-play objects, but rather they are intended as visual feedback
alternatives to the core objects. Since .ui objects are included in .app objects
they will also serve in the following to show and explain some of the .app
user interface details. In Figure 2.6 are presented the basic objects of the
Somax application. These are:

ˆ the Server;

ˆ the Player;

ˆ the Audio In
uencer;

ˆ the MIDI In
uencer.

This is of course just one possible con�guration of the Somax objects, as
a big advantage of this application is that each object communicates with
each other in a wireless way, without the need of patch chords. In this
way it is possible to adapt the patches at one's need, and build personal
con�gurations.
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Figure 2.6: The `somax2.maxpat' included in the distribution gives access to
all the objects in the Somax application: server, player, audio in
uencer and
MIDI in
uencer.
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Chapter 3

Real Time Beat Tracking

Beat tracking is the identi�cation of a regular pulse in a piece of music,
similar to the informal task of tapping ones foot `in time' to a piece [31].
To a human, even a non-musician, this is often a trivial task that can be
achieved with little conscious e�ort. However, the automation of this process
in computer systems has proved di�cult to solve comprehensively [32]. As
Goto [33] noted, \although in the brains of performers music is temporally
organized according to its hierarchical beat structure, this structure is not
explicitly expressed in music". Developing a real time beat tracker brings up
a further challenge, since we have no access to future information. Therefore,
a causal approach is needed, where past and present information alone are
used to inform predictions of future beat locations.

3.1 State of the art research

Over the years, a wide number of di�erent approaches tried to solve the
problem of beat tracking. Among these are some of the most important:

ˆ Goto [33], presented a system that is able to recognise beats at multiple
metrical levels. The system, assuming a steady tempo and a time sig-
nature of 4/4, examines onset times, chord changes and drum patterns
in the input signal;

ˆ Ellis [34], proposed an algorithm based on dynamic programming, where
an onset strength envelope is extracted by re-sampling the input audio
to 8kHz and extracting short-time Fourier transform frames. These are
converted to an \approximate auditory" representation with 40 bands
on the Mel scale { a perceptual frequency scale. The �rst-order di�er-
ence in each band is taken and the positive di�erences summed across

15



all bands and the �nal function smoothed. From this function a global
tempo estimate for the signal is calculated from the weighted output of
an auto-correlation function. This global tempo estimate is then used
with the onset strength envelope to create a transition cost function
which in turn is used in the calculation of a recursive function with
peaks at likely beat locations [31];

ˆ Davies and Plumbley [35], introduced a system that calculates an onset
detection function based upon the complex spectral di�erence between
adjacent Fourier transform frames. The auto-correlation of the onset
detection function is then calculated and passed through a weighted
comb �lterbank. The output of this comb �lterbank has peaks at lags
that match the periodicities in the auto-correlation function and is used
to estimate the beat period (or time between beats). Analysis of the
most recent single beat period of the onset detection function is then
performed to extract the beat phase.

ˆ Finally, the models of Large and Kolen [36] and Toiviainen [37] are sim-
ilar, and address the issue of rhythm perception through a method of
adaptive oscillators (as well as the various evolutions of Large's model;
see [38]; [39]; [40]; [41]). Two key parameters describe these oscilla-
tors: their phase and period, which can adapt to allow the oscillator
to remain synchronized with the music input (represented as discrete
events). In the absence of stimuli, the oscillator continues to produce
a pulse at the current tempo. These two models di�er mainly in the
mechanism chosen to adapt their internal parameters. When a new
event arrives (a note, represented by its attack time), Large's model
instantly adapts its parameters (phase and period) according to a gra-
dient descent method; Toivianen's model, largely inspired by Large's,
introduces an adaptation function that delays the modi�cations made
to the internal parameters, which allows to take into account the du-
ration of the notes. A shortcoming of this type of model is that it is
not able to �nd the right initial values of the phase and especially of
the period. It should also be noted that these models have been used
and tested in improvisations from the beginning (see [36]; [38]; [37]).

ˆ Also worth mentioning, IRCAM has already implemented a plugin for
real time beat detection, IrcamBeat [42]. Created by Geo�roy Peeters
and developed by Geo�roy Peeters and Fr�ed�eric Cornu in the IRCAM
Analysis-Synthesis team at STMS lab, the VAMP plugin created and
developed by Pierre Guillot and Matthew Harris, o�er a set of analyses
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from the AudioSculpt 3 application, and could be loaded in the Partiels
application [43].

3.2 Implementing a new beat tracker in So-
max

As of today, Somax has an integrated beat tracker, implemented by Laurent
Bonnasse-Gahot [44]. This is based on the two di�erent models of Large and
Kolen [36] and Toiviainen [37] but its imlementation goes back to 2010 and
was speci�cally designed for Omax [15]. This implementation, in the partic-
ular context of Somax, was identi�ed as a weak point by many members of
the Music Representations team, so much so that it was not actually used in
testing and performance by any of them. In fact, Omax has a di�erent archi-
tecture, being implemented fully in Max/MSP, while Somax has a Python
back-end and a Max front-end [45], so the way the algorithm was imple-
mented in Omax doesn't really �t the internal structure of Somax. Moreover
in this new application is very important to being able to synchronize agents
(Somax players) with an external audio or MIDI in
uence, carrying some
tempo information, or even within agents, sharing tempo information and
syncing between them.

After a thorough research on existing real time beat tracking algorithm
that could potentially be included in the current version of Somax, the choice
fell on the btrack� implementation by Stark [31]. The model draws on
two existing systems: the tempo induction of the Davies and Plumbley [35]
method and the dynamic programming approach of Ellis [34]. In this section,
a brief explanation of the algorithm is given; for a full derivation see [46] and
[31].

3.2.1 Input Feature

The input feature for this beat tracking system is the complex spectral dif-
ference onset detection function (DF) [47]; a continuous mid-level represen-
tation of an audio signal which exhibits peaks at likely note onset locations.
The onset detection function �(m) at sample m is calculated by measuring
the Euclidean distance between an observed spectral frameX k(m), and a
predicted spectral frameX̂ k(m) for all bins k:

�( m) =
KX

k=1

jX k(m)j � j X̂ k(m)j (3.1)
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3.2.2 Beat Prediction

Stark's model for beat tracking assumes that the sequence of beats,
 b, will
correspond to a set of approximately periodic peaks in the onset detection
function. Following the dynamic programming approach of Ellis [34], at the
core of this method is the generation of a recursive cumulative score function,
C � (m), which represents the best possible score of all possible beat sequences
ending at the point m. This cumulative score value atm is calculated as the
weighted sum of the current DF value �(m) and the value ofC � at the most
likely previous beat location:

C � (m) = (1 � � )�( m) + � max
v

(W1(v)C(m + v)) (3.2)

Speci�cally, the algorithm searches for the most likely previous beat over
the interval (into the past) [m � 2� b; m � � b=2] wherem is the current input
feature sample and� b is the beat period (the method for determining� b is
given in a later section). A log-Gaussian transition weightingW1 favours the
time exactly � b samples in the past:

W1(v) = exp
�

� (� log(� v=�b))2

2

�
(3.3)

wherev = � 2� b; :::; � � b=2 and � is the tightness of the transition weight-
ing. The cumulative scoreC � is updated with every new detection function
sample �(m) and its recursive calculation allows to carry some periodicmo-
mentum even in the presence of silence. This feature is the one allowing the
algorithm to make predictions of future beat locations without observing the
entire signal. Each predicted beat
 b+1 is made at a �xed point in time m0

once the current beat
 b has elapsed,m0 = 
 b + � b=2. From here, the future
cumulative score for one beat into the future is generated and the next beat
is predicted as:


 b+1 = m0 + arg max
v

(C � (m0 + v)W2(v)) (3.4)

where v = 1; :::; � b speci�es the future one-beat window andW(2) is a
Gaussian weighting centred on the most likely beat location (m0 + � b=2):

W2(v) = exp
�

� (v � � b=2)2

2(� b=2)2

�
(3.5)

An example of the beat prediction process in shown in Figure 3.1.
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Figure 3.1: Top: Onset Detection with predicted beat locations. Bottom:
Cumulative score (solid line) with future cumulative score (dotted line). Cur-
rent time is shown as the bold grey vertical line. Taken from [46].

3.2.3 Tempo Induction

To be able to track beats in music that varies in speed in real time, a regular
update of the tempo estimate is needed. In line with the beat prediction, the
tempo is re-estimated once each new predicted beat has elapsed. To estimate
the value of � b, the beat period estimate at thebth beat 
 b used in the beat
prediction section, Stark adopted a method based on Davies and Plumbley
method [35]. This can be summarised in �ve steps:

ˆ a six second analysis frame (up tom0) is extracted from the onset
detection function �( m);

ˆ the peaks in �(m) are preserved by applying an adaptive moving mean
threshold to leave a modi�ed detection function~�( m);

ˆ the autocorrelation function of ~�( m) is taken;

ˆ this autocorrelation function is passed through a shift-invariant comb
�lterbank weighted by a tempo preference curve;

ˆ the beat period is found as in the index of the maximum value of the
comb �lterbank output, R(l).
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An example of the comb �lterbank output is shown in the top plot of Fig-
ure 3.2. For a complete derivation of R(l) see [35]. To minimise some common
errors, like tapping tempo at di�erent metrical levels [48], or switching be-
tween metrical levels [35], Stark restricted the range of possible tempi to a
single tempo octave fromtmin = 80 beats per minute (bpm) to tmax = 160
bpm. The output of the comb �lterbank R(l) is mapped from the lag domain
to the tempo domain betweentmin and tmax to give Rb(t) by:

Rb(t � tmin ) = R(j60=(f r � t)j) (3.6)

where t = tmin ; :::; tmax and f r is the temporal resolution of the onset
detection function in seconds. Plots ofR(l) and Rb(b) are shown in Figure
3.2.

Figure 3.2: Top: Comb Filterbank Output R(l). Bottom: R(l) mapped into
the tempo domain to give Rb(t). Taken from [46].

Finally, since it has been assumed in previous works [49] that tempo is
a slowly varying process, Stark introduced a transition matrixA(t i ; t j ) to
favour changes in tempo (from the current tempot i to a new tempot j ) that
are small, so that the new tempo is close to the current tempo. In this
matrix, each column contains a Gaussian of �xed standard deviation� , so
that each Gaussian is wide enough to capture small changes in tempo but
narrow enough to favour the hypothesis that tempo is a slowly changing
process.
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Figure 3.3: Top: Tempo initialisation of an arti�cial likelihood for the previ-
ous beat � b� 1 at 140 bpm. Bottom: resulting tempo probability distribution
after operations with the matrix. Taken from [46].

At each step, the previous tempo likelihood �b� 1 is stored and multiplied
by the transition matrix A; the maximum value from each column is taken
to create a tempo probability distribution � b. The tempo likelihood for the
current iteration � b is then calculated as �b(t j ) = Rb(t j )� b(t j ). The current
tempo is then found as the index of the maximum value of �b and converted
from bpm to the beat period� b, as shown in Figure 3.3.

3.3 Evaluation

Evavaluation of Stark's beat tracking model has been carried on an existing
annotated database [50] comprised of 222 audio �les each approximately 60
seconds in length. Here each �le was accompanied by a sequence of beat
annotations, recorded as beat times in seconds and created by a human
listener tapping in time to the piece [31].

To evaluate the proposed beat tracker, compared to the ones of Davies
and Plumbley [35] and of Klapuri [49], Stark utilised two di�erent evaluation
measures, both developed by Hainsworth [50] and Klapuri [49]:

ˆ AML c (Allowed Metrical Levels, with Continuity required), that re-
quires that there be some continuity in the beats output by the beat
tracker;
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ˆ AML t (Allowed Metrical Levels, total number of correct beats), which is
a measure of the total number of correct beats, regardless of continuity.
For more information on both measures see [31], 3.1.6.

The results of this evaluation are collected in Table 3.1. As can be seen,
the proposed btrack� algorithm is comparable in e�ciency to the existing
state of the art algorithms.

AML c(%) AML t (%)
DP 70.5 79.1
KL c 65.7 76.5
BT 66.0 74.9

Table 3.1: Results of the evaluation of btrack� (BT) [31] compared to Davies
and Plumbley (DP) [35] and casual Klapuri (KLc) [49], with the two pro-
posed evaluation measures AMLc (Allowed Metrical Levels, with Continuity
required) and AMLt (Allowed Metrical Levels, total number of correct beats).

3.4 Max/MSP external

Stark's algorithm, implemented in C++, is available under GNU License [51]
as a public repository1. Starting from this code, a Max/MSP external, shown
in Figure 3.4, has been compiled in XCode [52], adapting the algorithm to the
latest version of Max. The btrack� .mxo external has then been inserted in
an experimental version of Somax for testing with live audio inputs. Having
a Max/MSP external is very convenient in term of adding it to the overall
application. In this way, a routing of the tempo of both the audio and MIDI
in
uencers can be sent to the players in Somax; moreover, each player could
send its own tempo information, creating tempo feedback within the players
themselves. It is hoped that a solid beat tracker in the Max/MSP environ-
ment, based on a C++ implementation of the algorithm, could increment
the tempo performances of the system, as well as provide its maintenance in
future developments.

3.4.1 Gen � development

As a proof of concept and to deepen the state of the art research in the
Max/MSP environment, additional experimentation has been carried on on

1https://github.com/adamstark/BTrack
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Figure 3.4: btrack� Max patch developed by Stark, Davies and Plumbley
following Stark's research in [31], compiled as a Max/MSP external for the
latest architectures.

the signal analysis side. In particular, a wide range of audio descriptors, as
described by Stark in [31], have been implemented in the gen� environment,
under the supervision of Graham Wake�eld, gen� developer and author of
[53].

Gen� is part of the Max/MSP environment, but contrary to this, operates
at sample rate, providing the possibility to develop complex DSP algorithms.
This process is already part of a wide range of products, as the Shaper Syn-
thesizer [54], OWL Modular Eurorack [55] or MOD Duo [56]. Unfortunately,
however, gen� is not well documented, but thanks to the aforementioned
support of Graham Wake�eld and after a considerable number of attempts, I
have been able to implement these descriptors, with particular emphasis on
the complex spectral di�erence descriptor, de�ned in [47]. The results can
be seen in Figure B.2 and B.1 in Appendix.

3.5 Extensions to the algorithm

Following the work on swarm robots and their temporal interaction, as de-
scribed in [57], the previous algorithm has been extended with the following
features:
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ˆ Regular beat-tracking mode that does everything described thusfar,
but does not handle boundary tempo octave conditions;

ˆ A count-in mode that uses the �rst two onsets to de�ne the initial
tempo estimate before switching back into regular beat-tracking mode;

ˆ Tempo-locked mode, which, after an initial tempo has been established,
just plays evenly-spaced beats that are not in
uenced by audio input.
This is accomplished by setting the cumulative score� parameter, as
described in Equation 3.2, to unity.

An example of this is presented in Figure B.3 in Appendix.
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Chapter 4

Interaction Design

This chapter will focus on the music technology techniques used for the devel-
opment of Somax in the context of the artistic and research residencies that
made up this research project. In the same way, the interaction strategies
that have led to the concrete realization of these works of artistic co-creativity
will be described. In particular, for the digital synthesis of sound, in relation
to the project A.I. Kombo•�, which will be described in the next chapter, stud-
ies on physical modeling have made it possible to reach a satisfactory level
of sound likelihood with the harpsichord, although maintaining the unique
characteristics relating to digital synthesis, thus being consistent with the
research work in progress. All the interaction strategies explored during the
residency and the use of Somax as the main environment for musical co-
interaction will also be described.

4.1 Digital Harpsichord

In order to be coherent with the original idea of Kombo•�, written for percus-
sion and harpsichord (an analysis of it will be given in the next Chapter),
while the percussion part was played with the exact set described by Xe-
nakis in the score, the harpsichord part has been synthesized. A digital
harpsichord sound has been designed using physical modelling technique on
a digital hardware synthesizer, an Arturia MiniFreak [58].

4.1.1 Digital Waveguides

Proposed by Smith in [59], digital waveguide methods follow a di�erent path
from the ones based on numerical integration of the wave equation. In this
implementation, the wave equation is �rst solved in a general way to obtain
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travelling waves in the medium. In the lossless case, a travelling wave between
two points in the medium can be implemented using nothing but a delay
line. The advantage of this is that, operating with Linear Time-Invariant
systems (LTI), most of the simulation still consists of delay lines, keeping
the computational costs very low. The following explanations are taken from
[59], where further explorations could be found.

4.1.2 The Ideal Vibrating String

Fully derived in [60] and in most textbooks on acoustic, the wave equation
for an ideal (lossless, linear and 
exible) string is given by:

@2y
@t2

= c2 @2y
@x2

(4.1)

wherey(t; x ) represents the vertical string displacement over timet and
horizontal spacex, and c is the speed of the wave propagating in the string.

Following Bilbao's implementation, the former equation could also be
written as:

Ky 00= � •y (4.2)

where K �= string tension, � �= linear mass density, y �= y(t; x ) string

displacement, •y �= @2y
@t2 and y00 �= @2y

@x2 . In the following form, the wave equa-
tion can be interpreted as a statement of Netwon's second law~F = m~a on
a microscopic scale. Considering transverse vibration of the string, the force
is given by the string tension times the curvature of the string (Ky 00) and
it is balanced by the mass times the transverse acceleration (� •y). For the
physical modeling of musical instruments, this is the most common equation
and can be applied to any perfect elastic medium which is displaced along
one dimension, describing transverse vibration in an ideal string, longitudi-
nal vibration in an ideal bar or pressure in an acoustic tube [61] [62]. For
example, the air column of a clarinet or organ pipe can be modeled using
the one-dimensional wave equation, substituting air pressure deviation for
string displacement, and longitudinal volume velocity of air in the bore for
transverse velocity on the string. We refer to this general class of media
as one-dimensional waveguides, though extensions to more dimensions are
mathematically possible [59].
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4.1.3 Travelling-Wave Solution

The wave equation can be solved by any string shape which travels to the left
or right with speed c =

p
K=� . If we denote right-going travelling waves as

yr (x � ct) and left-going travelling wavesyl (x + ct), then the general solution
for the lossless one-dimensional wave equation can be expressed as:

y(x; t ) = yr (x � ct) + yl (x + ct) (4.3)

while an example of the appearance of the travelling wave components is
shown in Figure 4.1.

Figure 4.1: An example of the appearance of the travelling wave components
shortly after plucking an in�nitely long string at three points as shown in
[59]. The plucking points are labeled by \p" and are plucked simultaneously,
producing an initial triangular displacement. This initial displacement is
modeled as the sum of two identical triangular pulses which att = 0 are
exactly on top of each other but then begin to separate att = t0.

4.1.4 Sampling the Travelling Waves

To carry the travelling-wave into the digital domain, it is necessary to sample
the travelling-wave amplitudes at intervals ofT seconds, corresponding to a
sampling ratef s = 1=T (samples per second). The spatial sampling indexX
is de�ned as X = cT (meters), representing the distance sound propagates
in one temporal sampling intervalT. In air, where c is the speed of sound
(331m=s), for a f s = 44100Hz, X = 331=44100 = 7:5mm of spatial sampling
interval.

Sampling is carried out by the following change of variables:

x ! xm = mX

t ! tn = nT
(4.4)
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Substituting them into equation 4.3 gives:

y(tn ; xm ) = yr (tn � xm=c) + yl (tn + xm=c)

= yr (nT � mX=c) + yl (nT + mX=c)

= yr [(n � m)T] + yl [(n + m)T]

(4.5)

Since T multiplies all the arguments we can suppress it by de�ning

y+ �= yr (nT) y� �= yl (nT) (4.6)

Now, the left- and right-going travelling waves could be summed into:

y(tn ; xm ) = y+ (n � m) + y� (n + m) (4.7)

Any ideal one-dimensional waveguide can be simulated in this way. Here,
the term yr [(n � m)T] = y+ (n � m) can be thought as the output of an
m-sample delay line whose input isy+ (n), resulting in the right-going com-
ponent in the upper rail of Figure 4.2. Similarly, the termyl [(n + m)T] =
y� (n + m) can be thought as the input of an m-sample delay line whose
output is y� (n), resulting in the left-going component in the lower rail in the
same Figure.

Figure 4.2: Simpli�ed picture of ideal digital waveguide as shown in [59].
The �gure emphasizes that an ideal and lossless waveguide is simulated by a
bidirectional delay line.
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4.1.5 Rigid Terminations

A rigid termination is the simplest case of a string termination. It imposes
the constraint that the string cannot move at all at the termination. If we
terminate a length L ideal string at x = 0 and x = L we have the so-called
boundary conditions.

y(t; 0) = 0 y(t; L ) = 0 (4.8)

Sincey(t; 0) = yr (t) + yl (t) = y+ (t=T) + y+ (t=T) and y(t; L ) = yr (t �
L=c) + yl (t + L=c), the constraints of the sampled travelling waves becomes:

y+ (n) = � y� (n)

y� (n + N=2) = � y+ (n � N=2)
(4.9)

where N �= 2L=X is the time in samples to propagate from one end of
the string to the other and back (total string loop delay).

The ideal plucked string with rigid terminations for the bridge and the
nut, implemented in this project, is then de�ned as a string with initial dis-
placement and zero initial velocity. An example of an initial pluck excitation
in this digital waveguide string model is shown in Figure 4.3

Figure 4.3: Initial conditions for the ideal plucked string as shown in [59].

4.1.6 Implementation

To design the harpsichord sound, according to the previously described phys-
ical model techniques, an Arturia MiniFreak keyboard has been chosen. The
choice fell on this particular keyboard for multiple reasons. First of all, the
MiniFreak is a polyphonic hybrid keyboard that combines dual digital sound
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