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Abstract

This thesis addresses temporal alignment of music audio signals with a symbolic mu-
sic score and alignment of multiple music audio signals, each of which represents a
common piece of music (music alignment). This is an important task in many fields
such as music production, musicological analysis, and informed sound source sepa-
ration. This thesis focuses on alignment among multiple audio signals (audio-to-audio
alignment), and that between a symbolic score and one or more audio signals (audio-to-
score alignment). Moreover, the thesis focuses on Western music, which is polyphonic,
consists mostly of harmonic sounds, and is played according to a music score.

Music alignment is difficult because there are variations among different perfor-
mances, even though they all play a same music score. Such a variation of music audio
signals calls for a probabilistic treatment of music audio signals. Furthermore, the fact
that different audio signals have some aspects in common calls for a framework for
encoding different constraints that are known in advance. These requirements can be
satisfied through Bayesian inference. This thesis approaches music alignment from
a Bayesian perspective. Chapter [I| presents an overview of music alignment and its
relevance. Chapter 2| reviews background on alignment techniques.

Chapter 3 presents a Bayesian audio-to-score alignment method. Here, the sym-
bolic music score is given, and the main goal is to infer the alignment, taking into
account variations of audio signals in timbre, volume, and tempo. To deal with varia-
tions in timbre and dynamics, polyphonic pitched sounds in the spectral domain are
modeled as a probabilistically weighted sum of spikes. These spikes are placed at fre-
quencies where prominent energy is expected to be observed, via analyzing which
notes are present in the music score at a given position. Robustness to variations
in timbre and dynamics is attained by assuming a weakly informative prior on the
weights. Furthermore, the model represents a smoothly changing tempo trajectory
shared among different parts, while allowing for slight asynchronies between dif-
ferent parts. An experimental evaluation demonstrated that the proposed method
achieved a median alignment error of about 30 ms on real-world ensemble pieces,
and about 50 ms on synthetic orchestral recordings.

Chapter [ presents a Bayesian audio-to-audio alignment method. The problem is
difficult because, unlike audio-to-score alignment, the underlying music score is not
given. To tackle this issue, the underlying musical piece is expressed probabilistically.
Then, itis inferred from the input audio signals, assuming that each audio signal plays



the same musical piece. Since a music score consists of a relatively few note combi-
nations that get reused throughout the piece, the musical piece is represented as a
Markov chain with sparse transition probabilities. Furthermore, the audio signals are
represented so that they have different but interrelated tempo trajectories. An exper-
imental evaluation on real-world piano music collection showed a median alignment
error of 60 ms, outperforming existing probabilistic methods.

In a real-world use scenario, music alighment is further deteriorated for two more
reasons. First, some audio signals may play only a subset of the music score. For
example, a user might be interested in aligning between an orchestral piece and a
hummed melodic line to the piece. This new kind of alignment is defined as subset
music alignment. Second, the room acoustics may vary significantly. For example, an
orchestral recording may be recorded in a highly reverberant hall, while a hummed
melodic line to the piece may be recorded in a bedroom. Next two chapters address
these two problems.

Chapter 5| presents a subset music alignment method. It is difficult because the
input signals play different sequences of note combinations, with some notes that
are played in common. To tackle this issue, the proposed method decomposes the
input audio into components common to different recordings and those unique to
each recording, and simultaneously aligning the audio signals based on the common
components. Namely, a hierarchical point process called the hierarchical Dirichlet
process (HDP) is used to represent a subset-like relationship in two layers. On the
upper layer, one HDP represents each note combination in a piece of music as a subset
of all possible notes that are used in the piece. Then, on the lower layer, the other
HDP represents the note combinations inside each audio signal as subsets of the note
combinations of the top layer HDP. HMMs are used to encode the order of possible
notes to play. Evaluations showed that when aligning audio signals that had only one
part in common, the proposed method achieved a median alignment of about 200 ms,
outperforming existing methods.

Chapter [p] presents a dereverberation method that can be used as a front-end to
any alignment method. It is designed to attenuate long-term reverberation (called the
late reverberation), which causes past musical notes to smear into the current time
instance. Dereverberation is formulated as a deconvolution problem of non-negative
autoregressive (AR) process in the power spectrogram domain. Since the order of the
AR process is unknown, the Dirichlet process is used to encode a varying number of
coefficients that are used. The model is non-conjugate, making inference difficult. To
allow inference, a novel inference algorithm based on minorization- maximization is
derived. An experimental evaluation showed that even though audio-to-score align-
ment accuracy degrades under a reverberant environment, the proposed method is
capable of recovering the audio-to-score alignment accuracy comparable to that under
no reverberation.

Chapter [7]discusses the thesis and presents directions for future research.
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Chapter 1

Introduction

This thesis addresses matching of the time axis of different audio signals that play a
same piece of music. This problem is called music alignment. Section[I.Imotivates the
work. Section 1.2 provides pragmatic motivation for alignment techniques. The goal
of the work is provided in Section [1.3|and is outlined in Section

1.1 Motivation

Imagine that one day you are walking back from a concert, dazzled from a shockingly
vibrant performance of Beethoven’s Ninth Symphony. As you walk back home from
the concert, you hear a child humming the climactic melody of the same symphony,
and are reminded of the vigorous climax of the same piece. The next day, you decide
that you liked the piece so much that you buy the recording of the symphony from an
online music store. As you listen to it, you feel something is different from the dazzling
experience from yesterday — the momentum is lost from a slowly played climax.

What you have heard were three very different acoustic signals, all of which you
have associated as audio renditions of a same musical idea — the Ninth. We humans
listen and associate the input audio signal to past occurrences of the same event, com-
paring and contrasting the new occurrence with the previous occurrences. This is a
nontrivial task because a piece of music contains many notes that are played simulta-
neously (polyphony), meaning that we need to segregate the music audio into relevant
auditory streams, while aligning the audio signals based on the segregated streams.
The task is further exacerbated by variations in playing: people play with different
volumes and timbres, in different acoustic environments.

Humans very naturally associate music media to a same piece of music as the
same piece. More specifically, we can identify where a specific location of the piece
is in different media, and compare these performances. Unfortunately, this kind of
comparative analysis is still difficult to attain with a machine.

This thesis aims to achieve such a comparative machine listening capability.

1



CHAPTER 1. INTRODUCTION

Take 1

Waveform
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Waveform
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Waveform

Time

Master ) p—
Waveform " Time

Figure 1.1: An example of recording workflow. The master recording is often a patch-
work of multiple takes. Dotted lines indicate the same places in the underlying musi-
cal piece.

1.2 Uses of alignment techniques

When we want to use a computer software to browse or manipulate multiple record-
ings to a same piece of music, we would expect to interact with the computer soft-
ware in a human-like manner, as discussed earlier. Therefore, a software program
that presents different music media to a same piece of music must implement the
capability to align different music media based on the common location in the under-
lying musical composition. This kind of functionality is important for many practical
applications, some uses of which are outlined below.

1.2.1 Recording and editing

Consider recording a piece of music. When recording a piece of music for production,
it is common to record a same piece multiple times (called takes), since the first take
may not be the best one — performers may make a mistake, or they may play with
unintended nuance. Thus, the final recording is often times a patch-work of the best-
sounding takes, as shown in Fig.

Since performers may play each take with a different tempo curve, this kind of
patch-working requires the recording engineer to extract points over different record-
ings that correspond to the same point in the underlying musical piece. In other
words, dotted lines in Fig. [1.1| are extracted manually, for every point at which the
take is switched back and forth. To alleviate this burden, the alignment technique
may be used to seamlessly switch from one take to another take [90].

2



1.2. USES OF ALIGNMENT TECHNIQUES

1.2.2 Informed source separation

Source separation, the technique of extracting or removing a specified component
from a polyphonic mixture, has gained considerable interest in recent years. It is a
useful technique for removing unwanted sound, or extracting sound components of
interest.

An issue in source separation lies in specifying which component to separate. To
specify which component to separate, one could imagine providing to the separation
system some additional media data, such as different audio signal or symbolic music
score data. This kind of approach is called informed source separation, and considerable
interest has been vested recently. In the context of music source separation, there are
two popular approaches. First, the user may provide the symbolic music score of the
piece played by the audio signal (score-informed source separation). Then, the user could
separate the audio by specifying a particular note or a part [29,33,60,64]. Second, the
user may provide a reference audio signal to separate (separation by humming). For
example, given a polyphonic music audio signal, the user may hum the melody that
he wants to separate out [55,(119]. In either case, it is important to align the music
score or the reference audio to the audio signal that the user wants to separate. This
is required for the separation method to identify and separate the signal components
in the reference that are played in the polyphonic audio signal.

1.2.3 Performance logging / comparison

Imagine that the user, in this case a music performer, is practicing a piece for an up-
coming recital. The user may be interested in recording his practicing, so that he could
listen back to it later on and diagnose his playing. For example, he might visualize his
performance to see the tendencies of his playing [26]]. He might record multiple takes,
each with a different style of playing, and compare which style of playing he prefers.
In this kind of use, it is valuable to align the practice recording to each other. If the
user uses a software to display the music score, it is useful to align the recording to
the music score [42]. These uses call for alignment between different music media.

This kind of performance comparison is also valuable for musicological purposes.
For example, a musicologist might be interested in comparing how playing style has
evolved in the last century (since the phonograph was first invented in 1877). Align-
ment methods may be used to partially automate the process of analysis to uncover
trends of playing [114]. By comparing different performers, the distinguishing fea-
tures of a legendary performer may be unveiled [134]. It is also valuable to listen back
and forth between different recordings of a same piece of music [40]. Synchroniza-
tion methods may be used for visualizing or retrieving interpretation that the user
likes [81]], as shown in Fig.
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Figure 1.2: An interpretation retrieval system using alignment technique. The user
“conducts” the tempo trajectory that he wants to listen. The system visualizes the
tempo of various interpretations while retrieving the interpretation based on user-
input tempo data, plotting the range of tempo trajectories against time.

1.3 Problem

Music alignment is the task of aligning multiple signals that represent a same piece of
music. This thesis focuses on two kinds of music alignment. First, the work focuses on
audio-to-audio alignment, which is music alignhment among multiple audio renditions
to a same piece of music. Second, the work focuses on audio-to-score alignment, which
is music alignment among a symbolic score and an audio signal to the same piece of
music.

Furthermore, the thesis presents and provides a solution for subset music alignment,
a kind of music alignment where each music representation presents a subset to a
common piece of music. For example, subset music alignment aims to align between
a symphonic recording of the Ninth to a child humming the melodic part to the Ninth.

These relationships are illustrated in Fig. Throughout the work, a piece of
music is assumed to be described as a progression of multiple pitched notes.

1.4 Issues in music alignment

Music alignment is a difficult problem because a same piece of music can be played
very differently. This is because, as illustrated in Fig.[1.4} the underlying musical piece
only notates the sequence of pitches and its relative durations, along with weakly
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1.4. ISSUES IN MUSIC ALIGNMENT

Audio-to-score

alignment
. . emm—uy Audio Signal
Musical Piece » 4
_— Violin
Symbolic Performer's +V'cello V\
Representation Interpretation +Piano % Audio-to-audio
T
o alignment
Audio Signal ':' &
Music Score > - <
Violin
Allegro ' Performer's +V'cello w»
Violin =t =3 Interpretation +Piano \ .
% Subset music
=== = —= . - 1 .
alignment
|- ‘fesssaee e & 2 g Audio Signal ’ &
Piano f \ \ B ————— Piano ’
#1' S ';#i e ir Performer's
. i i Interpretation

Figure 1.3: The relationship between a music piece, a music score and audio signals,
and the various tasks of music alignment.

informative cues on the timbre (e.g., instrumentation markings), dynamics (e.g., dy-
namics markings such as “forte,” which means “strong”), or tempo (e.g., “Andante,”
which means “in a walking manner”). More specifically, there are following aspects
of uncertainty:

Uncertainty of the tempo trajectory — People play a same piece of music with dif-
ferent expression. The expression is reflected as variations in tempo, dynamics and
timbre. The tempo changes non-linearly as the piece progresses; for example, struc-
tural boundaries of music are often slowed down in a non-linear, parabola-like tempo
trajectory [122]. How can a machine align signals whose tempo trajectories are differ-
ent and changing non-linearly?

Uncertainty of the dynamics — Different performer plays the piece with different
dynamics. Different performers interpret words like “forte” differently, and execute
them with different dynamics. How can a machine understand that some notes across
recordings mean the same thing, even though they are played with different volume?
Uncertainty of the timbre — The timbre varies across performances. For example, dif-
ferent recordings are played on different instruments, so the instrumental acoustics
contribute to different timbre. Moreover, different performers may employ different
playing techniques to convey a same note, creating timbral differences. How can a
machine understand that some notes across recordings mean the same thing, even
though the timbres are different?

Uncertainty of the played parts — Imagine aligning between a child’s humming of
the main melody to the Ninth and a polyphonic orchestral recording. The orchestral
recording contains many notes that are not sung by the child, such as the bass, the
accompaniment, or the counter-melody (a subsidiary melodic line that is played in
conjunction with the main melody). In this case, one aligns the two audio by listen-
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Figure 1.4: Aspects conveyed in a music score. Music score conveys different aspects
of produced sound with different degree of ambiguity.

ing for components within the orchestra that is hummed by the child. How could a
machine choose which audio components to listen for?

Uncertainty of the underlying music representation — We humans can align differ-
ent audio signals because we know what the underlying musical piece is, and what
it is invariant to. This means that we have an internal representation of music that
is inferred from the audio signals. When aligning to a symbolic score, there is need
to be concerned with such an internal representation because it is already given as
a symbolic score. However, when the symbolic score is not given, one must infer
the underlying music representation. This is difficult because automatic music score
transcription is difficult [72]. Thus, a representation about the musical composition
is necessary, such that it is informative enough to allow alignment and also inferable
from the input signals.

Uncertainty of the room acoustics — A piece of music is recorded under various
acoustic environments. Different acoustic environments add different durations of
reverberation to the performed audio, adding pleasing acoustic effect to the audio
signal generated by the performers. This kind of reverberation, however, smears the
signals generated by the performers, making it difficult to attain the true goal of align-
ing signals that were produced by the performers. How can a machine align different
performances, as if it were free of reverberation?

The above-mentioned problems are exacerbated by their mutual dependencies.
For example, we humans gain certainty on the played parts if we know the tempo
trajectory. This is obtained readily from alignment. However, finding the alignment
requires us to know which parts are played, so that we know which parts to listen for.
Likewise, we can find the tempo trajectory if we know what each instrument sounds
like, i.e., the timbre, but to know the timbre it is advantageous to know the tempo (so
that we know which instruments are played at each time instance).

6



1.5. APPROACH

1.5 Approach

At the core of these issues lie the partial uncertainties about the audio signals, owing
to the fact that the music score underpinning these signals is an ambiguous medium.

The fact that there are uncertain aspects calls for a probabilistic treatment to align-
ment. In other words, aspects that are uncertain should be encoded as random vari-
ables. Moreover, the fact that some musical aspects, such as the sequence of pitch
combinations, are more “informative” than others, such as the dynamics, calls for a
treatment where different musical aspects can be embodied with prior knowledge of
a varying degree. For example, one may wish to convey that the sequence of pitch
combination is identical, while the volume has little prior information.

To meet these criteria, this thesis tackles alignment as a Bayesian inference prob-
lem. In Bayesian inference, the likelihood of observing data X given underlying pa-
rameters ©, p(X|®), and a prior distribution p(©) are supplied. Then, inference is
done by evaluating the posterior distribution p(®|X). It is useful because the prior
distribution p(®) over probabilistic model parameters ® may be used to represent
the prior constraints or knowledge about the phenomenon at hand. Then, the poste-
rior distribution takes into account both the prior beliefs and the observed signal.

To tackle alignment in a Bayesian framework, various sources of variations in hu-
man performance are introduced as random variables ®, whose prior distributions
are expressed according to the constraints imposed on by the music score. For ex-
ample, © may represent the volume, the timbre or the tempo curve, all of which, as
discussed earlier, are conveyed only vaguely in the music score. To align signals un-
der different reverberation, this thesis presents a dereverberation front-end for mu-
sic alignment. An alignment method encodes uncertainties on human performance,
while a dereverberation method encodes uncertainties on room acoustics. Therefore,
in this case, © represents the unobservable factors pertaining to reverberation, such
as room reverberation and the dry signal that drives the room. Then, given a rever-
berant data X, the posterior p(0|X) is evaluated, from which the dry signal may be
recovered.

1.6 Organization of this thesis

This thesis addresses the problems discussed earlier in four respects. Fig.[1.5|provides
an outline of the thesis.

To analyze audio signals with different timbre and dynamics, Chapter 3| presents
an audio-to-score alignment method that jointly infers the tempo, timbre and dynam-
ics in a parametric representation of pitched notes.

To tackle the issue of representing the underlying piece of music in audio align-
ment, Chapter 4] presents a generative model of audio alignment that explicitly de-
couples performance variations and the underlying piece. The method decouples au-
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CHAPTER 1. INTRODUCTION
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Implicit Acoustics (Chapter 6)
Played parts Given Given
Tempo
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(Chapter 3) (Chapter 4) (Chapter 5)
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Instrumentation
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Figure 1.5: Organization of this thesis.

dio signals into (1) a common sequence of audio features, (2) a common sequence of
relative note durations, and (3) sequence of audio features generated by each perfor-
mance.

For analyzing audio signals that play different combination of parts, Chapter
presents an audio alignment method that is robust to differences in comprising parts.
It does so by decomposing the input audio into components that are played in com-
mon by different recordings, and those that are unique to each recording, and simul-
taneously aligning the audio signals based on the common components.

Finally, to analyze audio signals with different room acoustics, Chapter [f| presents
a dereverberation method that can be used as a front-end to any alignment methods.
Itis designed to attenuate long-term reverberation (called the late reverberation), which
causes past musical notes to smear into the current time instance. The effectiveness of
the proposed method is verified on audio-to-score alighment method, which has the
widest variation of the room acoustics.

Moreover, Appendix|A|shows an application of alignhment method for recuperat-
ing the violin fingering of an audio signal of a musical piece written for the violin.



Chapter 2

Review of Music Alignment

This chapter reviews studies that are relevant to this thesis. First, basic ideas behind
music audio signals are reviewed in Section Then, Section 2.2 reviews studies in
Bayesian inference that are relevant in this thesis. Finally, Section 2.3|reviews studies
in alignment methods.

2.1 Preliminaries on music and musical acoustics

Here, basic theories on tone generation are discussed, along with how it relates to
Western music. Then, aspects of a music score are discussed.

2.1.1 Source-filter model

Here, the source-filter theory is briefly discussed, as it plays a significant role in this
thesis. According to the source-filter theory, a sound is generated by convolving a
source signal with a linear filter. To elaborate, suppose that an observed time domain
signal x,,, where n is the sample index, is composed of I simultaneously sounding
signals. Each signal is composed of a source signal, convolved by a linear filter. Let
sin be the time domain source signal for the ith sound, and hj; is the causal impulse
response of the ith sound with K coefficients. Then, the time domain signal x, can be

expressed as follows:
[ K
X0 = D0 Sinkhik. 2.1)
i=1 k=1

It is assumed that the magnitude response of / is band-limited to below the Nyquist

frequency.
For a pitched sound, the source signal s;, is expressed approximately as a pulse
train with a frequency fo,; ». The pulse train creates uniform peaks at integer multiples
of foin in the frequency domain. The frequency of the pulse-train fj is called the

9
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Source Filter Observation
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Figure 2.1: Idea of source-filter model for harmonic sounds. It is assumed that a
pitched instrumental sound is generated by a pulse train convolved by a linear filter.

fundamental frequency (“ fo”). Its integer multiples are called the partials; in particular,
the signal component at frequency j fy is called the jth partial.

Signals originating from different sources overlap heavily in the time domain rep-
resentation because a linear filter is being convolved. On the other hand, since con-
volution in time domain is multiplication in the frequency domain, the effect of each
source is expected to be seen only at the integer multiples of the fundamental fre-
quency for each source. Thus, if each instrument plays different fys, the sources are
expressed more discriminatively in the frequency domain representation. To express
signals that slowly vary in the time domain, x, is passed through a filter-bank. For this
purpose, the short-time Fourier transform (STFT) or the constant-Q transform (CQT)
are some of the popular approaches [107,112]. In STFT, the frequency component of
bin f at frame ¢, X € C, is expressed as follows:

N
- _277jfn
Xif= Z WnXniHte N . (2.2)

n=1

where w,, is a windowing function (the subsequent chapters use the Gaussian win-
dow [100]]), N is the frame size and H is the hop size. When N is a power of 2, then the
fast Fourier transform (FFT) may be used to efficiently compute X [19]. The sampling
frequency is assumed to be f;Hz.

Now, suppose there is a signal generated from the source-filter model, as described
in Equation with harmonic sources, where the ith instrument plays at a funda-
mental frequency of fs %Hz at frame t. Next, assume the sidelobe leakage caused by
the windowing function w is negligible. Then, Equation[2.T)is expressed as an analytic
signal representation in the STFT domain (as in Equation 2.2) as the following:

ftf ~ Ze_jetﬁgtizbe—ffO,tiEif’ (2.3)
! J

Yvhere 0 ri is some constant phase offset, @y is the DFT coefficient of w at frequency f,
hir is the DFT coefficient of h; evaluated at frequency f, and g;; is the gain of instru-
ment 7 at frame ¢. Since / is assumed to be band-limited to the Nyquist frequency, j is
effectively computed up to the Nyquist frequency. In practice, even when fy ;; is non-
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integer values, an interpolated version of @ reasonably approximates Equation

In the magnitude STFT domain, a harmonic source-filter model becomes more-
or-less additive as well, allowing us to reasonably ignore the interference between
different signal components. The additivity of the magnitude spectra can be reason-
ably assumed for harmonic sources because @ is expected to be distributed sparsely
in the frequency domain. That is, since a single i dominates the observed power in
most frequency bins, interference occurs only at a few frequency bins. Thus, letting
x = |%|, w = |@| and h = |i|, then x¢f is expressed as follows:

Xtf ~ Z Sti Z Wi—jfy it (24)
i j

Even when the additivity holds approximately, this kind of additive representation
is known to be effective for separating a polyphonic mixture into comprising compo-
nents [127].

Assuming that a Gaussian window is used to compute the STFT, a pulse train in
the time domain becomes a periodically-spaced Gaussian in the frequency domain.
This means that wy_;r, . in Equation[2.4]can be approximated as a Normal distribution
centered about j fo

Wpjfy < N(flifori,0%) - (2.5)

Furthermore, the relative strength of the spectral envelope evaluated at j fo;; for j €
[1---]] can be treated individually as a; = [h; 5, ,; - - - i, ;]- This yields in the follow-
ing representation of = in Equation

I

J
Xtf = thz Zah]N f|]f0 ti, O ) . (2.6)

i=1 j=1

Here a;;; is the relative strength of the jth partial for signal i at frame ¢, and fo; is
the average fundamental frequency of signal i at frame ¢. This kind of representation
is useful in fundamental frequency analysis [48,67]. If the filter remains stationary,
then a single a; is associated with each source i that plays a particular fundamental
frequency. This concept is illustrated in Fig.

2.1.2 On pitch in Western music

The fundamental frequency f is related closely with the human perception of pitch.
Namely, we human perceive a linear increment of pitch with an exponential increase
in the fo. We perceive sounds with fy that are twice apart as belonging to a same
class of pitch. Two sounds whose fj are twice apart are said to be played in an octave.
different In Western music, an octave is divided into twelve pitch-classes labeled in an
ascending orderas C, Cf, D, DY E, F, Ff, G, G}, A, Af}, and B. The pitch-class is cyclic,
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220|Hz 440|Hz 880|Hz Frequency
| |l | |l
L N ?cientific
A3 Abl; A4 A;4 A5 pitch notation

=B%

Figure 2.2: Scientific pitch notation and f.

so the note above B is a C. Furthermore, the pitch-class may also be represented by
suffixing a b symbol to the alphabet (i.e., those that do not end with a §). Appending a
b symbol rotates down the pitch-class by one; for example, Cb is the same as B, and Db
is the same as a C#. To indicate the pitch, the pitch-class is suffixed by a number that
indicates the octave difference from a reference octave. This kind of representation,
as illustrated in Fig. is known as the scientific pitch notation. A4 is often set to
440Hz, even though this frequency varies by tens of Hertz depending on historical
contexts. Two adjacent pitch labels are said to be a semitone apart; for example, A4 is
two semitones below B4.

2.1.3 Primers on the music score in Western music

In Western music, performers play a piece of music off of a music score. Fig.[2.3|shows
a typical music score in Western music. A music score typically notates the sequence
of pitches and their relative durations, shown as circles on five adjacently-spaced hor-
izontal rules.

Pitch is described by the vertical position on the rule. It is common to simul-
taneously play multiple pitches on multiple instruments. There are two important
points related to pitch sequences. First, the fact that the music score notates the pitch
suggests that the fundamental frequencies inside a note remains relatively stationary.
Second, even though many notes may be played simultaneously, the total number of
notes used is typically much fewer than the space of all possible notes. These mean
that the spectral representation of Western music audio is roughly approximated as
a weighted sum of a few locally stationary spectral “bases” that represent the instan-
taneous spectra of pitched instruments playing different notes. This can be seen in a
spectrogram of a typical Western musical piece, shown in Fig. As shown in the
figure, it is composed of locally stationary and harmonic spectral time-slices. More-
over, the total number of the harmonic patterns is much fewer than the space of all
possible harmonic patterns.

The duration is described by the shape of the circle; the number of thick horizon-
tal lines attached to the vertical line placed adjacent to the circle, if any; and the dot
adjacent to the circle, if any. For example, a quarter note, denoted as J, means to play
the note for one beat. An eighth note, denoted as », means to play the note for half a
beat. Beat is a unit of time. It is described by the tempo, which dictates how many beats
there are in one minute (beats per minute, bpm). The tempo is dictated by the mode

12
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Implicit Acoustics

(no information)

Tempo _ .Allegro
Allegro = cheerful Violin Z;_.

Dynamics Vicello

f = strong

Piano

Instrumentation _/

Explicit Pitch sequence J

Figure 2.3: Aspects conveyed in a music score. Music score conveys different aspects
of produced sound with different degree of ambiguity.

of speed to play. For example, “Allegro” on the top-left of the figure indicates the
piece to be performed in a cheerful speed. The tempo tends to remain more-or-less
stationary, but it is common for performers to consciously or unconsciously fluctu-
ate the tempo. Moreover, performance instructions such as ritardando or accelerando
request the players to slow down or speed up, respectively, the tempo.

In addition to the pitch sequences and their durations, the music score shows the
instrumentation (e.g., the violin, the v’cello and the piano in the figure). It may also
indicate the dynamics; for example, an italicized “f” denote the subsequent passage
to be played strongly. Furthermore, some notations specify the mode of playing at the
note-level; for example, a note with a > sign is played with an emphasis. Moreover,
the music score has structural markings. For example, a portion of the music score
that is enclosed with || and || means that portion is repeated. It is common for the
performer to skip some of the repeats. Finally, a music score may notate expression
markings and special performance techniques. For example, a score may say agitato,
which means to play in an agitated manner, or mark “pizzicato” on a bowed stringed
instrument part, which means to pluck the string. In the piano, the score may mark
places to depress or release the sustain pedal, a device that elongates the played notes
of the piano as long as the pedal is pressed down. As an instructional aid, some music
scores print fingering markings on instrumental parts, showing which finger should
be used to play the note.

2.2 Preliminaries on Bayesian inference

Since the music score is an ambiguous representation of music, this thesis relies on
statistical modeling to encode unknown aspects, i.e., aspects that are unique to each
performance. Moreover, since some elements are more explicitly stated than others, it
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Figure 2.4: The spectrogram of a Western musical piece. Dark colors indicate strong
energy in the time-frequency bin. Notice that the spectrogram consists of regularly
recurring spectral patterns.

is useful to incorporate prior knowledge on the musical piece. To meet these demands,
Bayesian inference is used extensively in this thesis, because it offers a data-driven in-
ference that takes into account encoded prior information.

In Bayesian inference, one first designs a probabilistic model parametrized by a
set of parameters ©. The probabilistic model is described in terms of the likelihood
of observing some data X, p(X|®) (the likelihood), and distribution on the parameters
p(©) that are encoded before inference (the prior distribution). Then, given some data
X, itinfers the probability density function (pdf) of the probabilistic model parameters
O given the data X (the posterior distribution) using the Bayes’ rule as follows:

P(XIO)p(©)
O|X) = )
$ [ p(X10)p(@)de

(2.7)

Once the posterior distribution is found, the statistics of p(®|X) can be extracted to
recover useful information.

Unfortunately, direct application of the Bayes’ rule is intractable for many mod-
els that are practically interesting. This owes to the difficulty in evaluating the inte-
gral in Equation 2.7 To tackle this problem, there are mainly two approaches. First,
the integral may be approximated with sampling [54]. Second, an easily computable
upper-bound to the posterior distribution may be derived, and the bound may be
tightened [4]. This thesis focuses on the second strategy, which is known as variational
Bayesian inference.

The subsequent sections introduce the readers to variational Bayesian inference
and statistical models that are used extensively in this thesis.
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2.2.1 Inference with variational methods

Variational Bayesian method is an approximate method that is based on tightening an
upper bound to the Kullback-Leibler (KL) divergence from the true posterior to some
approximate posterior. By assuming some variables in the approximate posterior are
independent of each other, an analytically tractable inference may be possible.
Assume a probabilistic model parameterized by parameters ® = {0;--- 01} and
observation X. Let q(©) be a density function that approximates the posterior distri-
bution. To approximate the posterior, consider minimizing the KL divergence from
the variational distribution to the true posterior, where the KL divergence is given as

follows:
D(q||p):_fq(@)1og”(@'X)
q(©)

Minimizing this function is analytically intractable if 0; in ® are mutually coupled in
the posterior distribution.

To make the inference tractable, one typically considers restricting q to be in a space
of distributions in which 0;’s are mutually independent. Then, the above problem is
rewritten as follows:

de. (2.8)

I I
D(qllp) = - f [ Tatentogp@1x)d6; + ) f 9(0:)10gq(6)d6;.  (29)
i=1 i=1

Minimizing the KL divergence w.r.t. ¢(®) yields in the following:
log q(6;) = (logp(X, ®)>Q(_‘Qi) + const. (2.10)

Here q(—06;) means all variables in © except for 6;, and (f(x, y)),(,, means to take

plx
the expectation of f(x,y) w.rt. p(x), ie., f f(x,y)dp(x). Since this step decreases
the KL divergence from g to the posterior for any arbitrary 0;, iterating this step over
different 0;’s decreases the KL divergence, until it converges to a local optimum.

An important point here is that the log-expectation (log p(X, ©)) q(-0;) should be
analytically tractable. It is tractable if the model is conjugate-exponential, i.e., the
sufficient statistics of the likelihood are the natural parameters of the prior distri-
bution. When the model is non-conjugate, then it may become difficult to find the
log-expectation. In Chapter |6} a Bayesian inference method is presented for a non-
conjugate model, by finding an upper-bound to the KL divergence from the true pos-
terior to the variational posterior, and iteratively tightening the bound.

2.2.2 Bayesian nonparametrics

This thesis is often concerned with modeling a collection, such as note collection or
filter coefficients. A critical issue is in expressing the effective number of components used
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in the collection. This is difficult because the number of components should change in
a data-driven manner: new components should be introduced as the data complicates.
Bayesian nonparametrics offers a flexible modeling strategy for modeling collections
whose effective number of elements vary with the complexity of the data.

To allow the effective number of components in a mixture model to vary with the
complexity of data, a point process called the Dirichlet Process (DP) may be used, so
that the effective number of points grows with the complexity of data, and effective
number of point is almost surely finite.

X is said to be a draw from a Dirichlet Process [37] with a base measure p and a
concentration parameter o, DP(a, ), if for any measurable partition on S denoted by
{A1,--- AN}, X(A1), -+, X(AN) are drawn according to Dir (au(A1), -+, apu(AN)).
Mathematical rigors aside, DP can be interpreted as generating a distribution by “sam-
pling” points (“atoms”) from the base measure 1, such that the density of the sampled
points are distributed according to . Each point is then associated a weight that sums
to 1, where most points take on negligibly small values. The concentration parameter
a controls the number of points that take on non-negligible values. Interested read-
ers are referred to [70] for a mathematically rigorous monograph, and [36] or [133] for
treatment geared towards Bayesian nonparametrics.

In order to handle the DP, it is convenient to describe samples generated from a
DP in terms of the stick-breaking construction [118]. To this end, consider drawing
countable number of parameters from p, and generating the normalized weight w; by
a process that successively breaks off a stick of length 1. Specifically, the process starts
with a stick of length 1. Then, at each step of the process, the process first chooses the
proportion by which current piece stick is broken by drawing the proportion from
Beta(1, a), then breaks the piece in two and assigning the length of the left side as
w;, and repeating the same process for the broken stick to the right. Such a process
is defined by Griffiths-Engen-McCloskey (GEM) distribution, a distribution governed
by the concentration parameter a. Specifically, w; being drawn from a GEM(«a) dis-
tribution is defined as follows:

&i ~ Beta(l, o) (2.11)
i-1

w; =&; n(l - &ir). (2.12)
=1

Then, the DP samples points from the base measure u, one for each index i in the
above equation. Thus, if a pdf G is drawn according to DP(«a, H), then G yields in the
following form of distribution:

G(x) = Y wid(x - 0)), (2.13)

i=1
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Figure 2.5: Hierarchical Dirichlet Process. A top-level DP Gy (top; solid lines) with
base measure H (top; dotted curve) becomes the base measure (bottom; dotted lines)
of the bottom level DPs, G4 (bottom left; solid lines) and G (bottom right; solid lines).
As can be seen, the atoms of G4 and Gp are subsets of Gy, allowing us to convey the
notion of subsets with an unbounded number of elements.

where w; is drawn according to GEM(a) and 0; is drawn from H.

As suggested by the stick-breaking representation, the DP tends to generate highly
biased weights, where only a few elements of the countably infinite sampled points
take on significant values and others negligible. This kind of “rich-gets-richer” effect
makes DP valuable in clustering tasks because a parameter that has been introduced
becomes increasingly likely to be reused, meaning that a large number of observations
is described by much fewer, compact set of parameters.

Sometimes a subset-like relationship needs to be modeled, with a varying number
of elements in each subset. This can be dealt with by expressing each subset as a DP
with a shared atomic base measure, i.e., the base measure is shared and discrete. If the
base measure is yet another DP, both the number of elements inside each subset and
the number of elements in the parent set increases with the complexity of data. This
kind of DP is known as a hierarchical DP (HDP). In the HDP, a DP (top-level DP) first
discretizes the base measure by sampling points from it. Then, another set of DPs
(bottom-level DP) sample points from the atoms of the top-level DP. Thus, bottom-
level DPs generate measures that are subsets of the top-level DP, as shown in Fig.

2.2.3 Bayesian sequential model

Music score dictates the sequence of performance instructions, and music perfor-
mance is rendered as an audio signal. Thus, the need to model music as a probabilistic
state sequence arises very naturally. Suppose the music score is described as a state
sequence of length T, s = {s1 - - - sT}, whose tth state is denoted as s;. The values that
st’s could take on is the state space. For now, let us assume that the state space is either
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discrete or continuous. If the state at time ¢, s;, is dependent only on the previous
state s;_1, then the model is called a Markov chain. If the likelihood of drawing the first
state in a Markov chain is 7r and the transition likelihood between two adjacent states
is parametrized by 6, then the likelihood of the chain is described as follows:

T
p(s={s1-srlim,0) = p(silm) | | p(silsioa, 0). (2.14)
t=2

This thesis uses two common modeling strategies utilizing the Markov chain, each for
when the state space is continuous or discrete.

First, suppose the state space is continuous. When the state space is continuous,
this thesis often assumes that the current state is some linear transformation A of the
previous state, plus a zero-mean Gaussian noise with precision matrix A:

st~ N(Asi, A7), (2.15)

When s; is not observable but there is an observable variable x;, and the likelihood
of x¢, p(x¢|st), is defined as a Normal distribution, it is known as a linear dynamical
system. If A or A toggles at each time between a choice of finite matrices, the model is
called a switching-state Kalman filter [47].

In a Bayesian setting, prior distributions may be introduced on the precision matrix
A and/or matrix A. For example, the Wishart distribution is conjugate to the precision
matrix of a Normal distribution, so it is mathematically convenient to use the Wishart
distribution as the prior of A.

On the other hand, suppose the state space is discrete, with S possible states. When
the state space is discrete, it is often assumed that the current state s; depends on a
transition probability T associated with previous state s;_1:

S ~ Discrete({Tstflln}izl) . (2.16)

Here, 7 € R5%°, and 7;j is the likelihood for state i to transition to j. When s; is not
observable but it has an observation model p(x;|s;) with an observable x;, it is known
as the hidden Markov model [108]. When using categorical distribution for transition
probability as in Equation it is convenient to use the Dirichlet distribution as a
prior of 7;. due to its conjugacy. Namely, it is useful to set:

Ti . ~ Dir(1), (2.17)

where 7y € R*S defines the properties of the generated 7; .. For example, T becomes
sparse (i.e., T gets dominated by a few entries that have significant values) if the ele-
ment of 7o becomes less than 1. On the other hand, if it is greater than 1, then the mode
of 7 gets concentrated about 7. If 79 = 1, then the prior becomes non-informative, i.e.,
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it puts no preference towards a particular value of 7. It is also possible to use GEM
distribution and extend the state-space of the HMM to a countably infinite states; it
favors transition to lower-indexed state [25]. It is possible to use a more expressive dis-
tribution as well. For example, audio-to-score alignment formulated as HMMs often
uses more elaborate transition pdfs that account for tempo constraints [18]. Chapters[3|
and [ introduces these kinds of elaborate or hierarchical transition pdfs.

2.2.4 Bayesian factor decomposition

This section introduces probabilistic latent semantic indexing (pLSI) [57]], familiar in
the signal processing community also as a special case of probabilistic latent compo-
nent analysis (PLCA) or as a special case of non-negative matrix factorization (NMF).
First, the likelihood of the model is introduced to illustrate the concept behind PLCA.
Then, Bayesian extensions through incorporation of various prior distributions are
introduced.

Likelihood model

In PLCA, a discretized version of the magnitude spectrogram x;y is treated as a his-
togram that describes the number of times frequency f was observed at time ¢. Let
ctn be the bin f observed for the nth count for the tth frame. Furthermore, let N; be
the energy inside x;s at frame t. Then, it is clear that ZnNi L et = f) = x4p.

Suppose that the data has been generated from a set of I bases. The goal of pLSI is
to label each count c;, with an index indicating which basis the count was generated
from. Let z = {zt,n}:j’ ;ZZN ' be the label associated with each c,. In pLSI, each ba-
sis represents a unique spectral time-slice, such as those representing, say, a trumpet
playing E3, or a piano playing Ab4, and so on. The spectral time-slice associated with
basis i is represented by w; ¢, the likelihood of observing bin f. Assume that the bases
are used with different proportions at each frame, with proportion h;; for the ith basis
at frame t. Then, the joint likelihood of c and z is given as follows:

T N

p(c, z|lw, h) = 1—[

I
hZ‘miwi‘Ztnictn (2 18)
t=1 n=1 i=1

ti if

The concept is illustrated in Fig.

This kind of framework has been extended for multidimensional data, more fa-
miliar to source separation community as the probabilistic latent component analysis
(PLCA) [121]. Non-negative matrix factorization (NMF) is a generalization of this kind
of decomposition model, which deals with richer observation likelihoods and prior
distributions [126]].
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Figure 2.6: Illustration of PLCA. The input magnitude spectrogram «x is decomposed
into a low-rank representation, described in terms of a weighted linear combination
of a few bases w and their activations h.

Bayesian extension

A Bayesian extension is possible by introducing a prior distribution [11] over the spec-
tral basis and activations. Namely, if h; ~ Dir(ho) and w; ~ Dir(wy), then the values
of hg and wy affect the behavior of hy and w;, respectively. This kind of model is called
latent Dirichlet allocation (LDA).

This can be developed further; if the Dirichlet process is used to model the dis-
tribution over basis w;, then a countably infinite number of bases can be expressed.
Namely, one can imagine drawing an infinite number of w; with weights ¢ = {¢;}
from DP(aH), then drawing h; so that h; ~ DP(B¢). This kind of formulation is
known as HDP-LDA [123].

Harmonic bases

In music audio, each basis should correspond to a single pitched instrument. Recall
that Equation [2.6| has shown that amplitude spectrum of a pitched instrument can
be approximated as a Gaussian mixture. This kind of constraint can be integrated
in a LDA-like framework by constraining the basis vector, called the latent harmonic
allocation (LHA) [138]:

T N;

I ] N
ple,zlw, by = [ [[[TT] Tri (asn (£l o 0%)) (2.19)

t=1 n=1 i=1 j=1

Here, z;,i; = 1 means that the nth count data at frame t was created from the jth
partial of the ith instrumental sound. Moreover, i and a are normalized to 1, i.e.,
>ihyi=1forall t and ) jaij =1 for all i. Then, prior distribution can be imposed on
fo,ti, hti and a;;. For example, a prior of fo;; may limit the range of the fo, or a prior
of a;; may express the harmonic structure of a particular instrument.

Recall that the Dirichlet distribution is a mathematically convenient form of prior
for multinomial variables like a; or h;. Moreover, when the parameter to the Dirich-
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Figure 2.7: Problem statement of music alignment. The goal is to identify time in-
stances in multiple audio signals that all play the same place in the underlying piece
of music. When the music score is given, the task is called audio-to-score alignment.

let distribution is 1, the prior becomes non-informative, meaning that it has no bias to-
wards a particular shape of the multinomial variable. This will become an important
concept in achieving robustness to variations in timbre, as will be seen in Chapter

2.3 Music alignment

Music alignment is the task that finds a temporal mapping among multiple media, each
of which represents a common piece of music. There are two main kinds of music
alignment. First is audio alignment, which is the task that finds a temporal mapping
between different audio renditions to a same piece of music, such that the temporal
mapping determines time instance in each of the audio signals that refer to a same
place in the underlying musical piece. Second is the task of aligning an audio signal
to a symbolic music score data to the underlying musical piece, called audio-to-score
alignment. These problem statements are illustrated in Fig.

Alignment has gathered considerable interest in the music information retrieval
(MIR) community, mainly for three applications. First, it allows a user to compare
how different musicians play a same piece of music [114}134]. This is important espe-
cially for analyzing classical music performance: a same piece of music is recorded by
many peopldT|and tempo fluctuation is integral to the individuality of musical expres-
sion [89]. The alignment information can be used for performance visualization [26],
switching back and forth between different performances while playing back a piece
of music [40], or retrieving interpretations that a user likes [81].

1There are about 1500 hits when searching for Beethoven’s Ninth in an online music store as of 2014.
The number is monotonically increasing.
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Second, aligning music audio and music score is useful for intelligent musical ac-
companiment [21,111]]. To elaborate, the user first prepares a music score of the piece
that he wants to play. Then, the user aligns, in real-time, his playing with the part in
the music score that he is playing. Finally, an accompaniment that aligns to the user’s
playing may be generated by synthesizing the remaining parts.

Third, it serves as a valuable cue in source separation. By aligning an audio sig-
nal and its music score, it becomes easier to separate particular musical parts from
the music audio [29,33,60,64,87]. In query-by-humming applications [55,119], audio
alignment becomes valuable for aligning the polyphonic mixture and a user’s hum-
ming sound.

Though not elaborated in this thesis, there are other contexts in which different
kinds of alignment are useful. For example, there are methods for aligning music
score graphics to an audio signal [75]. This kind of alignment is useful for, say, view-
ing a music score while playing back an audio file of the same piece. There are also
alignments that are based on matching the lyrics contained in the score [43,78]. In
some music genre such as jazz, the music score is a highly simplified representation,
showing only harmonic progressions and a rough guide of melody to play on top of
the harmony (called a lead-sheet). Methods have been proposed to align in this kind
of case as well [28]].

2.3.1 Approaches to audio alignment

Aligning a music audio signal is difficult because a same piece can be played with
different timbre, volume balance, tempo trajectory and under different acoustic con-
ditions. To tackle alignment, it is important to find a representation that decouples
factors that are invariant to performance differences and those that depend on each
performer. As discussed in Section [2.1.3} the pitch sequence and the instrumentation
are typically the two most invariant musical aspects. Thus, the first goal is to decouple
an audio signal into intermediate representations that represent pitch and/or instru-
mentation. Then, alignment may be found using such intermediate representations.

2.3.2 Intermediate representation

As discussed in Equation[2.6, the spectral representation of harmonic sounds contains
multiple harmonic partials. The fy’s at each time instance correspond to the pitches
that are played off of the music score at that time. Since the gain of each source and
its harmonic structure are unknown, a representation that is robust to variations in
relative volume and harmonic structure is useful.

To this end, it is possible to design another feature that accumulates the power con-
tained in a particular pitch-class, to arrive at a cyclic vector that represents the power
contained in each pitch-class (e.g., power in C, C#, and so on). This feature is called the
chroma vector [44], even though the definition is conceptual and there are many ways
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to realize it (.., one may either sum over pitch-classes, take the maximum, sum over
the logarithm, and so on). A bulk of research has focused on how to remove timbral
dependency in the chroma vector [34,93,|101]. The performance is also dependent
on how one preprocesses the chroma [16]. In addition to the chroma, it is possible
to capture note onsets by extracting the half-wave rectified adjacent difference [34].
Chroma-based approach has been used extensively [58,62,[80] because the resulting
feature is less sensitive to timbral variations than a spectral representation.

Another approach involves extracting which instrument is playing which pitch at
each time instance. This is often done by first generating “bases” of different instru-
mental sounds playing different pitches, and then finding which bases are active [17].
Source decomposition methods like those introduced in Section are useful for
finding the active bases. To attain both robustness to timbre and volume, it is pos-
sible to formulate a probabilistic model that jointly infers the dynamics and timbre,
given the music score [61,/84,103]. To achieve robustness to noise, source separation
methods have been used as a front-end to segregate components that are relevant to
alignment and those that are irrelevant [69]. Ways to decompose an audio signal into
different components are discussed in Section[2.2.4]

Attaining robustness to reverberation

The spectrum from which the features are extracted contains reverberation. This is
undesirable because reverberation adds unwanted noise components that degrades
the extracted feature. To elaborate, it adds extra sounding components through late
reverberation, smearing the spectrum in time. Therefore, suppressing the late rever-
beration through dereverberation methods is useful.

There are many dereverberation methods, each tailored for a specific application.
For example, for speech recognition purposes, it is possible to dereverberate the se-
quence of speech recognition features [117]]. For post-production purposes, the goal is
to recover the dereverberated audio signal. Dereverberation, for this use, may operate
either in non-invertible domain, i.e., the transformed representation and the time do-
main signal is not bijective, such as the power spectrum, or in invertible domain such
as the time domain or the complex spectral domain. Typical dereverberation methods
focus on suppressing the late reverberation.

Dereverberation methods on a time domain signal or complex spectrum seek to
find the transfer function of a room, and recover the dry signal using inverse filter-
ing [88,92]. When reverberation is assumed to be a moving-average process, and the
reverberation filter satisfies a few reasonable assumptions, the problem of source sig-
nal estimation becomes that of recovering the noise that drives an auto-regressive
system, using a formulation known as the multi-step linear prediction [46,71,96]. By
changing the noise model, the reverberation method can be tuned to dereverberate
a particular kind of signal. For example, white Gaussian noise [95]], auto-regressive
model for speech [5}32,97,]140,(141]], or mixture of harmonic sounds [136] have been
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proposed. If one over-specifies the model of the source signal, the method becomes
selective. Inversely, if one under-specifies the model, the method becomes more ver-
satile, at the expense of reduced accuracy.

On the other hand, many studies focus on suppressing reverberant signal in the
power spectrum domain [31},53,66,74,76]. For example reverberation has been for-
mulated as a moving-average process [66], or as a moving-average process with an
exponential decay, i.e., as an AR(1) process [2,76}/139]. In this family of algorithms,
the source model can be customized to suit the characteristics of the source signal.
To name a few, additive white Gaussian noise [74] or generalized Normal distribu-
tion [66] are some of the possibilities.

Dereverberation methods based on the power domain typically assume additivity
of the power spectrum, which may degrade the performance. Methods based on the
complex spectrum, on the other hand, require no such assumptions, but are sensitive
to slight displacement of the source signal. To see this, note that the phase response
of reverberation changes drastically with a slight displacement of the source signal.
However, the magnitude response changes very slightly. Therefore, methods based
on the magnitude or power spectrum representation is more robust to source signal
displacement than methods based on complex spectrum.

2.3.3 Alignment estimation

Once an intermediate representation has been generated for each signal, either explic-
itly in the form of feature sequence or implicitly as a probabilistic model, the align-
ment method temporally maps the multiple intermediate representations. For the
remainder of this section, it is assumed that an N dimensional feature sequence x;
for the dth music audio signal is given. When using only one audio signal, the feature
sequence is written as x;.

To find the alignment a path optimization technique known as the dynamic time-
warping (DTW) is typically used for explicitly-determined feature sequences [27,58,
99]. For a probabilistic model, a popular choice is to formulate alignment as decoding
of an HMM and its variants [18}61,112], or as a continuous state-space model [30,103].

Path optimization approach

The path optimization approach considers aligning two audio signals. For audio-to-
score alignment, the music score is synthesized into an audio signal using a synthe-
sizer.

First, a distance matrix R;; is computed, each entry of which contains the distance

between the feature of the ith frame in the first audio and jth frame in the second
xliszj
— Txaillzllxezj 12

are often used [34]. Note that if the two audio signals play the same piece and if

audio. Euclidean distance R;; = ||x1; — x2/||2, or the cosine distance R;; = 1

24



2.3. MUSIC ALIGNMENT

the intermediate representation represents the pitch content well enough, one will
observe an almost diagonal path with a consistently low distance.

Next, a path over the similarity matrix indices that minimizes the similarity is com-
puted, subject to various path constraints. A popular constraint is to require that the
index (i, j) may only traverse to (i+1, j), (i, j+1) or (i+1, j+1) [20]. Then, the path may
be computed using dynamic programming, by first computing the following matrix:

Cij = Rjj + min{C;_1,j, Ci-1,j-1, Ci j-1}. (2.20)

Here, for any (i,j) ¢ [1,---1] X [1,---]], C;; = 0. Then, alignment is determined by
backtracking C;;, starting at C;j, where I and | are the size of the feature of the first
and second signals, respectively. Namely, the alignment is a list [(io, jo), - - - (in, jN)]
where

(in, jn) = arg min C(@,j), (2.21)

(in+1=1,jn+1)
(i,j)e{ (ine1 jo1—1) }
(in+1=1jns1=1)

and (ip, jo) = (1,1), (in, jn) = (I, ]). N is determined given these terminal conditions.
Other DP-based methods with different constraints have been also used recently [41,
51|, to cope with repeats and cuts in music.

In DTW-based approach, it is infeasible to jointly align more than two renditions
at a time. This owes to the computational complexity that grows exponentially with
the number of signals D to align. To perform multiple audio alignment, one may
compute pairwise alignments for all possible combination of signals, ignoring any
inconsistencies between the pairwise alignments. It is also possible to incorporate
a measure of inconsistency among pairwise alignments, and minimizing it to refine
alignment [81]. To provide a consistent alignment, it is possible to create a kind of
“reference” signal to which each signal aligns, refining the reference based on the
observations [132].

Statistical estimation approach

For audio-to-score alignment, a statistical model of the generated audio features given
the music score is first designed. For this, the HMM is often used [108]. In the HMM-
based approach, each position in the score is modeled as a distinct state. Then, at
frame ¢, the audio signal is assuemd to play some position s; of the score. Typically, a
state can transition only to itself or to the next adjacent state, conveying the idea that
the state sequence is monotonically increasing. This kind of constraint is called left-to-
right; this kind of HMM is called a left-to-right HMM (LRHMM). The joint likelihood
of an HMM is then given as follows:

p(x,sim,0,0) = p(silm) | | pxiles)p(silsi-r, 0). (222)
t
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Here p(x¢|¢s) is the likelihood of observing the feature at frame ¢, given parameters
associated with state s of s. This is analogous to the similarity matrix used in Sec-
tion For example, the Euclidean distance may be conveyed by letting p(x|¢)
be a Normal distribution with a fixed covariance x|¢p ~ N (xl U, 02) with ¢ = {u, o}.
and the cosine distance may be conveyed by the von Mises-Fisher distribution (vMF
distribution), by letting x|¢ ~ vMF(u, k), with ¢ = {x, u}.

A much richer set of distributions as p(x|¢) can be encoded. For example, the idea
that a particular position in the score may emit distinctly different kinds of sound may
be conveyed by modeling the observation pdf as a multimodal distribution. It is also
possible to look explicitly for what kind of sounds are being simultaneously played
by using a source segregation model, like those discussed in Section

Since a music score conveys the relative duration (e.g., a quarter note versus an
eighth note), it is relevant to incorporate duration constraints. Many studies focus
on the idea that the tempo transitions smoothly [112]. Namely, the tempo is often
modeled as a random walk — the tempo at the current note v is that at the previous
note vs_1 plus a Gaussian noise €;:

Vs = Vs_1 + €s. (2.23)

Then, this information, together with some small factors for correcting the phase of
the beat positions, can be incorporated as the probability that a signal resides in state
s [18]. This kind of formulation, in which the state duration probability is explicitly
given, is called a hidden semi-Markov model (HSMM). It is also possible to use a
continuous state-space s; instead of discrete state-space of an HMM. This way, the
score position s; is expressed as a difference equation, such as s; = s;_1 + v;, with
some additive noise [30,91},/103].

When performing audio-to-audio alighment, there are two main approaches. First,
one audio signal may be designated as the “reference” audio signal, and subject the
remaining signal to be aligned to the reference [91]]. In this case, the feature sequence
extracted from the reference serves as the parameters to the statistical model. It is
also possible to infer the model parameter by aligning to a left-to-right HMM [86].
This may be conceptually thought of as doing a partial music transcription first, then
aligning to the transcribed score.

2.3.4 On asynchrony between notes

Sometimes when fine details of playing need to be analyzed, one needs to take into
account slight asynchrony in the note onset timings from the music score, as shown
in Fig. These approaches are incapable of treating such an asynchrony, and have
been dealt with by post-processing the alignment result [23,87]. This thesis defines
the asynchrony between different parts as inter-part asynchrony.
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Figure 2.8: Example of inter-part asynchrony. Even though the music score specifies
different parts (shown in one stave) to play three notes in sync, the performer(s) may
not start the sound simultaneously.

2.4 Formulation of Bayesian music alignment

Based on the previous discussions, let us formulate music alignment from a Bayesian
perspective. In music alignment, the underlying piece of music, z, generates (1) pa-
rameters to instantaneous sounds at each point in the piece of music, and (2) a se-
quence that represents how such instantaneous sounds are organized in time. Sup-
pose that the underlying piece of music z is described using N states. Moreover, sup-
pose that parameters governing the instantaneous sound, 0 = {Gdn}‘?:’i\f L1’ are gen-
erated from a distribution p(60|z). Furthermore, suppose that parameters governing
the sequence of sound, s = {sdt}dDz’lTldtzl, are generated from a distribution p(s|z). To
summarize, music alignment is formulated as follows:

p(x,5,2,0) = p(2) | | p(Xar)Ou 50 )P (s12)p(012). (224)
d,t

This concept is summarized pictorially in Fig. In a Bayesian setting, then, the goal
is to compute p(s, z, 0|x).

Different music alignment tasks may be formulated as specializations of this equa-
tion. These are summarized as follows:

Audio-to-score alignment z is given in terms of a music score. 0 governs the kind of
sound that may be generated at each point in the score, and s governs how the
music score gets expanded in time.

Audio-to-audio alignment z is unknown. To allow inference, it is assumed that each
point in the underlying piece of music z emits a similar kind of sound for each
signal x4. Thus, a typical formulation assumes that 0,4, = 04, for any d and d’.

Subset music alignment z unknown. Moreover, the kind of sound generated at each
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Figure 2.9: Unified formulation of music alignment.

position in the underlying piece of music z may vary significantly across differ-
ent signals. Thus, 0 no longer specifies “shared” instantaneous sounds, but a
variation of instantaneous sounds across different signals.
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Chapter 3

Bayesian Audio-to-Score Alignment

This chapter presents an offline method for aligning an audio signal and individual
music instrument parts comprising a music score. The proposed method tackles the
problem of variations in dynamics, timbre, tempo and note onset timings. It does
so by formulating a generative model of magnitude spectrogram and inferring the
posterior distribution.

As reviewed in Chapter 2} a key issue in audio-to-score alignment is dealing with
robustness to variations in timbre, dynamics and tempo. Inter-part asynchrony, i.e.,
notes that are notated to be played synchronously being played out-of-sync, is an im-
portant problem in music alignment. To tackle these issues, in most alignment ap-
proaches, a timbre-robust representation of the input audio is first extracted. Then,
the timbre-robust representation is matched to the music score, using a distance met-
ric that is amenable to slight variations in the volume of the played parts. Finally, the
inter-part asynchrony is estimated with a post-processing method. This kind of mul-
tistage approach fundamentally assumes that the timbre, the volume, the alignment
and the inter-part asynchrony are independent of each other.

A fundamental problem of a multi-stage approach to audio-to-score alignment is
that the timbre, the volume, the alignment and the inter-part asynchrony are mutually
dependent. That is, if the alignment is given, one gains a better understanding of the
timbre that different instruments play at different pitches. This updated knowledge
can then be used to create a more timbre-robust representation for the alignment stage
to use. Similar argument goes for volume and inter-part asynchrony as well. The
mutual dependencies among the timbre, the volume, the alignment and the inter-part
asynchrony calls for joint inference.

This chapter presents an audio-to-score alignment method that jointly infers the
timbre, the volume, the alignment and the inter-part asynchrony in a Bayesian man-
ner. Bayesian inference allows us to encode prior knowledge on the musical piece, and
its certainty. This is important because the alignment should be estimated in a data-
driven manner, while taking into account weak assumptions that may be effectively
overridden with ample observation.
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For expressing the timbre, the volume, the alignment and the inter-part asyn-
chrony in a unified model that permits joint inference, the proposed method expresses
three ideas: (1) different parts agree on a common tempo trajectory, (2) each part ex-
ecutes the music score independently, given the tempo trajectory, (3) each position in
the score is rendered as a weighted sum of harmonically spaced sinusoids. Techni-
cally, the method first expresses the shared tempo trajectory as an LDS that expresses
the continuity of the tempo. Then, the method expresses the observed signal as a
nested HSMM, where each HSMM corresponds to different “parts.” Asynchrony is
expected to occur among different parts. For each HSMM, the duration pdf is ex-
pressed using the shared tempo trajectory, and the transition pdf describes the struc-
ture of the musical piece. Then, the method represents each audio using a Bayesian
spectral model that expresses a polyphonic mixture of sinusoids spaced integer mul-
tiples apart [138].

The probabilistic model is formulated in Section and an inference method is
derived in Section Finally, Section [3.3|evaluates the proposed method.

3.1 Formulation

The goal of the proposed method is to estimate the tempo, timing fluctuation between
parts, timbre, dynamics, pitch, and sequence of states. Here “part” means an arbi-
trary combination of voices for which instrumentation is different and asynchrony is
expected. For example, in a piece comprising of a violin and a piano, single part may
be assigned to the violin and another to the piano part. If one is concerned in how the
pianist coordinates the left and the right hands, different parts may be assigned to the
notes played by the left hand and those played by the right hand.

Fig.|3.1|shows the idea behind the proposed method. The observed spectrogram
X is expressed in terms of an underlying generative model, which describes a top-
down generative process of the spectrogram. Specifically, the method first assumes
that for a given piece, the comprising parts (the violin, the cello and the piano in this
case) agree on a common tempo trajectory (upper left-hand side of the figure). The
tempo trajectory expresses how fast the piece is played at a given time instance. Then,
once the parts agree on a common tempo trajectory, each part plays independently of
others. Then, given the executed note sequences, each part renders a sequence of nor-
malized spectral time-slices. Rendering process takes into account the notated pitches,
the harmonic structure and the relative dynamics. Finally, the model outputs the ob-
served spectrogram as a weighted mixture of the normalized spectrograms generated
by these parts.

To express this kind of behavior, the proposed method represents the shared tempo
trajectory as an LDS, which expresses smoothness of the tempo trajectory. Then, the
proposed method expresses the note sequence of each part as an HSMM. It is as-
sumed that the audio starts at the beginning of the score, and ends at the end of the
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Figure 3.1: Conceptual idea of the proposed method.

score. Here, each state describes a distinct note combination and has a note duration
associated with it, as shown in Fig. How long each part plays each state depends
on the shared tempo trajectory, and slight asynchrony in timing caused by musical
expression and/or physical limitations.

Given the sequence of notes, the method represents a normalized spectrogram
of each part. The normalized spectrogram is constrained such that significant com-
ponents exist at integer multiples of the notated fundamental frequencies. The pair
of pitch/instrument combination is defined as an instrument-pitch pair (IPP). It is
assumed that each of I IPPs is harmonic; thus, each IPP is assumed to emit a his-
togram count of the acoustic frequencies that are approximately integer multiples of
the notated fundamental frequency. The relative strengths of these components reflect
the relative volume balance between different notes within the state, and the relative
strength of each harmonic partial. This concept is expressed using LHA because (1) it
is a model of harmonic mixtures and thus mixes well with the proposed method, and
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Figure 3.2: Model of the music score as a state sequence.
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(2) its interpretation of the power spectrum as count data dovetails with the proposed
method’s interpretation of x.

Finally, the spectrogram x;s is obtained by accumulating quanta of energy over
the time-frequency axis. Specifically, the quantized version of the constant-Q trans-
form (CQT) spectrogram x; ¢ is interpreted as the number of energy quanta observed
at time-frequency bin (¢, f). This kind of interpretation of audio signal as a histogram
count has been successfully applied in many tasks such as fy estimation [138]], or
sound source separation [13]. Each quantum is then assigned the originating part,
pitch, instrument and the score position (state). To assign which score position, part
and the IPP generated a particular energy quantum, the normalized spectrograms of
different parts obtained earlier is used as the likelihood of observing a quantum of
energy at a particular time-frequency bin.

Now, each aspect of the proposed method is elaborated.

3.1.1 Modeling the music score state sequence

The model of state sequence is based on first generating a smooth global tempo tra-
jectory using an LDS, and for each part, creating an HSMM such that the duration of
each state is governed by the LDS.

Modeling the global tempo trajectory

The global tempo trajectory is designed as a smooth process, such that adjacent tempi
tend to remain close to each other. This concept is modeled using an LDS or, equiva-
lently, an auto-regressive model of order 1. LDS is useful because it describes the cur-
rent observation in a sequence in terms of the deviation from previous observation; if
the current observation is allowed to deviate only slightly from previous observation,
then it naturally expresses the smoothness of tempo trajectory.

Let 7, be the logarithm of the number of audio frames per tatum at state n of
N this is related to log-BPM. A tatum is the greatest common divisor of the notated
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lengths of all the notes in the score. Similar to [112], the proposed model assumes that
7. deviates by a small amount from 7,,_1, following a Normal distribution centered
about 7,,_1:

T ~ N(fi:l_l,zzn_m;“’l) (3.1)

L, is the number of tatums of state n (for example, a state whose length is a quarter
note, with tatum defined as a sixteenth note has £,, = 4). )L;T) is the precision (i.e., the
inverse variance) of the tempo difference — the greater the value, the less 7,, deviates
from 7,-1. The model assumes that this parameter is generated from the Gamma
distribution:

AP ~ Gam(1D, v(D) 62)
and v govern the distribution of the precision between 7;,_1 and 7,,. Specifically,
1D () 1D, (D?

n n n n

1

the ratio is the mean of /\,ST), and the ratio is its variance. Thus,
they may be set as to convey the default value of AL along with its uncertainty. For
example, steady tempo can be set by setting / I much greater than v, and making
V,ST) large, so that the expected tempo difference variance is small and the variance of
/\,&T) is small, conveying the idea that one is confident that the tempo change is small.
On the other hand, upon encountering a tempo marking, these values can be set in
such a way that A1 is distributed with a large variance, i.e., the tempo can jump by

a large amount.

Modeling a score part as an HSMM

The music score, as mentioned previously, is represented as a sequence of states in a
manner depicted by Fig. and a state sequence is defined for each of the H parts.
The model of the state sequence must be consistent with both the allowed transition
between states, and the global tempo trajectory. The first requirement means that the
transition between states must abide by the music score, i.e., state n can transition
to state n + 1, plus repeats, cuts, or other structural markings, if any. The second
requirement means that duration in each state must be explicitly modeled. To meet
these requirements, the state sequence of the score part is modeled as an HSMM.

The proposed model is completely specified by four variables: state sequence, ini-
tial state pdf, state transition pdf, the state duration pdf. Typically, an HSMM needs
to specify the cumulative density function of the state duration pdf in order to rigor-
ously treat the terminal condition; this information is not necessary in the proposed
model because we assume that the audio ends at the end of the score, i.e., the terminal
state is constrained to be the end of the last state.

Initial state pdf 7, a categorical distribution, specifies the distribution of states at
t = 1. It is drawn from a Dirichlet distribution:

i ~ Dir(mp) . (3.3)
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Figure 3.3: Model of the state duration pdf.

The music audio is assumed to start at the beginning of the score. To express this
knowledge, 7 is set such that the first element 7 ; is set to 1, and the remaining
value to a tiny positive value € < 1 (we set € = 107™°). Since (nt) o« my, this kind
of setting encourages the initial state to be in the very beginning of the score. Other
knowledge, such as optional cuts in the beginning (e.g., abridging the introductory
passage of a concerto), can be encoded in the initial state pdf as well.

State transition pdf 7,,, a categorical distribution, is the probability of transition-
ing from state n’ to n. It is also drawn from a Dirichlet distribution:

Tn,{1--N} ~ Dir(Tonl{l.‘.N}) . (3-4)

The prior 7o describes the possible transitions of the music score: it should be mostly
left-to-right (i.e., the only allowed transition is from state n to 7 + 1), except for few oc-
casions where music structure mandates otherwise, e.g., repeats. The method parses
the music score to determine the appropriate 7o: hyperparameters for allowed transi-
tions are set to 1 (non-informative), and everything else is set to €. Note that transition
to the same state is not allowed, i.e., 7, ,» = €.

State duration pdf governs the expected number of audio frames per tatum given
the notated duration of each state. It should be consistent with the global tempo tra-
jectory 7, in that the expected duration is centered about exp 7;, as illustrated in
Fig. To this end, the log-duration at state n, log [, is modeled as a Normal distri-
bution centered about the expected duration according to the tempo model. Recall
that £, is the number of tatums of state n and 7, is the log-duration of tatum at state
n generated by the LDS. The duration PDF is then modeled as a Normal distribution
centered about 7;, +1og L, with variance of 0%, logl ~ N (7:1 +log Ly, a%). This kind
of model allows each part to fluctuate from the global tempo trajectory, where a small
value of ot strengthens the effect of the global tempo.
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The state sequence is described as a sequence, over time (audio frame index) ¢,
of two variables: the state n and countdown timer value [. First, at t = 1, the HSMM
chooses the initial state according to the initial state PDF, and chooses the initial count-
down timer value, according to the state duration PDF at the initial state. Then, for
eachtimet = [1--- T}, if the current countdown timer value is not 1, the timer is decre-
mented by 1. If the timer value is 1, the HSMM chooses the next state according to
the state transition PDF associated with the current state, and chooses the countdown
timer value by drawing from the duration PDF of the next state. Let sj; = {Sp¢n1 }nNz’ﬁllzl
be a 1-of-LN binary variable that indicates that the state of part /1 at time ¢ is state n,
with [ frames remaining in n. “1-of-K binary variable” is a K-dimensional unit vector,
where the dimension corresponding to the active state has a binary value of 1, and the
other dimensions are set to 0. It is crucial to note that while 1-of-K vector is binary, its
expectation is a continuous variable. Note that this assumes that the sequence stays
at a state for at most L frames. Then, s is described as follows:

N,L T,N,L T,N,L,L
P(Sh {lT}lTI I, T) — 1_[ nnshlnl 1_[ 1Sh,f—l,n,l+lshtnl n Osh,t—l,n,l’shtnl
n,l t>1,n=1,1=1 t>1,n,l,I'#1+1

T,L,N,N "
X l_[ (an,nN(log 1T +1og Ly, a%))sh't_l'""lshml . (3.5)

t>1,,n,n'+n

®

Here, the convention 0° = 0is used. The terms braced by (1) expresses the count-down
timer: the left term indicates that count-down timer must deterministically decrement
until 1, and the right term makes any other transition illegal. The terms surrounded by
(1) expresses both the state transition and state duration. The left term in the paren-
thesis governs the state transition, and the right term governs the count-down timer
value at the next state. It is activated only when the count-down timer value is 1,
meaning that when the count-down timer terminates, it jumps to the next state, draws
a duration value, and assigns it to the count-down timer.

3.1.2 Generating a histogram count

Once the state sequence is generated for all H parts, the CQT spectrogram x can be
generated by (1) choosing, for each count of x, the score position 7, the part /1, the IPP
i, and the harmonics index j that generates the count and (2) emitting a quantum at
some time-frequency bin (¢, f) based on the choice made in (1).

At time t at frequency f, there are x;¢ counts. Each of these x;s counts is asso-
ciated with one of H parts that generated it. The part associated with the cth count
is denoted as M; .. The likelihood that a count is associated with part /1 follows a

35



CHAPTER 3. BAYESIAN AUDIO-TO-SCORE ALIGNMENT

categorical distribution parametrized by m;; = {m; fh},il- This parameter describes
the relative gain of each part at (¢, f). It depends on the time and frequency because
the likelihood of choosing the hth part clearly depends on ¢ through the score po-
sition and f through the IPPs comprising the score of the hth part, which governs
which frequency f is likely to be observed. At the same time, the independence of m
from the actual count index means that once (¢, f) is given, there is no bias towards
choosing any particular quanta created inside (¢, f). Because which frequency bin is
likely to appear is unknown a priori, a non-informative prior is imposed on m1; sj; this
is realized by posing a Dirichlet prior with unit hyperparameter mg; ¢, = 1:

mis ~ Dir(motf) . (3.6)

Then, M;s. = {M; fCh}hH=1 is assigned one of H latent variables, drawn according to
mtfh .
Mige ~ Discrete(mtf) . (3.7)

Next, the method chooses which IPP is generated. The likelihood of observing an
IPP is dependent on the notated notes at each state, and the relative volume of notated
notes. This is expressed as a categorical likelihood of observing IPP i at state n of part
h, ep, = {ehni}le. Note that ey, is independent of time; in other words, the relative
volume of IPPs within a state is assumed to be stationary. Furthermore, e}, is drawn
from a Dirichlet distribution:

enn ~ Dir(eop,) - (3.8)

The prior information egj,,, should convey two aspects. First, the relative volume of no-
tated IPPs should be non-informative, unless the dynamics is known through notation
such as forte or piano. Second, the relative volume of IPPs that are not notated must be
very close to zero. To this end, egy,,; is set to 1 (non-informative) for notated IPP in-
dices i, and epj,,;- is set to some positive constant much smaller than 1 for un-notated
IPP indices i’. Finally, the IPP index i drawn from e is assigned to £, = {1y, f,-}le, a
1-of-I binary variable:

Iy ~ Discrete(en,) - (3.9)

Once the IPP index i is drawn, the index of the harmonic partial is drawn. Each IPP
is associated with a unique harmonic structure with | partials, from the fundamental
up to the Jth partial. The harmonic structure is described as a single categorical dis-
tribution, ay,r; = {apfi;} ]].:1, the harmonic structure of the ith IPP of part /. a is drawn
from Dirichlet distribution:

ay; ~ Dir(agy;) . (3.10)

J

Then, the index of harmonic partial is assigned to H i = {Hy i j}jzl,

a 1-of-] binary
variable:
H i ~ Discrete(ay;) . (3.11)
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Figure 3.4: Graphical model of the proposed audio-to-score alignment method. Cir-
cles represent random variables and arrows indicate conditional dependencies.

aop; determines the prior knowledge on the harmonic structure. Specifically, the rel-
ative strength of jth partial is proportional to the jth element of a9, and the variance
of the relative strength is governed by the norm of ay. Therefore, it is possible to de-
termine 4o in advance by training it with an instrument sound corpora, or set it to
non-informative prior and determine the posterior distribution given the observed
data. Note that by assuming independence from ¢ means that the relative strength of
the partials remains constant within an IPP.

Next, the fundamental frequency is generated. The method assumes that the fun-
damental frequency of the ith IPP, uy,;, is distributed according to Normal distribution
centered about the notated fundamental frequency, with precision Aj;. A prior dis-
tribution on yy; is imposed, such that its distribution is concentrated about the fun-
damental frequency of IPP i of part . Moreover, A has a prior such that its expected
value is large. Specifically, u;; and Aj; are drawn from a Normal-Gamma distribution:

i, Ani ~ NG (my?, bit?, 180, )10 (3.12)
Note that {up;) = mﬁ) ,and (Ay;) =1 ;f) / v,(f) . This way, the range of pitch for the ith
IPP of part h to that notated in the music score may be restricted, by setting  much
larger relative to v, so that the variance of the fj is small.

Finally, the quanta in time-frequency bin (¢, f) are drawn. First, given a time ¢, the
set of IPPs to generate the count are chosen, by referring to the state sequence and the
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score. Then, the part /1, IPP i and harmonics j are chosen according to the previous
discussions. Then, a frequency bin inside f can be drawn from a Normal distribution
centered about the frequency of the jth harmonic of the ith IPP:

H/Ir]/Trxtf/N/L
Ty riHn riisnemM
. -1 nfilhfijShtnl/Yit fch
log f ~ 1_[ N(yhi +log ]'/\hi) (3.13)
h/i/j/tlcfn/l

This kind of model has the capability to jointly and uniquely identify the part, the
volume (the relative strengths of the IPP) and the timbre (relative strengths of the
harmonic partials of each IPP).

Thus, the generative process of x can be summarized as follows:

p(xljlq_{/Mlslmle/al ‘u/ A) =
T,Fxif,N,LH|I]
1_[ (mtfhehniﬂhijN(longhi +log j, Ay

t=1,f=1,c=1,n=1,1=1,h=1,i=1,j=1

))fhnfi%zfithfchShmz (3.14)

In other words, this is a latent variable model that associates with each (¢, f, c) a latent
variable of tuple (h, i, j, n,1).

The overall generative process is illustrated in the graphical model of Fig. Re-
flecting back on the formulation in Equation the proposed method can be seen
as fixing z, expressing 0 using an LHA model, and expressing s using a set of HSMMs
defined for each part, tied together by a common tempo trajectory.

3.2 Inference

Having defined the model, the goal is to determine the posterior distribution

p(s, H, M, 1,7 ,e,a, u, A, m|x). The posterior distribution can then be used to find
the desired statistics. For example, extracting the maximum a posteriori (MAP) esti-
mate of the state sequence s is used as the estimate of the audio-to-score alignment.

This chapter infers an approximate posterior distribution using variational Bayes.
Specifically, p(s, H, M, I,7 ,e,a, u, A, m|x) is approximated as a factored form
s ($)qu (H) qmM)qr (D) g7 (T)qe(e)qa(a)qu(p)ga(A)gm(m). This kind of factor-
ized approximation is called the variational posterior. By factorizing the posterior in
this manner, posterior inference can be performed by iteratively minimizing the KL
divergence from the variational posterior to the true posterior w.r.t. each factor of the
variational posterior.
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For simplicity, let us define the following variables:

INhijf = <log N (log(f D kni, Ay )>

- 2
S % (%l (10g§ - mhi) + b%) —log2miy; + ¢ (l)  (3.15)

tn1 =(logp(log 117)) (3.16)

Nhtn = Shtn:) (3.17)

[Apij = <10g ﬂhij) =l,b(5éhij) — Y (@ni) (3.18)
IEpni = log enni) =t (Enni) — Y (Enn:) (3.19)
IMy = (log my ) =y (ritoy 1) — (1o ) (3.20)

The method iteratively updates the variational posterior of each factor until the
divergence has converged. First, the time-frequency mask M is updated as follows:

Mige ~ Discrete('yt(;i)) , (3.21)
where 'yt(;”) = {yt(?h)} is given as follows, up to a constant normalization coefficient:
N,I J
log Vt(fmh) =M + Z Mhtn [lEhni + Z Enfij (INhijr + lAhij)]~ (3.22)
n=1,i=1 j=1

Next, the probability the ith pitch-instrument pair occupies frequency f at state n
of the HSMM, 7, is updated as follows:

Thnf ~ Discrete('yp(lin) f) , (3.23)
where 7;111’3 I {)/}(lin) fi} is given as follows, up to a constant normalization coefficient:
log Vp(fn)fi = (Z xtfyf?h)nhtn) [lEhni + Z Enfij (INwijf + lAhij)]- (3.24)
t=1 j=1

In Equation[3.24) the first term in the right-hand side correspond to the time-averaged
spectrum weighed by the probability of being in state 7. The second term is the weight
of the ith pitch-instrument pair based on the expected note emission probability, dis-
tributed using the harmonic partials emission probability. In other words, this dis-
tributes the expected observed spectrum at state n to different IPP.

Similarly, the probability that the jth partial occupies frequency f for the ith pitch-
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instrument pair, H, is updated as follows:

Hy i ~ Discrete (7,5 f) ) (3.25)
where '7;1}})1 {V}(z;})z } is given as follows, up to a constant normalization coefficient:
TN _
log yf(l}})z‘j = ( Z xtfyt(fmh)nhtﬂy}glgﬂ) [Zth’jf + lAhij] . (3.26)
t=1,n=1

Equation like Equation can be seen as filtering of the spectrum, weighted
by the likelihood of observing the ith IPP, into different partials.

Next, consider updating the relative volume of each note within a state. By the
independence of IPP, it is clear that the posterior of IPPs are independent across part
h and across states n within each part. The variational posterior of ey, is given as
enn ~ Dir(€y,), where the hyperparameter €, = {€},,; }11:1 is given as follows:

€nhi = €onhi + Z xtf)/t(?h)ﬂhtn)/lgifi (3.27)
t=1,f=1

Similarly with harmonic partials emission probability, the variational posterior of
ay; is found as ay; ~ Dir(ay;), where ay; = {och,]}]] is given as follows:

T,F.N

Qpij = Aopij + Z xthtfh T]htnyhnfléhfz] (3.28)
t=1,f=1,n=1

The fundamental frequency of IPP i inside part h, up;, and its precision, Ap;, is
estimated as pp;, Api ~ N g( q ;If) b(H), ll(f), ';ZH)) where the hyperparameters are
given as follows:

i = (b + Nhl)_l (mnibni + Nui log(f/1))s,,) (3.29)
b = by + N (3.30)
lz(f) = Ini + Nii (3.31)
1 by,
P = v+ 55 2 ((Qog(F /g, )
+ N2, (1og(f/) = (10g(f/1))a, )y, ) (3.32)
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Here, 0),; = {Onif ]-};’:] 1,j=1 is the following density:

N,T

Onifj = Z xtfnhtht(;ih)Vlgin)ﬂ5hfij/Nhi, (3.33)
n=1,t=1

N,T)F]

Npi = Z xtfnhtnytfh yhnfléhfz]- (3.34)
n=1,t=1, =1,j=1

The variational posterior of the LDS, q7(7"), is determined in a manner similar to
the Kalman smoothing algorithm. Minimizing the KL divergence from the variational
posterior to the true posterior w.r.t. g7 (7) leads to the following expression that
resembles an LDS, where 6;(151) = D> nrtn Shyt—1,1715htnl )

N ¢ L
logqf;-((]')éZ[Z 0 logN(logL |771,GT) <10gN<T|T 1, f'&;)”. (3.35)
n=1 "+ =1

The equation is highly similar to an LDS in that the second term expresses continu-
ity of 7,. However, the first term describes the cross-entropy between the expected
duration pdf 61(151) and the duration pdf expected from the LDS; this is different from
an LDS, which typically simply describes the log-likelihood of observing a particular
value given the state variables.

Similar to the Kalman smoother, 4(7") is updated using the forward-backward
algorithm. The forward algorithm is described as the following forward recursion:

o () 2 p(T10° ) = N(Talitn, sn)

o®

L
ocf @) TaON(TalTact, LiadP ™ ) [ N (tog ) L)ITr, 03) ™ dTics. (336)
I=1

Integrating 7,,—1 out and completing the square with respect to 7, gives the following
for u,, and s;:

(T)
L W)
mt= 3.37
" Sp-1 -[:n 1 ( )
(s) A(T) /\(T) 2
L0 L (( >) 09
% Ln—l Ln 1
L 9(5) I
Uy =S L 1o 3.39
! n( Ln 1 Sn-1 ; T Ln) ( )
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The backward algorithm is described as the following backward recursion:

B (Tao1) 2 p(0%) L1Tn1) = N (Ta-110n-1, Gu-1)

o®

= f ﬁ;(qT)(T«)N('Elﬂ—LLn—Mg)_l)HN(log(l/Ln)l‘E,GT) " AT, (3.40)
I=1

By completing the square, we obtain the following:

(T) (s)
-1 1 <An+l> 6n+1
n, = + +

, 3.41
dn+1 Ln G% ( )
(1) (1)

-1 <An+l> <An+1>
==l | (3.42)

< AT (L 0

n+1 n+l, l On+1

Uy = + . 3.43
Zl GT £n+1 qn+1 ( )

Using these, the variational posterior is obtained as follows:

1 Uy Uy 1
q(Tallir) = o (T (Ta) = N(mﬁ (q— - S—) , ﬁ) . (344)
n n n qn

This distribution can be used to generate the duration pdf of the HSMM, namely:

1 ! 2 )
Ly = <_F (log -L_n - 7;,) —log (ZRGT)>

l 1 o)\ 1
=—— (log , _1—;1 (U_ + u_)) - 207 (q;l " s,;l) —log (2710%) . (3.45)

Notice that the effect of the tempo model on the actual note duration is dependent
on or; itis, roughly speaking, a coupling parameter between the LDS and the HSMM.
Too small a o makes the proposed method “myopic,” in that each state cannot “see”
past itself as constrained by the tempo model. Too large a o1 makes the proposed
method ignorant of the tempo model, as the actual note duration is penalized less for
deviating from the tempo model.

Minimizing the KL divergence from the variational posterior to the true posterior
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w.r.t. 4s(s)p 1.7 leads to the following:

LN T,N

lOg qs (s) = Z [Shlnl (10g nnl> + Z Sh,t—1,n’ 1Shtnl ((10g Tn’n> + Lnl)
I=1,n=1 t=2,n'#¥n
T,F
+ Z Shtnlxtfyf}nh) log Khnf], (3.46)
t=1,f=1
where
L] _
log xpnf = V;(ll,?fiéhfij [lEhni + LAy + lNhijf]- (3.47)
i=1,j=1

This has a same functional form as an HSMM, with xj;, s being an unnormalized
histogram that shows the spectrum state 7 is likely to emit, and x; th(JTh) is the ex-

pected CQT spectrogram of part /. Thus, like an HMM, Baum-Welch algorithm can

be used to infer the state expectation. Let us define aé‘f}il 2 p(Sntn1 = 1|x1..4,¢) and

2‘2 ] = p(xti1.1,fShin1 = 1) as the forward and backward variables of the HSMM,

respectively. Then, the following recurrences are obtained:

N
S) (S) log T,y Y +tn1 (S)
Xy € Ontn (@ 0 + Z (o8 Tre) ) (3.48)
n’=1
)
S _ On,t+1,nPpy 141,141 s I>1 (3.49)
h l N ’ L Iau :
" =1 Oh,t+1,n'€<log Bin) 2= ﬁ;z,t+1,l',nrel” rol=1.

Here Oy, is the pseudo-emission probability of state n at time ¢ for part h, given as

follows:
F

log Opty = Z xtfyt(?h) 10g K f - (3.50)
f=1
Because the state sequence is assumed to end at the downbeat of the terminal state,
,(1‘21 issettolforn = N and [ =1, and 0 everywhere else. Based on these variables,
the following expectations are given:

(H) o(H)

<Shtnl> & ahtnl hinl’ (351)
H 1 ’ H
(Sn,t-1,n,18htn1) < aélt)_lllln,ohtnf?( 08 T ) i an (3.52)

This information is then used to compute the expectation in Equation and to find
an estimated trajectory of part h at time t, arg max,; (Sp¢n1)-
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Using this information, the variational posterior of 7 is found as follows:

N
gz = 1—[ Dir(’l’n,{l...N}|’fn,{1...N}) , (3.53)
n=1
where
Tun' = Topn + Coonn (354)

Moreover, 1 is updated as g = Dir(no + r]hll,{l...N}).

3.3 Evaluation

To evaluate the proposed method, this section assesses the capability to (1) align the
music score to audio, assuming that players play synchronously, (2) detect pre-notated
repeated segments, and (3) detect un-notated timing discrepancies among different
players.

In the subsequent evaluations, the CQT was computed at every eighth of a semi-
tone from C1 to E8 (where A4 = 440 Hz), at a rate of 20 frames per second. Un-
less otherwise mentioned, ag(h, i) are non-informative for all & and i, and evaluated
up to | = 5th partial. Moreover, ml(f) is set to the notated fundamental frequency;,
I ;f) =10%, and v}(ff) = bﬁ) = (1/2)%10%; this sets the prior distribution of uj; concen-
trated about the notated fundamental frequency with standard deviation of a quarter
tone. Also, </\dT> is set to 107 for all d except for the very beginning and the end,
which is set to 10. Thus, tempo LDS is allowed to vary more in the very beginning
and the end. Moreover, o7 is swept from 10 to 0.06 over the course of VB iterations.
This effectively weakens the influence of the tempo LDS model in the initial iterations
of the inference. These values were set based manually based on a real-world musical
audio that is unused in the evaluation due to the lack of reliable ground truth data.
Moreover, the model was first inferred with all parts collapsed into a single part (i.e.,
a score with H=1), and used the variational posterior of this model to initialize the
proposed model with each HSMM for each part. The maximum duration to stay in a
state was set to 1 second, or L = 20.

3.3.1 Evaluation of the global alignment

This experiment compares the effectiveness of the proposed method for audio-score
alignment with three methods.

Experimental setup

First, the proposed method was compared with an alighment method based on DTW
(“CHR”). Method CHR minimized the net cosine distance between chroma vector of
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Table 3.1: Percentile of the absolute error in milliseconds.

\ 25%  50%  75%  90%  95%

CHR 90 304 1363 6422 11736
Piano solo IT 17 48 224 891 2040
FS 1485 4520 10468 19415 26728
Proposed 9 21 50 126 269
CHR 68 182 619 2714 9848
Instrument + IT 14 32 86 255 473
Piano Accomp. ES 863 2549 6437 9373 11219
Proposed 8 21 45 93 163
CHR 90 259 891 2804 4710
Small IT 16 46 131 393 816
ensemble ES 1927 4296 8827 16260 25178
Proposed 10 22 45 88 133
CHR 123 394 1384 6688 36550
Orchestral IT 38 104 574 4793 16768
FS 3111 10463 21788 34275 44847
Proposed 23 51 119 805 2996
CHR 66 205 340 1297 1988
Bach10 dataset IT 11 30 60 166 350
(Real performance) FS 159 350 667 978 1213
Proposed 11 29 57 165 366

the audio and the score that has been warped in time, using path constraints in [58].

Second, the proposed method was compared with its variant, where the note du-
rations are assumed to be mutually independent. In other words, the tempo LDS was
ignored, and assumed the tempo is distributed identically at p(7;) = 6(7; —10) for all
d (“IT,” or Independent Tempo). This is similar to [107] in that the note duration are
mutually independent given some fixed tempo.

Finally, the proposed method was compared with its variant using a fixed tim-
bre/volume/part balance (“FS,” or Fixed Spectrum). To elaborate, the expected emis-
sion spectrum in the HSMM was fixed; that s, xj, s in Equationwas switched into
a fixed normalized spectrum. This is similar in spirit to [112].

The proposed method was evaluated on both synthetic and real datasets. A syn-
thetic dataset is desirable because it has an accurate ground truth. Moreover, align-
ment performance obtained from a synthetic dataset is indicative of the performance
in real-world audio signals generated by human players, as suggested by [93]. There-
fore, 60 pieces from the music scores (in Standard MIDI File Format, SMF) from the
RWC Classical Music Database [49] were synthesized using Freepats patch [129]. The
SMF contains expressive data including tempo changes and note strength (velocity)
variations. Then, the expected beat positions and the estimated beat positions ob-
tained from score alignment were computed. Furthermore, to test with real audio,
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ten instrumental performances of Bach chorales were used as another test data [29].

Experimental results

From the obtained alignment, the percentile of the absolute error of the beat positions
extracted was evaluated for the proposed method and the three baselines described
above. The result in presented in Table[3.1} Notice that method IT performs better than
CHR. This suggests that incorporating a Bayesian model of spectrum is effective in
alignment. The importance of a Bayesian treatment of spectrum is also prominent by
comparing the proposed method and method FS — by fixing the spectrum (i.e., fixing
the observation likelihood), the performance deteriorates significantly. Moreover LDS
tempo model is effective, since the proposed method performs much better than LH.

The proposed method performs the worst in orchestral pieces. This is because
orchestra is a complex polyphonic mixture, making it difficult to infer the spectral
model. Surprisingly, the proposed method performs somewhat poorly on piano solo
pieces as well. This is because a pianist may elongate the note duration much longer
than is notated, using the “sustain pedal.” This is problematic because the proposed
model assumes that no signal component exists at pitches that are not notated inside
each state. To elaborate, recall that the proposed method expresses normalized his-
tograms and spectrum is expressed as a count data over the histogram. Therefore,
the proposed method penalizes little for having a few counts in prominent peaks of
the normalized histogram, i.e., the proposed method is fine not observing a strong
signal component at notated frequencies and their partials. the proposed method,
however, penalizes a lot for having many counts in small-valued components of the
normalized histogram, i.e., it penalizes a lot for observing a strong component outside
notated frequencies and their partials.

3.3.2 Evaluation of music structure inference

This experiment evaluates the capability of MAHLER to detect pre-notated musical
structures such as repeats and cuts. Because cuts and repeats are mathematically dealt
in the same way (as non-adjacent state transitions of the HSMM)), it suffices to evaluate
the capability to detect repeats.

Experimental setup

For each polyphony p from 2 to 6, 100 random scores was generated with polyphony
p and a duration of 256 beats, including a repeated segment in the middle of length
2,4, 8, 16, and 32 bars long. These files were then synthesized with 100BPM using
a piano patch. Finally, these audio files were aligned against the music score. Here,
the estimation is define to be “correct” if the alignment result has the same number
of backwards skips as there are number of repeats.
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Table 3.2: True positive rate (TPR) of repeated segment detection. True negative rate
was 100%.

(a) As a function of the repeated segment length.

BeatLength| 2 4 8 16 32
TPR \96% 87% 83% 89% 94%

(b) As a function of the number of polyphony.

No. Notes\ 2 3 4 5 6
TPR \100% 100% 99% 88% 63%

Experimental results

Table shows the result as a function of repeat bar duration, averaged over the
number of polyphony. The table shows that as the polyphony increases, the detection
capability decreases. This behavior mirrors the result from Table where genres
with increased instrumentation performs relatively poorly.

Table shows the result as a function of polyphony, averaged over bar duration.
This result shows that the accuracy decreases for a repeat of about 8 to 12 beats. In
practice, such repeats are rare, so it should not hinder the merit of incorporating pre-
notated non-adjacent state transitions.

3.3.3 Evaluation of inter-part onset timing differences inference

This experiment evaluates the capability of the proposed method to find small un-
notated onset timing fluctuations among different parts.

Experimental setup

For each number of polyphony p, 1000 SMF files were synthesized. Each file consec-
utively plays three chords with p notes, each with duration of 1 second and played by
a piano patch. Notes are assigned in one of p parts, such that all p parts are mono-
phonic. Moreover, the onset times are dilated by a uniformly-distributed noise be-
tween -250ms and 250ms. Each of the p x 1000 audio files was aligned to the score
using (1) single HSMM used for entire part, and (2) p HSMMs, each HSMM defined
for each part. The cumulative percentage of the absolute error of the estimated onsets
was evaluated.

Experimental results

The result, presented in Table shows the percentage of frames whose error lie
within an error margin, for different polyphony. It shows that the proposed method
almost always has a higher percentage of frames whose error lies within a given
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Table 3.3: Cumulative percentage of the absolute error of the estimated onsets w.r.t.
polyphony p.

Method p \ 10ms 20ms 50ms 100ms 200ms 500ms 1000ms
Single HSMM 2 | 20%  46%  57% 76% 94% 99% 100%
Proposed 21 25% 58%  66% 80% 94% 99% 99%
Single HSMM 3 | 14% 37%  48% 70% 93%  100% 100%
Proposed 3| 18% 46%  56% 74% 92% 99% 100%
Single HSMM 4 | 10% 29%  41% 66% 92% 99% 100%
Proposed 41 16% 39% 50% 70% 91% 99% 100%
Single HSMM 5 9%  27%  39% 66% 92% 99% 100%
Proposed 5| 14% 37%  48% 69% 90% 99% 100%
Single HSMM 6 9%  25%  37% 64% 92% 99% 99%
Proposed 6| 12% 34%  45% 68% 91% 99% 100%

bound, meaning that the proposed method is more capable of detecting asynchrony
between parts than when assuming that every part is completely synchronized.

3.3.4 Evaluation of informed source separation

Here, the proposed method is evaluated when used directly in an informed source
separation setting. This is important for two reasons. First, since informed source
separation is a useful method on its own, it is interesting to see the applicability of
the proposed method for source separation. Second, it is a good test of how well our
generative model expresses the audio signals. To elaborate, note that separation of
a polyphonic mixture into comprising parts depends on how well we estimate each
part. Moreover, the proposed method describes a generative model of how each part is
mixed in a polyphonic mixture. Therefore, the better the proposed method separates
audio, it is a better generative model of each part.

Experimental setup

The proposed method was compared with its variant that does not update the timbre
or dynamics. This kind of baseline is useful for assessing whether posterior inference
makes the proposed model more representative of the audio signal than was before.

The posterior distribution of the proposed method and the baseline were inferred
using ten quartet from BACH10 database [29]. Then, the signal corresponding to each
part was extracted by Wiener filtering. To elaborate, audio for part & was extracted
by first evaluating a STFT X, ; of the input signal with the same analysis framerate

(m)
Vifn

quency axis f. Finally, the inverse-STFT of ¥, f_yt(?h) was computed. Then, for each

as that used for computing the CQT. Then, was interpolated to the linear fre-

separated signal, the signal-to-distortion ratio (SDR) and signal-to-interference ratio
(SIR) were evaluated using BSS_EVAL [125]. SDR is indicative of how well the method
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Figure 3.5: SDR and SIR of the separated parts, using score-informed separation based
on the proposed method.

kept wanted components, and SIR is indicative of how well the method suppressed
unwanted components.

Experimental results

Fig.|3.5[shows the result of source separation. The average SDR improved from 2.2 dB
to 2.5 dB, and SIR from 12.6 dB to 15.8 dB. It shows that the inference of timbre and
dynamics is effective for informed separation, showing that the proposed method
better represents the underlying audio signal. This suggests that the proposed model
is capable of representing musical audio signals.

Using a similar dataset, an existing informed separation method reports a SDR of
about 5.5 dB and SIR of 12.9 dB [29]. The proposed method generates slightly lower
SDR and a higher SIR. This means that the proposed method is capable of removing
unwanted sound, but distorts the signal in the due process. This is because the pro-
posed method assumes that the dynamics is fixed within a note and the timbre for
each IPP is fixed. This approximation is good enough for identifying where the noisy
signals are, but it fails to capture minute spectral variations within a note. This may
be alleviated by incorporation of a more elaborate spectral model that captures the
fine spectral detail at each time instance.
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3.4 Summary

This chapter presented a Bayesian audio-score alignment method. The key issues that
(1) inter-part asynchrony and alignment is mutually dependent, and (2) timbre, dy-
namics and alignment are mutually dependent, were handled by jointly inferring tim-
bre, dynamics, tempo, pitch, score alignment, and inter-part asynchrony in a Bayesian
manner.

Experimental evaluation demonstrated that the proposed method achieves a me-
dian accuracy of about 30 ms on real chamber music and 50 ms on synthetic orchestral
recording, making it a viable choice for detailed performance analysis. Furthermore,
the proposed method was shown to be capable of estimating inter-part asynchrony;
this is important for informed source separation applications, which require high-
quality note onset timing information; and application to musicology, e.g., for analyz-
ing the interaction between different performers within an ensemble.
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Chapter 4

Bayesian Audio-to-Audio Alignment

This chapter presents a method for aligning different audio signals that play a same
piece of music. In order to align multiple music audio signals that represent a same
piece of music, it is necessary to express both what kind of piece the audio signals are
playing, and how the piece is played by each audio signal. In order to unify differ-
ent musical constraints in a single framework, generative audio alignment is attrac-
tive. Furthermore, since how a piece is played by each performance and what kind of
piece is played in common are mutually dependent, joint inference through statistical
modeling is desirable.

Audio-to-audio alignment is difficult because, unlike audio-to-score alignment,
the symbolic music score is not given. This means that the sequence of note combi-
nations and their relative durations, which are common to all signals, are unknown.
Thus, generative audio-to-audio alignment needs to specify a model of the note com-
bination sequences and their relative durations (i.e., musical composition), and the
alignment between each audio signal and the musical composition (i.e., music per-
formance).

To represent the generative process of a musical composition, the proposed method
focuses on the general fact that small fragments consisting of multiple musical notes
form the basic building blocks of music and are organized into a larger work. For ex-
ample, the sonata form is based on developing two contrasting fragments known as
the “subject groups,” and a song form essentially repeats the same melody. Hence,
a composition model should express the observation that basic melodic patterns are
reused to form the sonata or the song. Yet, such a property has been neglected [86,91],
assuming that different part of the underlying musical composition is distributed in-
dependently.

To represent the generative process of each performance, the proposed method
focuses on temporal fluctuations from a common music composition. Since each per-
formance plays the same musical composition, the small fragments should appear in
the same order. On the other hand, each performance can be played by a different set
of musical instruments with a unique tempo trajectory.
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Figure 4.1: An overview of generative audio alignment.

Unlike audio-to-score alignment, the tempo trajectory can be expressed only im-
plicitly because the note durations are unknown. To tackle this issue, the proposed
method assumes that the relative tempo, the speed at which each audio signal plays
a piece relative to a reference, changes slowly over time. Tempo is a special case of
the relative tempo, where the reference is a fixed metronome click. As seen in Chap-
ter |2 the tempo is often expressed as a random walk [18,30,102,112,/113]]. Likewise,
in probabilistic audio alignment [91], the relative tempo is assumed to change slowly
over time, expressed using a random walk.

A random walk, in two ways, poorly approximates the actual dynamics of the rel-
ative tempo. First, it is incapable of expressing the appropriate range of the relative
tempo. This is problematic since the relative tempo evolves within a narrow confine
defined by the physical playability and musical appropriateness. Second, it is inca-
pable of handling sporadic changes in the underlying dynamics. This is problematic
because the relative tempo changes dramatically at structural boundaries of music,
such as a phrase ending [105]: the tempo does change slowly over time, but the rate of
change varies by the structural context of the music. The rate of change is fixed in a
random walk, so it cannot handle this kind of sporadic change.

To deal with these issues, the proposed method employs a hierarchical Bayesian
model of music composition and performance. Note duration of each performance is
then modeled as a process whose smoothness may vary sporadically. The proposed
method first addresses the need to express the kind of structure that appear in music
composition. It does so by first decoupling the generative process of music audio
signals into those originating from the underlying music score and those from the
unique performance. Then, inspired by music structure analysis methods [1,(106], the
proposed method represents a music composition as a sequence generated from a
compact, ergodic Markov model (“latent composition”). This allows the method to
capture frequently-occurring note patterns. Each music performance is represented
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as a left-to-right Markov chain that traverses the latent composition with the state
durations unique to each performance.

Second, the proposed method addresses the problems associated with expressing
the dynamics of the relative tempo as a random walk. It does so using two approaches.
First, it limits the range of the relative tempo, instead of allowing it to diverge with-
out bound. This is achieved by expressing the dynamics of the relative tempo as a
mean-reverting process (or Ornstein-Uhlenbeck process), instead of a random walk.
A mean-reverting process is like a random walk, except it has a restoring force to a
predefined value. The restoring force is proportional to how far the relative tempo
deviates from a predefined relative tempo value. Second, the method allows sporadic
changes in the relative tempo dynamics, which an LDS cannot express. To do so, it,
inspired by tempo trajectory models [52], expresses the relative tempo as a switching-
state LDS (SSLDS). An SSLDS is capable of toggling the smoothness of the relative
tempo, allowing the smoothness of the relative tempo change sporadically at struc-
tural boundaries. To incorporate such a model into an audio alignment method in a
unified manner, the proposed method integrates the model of the relative tempo as a
duration probability at each position in the underlying reference performance.

A conceptual overview is provided in Section and then the concept is mathe-
matically formalized in Section[4.2] Section[4.3|provides an inference scheme. Finally,
the proposed method is evaluated in Section

4.1 Conceptual overview

The proposed method formulates a generative model of alignment that aligns D per-
formances. It first extracts short-time audio features from each of D performances.
Denote the feature sequence for the dth performance at frame ¢t € [1, T] as x4, where
T, is the total number of frames for the dth audio signal. Here, the kind of feature is
arbitrary, and depends on the generative model of the short-time audio. Then, x4
is modeled as a set of D state sequences. Each state is associated with a unique gen-
erative process of short-time audio feature. In other words, each state represents a
distinct audio feature, e.g., distinct chord, fp and so on, depending on how the gener-
ative model of the feature is designed.

For audio alignment, the state sequence must abide by two rules. First, the order in
which each state appears is the same for all D feature sequences. In other words, every
performance is described by one sequence of distinct audio features, i.e., the musical
piece that the performances play in common. Such a sequence is called the latent com-
position in this chapter. Second, the duration that each performance resides in a given
state in the latent composition can be unique to the performance. In other words, each
performance traverses the latent composition with a unique “tempo curve.” The se-
quence that each performance traverses over the latent composition sequence is called
the performance sequence in this chapter. This concept is illustrated in Fig.
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Figure 4.2: The idea of how a piece is generated. Music composition is modeled as a
sequence (composition sequence) from an ergodic Markov model. Each performance
plays the composition sequence by traversing the composition sequence in the order
it appears. Each performance stays in each state with a unique duration, as governed
by the duration sequence (omitted for the sake of simplicity).

The latent composition is a sequence of length N drawn from an ergodic Markov
model, which is called the latent common structure. The latent composition is described
as a sequence of length N and S states, z,, where each state describes a distinct audio
feature. In other words, the musical piece is described by at most N distinct audio
events, using at most S distinct sounds. The latent common structure encodes the
structure inherent to the music. The transition probabilities of each state shed light
on a “typical” performance, e.g., melody line or harmonic progression. Therefore, the
latent common structure provides a generative model of music composition.

The performance sequence provides a generative model of performance. Each au-
dio signal is modeled as an emission from a N-state left-to-right Markov model, where
the nth state refers to the generative model associated with the nth position in the
latent composition. Specifically, write the performance sequence for audio d as sy,
which is a state sequence of length T; and N states, such that state n refers to the nth
element of the latent composition. Each performance sequence is constrained such
that (1) it begins in state 1 and ends at state N, and (2) state n may traverse only to
itself or state n + 1. In other words, each performance sequence is constrained to tra-
verse the latent composition in the same order but with a unique duration. Such a
model conveys the idea that each performance can independently play a piece in any
tempo trajectory.
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To express the tempo trajectory, the proposed method considers a “template” of
tempo dynamics, and switching back and forth between the templates in the course
of the piece. Itis illustrated in Fig. Each template encodes the covariance matrix of
tempo change among different performances. For example, one template might cor-
respond to every recording maintaining a smooth tempo, and another template might
correspond to, say, tempo of signal 1 and 4 changing rapidly in a negatively correlated
manner. By sporadically changing the template assignment, it is possible to express
a tempo trajectory whose dynamics changes sporadically. In the proposed method,
one template is assigned to each position in the composition sequence. This way, the
tempo of every signal transitions with the same covariance structure at any given po-
sition in the underlying piece. From this kind of model, the covariance templates are
learned and the sequence of covariance templates used is inferred.

An example of performance and composition sequence

Fig.|4.2|clarifies the relationship between the performance and composition sequence
model. In the example, S = 3 and N = 5, where state “A” corresponds to a combi-
nation of notes G, C and F, “B” corresponds to the note C, and so on; moreover, z,
encodes the state sequence “ABBCB,” as to reflect the underlying common music com-
position that the performances play. Note that a single note may be expressed using
more than one state in the latent composition, e.g., both z, and z3 describe the note C.
Next, each performance aligns to the latent composition, through the performance se-
quence. Each state of the performance sequence is associated to a position in the latent
composition. For example, s1 3 is associated to position 2 of z, z;. Then, at each time,
the observation is generated by emitting from the state in latent common structure re-
ferred by the current frame of the current audio. This is determined hierarchically by
looking up the state n of the performance sequence of audio d at time ¢, and referring

55



CHAPTER 4. BAYESIAN AUDIO-TO-AUDIO ALIGNMENT

to the state s of the nth element of the latent composition. In the example, s1 3 refers
to state n = 2, so the generative model corresponding to z,-, or “B,” is referred.

4.2 Formulation

The proposed method probabilistically expresses D feature sequences, each being an
audio performance to a common piece of music.

This kind of multiple feature sequences is assumed to be generated by four steps.
First, a reference performance that every sequence plays is generated. Second, each
signal determines how long each position in the reference should be played. Third,
each signal expands the reference in time, such that each position of the reference is
played with a duration determined from the second step. Finally, based on the ex-
panded sequence, audio features that correspond to each position in the reference
are created. To express such a generative process, a probabilistic model is designed,
which is composed of (1) composition sequence, a state sequence that describes the un-
derlying reference performance common to the D signals, (2) duration sequence, a state
sequence that describes how long each signal resides in each position in the composi-
tion sequence, (3) performance sequence, a state sequence that describes which position
in the composition sequence is being played at each time instance, and (4) a model of
audio feature that is likely to be observed at each state of the composition sequence.

4.2.1 Composition sequence

The composition sequence describes the underlying musical piece, i.e., the ordering
of features that are emitted in common to all signals. It is described as an S-state
sequence of length N, z = {z, }nNzl, where each state s is associated with a parameter
0s, which describes what kind of acoustic features are likely to be observed at that
state. Here, z, is an S-dimensional binary variable, whose value z,; is 1 if the state of
zn is s, and 0 otherwise. Specifically, we model z as an ergodic Markov chain whose

initial state pdf is = and the transition pdf is 7:

S N § S
pzim, = [ = [ | ]| [z 4.1)
s=1

n=2 s=1 ¢’=1

Ts is generated from a conjugate prior, a Dirichlet distribution with hyperparameter
To,s, i.6., Ts ~ Dir(7ps). The same is done for 7 as well, i.e., m ~ Dir(m). The hyper-
parameters 1y and 7r( are set to a positive value less than 1, which induces a sparse
transition structure. Sparse transition structure decreases the number of redundant
states, which helps the inference of 6;.

The latent composition and structure implicitly convey the information about how
the music is structured and what its building blocks are. Fig. 4.4{shows a similarity
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Figure 4.4: Structural annotation of Chopin Op. 41-2 and the similarity matrix com-
puted from its latent composition.

matrix derived from the estimated latent composition of Op. 41-2 by F. Chopin|having
the ternary form (a.k.a. ABA form). The first “A” section repeats a theme of form
“DEDF” repeated twice. The second section is in a modulated key. Finally, the last
section repeats the first theme, and ends with a short coda, borrowing from “F” motive
from the first theme. Noting that the diagonal lines of a similarity matrix represent
strong similarity, such a trend may be unveiled by analyzing the matrix. The bottom-
left diagonal lines in the first section, for example, show that a theme repeats, and the
top-left diagonal suggests that the first theme is repeated at the end. This suggests
that the latent composition reflects the organization of music.

Notice that this kind of structure arises because the organization of music is explic-
itly modeled as an ergodic Markov model; simply aligning multiple performances to
a single left-to-right HMM [83)86] is insufficient because it cannot revisit a previously
visited state.

4.2.2 Performance sequence

Every audio signal is assumed to be generated from the sequence z, with each signal
staying in a given state inside z with a different duration. Thus, when signal d of
D signals generates a feature sequence of length T}, it is necessary to (1) traverse the
sequence in the same order as z, and (2) explicitly model the duration that each signal
d spends in each position n inside z. To achieve these goals, the proposed method
considers a sequence of “pointer” to z, @, defined for each signal d. The pointer is
designed such that it starts at z,-1. Then, the pointer value stays the same for some

'The similarity matrix R; ; was determined by removing self-transitions from z, and assigning it to
z’, and setting R; ; = 1if 2/ = z;., and 0 otherwise. Next, R was convolved by a two-dimensional filter

that emphasizes diagonal lines.
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Figure 4.5: Feature sequences (chroma vector) of two performances, overlayed by
points where the state of the latent composition changes.

time according to p(I,,4|W), which is the likelihood, for some parameter W, that signal
d stays in position n of z for I,,; frames. Then, it points to z,,1, repeating the same
process until reaching zy.

To model such a behavior, the sequence of the position inside z that each signal tra-
verses is exprressed as a Markov chain of length T; over state-space [1... N]x[1...L],
Dy = {sat}, ;’1 (also known as a semi-Markov chain). Here, sj;,1 = 1 means signal d
at time t points to z,, with /| more frames remaining in z,; L is the maximum al-
lowed duration at each state. The state dynamics is set such that for some 7, I keeps
decrementing until reaching 1, where n gets incremented by 1 and !/ is set accord-
ing to p(I41,4|V). Furthermore, s4; is constrained to start at z; and end at zy. With
p(l,q|¥), the duration that s resides in n can be explicitly modeled, and a left-to-right
dynamics ensures that the signal starts at z; and ends at position zy. Then, the like-
lihood is given as follows:

D N
p(PW¥) = H 1_[((5(71’ 1)Sd,l,n,16(n,S)Sd,Td,n,l)

d=1"*n=1

T, N L L
(1,4 |W) a1t 154t-1niSdtn1-1 ] . (4.2)

Fig.[4.5]shows excerpts of the feature sequences obtained from two performances,
overlayed by blue lines that indicate time instances where the state of the composi-
tion sequence has changed. The figure suggests that the state changes with a notable
change in the feature, such as when new notes are played. Since, by the definition of
a left-to-right Markov model, the number of vertical lines is identical for all perfor-
mances, audio signals can be aligned by mapping the occurrences of the sth vertical
line for all performances, for each s.
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4.2.3 Duration sequence

The duration sequence models the state duration pdf p(l,,4|¥) introduced in Equa-
tion 4.2}, as to encourage the relative tempo of each signal to be similar and changing
smoothly, with a sporadically varying degree of smoothness. To provide an overview,
the idea is to decouple the state duration /,; into (1) the average state duration at
each n, L,, and (2) the relative tempo 7, = [7y1 - - - Tnal, i.e., the multiplicative offset
from the average L, for each signal d at each position 7 in z. Then, 7,4 is modeled
as an switching-state LDS (SSLDS) [47]] with a mean-reverting dynamics with mean 1.
SSLDS allows the smoothness of the relative tempo to change sporadically, and mean-
reverting dynamics encourages the relative tempo to “return” to a default value, more
so when the relative tempo is farther away from the default value.

The state duration is first decoupled into the average state duration .£,, and the
relative tempo 7. Then, 1,4, given W = {L,,, 7;,},, U {Ao}, is assumed to be distributed
Normally about £, 7, with precision Ag:

Pl L, Ta, A0) = N (Lal £aTa, A5Y) - 43)

Since there is little prior information on the value of £, and since £, is likely to be
independent of each other, £, is assumed to be distributed mutually independently,
with a mean of zero and a small precision ¢ (i.e., large variance):

N
plal) = | [ N(Lal0, ). (4.4)
n=1

By setting ¢ to a small value, the prior assumption on £, weakens, and the posterior
distribution, with 7,, = 1, resembles a Normal distribution centered about the average
state duration.

To model 7, the proposed method considers the two requirements for the relative
tempo. First, the proposed method should encourage the signals to play with a similar
relative tempo trajectory, i.e., the 7 should “favor” a value of 1. Second, it should
express the smoothness of the relative tempo, with a sporadically varying degree of
smoothness. To achieve these, 7" is modeled as a mean-reverting process with mean
m =1, and an innovation noise with a switching covariance:

Tn—Tn-1=—a(Ty —m) + €. (4.5)

This kind of process can be seen as a discrete-time analogue of the Ornstein-Uhlenbeck
process. The adjacent difference (left-hand side of Equation [4.5) contains (1) a restor-
ing force proportional to a € [0, 1] and difference from m (first term in the r.h.s. of
Equation[4.5), plus (2) some innovation €, (second term in the r.h.s. of Equation[4.5).
Therefore, the farther 7, deviates from m, the greater it tends to revert back to m.
To allow the dynamics of 7 to change sporadically, €, is assumed to be a Gaus-
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Figure 4.6: A short phrase played with 24 different interpretations, and the estimated
u and A. Dotted arrows indicate the choice of executed phrasing.

sian noise with zero mean and precision matrix A,, where A, may vary sporadically.
Here, A expresses different relative tempo dynamics, e.g., “there is little change in the
relative tempo,” “the relative tempo of signals 1 and 3 vary significantly in a corre-
lated manner,” and so on. To model a time-varying A, while constraining it to vary
only spuriously, A, is modeled as an M-state Markov chain, u, each state of which
describes a unique covariance structure for A. By setting M to a reasonable value, the
tempo dynamics is expressed as a sequence of a few covariances. The initial state pdf
is defined as v and the state transition pdf is defined as §;,. Then, the likelihood of u
is given as follows:

M N M M
pulé, o) = [ [T ][] &mm (4.6)

m=1 n=1 m=1m’=1

Then, 7 is described as an SSLDS with a time-varying covariance:

Unm
pTalTa1, An) = N (Tl P20 A0) 47)
l+a
Here, £, and v are generated from a conjugate Dirichlet distribution, i.e., £, ~ Dir(&o)
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and v ~ Dir(vy); furthermore, A, is generated from a conjugate Wishart distribution
~ W(nm, Wi).

The proposed model naturally extends duration models based on the smoothness
of tempo [91}/112], to deal with a sporadically varying degree of smoothness, and to
encourage the relative tempo trajectory to be similar among audio signals. Note that
how the proposed method treats the SSLDS for relative tempo modeling is different
from that used in beat tracking [15] or score following [104]. Namely, while these stud-
ies assume a switching-state dynamics of the observation noise and a fixed dynamics
of the underlying tempo trajectory, the proposed method assumes a switching-state
dynamics of the underlying tempo trajectory. It allows the underlying tempo to exhibit
different dynamics, making it similar in spirit to expressive tempo modeling [52].

Preliminary analysis suggests that the state of u changes at structural boundaries
of musical interpretation. To illustrate, the maximum a posteriori (MAP) estimate of u
and A for a short violin phrase is presented in Fig. 4.6, played with 24 different tempo
trajectories. Specifically, the dth recording is generated by permuting over three bi-
nary decisions over the phrasing (dotted lines) and choosing an overall tempo (vari-
able s in the figure). The MAP estimate of u is shown as color labels over the music
score, and A is shown in the bottom of the figure. It shows that performances with
similar overall tempo are correlated, as shown by the block-like covariance structure.
The red-colored label is a “default” covariance, and the remaining indicate spurious
changes in the degree of smoothness. Note that the spurious changes (i.e., non-red
labels) often occur at phrase boundaries (i.e., ends of arrows in Fig.[4.6), perhaps since
the relative tempo changes significantly at musical structure boundaries [22].

To summarize, p(l,,4|¥) in Equation [4.2]is expressed as follows:

N
p ()N ey |Y) 21_[ [N Uil LT, A )N([nIO, L_l)

n=1

M u
% 7;!—1 +a — o Mlm é’un lmunm
[ z A mm'

m= 1

XDir(U;vo)l_[ Dir(sm;csovwmm;nm,wm)]. (48)

m=1

Fig. @] shows the graphical model of the duration model.

4.2.4 Feature sequence

Finally, the proposed method generates the audio feature x4 by emitting data from
a distribution with an appropriate 85 associated with frame t of signal d. To do this,
s4; is referred to find which state n of z is referred at the current frame. Then the
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appropriate 0; is retrieved by finding the state s to which z, refers. In other words:

N L
ﬂ ﬂ p(@at|@s) o, (4.9)

n=1 I=1

S
p(zatlz, @,0) =

s=1
Here, p(x|6;) is the likelihood of observing audio feature x at state s of z, and 6;
is generated from some prior distribution p(8s;0p). In this chapter, the proposed
method uses the chroma vector and its half-wave rectified increment as the feature,
assuming that p(x4:|0s) is a dim(zx4;)-dimensional Normal distribution, whose pa-
rameter 6; is generated from its conjugate prior, the Normal-gamma prior. In other
words, the proposed method assumes that 8; = {fs, Xs}, 60 = {myg, vo, o, ko), and
assumes ;| fis,\s ~N(;15, 5\5‘1) and fis;, Agi ~ NG(mg,i, vo,i, Uo,i, ko,i). The graphical
model of the performance and composition sequence is shown in Fig.
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Reflecting back on the formulation in Equation the proposed method can be
seen as generating z from an underlying ergodic HMM, expressing 0 using a single
distribution of the chroma vector at each state, and expressing s using a set of HSMMs
with a duration model that encourage every signal to play in a similar relative tempo.

4.3 Inference

The posterior distribution to the model described above is derived in this section.
Since direct application of Bayes’ rule to arrive at the posterior is difficult, the varia-
tional Bayes method [7] is employed to find an approximate posterior of form
q(s,z,0,m,m,7) =[1aq9(s4,)9(2)q(7) [ 14,0 9(Na,n) [1s 9(05)g(75) that minimizes the
Kullback-Leibler (KL) divergence to the true posterior distribution.

q(s) and g(z) can be updated in a manner analogous to an HMM. q(z) may be
updated using the forward-backward algorithm, with the state emission probability
g at position n of the latent composition and the transition probability vs from state
s given as follows:

log gn,s = Z (Sd,tn,) (logp(xy+10s)), (4.10)
d,t
log vs,¢ = (log Ts,s) - (4.11)

Specifically, the forward message is computed as follows:

Ans = Kns Z an—-1,5'0s’s, (4.12)

s’

starting at log a1 s = (log 7). The backward message is computed as follows:

ﬁns = Z Uss’gn+1,s’ﬁn+1,s’/ (4.13)

SI

starting at fn s = 1. Then, 7 can be updated as follows:

q(m) = Dir(m +(z1)) , (4.14)

and T as follows: N
q(rs) = Dir(ro,s £ <zn_1,szn>) . (4.15)

n>1

Likewise, for q(s4,), forward-backward algorithm is used to update the varia-
tional posterior, with the state emission probability h, , and transition probability
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wy s given as follows:
10g gin = ) (Zns) (log p(xat165)) (4.16)
S
log wani = (log N (11anTua, Ag")) - (4.17)
Then, the forward message is computed as follows:

Qdrnl = Natn (@4 t-1 0,141 + Ad t-10-11Wdn1) , (4.18)

starting atlog ay 1,1 = 6,1,1%. Furthermore a;,,; for all I > L is set to 0, and a ¢, for
all n < 11is set to 0. The backward message is computed as follows:

’ h ’ 10 ’ l = 1
Batnt = {Zl dt+1,n+1, 1 Pd 41,041, Wd n41,1 (4.19)

ha t41,n,1-1Pd t+1,n,1-1 1<I<IL,

starting at By7,,1 = 1 forall d, n and .

Based on these parameters, the generative model of audio features can be updated.
Some commonly-used statistics for state s include the count N, the mean fi; and the
variance X;, which are given as follows:

Ns = Z (Zns) (S:un:) (4.20)
1
s = == ), ans) {saun) war (4.21)
15 d,t,n
L= D, (ns) (sam) (@ar = fis)? (422)
S dtn

With these, the observation model can be updated as follows:

vomo + N fis

q(,uls/)\s) :NQ(V0+NS/ =
Vo + NS_

7

N 1,2 ¢ N, 2 )
ug+ —,ko+ =(N;Xs + — -m 4.23
0+ ko 2( Tt TN, (s —mo)* )| (4.23)

Hyperparameters may be set manually, or optimized by minimizing the KL diver-
gence from g to the posterior.
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To update the duration sequence, the following statistics are introduced:

Ty
Xoar = ) (Sa-1n-1,15atm) (424)
=1
Cnd = Xnd: (4-25)
;&
= IX, 426
Mo c ; dl (4.26)

To update the assigned covariance, the forward-backward algorithm is used, with
emission probability O,,,;, and transition probability T, - given as follows:

log Opm = — %tr(l”n An) + % (logdetAy,) (4.27)
log T, m =108 Em,m’) (4.28)

Then the forward message is computed as follows:

Anm = Z an—l,m’oanm’,mz (429)

m/

and the backward message is computed as follows:

ﬁnm = Z 5n+1,m’on+1,m’Tm,m' (4-30)
ml

From these, (u,) o« o3, may be estimated. With the estimated expectations, g(v)
can be updated as follows:

4(v) = Dir(vo + (1)), (431)
and (&) as follows:
N
Q(Sm,:) = Dir<€0 + Z <un—l,m> <Zn,:>) (4:.32)
n>1

Next, consider updating q(7"). Since the functional form is like an LDS, the expec-
tations may be computed using the Kalman smoother. The forward message
p(TulXi. n,--+), whose functional form is N (7,19, Vi), is computed. To this end,
let us introduce the following variables:

T = ((tn=Btna=7) (= Bttna =" ) (4.33)

65



CHAPTER 4. BAYESIAN AUDIO-TO-AUDIO ALIGNMENT

M
Sy = Z (Unm) {(Am) (4-34)
A, = diag (£2) (4.35)

Then, the forward message is computed follows:

Pl=V, 1 +(1+a)?28, (4.36)
V, =S, + A,AvA, —(1+a) 28, P,S, (4.37)
S, P aS,m asS,m
-1 ntn n n
= 1Gn_1— A, A . 4.
gn Vn [1+0{ (Vn 19n-1 (1+6¥)2)+ 1+a + A, A M, ( 38)

Similarly, the backward message p(X,+1..N17x, - - - ) can be computed to yield a func-
tional form N (7;|h,, W), whose parameters are given as follows:

Q' =W, + S, + A, A, A, (4.39)

Wy =1+ a)72S,(I - Q.S ) (4.40)
W, ls, am

g == [Qn (th + 22 A A M, ) 1+a]. (4.41)

Combining these, the variational posterior for 7, is obtained as follows:
(T 1) = NU(Vugn + Wyhy,), Uy) , (4.42)

where
U, =(V, +W,) .. (4.43)

Using these, the expectations (7,,7,) and (7,-17,) may be updated as follows:

¢n7f>: (444)

STP-15,\""
(e T

Ty (4.45)

<T 1TT> 1+0c

Next, the update for the relative note duration g(a) is obtained:

20 2., Cud (Taad M, D. B
LnNN(LK‘i‘ 02d=1 d {Tna) d,(L+AOZCnd<7:51>) ) (4.46)

t+ A0 X5 Cua (T2)

Finally, the tempo covariance for each template A, is updated:
-1
m o~ Wt + (i), +Zwmmn (447)
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4.4 Evaluation

Here, three experiments are conducted to assess the proposed method. First experi-
ment assesses the effectiveness of the proposed method against existing methods that
ignore the organization of music [83,[86]. Second experiment investigates how well
similar sounding fragments are grouped into one state; to evaluate this, the onset de-
tection capability of the proposed method is tested, assuming that a change of state
corresponds to an onset. Last test evaluates the robustness of the proposed method
to the length of the latent composition, a parameter that needs to be fixed in advance.

4.4.1 Experimental conditions

The proposed method is evaluated by computing the alignment error percentile using
nine pieces from Chopin’s Mazurka, each with 2 to 5 recordings. For each song, the
estimated alignment was compared with a human-annotated data [114]. The feature
was computed using a sampling frequency of 44.1 kHz at 25 frames per second. Then,
the proposed method was compared against six different methods:

DTW DTW that minimizes the net cosine distance using path constraint in [58]. Since
it practically cannot deal with alignment of more than two signals at a time, the
error percentile is evaluated over all possible pairwise alignments.

HMM Our model, with an HMM to model ¢, ignoring any duration constraints [82].
This serves as the baseline for probabilistic audio alignment.

Independent Treating ¢» as an HSMM, assuming independent state distribution both
across signals d and positions in z, n.

Mean Assuming, for each position 7, a single Normal distribution as the duration
pdf, which ignores continuity of relative tempo but encourages signals to play
with similar relative tempo trajectories.

Dynamics (Single-state) Setting o = 0 and setting M = 1 in Equation[4.8, making the
proposed model a LDS (no switching-state) with a random-walk dynamics. It
ignores the deviation of relative tempo trajectory from each other and assumes a
single underlying dynamics, thus making it similar in spirit to existing duration
models [91}112].

Dynamics (Switching-state) Same as above, except a switching-state dynamics is
used by setting M = 5.

Proposed The proposed method, i.e., method Dynamics (Switching-state) with a
mean-reverting dynamics.
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Table 4.1: Onset detection rate

Method | Prec. Rec. F-meas.

HMM 43%  26% 31%
Dynamics (Single-state) | 72% 70% 70%
Proposed 75%  74% 74%

The hyperparameters to the composition sequence were set to mp = 0.1 and 7¢ s =
0.9 + 106(s, s’), which encourages a sparse transition and self-transitions. The hy-
perparameters related to the mean-reverting dynamics were set to a = 0.1, which
moderately encourages the relative tempo to be near m = 1. The prior precision of
a,, L, was set to 0.01, allowing for standard deviation of about three frames. The prior
precision of 1,4 is set to A9 = 30. For the SSLDS, the hyperparameters were set such
that £o = 0.1, vp = 0.1, and M = 5, which encourages a sparse transition structure.
The prior of A, was set to n,, = D and W,, = 1001;. For the observation models,
the hyperparameters were set such that up = kg = 1, vo = 0.1 and mgy = 0, which
encourages a sparse variance and a dispersed mean. Finally S was set to 100 and N to
0.3miny T.

4.4.2 Experimental results

The result is shown in Fig. The proposed method performs comparably to DTW,
a commonly-used pair-wise audio alignment method, attaining a median alignment
error of about 60 ms. Moreover, it was confirmed that it is effective to (1) encour-
age the similarity of the tempo trajectory among the input signals and (2) encourage
the smoothness of relative tempo with sporadically switching degree of smoothness.
This suggests that existing alignment methods, that use LDS-based tempo dynam-
ics, including audio-to-score alighment, may benefit from tying the mean duration
using mean-reverting dynamics, and incorporating switching-state dynamics. This
kind of modeling strategy is impractical for DTW-based alignment, whose memory
and computational complexity increases exponentially with number of signals D to
simultaneously align, and incorporating explicit duration constraint is difficult.

The result suggests a room for improvement in modeling the composition sequence,
performance sequence and the acoustic observation model. That is, when duration
constraints are ignored, DTW (red line) significantly outperforms HMM (orange line).
This result is in accord with results from audio-score alignment literature, where the
DTW typically outperforms HMM when only simple feature such as the chroma is
used inside a simple model of observed feature [63]. Improvement is expected by
incorporating better features and sophisticated models of notes, as in [63].
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Figure 4.9: Percentile of absolute alignment error. Asterisks indicate statistically sig-
nificant difference over DTW (p=0.05) and circles indicate statistically significant dif-
ference over LRHMM (p=0.05), using Kruskal-Wallis H-test.

4.4.3 Onset detection

This experiment verifies that the places where the state of latent composition changes
correspond to changes in tonal characteristics. To this end, the onset detection accu-
racy of the proposed method was computed. The onset is defined the positions where
the state of the latent composition have changed. Then the estimated onset position
was compared to the onset data from the Mazurka Project [114]. The onset position
was defined to be correct if it lied within 0.1 s of an annotated onset position.

Table 4.1) shows the precision, recall and the F-measure. This shows that the pro-
posed method perform significantly better than the left-to-right HMM method, with
the semi-Markov performance sequence performing better than the Markovian per-
formance sequence.

Robustness to the length of the latent composition

Since the proposed method requires the user to set the length of latent composition
N, this experiment evaluated the quality of alignment as N is varied. To evaluate the
performance of the proposed method with different values of N, the alignment of the
proposed method was evaluated when N is set to N = a|T;=1|, with a ranging from
a = 0.1 to a = 0.9 with an increment of 0.1. Fig. shows the median alignment
error. When « is too small, the error increases when there is aninsufficient number of
states to describe a composition. The error also increases when «a is too large, since
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Figure 4.10: Median alignment error against a.

the maximum total allowed deviation decreases (i.e., to about (1 — «)T;-1). However,
outside such extremities, the performance is relatively stable for moderate values of
a around 0.5. This suggests that the proposed method is relatively insensitive to a
reasonable choice of N.

4.5 Summary

This chapter presented an audio alignment method based on a probabilistic genera-
tive model. Based on the insight that a generative model of musical audio alignment
should represent both the underlying musical composition and how it is performed
by each audio signal, this chapter presented a unified generative model of musical
composition and performance. The proposed generative model contributed to a sig-
nificantly better alignment performance than existing methods, attaining a median
alignment error of 60 ms. The result brings generative alignment on par with DTW-
based alignment, opening door to alignment problem settings that require integration
of various sources of uncertainties. For example, alignment under a noisy mixture is a
problem where integration of denoising techniques and alignment seems preferable.
In such a case, one must approach the problem in a generative formulation.
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Chapter 5

Bayesian Subset Music Alignment

This chapter presents a method for aligning musical media that contains some shared
note sequences. Only audio signals will be discussed in this chapter, but a symbolic
music score may be treated in the same manner by rendering it with a synthesizer.

In music alignment, it is often useful to align different music media that contain
an identical sequence of notes plus some other elements. In performance analysis,
for example, an amateur singer might want to compare his solo singing of an opera
with an orchestral recording of the same piece. This calls for an alignment method
that aligns solo vocal audio to full opera audio. In informed source separation, the
user may want to provide the music score for only the parts that he is interested in
separating out, instead of all parts. This requires the alignment between an audio
signal and a musical score data that represents a subset of the notes played by the
audio signal. When a user wants to hum a melodic line that he wants to separate
out from a polyphonic mixture (known as separation by humming [119]), alignment
between user’s humming and polyphonic mixture allows the separation to be done on
humming that is out of sync with the mixture. Yet, such a problem has been neglected
in conventional studies, which have focused on how to align audio signals and/or
music score data that represent an identical sequence of notes.

This chapter proposes subset music alignment, a task for aligning different musical
media that contain parts that are played in common. Furthermore an offline subset
music alignment method is presented. Subset music alighment must concurrently
address two tasks: identifying the common set of notes played by two or more media,
and aligning the media based on the common components. The two problems are
mutually dependent, so they must be determined jointly. To elaborate, common set
of notes can be identified if the times at which D signals play the same location in the
music score are known. But the components are played in common must be known
for identifying the location. To merge the two problems in a unifying framework,
joint estimation is tackled by inferring a probabilistic generative model that expresses
these two subproblems. Constraints pertaining to these subproblems are expressed
probabilistically, through the use of prior distributions.
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Figure 5.1: The idea behind subset music alignment. Assuming audio 1 and 2 play
subsets of a same score, the method aligns the audio signals by focusing on the notes
played by both signals (shaded noteheads).

Section |5.1| defines subset music alignment and positions it with respect to exist-
ing studies. Section |5.2| presents a generative model to subset music alignment. A
posterior inference scheme is presented in Section and the proposed method is
evaluated in Section

5.1 Subset music alignment

Here, subset music alignment is defined and compared with existing audio alignment
methods.

5.1.1 Problem Specification

Subset music alignment is a task for aligning different musical media. The problem

statement is illustrated in Fig.[5.1|and summarized below:

Input D music media (audio signals or music score). Each medium represents a non-

disjoint subset to a common piece of music.

Output Temporal alignment among the media, i.e., a collection of sets of D temporal

“markers,” each set of D markers of which contains the temporal locations of the D

media that play the same location in the underlying common piece of music.

Assumption The common piece of music is describable as a sequence of a set of notes.
Subset music alignment is nontrivial because it needs to find out not only the align-

ment but also the components within the input signals that are relevant for alignment.

5.1.2 Related Studies

Aligning the time axis of multiple musical representations has gathered considerable
interest in the music information retrieval (MIR) community. However, as noted in
Chapter |2, most studies have focused on how to align different musical media that
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represents an identical musical score. On the contrary, subset music alignment re-
quires alignment among audio signals that contain some shared note sequences that
are not necessarily identical.

Subset music alignment methods should be able to (1) discern different notes within
the signals, and (2) align the signals so that same notes played are “shared” among
different representations. On the other hand, these requirements are not necessarily
handled in existing alignment methods.

Many existing alignment methods are designed to discern different pitch combi-
nations, instead of the notes themselves. This is sensible when aligning audio signals
that play an identical score, since it is reasonable to expect to observe the same se-
quence of pitch combinations. This makes it sensible to use, say, the chroma vector
to extract the combination of pitch-classes played, and use it as the basis for align-
ing audio signals. Some studies discern different notes by segregating the input au-
dio into different pitched sounds [17,61}84,98,103]. These studies, however, use the
segregated information to ultimately find the note combination that is played. Sub-
set music alignment requires differentiation between different notes, suggesting that
segregation approach is more sensible.

Existing methods align the signals so that the temporally aligned signals look as
identical to each other as possible, instead of making the signals share as many com-
ponents as possible. For example, a path minimization approach, typically using dy-
namic time-warping (DTW) [27,58,99], seeks to minimize the difference between two
signals that are temporally warped. For a probabilistic approach, often formulated as
a hidden Markov model (HMM) and its variants [18,/61,/84,112] or as a continuous
state-space model [30,103], observation likelihood is modeled as to “favor” signals
that play identically to a predefined pattern. In subset audio alignment, however, the
alignment should maximize the degree of “sharedness,” instead of sameness: aligned
signals may look very different from each other, as long as there are many shared com-
ponents. This is similar in philosophy to ignoring components that are irrelevant for
alignment [69].

5.2 Formulation

This chapter presents a subset audio alignment method, which is capable of aligning
multiple audio renditions to a same piece of music, each rendition of which contains
a common piece of music. The proposed method renders a digital music score us-
ing a high-quality synthesizer, allowing symbolic music score data to be treated like
an audio data. Therefore, the following exposition is based on aligning signals, and
formulates a generative model that describes a collection of musical audio signals.
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5.2.1 Concept

Broadly speaking, the proposed method assumes that each signal plays a subset of a
“master” score. Here, the master score is a sequence of note combinations common to
all input signals. Then, the model expresses the note sequence associated with each
signal by temporally warping the master score, and selecting which notes from the
master score to play. Finally, the model converts the note sequence to audio signal by
expressing the signal as a weighted mixture of the spectrum associated with each note
that is being played. Given this kind of generative model, the alignment is estimated
by working backward: the method starts from the given input audio signals, and infers
the model parameters that best describe the input signals.

Expressing the note sequence

First, Fig. illustrates the concept behind the generative process of the note se-
quence. This figure shows three audio data (right half). Shaded boxes indicate the
notes that are played at a given pitch at a given time, and different parts are indi-
cated by different shades of gray. Each signal represents a common piece of music
composed of three parts, indicated by the “master score” shown in the left half of the
figure, with some notes missing (indicated by dotted notes).

As shown in the figure, each signal is interpreted as a subset of the master score
that has been warped in time (indicated by dotted vertical line). The master score
is described as a state sequence with a known ordering. Moreover, each state of the
master score emits a combination of “bases.” Each basis describes a distinct note.
Then, the note sequence is generated by first warping the master score in time, and
then choosing which notes in the master score are emitted at each position.

An issue with the proposed method is that the number of notes comprising the
piece is unknown, since it depends on the degree of polyphony of each signal at each
time instance. That is, the number of bases, the number of notes in each state of the
master score, and the number of notes that each signal chooses to play within each
state are unknown. Thus, a model that could infer the effective number in a data-
driven manner is necessary.

Expressing the observed signals

The note combination is represented as a discretized constant-Q transform (CQT) [12].
In other words, the proposed method infers the model described in Section[5.2.1]from
the CQT spectrogram of the input signals.

Given the sequence of emitted notes, the CQT spectrogram is generated by accu-
mulating quanta of energy that has been generated from different bases. To elabo-
rate, the discretized CQT spectrogram is interpreted as a histogram of energy quanta,
where the power contained in each time-frequency bin corresponds to the number
of quanta observed at the given time-frequency bin. This kind of interpretation has
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Figure 5.2: The proposed method considers a latent “master” music score, subsets
of which generates the sequence of notes played for each music media, temporally
warped by the signal-dependent note durations.

been shown to be effective for decomposing spectrogram into spectral time-slice that
repeatedly appear throughout the data [13}[119}120,/138]. As illustrated in Fig.
that each count is assuemed to be generated from a different basis (expressed as dif-
ferent shades of gray). Which basis is likely to appear at each time is governed by
which notes are likely to appear at that time, as given by the model of note activation
described earlier.

Now the model is described in more detail. For the moment, let K be the number
of spectral basis and F be the number of frequency bins. The method expresses some
spectral time-slice = [x1 - - - xr]. The kth spectral basis is expressed as a normalized
histogram over the frequency axis, Ox = [0k - - - Okr]. For example, 01 may represent
the normalized spectral time-slice of a piano playing A4, 0, may represent that of a
violin playing F#4, and so on. Moreover, let the likelihood of observing each basis be

= [rt1 - - - k], where 7ty is the likelihood of observing basis k. Then, x is expressed
in two steps. First, N = 3} FXf indicator variables z = [z7---zy] are drawn. z. ex-
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oL
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Figure 5.3: A sample drawn from the model of CQT timeslice. The proposed method
treats the timeslice as a histogram count. Different shades of gray indicate different
spectral bases, each associated with a note in Fig.[5.2|(inside the box labeled “Basis”).

presses the spectral basis that is associated with the cth count of the histogram. Since
the likelihood of observing each basis is governed by 7, z is drawn independently
according to 7r:

z. ~ Categorical (). (5.1)

Then, the frequency bin to assign to the cth count is chosen. Let c, be the assigned
frequency bin. Since the likelihood of assigning the frequency bin is dependent on
the shape of the spectral basis 0, c. is drawn according to it:

c. ~ Categorical(0,,). (5.2)

Note that if z is integrated out, the following mixture distribution is obtained:

K
pec = flm,0) = > mcOiy (53)
k=1

The form of distribution is independent of c, and describes a weighted mixture of the
spectral bases. Here, K should express the number of notes that are contained in x.

In the proposed method, 0 represents the notes that exists for a given signal at a
given time, as shown in Fig. Moreover 7 indicates the relative loudness of the
notes for a given signal at a given time, and K reflects the number of notes for a given
signal at a given time. In other words, 0, m and K varies at each state for each signal.
This means that, as discussed in Section the number of bases K should “vary”
with the nature of the observed spectra. Moreover, the bases 0 should maintain a
hierarchical relationship among the set of all bases, the master score, and the notes
played for each signal.

5.2.2 Model

Now, the concepts introduced in Section and illustrated in Fig.[5.2|shall be math-
ematically formulated. The key idea is to exploit the Dirichlet Process (DP) to express
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spectral bases (different boxes inside “Bases” illustrated in Fig.[5.2). DP has a prop-
erty that the effective number varies with the complexity of the signals. It then uses
hierarchical DP (HDP) to express the hierarchical relationship depicted in Fig.
— namely, those among the set of all notes used, the notes inside the master music
score, and the notes emitted by each signal. To model how the master sequence devel-
ops over time, the proposed method uses a left-to-right hidden semi-Markov model
(LRHSMM) with fixed terminal states. This way, each signal traverses the master mu-
sic score in the same order, while the actual duration that each signal stays in a given
state in the master music is unique to each signal.

In the following exposition, D audio signals are given, each of which is an audio
rendition of a subset of a given piece of music. Let x4 be the CQT spectrogram
of the dth audio signal, evaluated at time t of duration T; and fth of F filter banks
comprising the CQT.

Modeling the note sequence

As shown in Fig. the proposed method expresses the note emitted by each signal
as a subset of the master score, which in turn is a sequence of subsets of all possible
notes. This is realized by expressing the hierarchy of notes using an HDP, and express-
ing how the master score evolves over time using a LRHSMM. The proposed method
is pictorially shown in Fig.

To elaborate, a three-level hierarchical DP is used to express the hierarchy of notes.
First, the set of basis used (the box labeled “Basis” in Fig. [5.2] and Fig. is repre-
sented using a DP. The DP represents countably infinite number of spectral bases,
each basis of which is associated a weight. Thus, it is an infinite-dimensional exten-
sion of the spectral model described in Equation 5.1, Equation [5.2l and Equation
However, the DP prefers a compact representation, so only a finite number of the in-
finite number of bases gets used. Second, the notes played inside a master score is
expressed as a sequence of HDP whose base measure is the set of bases used (the box
labeled “Master score” in Fig.[5.2/and Fig.[5.4). Finally, the actual spectral basis emit-
ted by each signal is an HDP whose base measure is based on the master score (the
boxes labeled “Audio Signal d” in Fig.[5.2]and Fig.[5.4). The key point here is that the
numbers of elements in these sets depend on how many notes are sounding for each
signal at each time instance. HDP expresses this kind of concept naturally.

Now the proposed model is mathematically specified. First, assume that the space
of possible spectral basis is defined by a measure H. The specific form of H in will be
developed in Section Given H, the distribution of spectral basis Gy is defined
as a DP with base measure H and concentration parameter o, where a controls the
growth of the effective number of spectral bases in Go:

Go ~ DP (a, H). (5.4)
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Figure 5.4: Illustration of the proposed three-layer HDP-HSMM model. Each 3D plot
represents a weighted mixture of spectral basis. The lower-level DP’s inherit the atoms
from the upper-level DP’s, while making the mixture more concentrated.

Thus, a countable number of histograms over the frequency axis is sampled, and each
histogram is assigned a weight, sparseness of which is controlled by a. The weights
exhibit a property that the more a basis is used, the more likely it is for the basis to
be used again in another observation. This induces Gy to have a few atoms with non-
negligible associated weight, providing a compact representation of the observed 0’s
whose number of atoms with non-negligible grows with the complexity of x.

Fig.b.5illustrates an example of the maximum a posteriori (MAP) estimate of the
samples drawn from Gy and the weights, sorted in descending order. Note that most
bases have dark bands at log, n (n > 1) octaves plus some offset, meaning that they
represent monophonic pitched sounds. The most frequently occurring basis (basis 0)
describes noisy components that could not be described the harmonic sounds. Note
that only a few basis (about 15), are used and remaining basis are rarely used, if at all.
This suggests that G represents a compact set of pitched sounds that describes the
notes that appear in a piece.

Next, the master music score is modeled as a sequence of N states, each state emit-
ting a subset of the atoms in Go. Each state n of the master music score is associated
with a subset of Gy, denoted G,,. Each signal in state n is allowed to emit a subset of
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Figure 5.5: MAP estimate of the basis g (top; color in logarithmic scale, larger values
are darker) and how frequently each basis is used (bottom).

the atoms (i.e., spikes in Fig. in G,. G,, is assumed to be drawn from a DP with
concentration parameter § and base measure Go:

Gy ~ DP (B, Go) . (5.5)

Intuitively, G, correspond to the notated notes in the master music score, which tends
to emit a subset of the atoms in Gy.

To ensure that every signal plays with the same ordering of states in the master
score, the sequence that signal d traverses over the master music score s, ..., is ex-
pressed as a N-state LRHSMM:

s41.1, ~ LRHSMM(). (5.6)

Here, LRHSMM(I) denotes a left-to-right HSMM with state durations I = {I1 - - - In}.
Specifically, the probability that I remains in state n for | frames is assumed to be
drawn from p,(l,) = N (lnl Un,C y%) The state sequence is furthermore constrained
such that s;11 = 1 and sy7,1 = N (i.e,, sq111 = 1/L and sg7,n1 = 1 in 1-0f-N notation)
for all d, meaning that every signal is constrained to start at the same state and end
at the same state. By definition, s is constrained such that state n may only switch to
n +1 after staying in it for some duration /,,. Note that a left-to-right structure ignores
structural discrepancies among signals, such as repeats and cuts.

To perform inference over an HSMM, the semi-Markov model is replaced with an
equivalent HMM. Namely, s is considered as an HMM state sequence that traverses
over an augmented state space (n,l) € [1---N] X [1---L], where n is the state as
described in the HSMM, [ is the number of frames remaining in state #n, and L is the
maximum allowed duration at any state. Then, the s transitions in a way such that (1)
for I > 0, state (n, I) always transitions to (1, —1), (2) for I = 0, state (n, 0) transitions
to (n+1,1") with probability p,.1(l"). A set of other illegal transitions from state (1, I)
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Figure 5.6: How the CQT spectrum is created in the proposed model.

to (n’,1’) is denoted as Sijeg. = {(n,1, 1", I')}.

Finally, the model considers how each audio signal renders the music score. At
each state 7 in the score, each audio signal chooses a subset of G;; for example, an au-
dio signal of a violin solo that plays a duet consisting of the violin and the piano emits
only the atoms corresponding to the violin part. Therefore, the actual atoms emitted
by signal d at state n, G4, is expressed as a draw from a DP with a concentration
parameter y and a base measure G:

Gin ~DP(y,Gy). (5.7)

The proposed model is different from infinite HMM [8], which also uses the HDP.
First, the proposed model applies for a finite number of states. Since forced alignment
requires known terminal states and ordering of states, the proposel method necessar-
ily uses a finite number of states. Second, the proposed model is hierarchical with
respect to signals as well as states. Therefore, the model can share not only basis
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Figure 5.7: An excerpt of the expectation of the spectral basis activation, and the his-
togram associated with some of the basis (logarithmic scale). The alignment is man-
ually annotated (dashed) for the sake of clarity.

among states, but also basis in a chord at a given state among different signals.

Modeling the observed signals

The proposed method interprets x;;r as a count data — i.e., the number of times a
time-frequency bin (¢, f) was observed for the dth signal — and identifies the spectral
basis that generated each count of the histogram. To represent « as a count data, let us
introduce a frequency indicator variable cg;. that takes on discrete values between 1
and F, where c is defined forc € [1, 2, ..., 2f x4tf], and such that 33 6(carc, f) = Xatf-
Each element in c4;. denotes a unique count in the histogram at signal 4 at time ¢,
and indicates to which frequency bin the particular count was accumulated. Fig.
illustrates the generative process of the spectrum, which shall be elaborated.

Each count cg;. is assumed to originate from one of countable spectral basis, each
of which describes the likelihood of emitting a count data from a given frequency:

cate ~ Categorical(04c). (5.8)

Here, Categorical(0) is a categorical distribution with the likelihood of observing fre-
quency f given as 0, ¢; thus, 0 resembles a normalized CQT spectrum of sounds
comprising x4 . Recall that the kind of spectral basis 0 is defined by the three-level
HDP-HSMM model described earlier. Thus, at time ¢ in signal d, the state sequence 6
is referenced to find the position in the master score 04;. Then, the spectral atom 04,
is generated from the corresponding DP inside the HDPs:

edtc ~ Gd,sdt- (5.9)
Since the atoms of Gy s, should be a categorical distribution and since the domain
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Figure 5.8: Graphical model of the proposed method.

of G4, is the same as Gy, the base measure of Gy, or H, should be defined over all
possible categorical distributions. To this end, H is chosen to be a Dirichlet distri-
bution of dimension F with hyperparameter gg, Dir(go). The Dirichlet distribution
is used because it is conjugate to the categorical distribution, which simplifies infer-
ence. Further extensions might be possible; for example, one may use a distribution
over harmonically-constrained categorical distributions [138].

An excerpt of the MAP estimate of the proposed method is illustrated in Fig.
when aligning a professional violin concerto recording to a recording of the solo violin
part of an end-user. Here, the proposed method inferred one basis for a “summary”
of orchestral parts (Basis 0), and other basis corresponding to a single pitched note,
presumably that of the solo violin (Basis 2 and so on). Thanks to the DP, only a few
components are used, yielding in a compact representation of music audio signals.

With this kind of model, one could align different musical audio by finding the
state sequence of the master music score for each signal, as to maximize the posterior
estimate of s4;.. Since HDP seeks a parsimonious representation, the estimated mas-
ter score tends to maximize the degree to which basis are shared among each signal
(as mandated by G,). This is possible because the input spectrogram is decomposed
into spectral bases, such that the total number of spectral bases used is also parsi-
monious (as mandated by Gy). The proposed method is summarized as a graphical
model in Fig.

Reflecting back on the formulation in Equation [2.24} the proposed method can be
seen as generating z as a sequence of iid variables, expressing 0 using the three-level
hierarchical DP, and expressing s using a set of left-to-right HSMMs.

5.2.3 Re-writing as a conjugate model

To compute the alignment, the posterior distribution of the previous model needs to
be inferred, but it is difficult because the current HDP representation is nonconjugate.
To make the proposed model amenable to closed-form Bayesian inference, it is rewrit-
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ten using Sethuraman'’s stick-breaking construction [130], making the model fully con-
jugate. The basic idea is to use the stick-breaking representation (Equation and
Equation in the appendix) to represent all three DPs. Hereon, the latent variables
are represented as 1-of-K variables when the discrete latent variables are not shown
in boldface, e.g., s4; = n’ is denoted as s, = 1 for n = n” and 0 otherwise.

First, consider rewriting Go. To this end, let us draw I — oo atoms from the base
measure H using the stick-breaking process (SBP). Specifically, g; is drawn from the
following distribution, with KD ~ GEM(a):

~ Dir(go) (5.10)
<1> ~ GEM(a), (5.11)

where GEM(a) translates to the following:
i-1
1 1 1 1
g ~ Beta(1, ) ; BV = &P ]_[(1 — &y, (5.12)
i=1
In other words, Gy is described in terms of the atoms (spectral basis) g; and its asso-

ciated weight AV,

Next, G, is rewritten by an equivalent stick-breaking representation as done above.
To this end, let us draw | — oo indicator variables u,, j» jth of which indicates to which
global atom the jth atom within a chord in state s refers. Specifically:

Upj ~ Categorical(h(l)), (5.13)
h'? ~ GEM(B), (5.14)

where GEM(f) translates to the following;:
D) ~ Beta(1, ) ;) = &7 ]—[( - &2, (5.15)

In other words, G, is realized by drawing ] indices ranging from 1 to I according to

(g ) the length of the stick broken for the top-level DP. Then, each draw is stored by
settmg u,j = 1. Finally, for each j, a categorical weight is associated with it.

Next, Gy, is rewritten similarly. Namely, K — oo indicator variables vg,x are
drawn, kth of which indicates which atom of G,, the kth atom of G, refers to:

Vink ~ Categorical(h(,f)), (5.16)
h®) ~ GEM(y), (5.17)
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where GEM(y) translates to the following:
3 3 3 3
Eon ~ Beta(L, ) Hp) = &5, ﬂ(l ) (5.18)

In other words, K indices are drawn according to h(nz), and each draw is associated
with a categorical likelihood generated from the SBP.

Next, each count ¢4 is modeled as having originated from one of k atoms of G,
given s4;. To this end, a latent variable w is introduced, which indicates the atoms of
Gan that generated cy;., given n:

Wict|Sar ~ Categorical(hg’)sdt). (5.19)
Then, the observation likelihood can be modeled as follows:

cqtc ~ Categorical [gu% (5.20)

Comparing with Equation note that the variable 04, has been replaced with
Ditnsngry - This means that 0 is constrained to be one of draws from Gy, and the
hierarchy of DP’s used to arrive at s, explored in Section is realized by traversing
the index associated with an element of each layer’s DP.

Then, the complete log-joint likelihood is given as follows, up to a constant nor-
malization factor:

Z Cate fUnjiVdnkjWdctkSdtn1 108 gif + Z log Dir(g;|go)
i,jkmnl fd.c,t

T-1,N,L,D

2
+ Z Sa,t,n-1,18den1 oG N (I, ciyy) + Z Sd,t-1,n,18den1 1080
t=1,n=2,1=1,d=1 t,d,(n,l,n’,l’)eSmeg_

+ Z unjilog h(il) +log GEM(h(l)la) + Z Vdnkjlog h(n2]) + Z log GEM(h(nZ)lﬁ)
n,i,j d,n,jk n

+ " Wacwsam loghG) + > log GEM(KG)1y) . (5.21)
t,c,fk,dn d,n

Now this is fully conjugate, so standard variational Bayesian method [7] and trunca-
tion approximation to Sethuraman’s stick-breaking representation [130] can be used
to arrive at an approximate posterior distribution.

5.3 Inference

Having defined the model, the goal is to determine the posterior distribution of the
model. To this end, this section derives an inference scheme using variational Bayesian
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[7] (VB) method. The conjugacy of the stick-breaking construction used in the pro-
posed method allows for an analytically tractable and simple inference. The inference
method assumes that the posterior is decomposed in the following form:

q(s,u,v,w, g, K*¥) = 1_[ q(san..1,;) 1_[ q(gi)

x]_[q(unp Hq(vdn;a [ q(wdct|sdt>q<h“>>ﬂq(h@)]_[q(h“)) (522)

d,nk d,c,fn

Moreover, for some I, |, and K, it is assumed that q(é(ll) ) =1, q(E(IZ)(n)) = 1and

q(é(li’) (d,n)) = 1. This means that coefficients greater than I, | and K, respectively,
will take on values 0, and can be ignored in the inference. Then, update each factor is
updated iteratively until convergence.

First, let us update the latent variables g(u) q(v) and g(w). Standard VB technique
yields in the following;:

log q(unji) o Z Xdt f WdnkjXdt fnkVdin <10g gif> + <10g h(z-l)> , (5.23)
fk,d,c,t

log q(vankj) o Z Xdt fUnpXdt frkVdtn <10g gi f + <1Og h(2)> (5.24)
if.ct
log g(wgctklsar = n) o Z Unji@dnkjVdin {108 &icger) + Z Vitn 10g h( ) (5.25)
ikt t
where Xt fuk = (Wacr = k| Uy s4¢ = (n, 1)) for every c such that cyet = f, vyji = <unji>,

Wdnkj = <vdnk]>, and v, = (Sgm). The equations intuitively show that the log-
expectations of the latent variables are generated by applying a soft mask to x4 as
to assign appropriate atoms in each level of the hierarchy.

To update s, the expectations may be computed efficiently using the forward-
backward algorithm [108]. Specifically, the following unnormalized histogram is trea-
ted as the log emission likelihood of an HMM:

logogiy = Z Xdt f Xdt fuk <108 hdnk> Z Vnji@dnkjXdt fnkXdt f <1Og gif>- (5.26)
I Fiik

Then, the forward variable is computed as follows:
Fdint % Ogin (Qd p-1,, 151 + A p-1,u-1,1€ O8PrUED) Y (5.27)
where agy forn < Oissetto 0, ag ¢ n,r+1 is set to 0, and ag11; is set to og1,p, (I 1).
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Then, the backward variables is computed as follows:

N {ﬁd,t+1,n,z—10d,t+1,n [<t (5.28)

dtnl = ,
an Bd,t41,n41 21 0d,t+1,n+1€<logp”(l luns)) =1,

Finally, the state expectation can be computed as v, o ) @giniBatni. Moreover,
Latnl = {Sdt-1,n-1,1Sdm1), the expectation of state transition and its duration can be
computed as follows:

1 I
Ldt}’ll & ad,t—l,n—l,le< ngn( “ln))Od/t—l/n—lﬁdtnl/ (5'29)

where the normalization constant accounts for both the transition from augmented
state (n,l+1)to (n,l),and (n,1) to (n +1,1).

Next, the parameters are optimized. Optimizing w.r.t. g(g(i)) yields the following,
with Can ik = X¢ VarnXat f Xt fuk:

gi ~ Dir(go + gi) , (5.30)
Sif = Z Unji@dnkjCdfnk, (5.31)
jnk,d,c
£V ~ Beta(1+ v, a0+ Z Vi), (5.32)
n,j,i'>i

2

2~ Beta(1+ wuj, B+ ) @onij) (5.33)
i
£9) ~ Betal+ Camk, v+ ) Cani). (5.34)
k’>k
tn =Y T, (5.35)
l

After the algorithm has converged, audio d can be aligned to d’ by finding the
MAP state of d, 71, and finding the time at signal d” such that its MAP state is 7.

5.4 Evaluation

This section evaluates the capability of the proposed method to align musical audio
signals that contains common parts, and compare it with existing alignment methods
that implicitly assume that two audio signals play identical note sequences.

5.4.1 Experimental Setup

The BACH10 dataset [29] was used to evaluate the proposed method. BACH10 dataset
contains ten instrumental recordings of four-voice Bach chorales played using a bas-
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soon, saxophone, clarinet and a violin. The four parts are called “Soprano,” “Alto,”
“Tenor” and “Bass,” respectively, in the decreasing order of the average pitch. Each
part is recorded in a synchronized and isolated manner, allowing the Bach chorales
to be synthesized with an arbitrary combination of parts. It also contains standard
MIDI file (SMF) to the ten chorales, additional set of audio with different part combi-
nations to be generated, each with different timbre, dynamics, and tempo trajectory
from the instrumental recording. Moreover, it contains a ground-truth SMF-to-audio
alignment, allowing the absolute alignment error at note onsets to be evaluated.

For the SMFs of the ten chorales in the BACH10 dataset, all possible combination
of parts were synthesized, resulting in 15 recordings for each chorale. The same was
done for real audio part recordings of BACH10 audio data. Next, pairs of audio with
parts played in common were aligned. This resulted in 175 pairs to be aligned for
each chorale, totaling in 1750 data, or about 20 hours of unique pairs of audio signals.
Then, for each pair, the alignment extracted was compared using three methods: (1)
the proposed method, (2) MATCH toolchest [27], and (3) DTW based on minimizing
the net cosine distance between two CQT spectrograms, warped in time. MATCH
is an effective alignment method with a publicly available implementation, and is
convenient as a reproducible reference implementation.

For the proposed method, the parameters for the HDP were setto « = 1.0, = 0.1,
and y = 0.01. This encourages the lower-level DP’s to be much more parsimonious
than the upper-level. The prior for the spectral basis was set to go = 0.01, which en-
courages the basis to be sparse. The CQT was evaluated at semitone interval, using
sampling frequency of 44.1 kHz and analysis framerate of 50 frames per second. The
number of states N was set to 0.1min(T,), and the maximum number of frames occu-
pied by any one state, L, was set to 50.

DTW based on minimization of CQT cosine distance (“CQT-DTW”) was chosen
as a baseline that represents a popular approach to offline audio alignment. Since
existing formulations typically incorporate not only the feature itself but the half-wave
rectified first-order difference as well [34], the DTW was evaluated over both CQT
spectrogram and its half-wave rectified first-order difference. In the DTW method,
the path constraint is set such that position i in the first audio and j in the second
audio (denoted (i, j)) may traverse to (i +1,j+1), (i +1,j) or (i,j + 1), a popular
choice in DTW-based alignment [58]. Local constraints were not used.

In addition to DTW based on the feature used by the proposed method, DTW
based on the chroma vector was evaluated as well. The result is not presented be-
cause it had consistently underperformed CQT-DTW. This owes to the invariance of
the chroma to pitch transposition by octaves: the octave information — e.g., whether
one phrase is played in the register of a bass or that of a soprano - is a valuable cue
when performing subset music alignment.

87



CHAPTER 5. BAYESIAN SUBSET MUSIC ALIGNMENT

T T T
,,,,,,, S AR
) )
g 3
‘~ 300ms ‘= 300ms
e ) <
0 R LSt Lty S LRl SRy e b0 [ ke T A Sk S
2 . g g A . Z
% 100mst- - - R S e R ?33 100msp - = = - -~ 7 Lot oA >l
3 B el ol S 2 ToIiiininiinininis
< F LI D SO A ST BRI = A SRR
R Lo -- CQT-DTW R N S -- CQT-DTW
5 | | — Proposed ! — Proposed
lom / . | T 10m I 4 L L
8% 25% 50% 75% 100% 8% 25% 50% 75% 100%
Percentile [%] Percentile [%]
(a) One shared voice (b) Two shared voices
T T T T T T
,,,,,,, U A U S D S E O IS
I I I I I I
| | 1, | | |
| | } N | | | .
Isp--------+-------- [t e el et s Isf--------+--—------- [ DA |
,,,,,,,,,,,,,,,,,,,,, e
CIIIIIIIIIIIIInIIIIIIIIIIIIIIInIIIIII S S S
Fi I U L S /U Pl RO SR LSRN AP
v - r n I
—300mst - - ——m e e e e T L T300msp - e e e T L
e ’ e .
T S [T A
8 - . B 9 e -
% 100msf - - -~~~ =7 e Tt 2ol el % looms’fi’,’f;{‘ff"L’,’,’fffi’,’f,’ffi” f el s
3 . I S L s~ N 2 A D S K
= S S = g oo L= s N .S (. oo
,,,,,,, [ IR A
- L g =0
ISR [ (A
-- CQT-DTW I [ L -- CQT-DTW
! — Proposed ! ! ! — Proposed
10m a ! ! I 10mg— ! ! I
8% 25% 50% 75% 100% 8% 25% 50% 75% 100%
Percentile [%] Percentile [%]
(c) Three shared voices (d) Four shared voices

Figure 5.9: Absolute alignment error percentile as a function of number of simulta-
neously shared notes of a four-part ensemble. Different shades of gray indicate total
number of simultaneously sounding distinct notes, D, where D = 0 (no note unique
to a recording) is black, and the shade becomes lighter as D increases.

5.4.2 Experimental Result

Fig. shows the percentile of alignment absolute error, evaluated with different
number of overlapping and disjoint parts. Comparing MATCH and the proposed
method, the proposed method is much more robust to differences in the number of
disjoint voices. For example, in the case of one part played in common (Fig. [5.9a)),
the median (50 percentile) error of MATCH varies by order of seconds with different
number of disjoint parts, whereas the proposed method varies only by about 300 ms.
It also performs comparably or better than MATCH in the context of conventional
audio-to-audio alignment (D = 0). When comparing CQT-DTW and the proposed
method, the proposed method performs much better than CQT-DTW at most per-
centiles. CQT-DTW seems to perform better at higher percentile, suggesting that the
proposed method has outliers that behave poorly. This presumably owes to the local
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minima introduced by the local search of the variational Bayesian algorithm, exac-
erbated by the introduction of latent variables for Sethuraman’s stick-breaking con-
struction. In this evaluation, the path generated by DTW tended to miss onsets, de-
spite incorporating delta features. This suggests that semitone-feature is good enough
for roughly aligning part mixtures, but the delta-feature cannot capture the note on-
sets. The median alignment error was about 200 ms, making it useful in rough music
performance analysis tasks.

5.5 Summary

This chapter presented subset music alignment, a method for aligning music scores
and/or audio signals that contain a common piece of music. This is unlike existing
audio alignment or score alignhment formulations that assume two signals represent
identical music.

Subset music alignment opens door to alignment problems that links recording of
a single part and the full parts, allowing a user to compare professional recordings
or a concerto to a solo recording of an end-user, or separating a complex mixture of
sound with off-sync humming of the end-user.

To attack the problem of jointly finding parts that are played in common and align-
ing the signals based on the common parts, a three-layer HDP-LRHMM model that
emits a CQT was formulated. Evaluation demonstrated the robustness of the pro-
posed method against parts that are played mutually exclusively among different mu-
sic audio, attaining median alignment error of about 200 ms.
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Chapter 6

Bayesian Dereverberation for Music
Alignment

The key theme in music synchronization is to arrive at representations that are in-
variant to sources of variations in playing. An often-overlooked but critical aspect in
music synchronization is that of room acoustics. This is important because an audio
signal, in the real world, is a mixture of various kinds of source signals, marred by
different kinds of reverberation. Reverberation is typically characterized by the early
reflection component and the late reverberation component: the former refers to compo-
nents of impulse responses that contribute to coloration of the spectrum, and the latter
refers to components that add decaying sound. Many studies have tackled the prob-
lem of suppressing the reverberation through dereverberation methods, methods for
recovering the source signal (“dry” signal) that has driven the reverberant acoustic
environment.

In context of alignment methods, dereverberation is important because alignment
is based on matching local spectral time-slices of different audio renditions. Thus,
it is vitally important that each frame of the audio renditions represent the sound
produced by the performer. In many musical audio signals, however, the hall acous-
tics smears the musician’s performance. Therefore, achieving robustness to different
acoustics is necessary. Dereverberation may be helpful in this kind of situation, by
making the input audio more representative of the music score. Other MIR tasks may
benefit from dereverberation as well.

This chapter presents a dereverberation method that suppresses the late reverber-
ation of a variety of audio signals, including music and speech, recorded under a
variety of room acoustics. Such a goal mandates the following criteria for the design
of dereverberation algorithm:

1. The proposed method should operate using a single-channel input. Many au-
dio signals are recorded as monaural tracks, e.g., digital remasters of early LP
records or an audio signal recorded on an end-user’s smartphone.
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2. The proposed method should be robust to minor variations in the spatial place-
ment of sources that drive the room acoustics, for musical audio has many sour-
ces that are close to each other, meaning that each source is convolved by impulse
responses with similar magnitude response but different phase response.

3. The proposed method should be robust to various source signals, since musical
audio is a mixture of a wide variety of musical instruments, ranging from a
whistle to a snare drum.

4. The user should not have to specify the complexity of the reverberation in ad-
vance. This means that the method should be robust to various room acoustics,
since the room acoustics of many musical audio cannot be known in advance:
the acoustics can range from dead-dry (e.g., close-microphone), to highly rever-
berant (e.g., a cathedral).

In order to achieve (1) and (2) simultaneously, the proposed method models a re-
verberant signal on the power spectrogram domain, since a method that operates in
the power spectrum domain is relatively insensitive to speaker movements [66]].

In order to tackle (3), the constraints on the source signal should be minimal. To
this end, the sparsity of the source signal is expressed, similar to [66,139]. Here, “spar-
sity” means that the mode of the probability density function of each time-frequency
bin of the power spectrogram is zero.

Finally, (4) is realized by estimating the reverberation complexity in a data-driven
manner. To this end, the Dirichlet process (DP) is used. Specifically, the DP is used
to express a reverberant power spectrogram as an infinite mixture of count data, with
the mixture component derived from a non-negative auto-regressive (AR) process de-
fined for each frequency bin. Modeling the reverberation as a mixture of count data
allows us to use the DP to model the AR coefficients, such that the AR model com-
plexity grows with the complexity of the observed data. By using the DP, the model
would introduce additional AR model prediction coefficient when it is sensible to do
so. Thus, it infers AR model coefficients that are compact yet expressive enough for
the given audio signal.

Section introduces the readers to existing studies. The proposed method is
introduced in Section and an inference algorithm in Section The proposed
method is evaluated in Section 6.3l

6.1 Formulation

This chapter aims to design a dereverberation method that works with various kinds
of music audio signals. It models the power spectrogram as a histogram count data,
and incorporate prior information that guides the reverberation model towards a
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good posterior distribution. Namely, it incorporates a sparse prior on the source sig-
nal, and uses the DP to model the AR coefficients, allowing the model order of AR to
increase without bound as the data mandates.

The proposed method develops on the exponential decaying model (AR(1) model)
of reverberation in the power spectrogram domain [76], and incorporate ideas from
methods formulated in the complex spectrum representation [141] to arrive at a higher
order AR model — AR(e0), in fact — over the power spectrogram. The infinite limit of
the AR order is captured using the DP, and allows the “effective” number of active
components in the AR model to be tuned to the input audio signal.

With these in mind, the main contribution of this chapter is the extension of the
AR(1) model of reverberation in the power spectrum domain [76] to infinite order.
First, the higher order AR model is justified, and the foundation of the statistical
model is laid. Next, a novel model of reverberant audio that uses the DP to express the
reverberation coefficients is introduced. Finally, since the proposed method cannot be
solved using standard techniques [7], a novel posterior inference algorithm based on
minorization maximization is presented.

6.1.1 Signal model

In order to model the power spectrogram as a mixture model, it is necessary to first
define what kind of components would comprise the mixture. To this end, the multi-
channel linear prediction model (MCLP) [141] is extended to model the observed
power spectrogram as a mixture of a source signal and previous observations.

Let ys € CFXT be the short-time Fourier transform (STFT) of the observation, and
5¢1 € CP*T be that of the source signal. Here, F and T denote the number of frequency
bins and the number of frames, respectively. Then, under reasonable assumptions
[141], reverberation can be modeled as follows, for some time-invariant filter of order

I, I’_lft S CFXII

I
Ve =5p + Z heifi-i. (6.1)
i=1

This kind of formulation is known as MCLP, which is originally formulated as a mul-
tichannel problem, but is known to work with single-channel audio as well [141]. This
formulation ignores early reflection, and takes into account of the late reverberation,

whose impulse response is greater than the frame length of the STFT.
The proposed method extends MCLP to the power domain. Note that for all (f, 7),
h i is zero-mean because its expectation should be invariant to rotations in the com-
plex plane. In other words, where one defines the reverberation to begin should not
affect the distribution inherent to the reverberation. Now, let us ignore the short-term
correlation typically present in / and assume that for each f, {h f,00 h 1} are mutu-
ally independent. Moreover, assume 5¢; and hy; are independent for all ¢t € [1,T].
Then, in terms of expectation, the following model of the power spectrogram may be
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Figure 6.1: Distribution of the effective complexity.

formulated, where | - | denotes the [,-norm:

I
G5 =150+ D Pl il (62)
i=1
Hereon, |37ft|2 is denoted yy; , |§ft|2 is denoted s, and Ifzfilz
This model can be thought of as a generalization of the exponentially decaying
model of reverberation used in [76], where I = 1 reduces Equation 6.2|to an exponen-
tial decay model. Note that increasing I makes the reverberation model more expres-
sive but complicates the inference due to the increased number of free parameters.
Hence, it is important to choose an I that is compact yet expressive enough for the
observed signal.

is denoted hy;.

An investigation suggests that I is best modeled by some finite number that is
dependent on the nature of reverberation. Specifically, the AR coefficients of the im-
pulse responses used in Section[6.3|was determined. A frame length of 1024 samples
at 16kHz sampling rate with no overlap was used to compute the power spectrogram
of each impulse response. Then, for each impulse response, each frequency bin of
the power spectrogram was modeled as a non-negative AR(200) process. The non-
negative AR coefficients were estimated using non-negative least squares (NNLS).
For each frequency bin, the coefficients was sorted in descending order, evaluated
the cumulative sum, and determined the smallest number for which the cumulative
sum exceeds 99% of the total sum. This is called the “effective complexity” at a given
frequency bin, in that a significant portion of reverberation is expressed using this
number of components.

Fig. |6.1 shows the density of the effective complexity for different reverberation
time (Tep, the time it takes for the impulse response of the reverberation to attenuate
by 60dB) associated with each impulse response. This figure suggests that the effective
complexity is a random variable that is relatively invariant to the kind of reverberation
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Figure 6.2: Conceptual diagram of the proposed statistical model. Power spectrum
is treated as a histogram, and each count is associated with a latent component that
created it.

(the reverberation time of the impulse responses ranges from 0 to 2.7 seconds). From
this, the figure also suggests that an exponential decay (non-negative AR(1)) model
such as [76] may merit from a higher order non-negative AR process.

With this signal model, the fraction of y¢; generated by the source s, 719, is given
as follows:

Sft

spi+ Zis hfilpimi
Moreover, the fraction of y; generated by the contribution from frame t — i, 75, is
given as follows:

Tfto = (6.3)

heiysi-i
s+ Sic Rfiyfi-i
These form the basis of the statistical model, which will be discussed next.

T’fti = (64)

6.1.2 Statistical model

The proposed method treats a discretized version of i ¢; as a histogram count data and
formulates a latent variable model that assigns a latent component to each count of
the histogram. Such an interpretation are often used either explicitly [13] or implicitly
[24] in source separation literatures. It is useful because treating the spectrum as a
histogram allows one to apply techniques used in mixture modeling tasks, including
the DP.

In order to formulate a latent variable model, the method discretizes y¢; and sets
Yyt :=round(vyy;) for some v > 0. yy; is then treated as the number of times a time-
frequency bin (f, t) was observed. According to Equation each of y; counts in
time-frequency bin (f,t) is generated by either the source s¢; with a likelihood of
Equation [6.3| or previous observation yy;; with a likelihood of Equation The
independence of Equation [p.3|and Equation 6.4{on the actual count index shows that
the counts are independently and identically distributed given (f, t). This concept is
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illustrated in Fig.

To record the originating component for the kth count in time-frequency bin (f, t),
let us introduce zj f¢;, a one-of-I+1 binary Variabl “1-of-I+1” means that z is set such
that given (k, f, t), exactly one element of I + 1 choices is 1 and the rest is 0. zx ;0 = 1
indicates that the kth count in time-frequency bin (f, t) originated from the source
syt Fori € [1,1], zxs4i = 1 indicates that kth count originated from observation from
i frames ago, yy,-;- Note that for a given f and ¢t, zxs; is defined up to the number of
observation at (f, ), thatis, k € [1, y].

Equation [6.3| and Equation [6.4 may be rewritten as follows, by introducing, for
each f, B € [0,1] and an [-simplex wy:

1- By ZI: . 65)
ﬁf - fl/ .
hyi
ZUfl' =, (6.6)
ZZI‘/=1 hfi’
Together, they give the following;:
Prsri
T’ftO = :’[lff ’ (67)
(A =B wsiyf, i
Tfti = fnftfl f 1, (6.8)
where I
Nt :5f3ft+2(1—ﬁf)wfiyf,t—i- (6.9)

i=1
With this kind of reparametrization, fy may be thought of as the source signal-to-
reverberation ratio for frequency f: the source sy; dominates the observation when
Br= 1, and the late reverberation dominates the observation when f f= 0. w fi may
be thought of as the relative contribution of the observation from i frames before, for
frequency f.

Equation[6.7jand Equation[6.8|respectively indicate the likelihoods that, for a given
k, f and t, zxri0 = 1 and zxss; = 1 for i € [1,1]. With these in mind, the conditional

!In this chapter, an index that is normalized to 1 is denoted using subscripts, e.g., 3.; zkst; = 1 for
all (k, f,t). An exception to this convention is the hyperparameters of the prior distribution, which by
convention is denoted using a subscript zero. The exceptions to the hyperparameter notation are the
variables z and ¢, which are zero-indexed variables but are not hyperparameters.
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posterior of z given y is described as follows:

ETyyt zifro 1 1— g\ PR
pzly, s, 8w =[] l(w) ﬂ(( ﬁf)wflyf’t) l 6.10)

n n
F=1,t=1 k=1 ft i=1 ft

Next, prior information on the parameters are incorporated to the proposed model.
Prior information is essential because the maximum likelihood estimation of Equa-
tion i.e., maximizing Equation w.rt. s, z, 3, and w, is susceptible to degen-
erate solutions. To see why, observe that the maximum value of Equation[6.10]is 1, for
the terms to be exponentiated is at most 1 and the exponent is a binary variable. The
maximum likelihood of 1 is attained under many degenerate conditions, such as (1)
setting B =1, (2) setting fy = 0and w¢; = 6(i—i’) for some (7,1’) € [1,I]X[1, [ where
0(i) is the Kronecker delta, or (3) setting 7 > 0 and letting s¢; — oo. Therefore, it is
critical to incorporate prior on both the source and the reverberation parameters.

Prior of w as a Dirichlet process

Recall that in Section it was observed that I was a random quantity that is de-
pendent on the frequency bin f. Therefore, the proposed model should convey the
idea that the effective complexity grows without bound with the complexity of the ob-
servation. To this end, the DP is used, allowing a data-driven approach to determine
the effective complexity.

With these in mind, let us apply the DP to model the complexity of reverberation,
or the number of effective components in w. Specifically, the model assumes I —
oo, and assumes that wy; is an infinite-dimensional simplex drawn from the GEM
distribution. That is, for i € [1, co], wy; has a prior of the following form:

i—1

wpi = O ﬂ(1 ~0¢)), 05i ~ Beta(1,a) . (6.11)
j=1

Therefore, reverberation is assumed to be a non-negative AR(c0) process, but only a
finite number of coefficients contribute to the observation.

Prior of S

In order to prevent the degeneracy of Equation[6.10|by increasing s arbitrarily, a sparse
prior on s is set, such that the mode of the distribution is 0. Specifically, the proposed
model lets sf; ~ Gam(u ft,0 ft)- By setting u = 1, the prior of S has a mode at zero,
with an exponentially decaying likelihood proportional to exp(—sy;/vs;). Moreover,
the Gamma distribution is also the simplest distribution that allows for an analytically
tractable inference scheme — namely, the sufficient statistics include —s and log s.
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Figure 6.3: Graphical model of the proposed method.

The Gamma distribution is chosen because not only is it mathematically conve-
nient but it is also an acceptable posterior distribution for both musical audio and
speech signals. Power spectrograms of musical audio signals [29] and speech sig-
nals [45] were prepared, using conditions used in Table Then, for each frequency
bin, parameters to the Gamma distribution was estimated using maximum-likelihood
estimation using 90% of the frames. Finally, Kolmogorov-Smirnov test was performed
on the remaining 10% of the dataset to evaluate the goodness-of-fit. The null hy-
pothesis that the underlying distribution of the power spectrogram is distributed as
a Gamma was accepted 44% of the time for speech signals, and 67% of the time for
musical audio. This shows that the Gamma distribution is an acceptable model of the
posterior distribution.

Prior of 3

The model lets fs ~ Beta (ajf ), b;ﬁ )). By setting a;ﬁ ) = bjf ) = 1 for all f, B becomes
non-informative, in that no assumption is made on the signal-to-reverberation ratio,
and it is inferred solely from the data. Even though B may cause degenerate solu-
tions as argued previously, the sparse prior of s and the prior of w are anticipated to

“compete” with each other to yield in a meaningful posterior distribution.

With these in mind, the joint posterior pdf is given as follows, up to a constant:

logp(z,s,B,wly,a,aP, bP, u,0)

F/T/yff o)
= Z Zk fr0 log (ﬁfot) + Z Zkfti log ((1 - ﬁf)wfiyf,t—i) — Yrilognyy
f=1,1=1k=1 p

+logp(ssilust, vrr) +logp(wyrla) + logp(ﬁfla;ﬁ), b;ﬁ)). (6.12)

The graphical model is shown in Fig. Once the posterior distribution is found, the
dry signal may be recovered by multiplying the following time-frequency mask i ;
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to the power spectrogram:

DIl
iy = k_1y<;kfto> _ <Z]2ft0>, 6.13)

forany k € [1, vy t]. Unless otherwise mentioned, the expectations are taken under an
approximate posterior distribution introduced in Section

6.2 Inference

In order to compute Equation [6.13} it is necessary to marginalize the posterior over all
variables but z. In other words, it is necessary to find the expectation of z, weighed
by all possible combinations of reverberation parameters and source signals. Un-
fortunately, direct integration p(z|y) = f f f p(z,s, B, wly)dsdBdw is analytically in-
tractable. Therefore, this integral is approximated in a manner similar to VB. In this
study, a bound to a constant (= 0) is tightened, using an approximate posterior dis-
tribution g(z, s, 8, w), which is assumed to be of a factored form (“mean-field” ap-
proximation, MFA), as done in VB. Similar approach based on MFA has been em-
ployed for discriminative models [128] in the context of conditional random fields.
The proposed method, however, uses MFA to approximate the posterior distribution
to a Bayesian latent variable model. To this end, the posterior g(z, s, 3, w) is approx-
imated as []; q(zf1)g(sfr)q(wy)q(B ). Moreover, q(w) considers only up to a finite
dimension I. This is known as the truncation approximation [10]. Note that in this
case, the marginal posterior w.r.t. z¢; simply becomes g(z¢). To find an approximate
posterior, the following lower bound is optimized, obtained using Jensen’s inequality,
ie., Zf;l i f(xi) < f(Zf’:l ¢;x;) for a convex function f and an I’-simplex:

P(SIZHB/’UJW)
logfp(s,z,ﬁ,wly)dsdzdﬁdw2fq(s,z,ﬁ,w)log 105,28, w)

= <logp(z|y, S, /6/ w))q(s,z,ﬂ,’w) - <10g q(z)>q(z) + (10gp(s|u, U)>q(s) - <10g q(s)>q(s)

+ <logp(ﬁ|a(ﬁ), b(ﬁ))> —(log q(B))q(B) + (logp(wloc»q(w) —(log q(w))q(w) .
(6.14)

dsdzdBdw

q(8)

The bound is tightened when g is closest, in Kullback-Leibler divergence sense, to the
posterior distribution. Note that when no restriction on the functional form of g is
assumed, the bound is tightened when q(s, z, 3, w) = p(s, z, B, w|y).

Optimization of Equation[6.14|w.r.t. §(z) yields the following:

F,T/]/ftj

E](Z) = 1_[ (PftiZkfti, (6.15)

£=1,t=1,k=1,i=0
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where Grri = QZ_)fti/ Zf‘:o fof]" and

- <10g[3f>+<1085ft>/ i=0
log ¢4 = {<10g(1 — ﬁf)> + <log wfi> +logyfi-i, 1>0. (6.16)

@i, OT <zk ft>, is independent of k because given f and ¢, zx;’s are distributed i.i.

From this follows that, since Z,ﬁ fl <zk fti) = Y719 f1i, Equation |6.13|simplifies to m ¢; =
O fto-

Updating with respect other variables is complicated since the term <— logn ft>
in Equation makes our model non-conjugate, meaning that the expectations in
Equation cannot be computed analytically. To attack this problem, a lower-bound
to the objective function Equation[6.14)is optimized, using minorization-maximization
(MM) technique.

6.2.1 Design of the minorization function

In order to find an analytical inference rule for the model, the MM algorithm [59], also
known as auxiliary function method in the context of signal decomposition [66|77], is
used. The MM algorithm is a convergent algorithm for maximizing an objective func-
tion by designing a lower bound to the objective by introducing additional variables
(auxiliary variables), and iteratively tightening the bound with respect to the auxil-
iary variables and the parameter. The key is to design a lower bound such that it is
easy to update w.r.t. both the auxiliary variables and the parameter.

Inspecting Equation[6.10jand Equation[6.12]reveals that inference is complicated by
the term <— logn ft> that appears in the log posterior distribution. Computation of the
expectation is complicated because the term is cannot be expressed as a weighted sum
of the natural parameters of the posterior. Analytical computation of the expectation
is possible if it could be expressed as a weighted sum of the expectations of the natural

parameters, (log ﬁf>, <10g(1 — ﬁf)>, <log wfi>, <10g Sft>, and <_3ft>- Hence, a lower
bound to <— logn ft> that satisfies these properties should be designed.

Let us introduce a set of auxiliary variables A to design a lower bound
J(z,s,w,B,A), such that maximizing | w.r.t. z, s, w, 8 and A is possible. The lower
bound ] shall satisfy the following criteria:

1. (logp(y, 2, s, w,ﬁ))q =maxg J(z,s,w,3,A)
2. (logp(y, =z, s,w,B))q > J(z,s,w,B,A)

3. J(z,s,w,B,A) is a weighted sum of the expectations of the natural parameters
of the posterior, plus A and a constant.

2This is not to say that, for a given (f, t), z’s are identical for all k, i.e., they are constrained to take
on the same value: they are separate random variables that have the same expectations.
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To simplify the notation, the time-frequency index (f,t) is abbreviated when it is
obvious, and y,; is notated as y*).

First, <— logn ft> is lower-bounded by a first-order Taylor expansion about R;:

<— log nft> > —log Ry — R—ft (6.17)

This bound is expressed in terms of a weighted sum of log s¢; and —sy4, so it is pos-
sible to optimize the objective w.r.t. q(sf;). Optimizing w.r.t. q(sy;) yields:

spi~Gam(iig, s1), (6.18)

where
U =ug+YysPrio, (6.19)
o5 =051+ Y (B )/ Ryt (6.20)

The bound is tightened by setting R = <n ft>-

Equation |6.14 may be optimized w.r.t. g(w) and q(3) by lower-bounding — <n ft>

in the right-hand side of Equation |6.17, Namely, — <n ft> is lower-bounded by the
following, for a set of auxiliary variables V¢; > 0 and some constant Cs; > Vy4:

_ <nft> > Vi —Crr — Vi log Vi + Vi <log (Cft - <7’lft>q(sft))>q(w)q(ﬂ) . (6.21)

The variable C can be chosen arbitrarily, provided that:

2 I
Crt > Cmin, 1 = \/<Sft>t](8ft) * Zi:l yjszf—i' (6.22)

Section presents the detailed proof for this bound and the derivation of Cpin.

The lower bound of Equation is still not a linear combination of the natural pa-
rameters, as it now contains the logarithm of a linear combination of the exponents of

natural parameters. Observe, however, thatlog(Cy; — <n ft>q (s )) is expressed as a log-
St

arithm of a weighted combination of the exponent of natural parameters. Therefore,
extract the summation can be extracted outside the logarithm by applying Jensen’s
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inequality and obtain the following bound, where Q; is a (I + 1)-simplex:

<10g (Cff - <nft>q(8ft))>q(ﬁ)’4(w)

I
= <log [ﬁf (Cft ft a(ss )) Z(l =B wsi(Crr — yf,t—z‘)]>
7(B)q(w)

[~1mm] = Qo log (5f (Cft Sft q(sff>))>q<mq(w>
I I
+ Z thi<10g [(1 — ﬁf) Wi (Cft - ]/f,t—i)] >q(ﬂ)q(w) - Z thz‘ longt,-. (6.23)
i=1 i=0

The right-hand side is a weighted sum of the expectations of the natural parameters of
B and w used by the joint posterior. Therefore, this bound can be used to analytically
optimize the objective function in Equation with respect to q(8) and g(w).

Optimizing the function w.r.t. (w) yields the following update:

65 ~ Beta(a(?, 7)), (6:24)
where
af =1+¢ i (6.25)
b0 =a + Z £, (6.26)
j=i+l
Efi =;yft (¢fti+thi;‘;—j:)- (6.27)

Likewise, optimizing w.r.t. (3) leads to the following;:

By~ Beta( jf’,bjf)) (6.28)
where a#) and b® are the following:

ﬁj(f) (’” 4 & o (6.29)

Ej(f” = bff) + Z & i (6.30)
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The bound is tightened by updating Q as follows, normalizing it such that Q;. = 1:

tho OC(Cft - <3ft>) exp <10g ﬁf> , (6.31)
Qy1,i>0 <(Crr = Yf,0-i) exp(<10g(1 — ﬁf)> + <log wfi>). (6.32)

6.2.2 Proof of Equation [6.21]

Theorem 1. For a differentiable and strictly monotonic function f(x), a positive density
function q over the domain of x and some C such that 0 < f(x) < C for all x in its domain,
the following holds for all V € (0, C):

(—F(@))yz) 2 V{l0g (C = f()))yy) = VIogV = C+V. (6.33)

The bound is tight at V = exp (log (C = f(x)))(x):

Proof 1. Consider a function it log(C — f(x)) + © for some it > 0 and ©. Match the tangent
of this function and that of — f (x) about x = xq such that f(xo) € (0, C), and solve for ii and
0. Set V = C — f(xo) and take the expectation of both sides to obtain Equation Since
the r.h.s. is strictly concave, it meets the l.h.s. at exactly one point.

To tighten the bound, optimize the r.h.s. with respect to xg to obtain f(xg) = M —
exp (log(C — f(x))) 20" Substitute this to the definition of V to tighten the bound w.r.t.

V by setting it to exp (log(C — f(x))),x)-

Apply this theorem, where f(8, w) = (N)y(s) and gq(x) = q(8, w) to obtain the
desired inequality in Equation[6.21}

Next, Cmin shall be derived. First note that log(Cy; — <n ft> ) is defined for

~ q(s)q(2)
the domain of q(w)q(B); therefore, for all w” in [-simplex and B € [0,1], Cy; —
Mt o(s)a() lw=w’,8=3 should be greater than zero. Note that <n ft>q(s) can be expressed

an inner product of two vectors v(f, t) and w(f, t), where

Br <Sft>q(3ft)
(1-prwp Yri-1
v(f,t)=|(1—-Brws |and w(f,t) = Vi |/

(A= Brwy Y1

with }; vfi; = 1. Since |vy¢| < 1, it is possible to bound |vy; - wyt| < [wy¢|. Therefore,
the bound is valid if Cyt > [w¢/.
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6.2.3 Expectation of the sufficient statistics

The sufficient statistics are given as follows:

(log B ) =¢(ﬁ}ﬁ )) - w(ﬁ}ﬁ = B}ﬁ )) , (6.34)
(log(1- 1)) yb( jf)) I,D(ﬁ;ﬁ)+5;‘8)), (6.35)
ﬁ;ﬁ)
(Br) = W (6.36)
<Sft> =UfOft, (6.37)
(log ss) =log(its:) + 1#(5 1), (6.38)
(logwy;) =y ( (6)) Z‘P(b(e)) i w(ﬁ}?)+5ﬁ))’ 6.39)
=1
—(9) i 1 b(@)
<wfi>: R (6.40)

i (9) (0)
( ag +by; )
6.3 Evaluation

Three experiments are conducted to assess the proposed method. First, the perfor-
mance of the proposed method is compared against two existing methods in the
power-spectrum domain, one which relies on source sparsity [66] and another that re-
lies on an AR(1) model of reverberation [76]. Moreover, the behavior of the algorithm
is explored when a few key parameters are changed. Second, the proposed method is
evaluated through a listening test. Finally, the effectiveness of dereverberation as an
audio-to-score alignment front-end is assessed.

In the following experiments, unless otherwise stated, the parameters shown in
Table|6.1|are used. The dereverberated signal is created by first multiplying the STFT
of the observation js; and the square-root of the time-frequency mask my; defined
in Equation Then, the time domain signal is recovered using inverse STFT. This
way, the recovered power spectrogram becomes ;Y 1, as specified in Equation 6.13]

6.3.1 Dereverberation performance
Data

For the source signals, utterances from the DARPA TIMIT Acoustic-Phonetic Con-
tinuous Speech Corpus’s core test dataset of 24 speakers [45] were used. For musical

104



6.3. EVALUATION

Table 6.1: List of the parameters used.

Parameter Description ‘ Value
N/A Waveform Format mono, 16 bit unsigned
N/A Sampling Frequency 16 kHz
F  Frame Length 1024
N/A Hop Size 25% overlap
N/A Window function lg/lodlﬁed Bartlett-Hann Win-
ow
a® p# Signal-to-Reverb Ratio 1.0,1.0
u,v Source Sparseness 1.0,1073
a Reverberation Concentration | 50.0
I Truncation order 50
Number of iterations of the
N/A MM algorithm 20

sources, the BACH10 dataset [29]], a database of Bach chorales recorded in an anechoic
chamber, was used. Each signal has a duration of 20 to 30 seconds.

For the impulse response, real and simulated responses were prepared. Five real-
world impulse responses were prepared, three of which are from the “Impulse re-
sponse and speech data with microphone array” data from the RWCP Sound Scene
Database in Real Acoustic Environment [94], which consist of impulse responses of
reverberations whose reverberation time is up to 780 ms (33 frames). They include an
impulse response of an echo room (denoted “E2A,” reverb length of 120 ms), a tatami-
floored room (“JR1;” 600 ms), and a conference room (“OFC;” 780 ms). Here, the
length of reverberation is defined as the time that the power of reverberation decays
by -60 dB compared to the start. The remaining two are from the Promenadikeskus
Concert Hall impulse response [85], which contains long reverberation of up to about
3 s (130 frames). One impulse response is recorded with a source on stage and mic
on stage (“s1_rl_o;” 2.7s); another is recorded with a source on stage and mic on the
audience seat (“s1_p1_o;” 2.6s). Therefore, even though they have similar reverbera-
tion times, dereverberating the latter is more difficult: the direct-path component is
weaker relative to the reverberation, so the source signal is less clear. In other words,
the posterior distribution of the variable 3 is likely to be different, where s1_r1_o is
expected to have a smaller (3) compared to s1_p1_o.

For the synthesized response, the image method [3] was used to synthesize arti-
ficial impulse responses. Eighteen impulse responses were generated, with uniform
lengths of 20 m, heights of 8 m, absorption coefficients of 0.19, and widths of 5 m to
95 m in 5 m increment.
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Table 6.2: Comparison of different methods, averaged over impulse response.

(a) Itakura-Saito Distance.

Method | Wet KAMO09 LEBO1 Proposed Proposed

(finite)  (infinite)
E2A 373 624 13.01 3.10 3.09
JR1 3.73 6.55 12.94 3.29 3.28
OFC |[414 6.66 12.30 3.34 3.33
sl plo|535 753 10.19 3.98 3.93
sl.rl o |512 7.37 9.66 3.96 391
Ave. | 441 687 11.62 3.53 3.51

(b) Signal-to-Reverberation Modulation Energy Ratio.

Method | Dry Wet KAMO09 LEBO1 Proposed Proposed

(finite)  (infinite)
E2A | 5.01 7.03 994 8.80 8.52 8.61
JR1 501 447 652 7.60 5.72 5.83
OFC |501 460 6.75 7.57 5.88 6.01
sl_pl o | 501 349 5.40 6.38 4.72 4.88
sl.rl o |5.01 3.13 4.76 7.55 4.12 4.23
Ave. 5.01 4.54 6.67 7.58 5.79 591

Metrics

Two metrics were used to evaluate the proposed method: Signal-to-Reverberation
Modulation Energy Ratio (SRMR) [35] and the Itakura-Saito Distance (ISD)?}

SRMR is a non-intrusive measure that increases for signals with shorter late re-
verberation. Therefore, a dereverberation method should improve the SRMR of the
estimated signal from that of the wet signal. The SRMR, however, should not be the
only figure of merit because it ignores signal distortion caused by dereverberation: a
method may attenuate the late reverberation drastically but sound extremely poorly.

In order to evaluate how close the dereverberated signal sounds to the true dry
signal, the ISD was also evaluated. ISD is an asymmetric measure of spectral dissim-
ilarity defined as follows:

_ Xft Xft
D¢ = = Z (xft p ) (6.41)

where xy; is the power spectrogram of the ground-truth dry signal and %y is that of
the dereverberated signal. Since the degree to which spectral shapes are distorted in

3Note that there is yet no single validated measure for dereverberation. Therefore, the numerical
results presented here should be considered an indication, and not conclusion, on the effectiveness of
the proposed method.
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the process of dereverberation should be evaluated, the evaluation metric should be
invariant to the output gain. Therefore, the estimated signal £ is scaled by a constant
that minimizes the ISD from x to £. Moreover, a small constant 10™4xXx is added to both
x and %; because ISD is sensitive to signal power ratios, adding a small floor prevents
minute differences in weak signal components from adversely affecting the ISD. Since
ISD is a good measure of speech perception [9], ISD is expected to be indicative of
the perceptual similarity between the estimated dry signal and the ground-truth dry
signal.

These metrics were computed from the last 10 seconds of the dereverberated au-
dio, since all the methods require some time (about 2 s) to settle-in.

Comparison with existing methods

The proposed method was compared with two methods that perform dereverbera-
tion in the power spectrum domain. The first method, denoted “KAMO09,” uses a fre-
quency bin-wise convolutive model of reverberation with a sparse source prior [66].
It is similar to the proposed method in that it relies on the sparseness of the source,
but different in that it uses a convolutive reverberation model that only incorporates
prior on the source signal. The second method, denoted “LEB01,” uses a frequency
bin-wise AR(1) model of reverberation [76]. It is similar to the proposed method in
that it uses an auto-regressive model of reverberation, but different in that it assumes
very little on the source signal, incorporates no prior information on the reverberation
coefficients, and is restricted to AR(1).

Moreover, the proposed method was compared with a finite-mixture version of the
proposed method, which is realized by replacing GEM(«a) (with truncation approx-
imation Ith component) with a finite I-dimensional Dir(a/50). This is an approxi-
mation of the DP at I = 50, and the but the expected number of effective component
increases with I whereas it is fixed in GEM(«). The inference algorithm is quite simi-
lar, and so is omitted; the difference is in the update of g(w), given by Equation
and the computation of the sufficient statistics in Equation and Equation [6.40]

Table [6.2] shows the evaluation measures averaged over the source signals. Ta-
ble shows that the proposed method is capable of decreasing the ISD compared
to the wet signal. This is unlike the existing methods, where the ISD increases by at-
tenuating the late reverberation. Comparing the infinite version and the finite version
of the proposed method suggests that the difference between the two is negligible, in
terms of the ISD. Table shows that all the dereverberation methods under con-
sideration are capable of attenuating the late reverberation, since the SRMR increases
relative to the wet signal. The data shows that the proposed method is better capa-
ble of suppressing the late reverberation compared to the finite version. Even though
the existing methods consistently attain higher SRMR than the proposed method, it
comes at the price of vastly increased ISD. In this respect, the proposed method is
advantageous because its SRMR is comparable to that of the true dry signal, while its
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Table 6.3: Evaluation measures averaged over source signals.

(a) Itakura-Saito Distance.

Wet KAMO09 LEBO1 Proposed Proposed

(finite) (infinite)
Voice | 431  6.51 11.41 3.43 3.41
Music | 535  10.02 13.47 4.46 4.37

(b) Signal-to-Reverberation Modulation Energy Ratio.

Dry Wet KAMO09 LEBO1 Proposed Proposed
(finite) (infinite)

Voice | 5.11 4.63 6.97 7.78 5.91 6.04
Music | 2.06 3.02 3.73 5.86 3.37 3.39
—o— Wet Signal —0—KAMO9 . i @ Dry Signal =@~ Wet Signal
—%—LEBO1 —&— Our method (Finite Mixture) —8— KAMO9 —%— LEBO1
—>»— Our method (Infinite Mixture) —>— Our method (Finite Mixture —A— Our method (Infinite Mixture
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(a) Itakura-Saito Distance. (b) Signal-to-Reverberation Modulation En-
ergy Ratio.

Figure 6.4: Evaluation measures of synthetic impulse response as the reverberation
time is varied.

ISD is smaller than the wet signal.

Next, Table [6.3|shows the evaluation measures averaged over source signals. Ta-
ble shows that the proposed method, again, is capable of making the ISD closer
to the true dry signal, and Table shows that the resulting signal is at least as dry
as the true dry signal. The table also shows that the SRMR for music is substantially
lower than that of speech, even if they are averaged over the same impulse responses.
This presumably owes to the fact that pitched musical instrument sounds are station-
ary compared to speech, which induces a low-frequency envelope modulation, which
in turn decreases the SRMR; in other words, sustained pitched notes sound like re-
verb.

Next, the evaluation measures of the synthetic impulse data is presented in Fig.
Fig. shows that the ISD increases with the reverberation time, reflecting the intu-
ition that recuperating source signal that has been convolved by a long reverberation

108



6.3. EVALUATION

12— : : : —————— [ i — -
14l| — Reverberant ) i il i — Reverberant|: o 0 0
—  KAMO9 ] T orginal N
10+ —  LEBO1 b f‘ + q ol —  KAMO09 “‘ + 3 + 3 + 3 + 3 + 3
Proposed y 1 — LEBO1 | i i §

lee 5F Proposed l

E - 1

4 ‘ |
ir 19 4 i i H i i

[ e
-
T
I 1
I i —— )
T
w

I
I
I
N

Itakura-Saito Distance
2 B O O N ® ©
-4
% 4
T I 0
. ' 4
L | f%w i
oo
' I T
]
-

WREFFrT e

20 10 0 10 20 30 40 50 60 10 20 30 40 50 60
SNR [dB] SNR [dB]

(a) Itakura-Saito Distance. (b) Signal-to-Reverberation Modulation En-
ergy Ratio.

Figure 6.5: Evaluation measures with different SNR.

is difficult. Fig. shows that the SRMR initially decreases, then increases. In the
decreasing region (reverb time<1s), early reflection is dominant because the simu-
lated room width is less than the wavelength of the framesize; dereverberation fails
in this case because the proposed method only suppresses the late reverberation. In
the increasing region, the proposed method starts to suppress late reverberation since
late reverberation starts to dominate over early reflection with increased room size.

Robustness to noise

The robustness of the proposed method against noise was tested. This is important
because the proposed method assumes that the observation is an output from a purely
autoregressive system — it ignores the presence of additive noise, such as the LP noise,
which is not driven by the AR system that the proposed method tries to estimate.

To this end, the reverberant audio was corrupted by a pink noise, the power spec-
trum of which rolls off at -10dB per decade. The signal-to-noise ratio (SNR) ranged
from -20 dB to 60 dB, in 10 dB increment.

Fig.[6.5/shows the result. Fig. shows that the proposed method fails to dere-
verberate the signal for a low SNR of less than 0 dB. As the SNR increases, the ISD
improvement increases, and saturates after about SNR>50 dB. The proposed method
suffers at a low SNR because the noise masks the wet signal, in particular the weak late
reverberation component; the weak late reverberation component provides a valuable
cue on higher order AR model parameters, so loss of late reverberation leads to de-
creased performance. Fig. shows that the capability to attenuate the late reverber-
ation saturates after SNR of 10 dB or better. These results suggest that the proposed
method is admits a weak noise with SNR of about 10 dB. This is acceptable for post-
production and preprocessing for MIR tasks: in a typical music audio, very little noise
is introduced after the recording phase.
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Figure 6.6: Evaluation measures as « is varied.

Table 6.4: Standard deviation, evaluated over I, of ISD and SRMR for finite and infinite
mixtures, averaged over impulse responses.

Finite Proposed | Finite Proposed
(ISD) (ISD) | (SRMR) (SRMR)

Voice | 0.66 0.42 0.68 0.17
Music | 0.12 0.07 0.28 0.14

Analysis of key parameters

The effect of manually-set room acoustics parameter I is evaluated. It was shown in
Table and Table that the infinite model performs better than the finite model,
in that the infinite version exhibits roughly the same ISD as the finite version while
having higher mean SRMR. This experiment compares the robustness of finite and
infinite model by changing I, which governs the underlying model complexity for
the finite case. Recall that the finite version assumes reverberation of AR(I), and the
infinite version assumes AR(co) but evaluates an approximation that computes up to
I. Therefore, the infinite version is expected to be more robust against choice of I, that
is, it is less prone to misspecification of I. Table |6.4|shows the standard deviation of
ISD and SRMR taken for each I € [32,48, 64,96,128,192,256]. Note that the standard
deviation of the infinite model is smaller than the finite model except for SRMR of
speech, where the difference is small. This suggests that the infinite model is less
sensitive to the manually predetermined complexity of room acoustics, I, than the
finite model. Moreover, in the finite version, both the SRMR and the ISD tends to
increase with increased I after a certain point; this suggests that the finite version
tends to over-attenuate the reverberation by increasing I beyond some optimal point.

Next, the effect of , the parameter that governs the tendency for new filter com-
ponent to be activated, is evaluated. In this experiment, only the TIMIT data was
used. The ISD and the SRMR were evaluted for @ € [107!,10°]. The ISD and SRMR

110



6.3. EVALUATION

Table 6.5: Average rating (on a 5 point scale) of excerpts averaged over the musical
genre. Number following + is the standard deviation.

| KAM09 Proposed

Orchestra 1.72+0.74 3.40+0.81
Chamber Music | 1.64+0.67 3.74+0.76
Popular Song | 1.70+0.74 3.17+0.98
Speech 2.00+£1.13 3.17+1.04

are shown in Fig. and Fig. respectively. These figures show two tenden-
cies. First, SRMR increases and saturates by increasing «. This matches the intuition
that as more components of w are activated, the capability to suppress reverberation
tails increase. Second, as « increases, the ISD decreases first and then increases. This
behavior is likely to be caused by two factors at play. First, as a is increased, the re-
verberation tail is attenuated, which causes the dereverberated signal to look more
like the dry signal. However, after a certain point, the decaying component is atten-
uated too excessively that the ISD starts to increase. Fortunately, the tendencies of
ISD and SRMR as a function of @ does not vary too significantly, so very little manual
intervention is required for practical purposes.

6.3.2 Listening tests

A subjective evaluation of the proposed method was performed. First, eight 15 second
excerpts were prepared. Of eight, three are orchestral excerpts, three are chamber mu-
sic excerpts (piano solo, piano solo + tenor singer, piano trio), one is a popular music
excerpt and one is a male speech. For each excerpt, each subject was first presented,
using a headphone, the original reverberant signal. Then, the dereverberated signal
using KAMO09 and the proposed method were presented in random order] Finally,
the subjects were asked to rate the sound quality on a 1-5 scale. LEBO1 was not used
because Table [6.2|suggests that KAMO9 is preferable over LEB01 both in terms of ISD
and SRMR. The test subjects (17 subjects) were all male between the age range of 20
to 40, and deal with sound signal processing technology on a daily basis.

Table |6.5| shows the average rating and the standard deviation. The data seems
to be in favor of the proposed algorithm. To investigate this, two-way ANOVA was
performed on the collected ratings data. With a significance level of 0.01, interaction
between the excerpt and deverberation method was not seen (p-value of 0.02), nor
did the excerpt itself (p-value of 0.29), but the effect of dereverberation method was
significant (p-value of 1.171°). This suggests that the proposed method produces a
more natural sounding dereverberated signal than the existing method.

¢LEBO1 was omitted because KAMO09 consistently outperformed LEBO1 in terms of ISD, suggesting
that KAMO9 produces dereverberated signals that perceptually sounds closer to the dry signal.
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Figure 6.7: Percentile of Audio-to-Score Alignment Error.

6.3.3 Application to audio-to-score alignment

To evaluate the effect of dereverberation on music alignment, audio-to-score method
introduced in Chapter 3| was used to align audio signals that have been reverberated
and dereverberated.

To this end, three kinds of audio signals were synthesized. First, ten SMF files from
the RWC Classical Music Database [50] are used to synthesize a musical audio signal
with a synthesizer, along with a mapping of ground truth score position to audio po-
sition. The instrumentations of the chosen SMFs are duets of a single instrument and
a piano. Hence, the SMFs are a polyphonic mixture of both sustained and decaying
instrumental sound. Next, another set of audio signal is created by convolving the
synthesized audio with a reverberation [85] (s1_r1_o). Finally, another set of audio
signal is created by dereverberating the reverberant audio.

The music score was aligned to three kinds of audio signals, and the alignment
error percentile was computed. The result is shown in Fig. The result shows that
that audio reverberation multiplicatively corrupts the alignment. At the same time,
dereverberation brings the performance of score alignment to the same level as the
ideal case, where no reverberation is added. The dereverberated signal sometimes
performs better than the ideal case presumably because the proposed method sup-
pressed not only the reverberation but also sustain pedals of the piano parts; sustain
pedal causes the piano string to vibrate freely, elongating duration of the played notes
than that notated in the music score.

Dereverberation is clearly beneficial for improving score alignment accuracy. This
is particularly beneficial for score-aided source separation, where the fundamental
assumption is that the music score and the audio signal is aligned perfectly.
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6.4 Summary

This chapter presented a dereverberation method based on the power spectrogram
representation of an audio signal. The proposed method is robust to variations in
reverberation length because the complexity of reverberation is determined in a data-
driven manner. Moreover, the proposed method works with many kinds of signal
like music or speech, since the assumption on the dry signal is minimal. Namely, it
assumes that the dry signal is weakly sparse.

To infer the model, an iterative, convergent method to approximate the marginal
posterior distribution given the joint posterior distribution was presented. The itera-
tive algorithm was inspired by variational Bayesian method and minorization maxi-
mization techniques.

Most importantly, the proposed method was shown to be effective in audio-to-
score alignment. Namely, the quality of alignment on dereverberated signal was as
good as that on ideal, reverberation-free signal. Moreover, the proposed method at-
tained a significantly better dereverberation performance, especially in terms of the
perceptual closeness to the original signal. This was demonstrated through both nu-
merical evaluation and listening tests. Finally, the proposed method was capable of
attenuating the reverberation under noisy condition with SNR of greater than 10 dB.
Thus, the proposed method is applicable on noisy audio signal, such as a recording
on an old disc record.
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Chapter 7

Conclusion

This thesis presented a Bayesian approach to alignment of music signals. The goal
of the thesis was to temporally align multiple audio signals that represent a common
piece of music. This is important for applications such as music performance analysis,
music production, or informed source separation. This chapter first reviews the con-
tributions of this thesis in this light, and then presents directions for future research.

7.1 Contribution of this thesis

An audio-to-score alignment was presented in Chapter 3l The method expressed an
audio signal as a sum of harmonic sounds, where the fundamental frequencies are
specified in terms of the notated pitches, but the shapes of the harmonic structure
and their balances are non-informative. The method also addressed note onset tim-
ing asynchrony in terms of a “shared” global tempo trajectory and note onset timings
that are defined independently for each part. The proposed method (1) achieved a low
alignment error of about 30 ms on real-world ensemble pieces and 50 ms on synthetic
orchestral recordings, (2) was capable of estimating inter-part asynchrony, and (3) es-
timated timbre and volume such that the segregated signal had a mean SIR and SDR
of 2.5 dB and 15.8 dB, respectively. This kind of alignment accuracy allows, in record-
ing applications, a recording engineer to seamlessly switch back and forth between
multiple takes, given the symbolic music score that the recordings play. Furthermore,
the capability to estimate inter-part asynchrony allows musicological analysis of the
kind of asynchrony that occurs in a piece of music. Hence, in musicological applica-
tions, one could now compare not only the tempo and inter-part asynchrony, but also
the dynamics and the timbre as well. The capability to infer timbre and volume is
useful in informed source separation applications, allowing the user to separate out
a particular instrument from a polyphonic mixture. Moreover, this kind of capabil-
ity allows a musicologist to, for example, compare the kinds of melodic lines that are
emphasized in different recordings.

An audio-to-audio alignment was addressed in Chapter 4l The proposed method
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decoupled the generative process of the musical piece and that of music performance
by different performers. Moreover, the proposed method incorporated a duration
model of music performance that has a potential to uncover phrase boundaries and
similarities in tempo dynamics. Experimental evaluation on real-world piano pieces
showed a median alignment error of 60 ms, outperforming existing generative meth-
ods and approaching the performance of a widely-used pairwise alighment method
based on local feature matching. This is significant because the proposed method al-
lows one to easily extend the model to uncover different aspects of the mechanisms
involved in music composition or performance. This kind of extension is non-trivial in
the local feature matching approach. Thus, the proposed method provides a ground-
work, which performs comparably to the current audio alignment methods, for ex-
pressive models that uncovers various aspects of music composition or performance.

A subset audio alignment method was presented in Chapter |5 The proposed
method aligned audio signals by listening for parts that are played in common. Exper-
imental evaluation showed that the proposed method, even when there were many
parts that are joint, achieved a median alignment error of 200 ms. The proposed
method allows one to compare audio recording of a full part versus that of a single
part. This is crucial for comparing professional recordings (often recorded with full
orchestration) with an amateur recording (say, a violinist playing the solo violin part
to a violin concerto).

Finally, a method to suppress late reverberation was presented in Chapter 6| This
was important because in the real world, a music audio signal is recorded under vari-
ous room acoustics. By modeling the reverberation process as an autoregressive pro-
cess over the power spectral domain, and by using Bayesian nonparametrics to express
the effective order of the AR process, the proposed method attained robustness to
room acoustic difference. Most importantly, evaluation showed that alighment done
on dereverberated signals performs comparably to that done on dry signals. This
shows that many real-world signal that are contaminated with reverberation may be
aligned with a high accuracy, as if the recording were reverberation-free.

7.2 Directions for future research

The author concludes by presenting some directions for future research.

In the Bayesian audio-to-score alignment method proposed in this thesis, each part
was assumed to play conditionally independently of others, given a global tempo tra-
jectory. This kind of conditional independence was the key ingredient in estimating
the inter-part asynchrony. The inter-part asynchrony, however, is the result of inter-
action between different performers. Therefore, it may be interesting to consider the
process of interaction that produces the asynchrony. For example, one might envision
Markov chains defined for each performer, whose transition probabilities are cou-
pled. Through analyzing the degree of asynchrony, it may be possible to find where
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performers play “freely” and where players pay attention to “lock-in” to each other.

Another interesting direction of future research is in finer modeling of timbre and
volume. To elaborate, in the proposed audio-to-score alignment method, the timbre
within a note within each instrument was assumed to remain stationary, and the rel-
ative dynamics within a chord was assumed to be constant. This kind of assumption
is limiting if one needs to use the proposed method for detailed analysis of playing
techniques, or high-quality informed source separation. Therefore, one might con-
sider incorporating a model that is capable of conveying subtle fluctuations in the
volume, the timbre, or the pitch.

A direction of future research in Bayesian audio alignment includes generative
model inference across different musical pieces. Since the proposed method decou-
ples the process of music performance and music composition, it might be interesting
to find, for a given performer, common patterns of how the relative tempo fluctuates.
By comparing these patterns, one might be able to uncover global trends in how a
particular performer plays, uncover the influential performer of the time, or discover
“factions” of musicians. Moreover, since the model of music composition is decou-
pled, one might model the music composition hierarchically, uncovering commonly
used phrases across a set of musical pieces. Moreover, applying the proposed model-
ing approach to audio alignment problems that merit from generative processes is an
interesting direction for future research.

For subset music alignment, it may be interesting to incorporate richer classes of
source signal models, such as those that incorporate harmonic structure. This way, the
proposed method could align based on subset-like relationship in different musical
aspects. To elaborate, one might allow the harmonic structure to vary across different
audio signals, only mandating that the played fundamental frequencies are organized
hierarchically. Moreover, application of the proposed method to informed separation
is an interesting direction for further research.

In Bayesian dereverberation, a method that is free of human intervention is an
important future work. In particular, a model that does require the user to set the
hyperparameters regarding the source signal u, v and the concentration parameter
of the reverberation process, ¢, is expected to make the system more robust, as these
parameters tend to be counter-intuitive for the end-users.

Integrating the proposed methods into a single framework is another interesting
direction of research. To elaborate, the presented chapters focused on different aspects
of the “master” generative model of music alignment, given in Equation[2.24, Namely,
Chapter @ focused on p(s|z) and p(z), expressing p(z) using a generative process of
musical piece, and p(s|z) using a duration model that focuses on the idea that dif-
ferent performances more-or-less play in the same tempo. In this chapter, however,
the generative model of instantaneous sound p(0|z) was kept simple. On the other
hand, Chapter 5 focused on p(0|z), allowing each performance to play different set
of notes, provided that some notes are played in common. The generative process of
the piece p(z) was kept simple, in order to assess the performance of the proposed
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model. Therefore, integrating the results of the presented chapters to improve the
result may be an interesting direction for research. Moreover, incorporating a model
that incorporate explicit harmonic structure, like those used in Chapter 3} is an inter-
esting direction of research for audio-to-audio alignment.

Application of the generative model approach to signals other than audio is an-
other interesting area for future research. For example, one might express the genera-
tive process of time-stamped text annotations, videos or motion data. Then, one may
compare different video recordings or motion data to analyze what kinds of differ-
ences in motion contribute to the differences in sound.

As for the inference scheme, all of these methods and deverberation may merit
from online inference. There are many online Bayesian inference strategies being pro-
posed recently [56,65]115,(131], so it may be interesting to apply them to the proposed
methods. Moreover, for Bayesian audio-to-audio alignment and subset music align-
ment, the inference over hierarchical discrete models is an important problem. The
author noted that the problem of local optima in variational Bayesian method using
mean-field approximation is severe in hierarchical discrete models. Improved infer-
ence scheme for a discrete hierarchical model is thus an important future work.
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Appendix A

Application: Violin Fingering
Inference

In music instrument performance, deciding the sequence of finger placements needed
to produce a given sequence of pitches, known as the fingering, is an important and
sometimes difficult problem musicians need to solve. Fingering decision can be dif-
ficult because fingering must be both musical and ergonomic, two often-conflicting
ideals. For example, the “easiest” fingering on a violin often involves unmusically
abrupt changes of timbre. This is because most pitches can be found in more than
one location on the instrument, namely, on more than one string; each string, how-
ever, has a different timbre (for reasons to be explained later), and often the easiest
fingering involves changes between strings. Experienced musician would choose a
balanced fingering that satisfies both ergonomic finger placements and expresses the
artistic value of the musician.

The essence of violin fingering resides in finding an ergonomic sequence of finger
placements, and choosing a musically appropriate fingerboard location sequence, the se-
quence of positions on the fingerboard on which the finger presses the string. Each
string is tuned differently and has a distinct timbre. Therefore, it is essential for a vio-
linist to choose a fingerboard location sequence that sounds musically well-motivated.
For example, in Air on the G String, August Wilhelmj’s arrangement of the second
movement of J.S. Bach’s Orchestral Suite No. 3, the arranger specifies the entire solo
violin part to be played on one string (the G string), most likely to keep a consistent,
warm timbre that is characteristic of the G string.

This study aims to develop a method for analyzing an audio recording of a violin
and estimating the fingering required to recreate the “sound” of a particular artist.
Such a method would allow a beginner, for example, to analyze the recording of past
masters and gain insights on how to imitate them. It could also help violin students to
compare different fingerings played by different players to appreciate different mu-
sical values. Finding similarities of fingering among musicians would allow one to
find a stylistically suitable way to play a particular piece, a difficult task for a violinist
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studying alone without a teacher’s help.

This kind of goal requires analysis of an audio signal to estimate the fingerboard
location sequence, and decision of an ergonomic finger placement sequence that sat-
isfies the sequence of notated notes and the estimated fingerboard location. Yet, ex-
isting methods in fingering estimation do not focus on timbral differences caused by
different fingerboard locations, and existing methods for estimating the fingerboard
location sequence needs robustness in a polyphonic mixture.

Most studies in fingering estimation research intend not to retrieve a fingering
from a particular recording, but rather to determine an ergonomic fingering. In these
studies, the general framework involves designing a cost function for moving the hand
from one shape to another, and finding a sequence of hand movements that minimizes
the accrued cost. In the seminal work by Sayegh [116], the cost uses the distance that
the hand traverses horizontally and vertically across the instrument. Other works
involves similar kind of cost based on the actual distance that the hand needs to tra-
verse, based on different constraints posed by different instruments, such as the gui-
tar [109], or the piano [68,[137]. The costs may be given a priori [68] or trained using
training data [110]. The formulation of fingering estimation as a cost minimization
problem has been given a probabilistic interpretation using Hidden Markov Models
(HMM) [137]. These studies all seem to have the perspective that musicality resides
in the sequence of notated notes, which overlooks the expression added by the per-
former. Such an orientation implies that given a symbolic representation of music, a
fingering may be determined on a one-to-one basis. Yet each person, given a piece
of music, might play it using a different fingering, based on his/her musical values
and physiological constraints. Clearly, performance analysis based on audio signal
is essential for realizing the goal of reconstructing fingerings from recorded perfor-
mances.

Studies in detailed performance analysis fails either in a polyphonic mixture of
audio, or when the sound of the instrument that needs to be analyzed sounds sig-
nificantly different from the training data. Yet, in practical situations, analysis of a
musical phrase in polyphonic mixture is essential. Methods for analyzing the control
input to the violin from audio spectra [6},73]], or the guitar [124] do not work well to
instruments with acoustic characteristics than those used in the training, or makes
highly restrictive assumptions on how the instrument is played. Greater accuracy is
reported using audio-visual fusion [79,142]. Some studies use only visual informa-
tion to analyze the fingering of a guitar [14]. In either case, the fact that videos are
needed severely limits the kind of musical recordings that one could analyze.

This chapter presents a method to recuperate the fingering to an audio recording
of a violin repertoire in a polyphonic mixture by analyzing the audio recording and
finding an ergonomic fingering that captures the timbre unique to the recording as
expressed through unique fingerboard location sequence. The proposed method is
a two-step procedure. First, it analyzes the audio signal to estimate the fingerboard
location sequence. Second, it determines an ergonomic fingering that satisfies the fin-
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gerboard location sequence. When analyzing the fingerboard location sequence, the
method uses features that are robust in a polyphonic mixture. Moreover, the method
uses feature adaptation mechanism to improve the robustness when the instrument
sounds different from one used for training. For ergonomic fingering decision, the
method incorporates a cost function that reflects practices of violin playing (that might
not be necessarily applicable to other stringed instruments such as the guitar, or the
cello). The performance of the fingerboard location estimator and the fingering deci-
sion method are evaluated.

A.1 Violin fingering: a primer

Here, the essences of violin fingering and its terminologies are briefly reviewed, as
they play important roles in understanding the proposed method. The left hand de-
fines the pitch and the string on which a note is played. While there are two defining
factors in fingering (finger and string), violinists often talk about fingering also in
terms of the left hand position (“position”), the general placement of the left hand
required to play a given note in a certain string using certain finger. As shown in
Fig. this chapter labels the string on which a note is played with the variable s,
where s = 1 is the lowest-tuned string and s = 4 is the highest. These strings are con-
ventionally tuned seven semitones apart, where s = 3 is typically tuned to A4=440Hz.
The strings are typically notated in a music score using a Roman numeral, where the
lowest string (s = 1) is associated with IV, and the highest (s = 4) with I. Placed fin-
gers are labeled by numbers, where 1 refers to the index finger, 2 the middle, 3 the
ring, and 4 the little finger. The number 0 refers to an open string, i.e., no finger is
pressed and the string vibrates at the tuned pitch; only four pitches on a violin can
be played as an open string. In this chapter, the position is defined by the number of
semitones that the first finger must traverse from the nut (the ridge over which the
string passes on the end of the fingerboard near the tuning pegs) in order to play a
particular fingering.

Finger placement is determined by considering technical ease and musical effect.
Using a certain finger (e.g., index finger instead of the little finger) facilitates the ex-
ecution of some musical effects related to pitch, such as a smooth transition between
two notes (glissando), or a low-frequency modulation of a note (vibrato). At the same
time, some sequences of finger placement are easier to execute than others. For ex-
ample, rapid movement of the little finger is considerably more tiresome than that of
the index finger. The choice of string is determined by considering the consistency of
sonority. For example, since each string has a distinct sonority, violinists often play
on one string to prevent abrupt changes of the sound quality. The difference in sonor-
ity given a pitch played on two different strings results from (1) the differences in the
physical attributes of each string itself, such as the diameter, the tension and the mate-
rial, (2) differences in the position along the string at which the finger must be placed
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Figure A.1: The essences of violin fingering.

(since each string is tuned differently), and (3) in cases when the pitch is available as
an open string, the difference between the rigid termination provided by the nut and
the soft termination provided by the finger.

The choice of string is the one factor in fingering that is most likely to produce
audible differences. By contrast, the position is sometimes chosen for visual effect
and to show off the violinist’s technical skills. For example, violinist may present a
“flashy” playing style through a wide change of position.

The consistency of sonority offered by playing on one string and the consistency
of position that facilitates playing are often at a trade-off. In a fast piece, some abrupt
changes of sonority caused by a certain fingering may be overlooked if it simplifies
playing. On the other hand, in a slow piece, a violinist may choose a difficult finger-
ing that produces certain sonority. A violinist may, for example, value consistency of
sonority in a slow “singing” (cantilena) passage by playing on one string.

A.2 Formulation

The proposed method is based on determining the fingerboard location sequence
from a polyphonic audio mixture that contains a musical phrase for solo violin, and
finding a sensible fingering that satisfies the estimated fingerboard location sequence.
The method assumes that the violin plays a monophonic melody using normal bow-
ing technique (i.e., this chapter ignores extended playing technique such as plucking
(pizzicato), striking the string with the wooden side of the bow (col legno) or playing
very close to the bridge to produce a shimmering sound (sul ponticello)).
The proposed method needs to address three issues:

1. Designing a feature that performs well in a polyphonic mixture.

2. Designing a scheme such that the performance does not degrade from an acous-
tical mismatch with the training data, whether because of characteristics of the
violins, the rooms, or the recording process.
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L. o . Bowed string
Audio input Violin part Bowed string | constraints
(Polyphonic mixture) segregation classification
Audio-score
alignment
Alignment
Music score Fingering | Estimated
(Standard MIDI File) estimation fingering

Figure A.2: Block diagram of the proposed method.

3. Designing a fingering model that reflects the practices of violin performance.

The first problem is tackled by fitting a sum of sinusoids plus noise model to the
observed spectrum, and using the estimated harmonic parameters as the feature. The
second problem is attacked by normalizing the average features of the training set
and doing the same for the recording whose fingerboard location sequence needs
to be classified. The third problem is tackled by introducing a new model of violin
fingering, the violin pedagogical model, which incorporates features that are inspired by
practices of violin playing. The block diagram of the proposed method is shown in

Fig.

A.21 Fingerboard location sequence estimation through
Viterbi alignment

In order to estimate a sensible fingering from the audio, the fingerboard location se-
quence must be estimated from a polyphonic mixture of sound that contains a violin
melody. Since the string on which a note is played (the bowed string) is the primary
factor that influences the timbre for different fingerboard locations, the first goal is to
estimate the sequence of bowed strings. The estimation method is based on a bowed
string classifier using features that are robust to polyphonic accompaniments, and
classifier that takes into account the playability of a particular fingerboard location
sequence.

A.2.2 Feature extraction by harmonic model fitting

The method first extracts, from a polyphonic audio mixture that contains a violin
melody, the relative strength of each overtone that constitutes the harmonics of the
violin (up to the N-th partial, where N = 10). The parameter is dependent on the
material property of the string, the body resonance characteristics, and on how the in-
strument is played, e.g., bow force, bow velocity, and the contact point of the bow and
the string [39]. The feature extraction involves fitting a sum of harmonically spaced
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sinusoids onto the observed short-time Fourier transform (STFT) representation of
the input audio signal, y;r, where f is the frequency bin, taking on values between
1 and F, and ¢ is the frame index, taking on values between 1 and T. Because the
input contains not only harmonic sound of the violin but also transients of the violin
and accompaniments, harmonic sound of the violin part must be segregated. This is
achieved by generating a time-frequency mask that passes the harmonic component
of the violin part, based on both the observed spectrogram, the music score given as
a standard MIDI file (SMF), and the alignment between the SMF and the audio sig-
nal, obtained using the audio-to-score method proposed in Chapter |3| As a signal
processing front-end, the DC component is suppressed and the high-frequency com-
ponent is emphasized by applying a two-tap high-pass filter with filter coefficients
[1, —1]. Then, the proposed method iterates the following steps for a fixed number of
iterations:

1. Update the time-frequency mask to segregate the harmonic components of the
violin part, using the audio-score alignment and the estimated fundamental fre-
quency as the cue.

2. Estimate the fundamental frequency of the violin melody, taking into account
the pitch notated on the score, the observed spectrogram, and the audio-score
alignment.

In the first step, the method generate a time-frequency mask, which approaches 1
for time-frequency bins that contain the violin sound and 0 otherwise. The method
incorporates the information of the SMF and the audio-score alignment to find which
bins are expected to contain the sound of the violin. Audio-score alignment gives the
time-sequence of the notated pitch of the violin part, on,t, for all time f. Given this,
the method simultaneously segregate the violin part and estimate the fundamental
frequency of the violin part, fo:. The method employs an approach similar to [67].
Namely, the method first segregates the violin part, by applying a mask that resem-
bles a comb-filter to the spectrum centered about fy;. Using the segregated signal,
the method then re-estimates the fundamental frequency. Then, the comb-like mask
is applied again but this time centered about the refined fundamental frequency. Re-
peating these steps refines the estimate of fy; until it converges to a local optimum.

The method first segregates the violin part by separating the signal into two sub-
signals — the violin part and the residual (i.e., the rest of the signal). Assume the
likelihood of observing the violin part at frequency f is h, ¢, ,, and is of the following
form:

N
ho fpor = ) TN (fInfor, 02) . (A1)
n=1

Here, the model expresses up to the Nth partial. Moreover, assume that the likelihood

of observing the rest is hig ¢ and is of form % 7t = {74} is a multinomial variable that
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indicates the relative strength of the nth partial. The likelihood of observing the violin
part at frame ¢ is assumed to be a;, and the residual is 1 - a;. {at} is denoted a. For
each frequency bin, a latent variable u = {u;} is associated, wh1ch 1nd1cates whether
the violin or the rest contributed to the observed power. u; ¢ = 1 indicates that at time
t, the power contained in frequency f originated from the violin part, and vss, = 1
indicates that of frames generated from the violin, it originated from the nth partial
of the violin part. The joint likelihood of the observed signal and the latent variable
is then given as follows:

ET

p(y, z|fo, o, 10) = H [ ((1 _ at)hR’f>yif(1—Mtf)

f=1,t=1

N
< [ [ (@l (fInfor, 02))" "] (a2)
n=1

This model is estimated using the Expectation-Maximization (EM) algorithm, in a
manner similar to an existing work . In the E-step, the parameter from the previous
step is used to find the distribution of u and v given y and the parameters. Namely,
the algorithm assigns the following;:

ar S0 N flnfo(t), 73

(1= aphn g + o S N (Flnfo(), o)

L_ltf :p(uft = 1|y/ .fO/ a, n) = (A3)

ntnN(flnfO,t/ szr)
P ﬂtﬁN(flﬁfo,t, 0?)

Optn =pWftn =1ugr =1,9, fo,a,m) = (A4)

In the M-step, the fundamental frequency and other parameters are updated. To
do this, the knowledge that the fundamental frequency does not deviate too much
from the notated pitch is incorporated, by incorporating a prior distribution of the
fundamental frequency as p(folfor) = N(fotlfos, 0}2?). Then, the M-step yields in
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Figure A.3: Block diagram of feature extraction step.

the following updates:
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g = 2T (A7)

Z§=1 Yif

A block diagram of this method is shown in Fig. .

Finally, the logarithm of 7r; is taken to enable feature adaptation, as will be dis-
cussed. Furthermore, the log-relative strength is decorrelated using the Discrete Co-
sine Transform (DCT). That is, m; = DCT(log 7).

On inharmonicity

Stringed instruments such as the violin do not produce overtones that are exact inte-
ger multiples of the fundamental frequency. Such deviation from integer harmonics
is caused by the inharmonicity of the violin string, which in turn is created due to tor-
sion of the string. Because inharmonicity is dependent on the material of the string,
the proposed model initially incorporated inharmonicity, using Beta distribution with
small shape parameter as its prior distribution. It was found that such model pro-
duced lower accuracy than that without inharmonicity. Because of the nature of the
EM algorithm, it was found that the model tends to “explain” partials of the accom-
paniment as arising from the violin sound with extremely high inharmonicity.
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Figure A.4: Block diagram of the GMM.

A.2.3 Bowed string identification

Once the parameters ©; = { fo ¢, 7} are extracted, the likelihood of the observed data
is evaluated for each bowed string, i.e., the probability at each point in time that the
violinist is bowing a given string.

The likelihood of bowed string s; is modeled using a Gaussian mixture model
(GMM). The GMM models the density of 7 for each pitch p; = pi(fo,), where pi(f)
converts frequency f into the closest MIDI note number. Let Pipjs Mipj, and Ejp; indi-
cate respectively, the weight, the mean, and the covariance, of the jth component of
the GMM for the ith bowed string at pitch p. Then, the likelihood of observing bowed
string i given the feature ®; and the GMM parameters ©cnim = {Qipj, tipj, EipjlVi, j, p}
is given as follows:

p(s = i|lm, Ocmm(pt)) = Z (Pipth<7Tt|N'ipfj/Eiptj)- (A.8)

]

Ocmm is trained using violin audio examples with various playing styles, each
of which has a known sequence of pitch and fingerboard position. Using examples
with a variety of playing styles has the effect of averaging out statistical discrepancies
of the feature arising from playing the example in a particular playing style. Hence,
different parameters in GMM corresponds to timbral difference arising from variety
of fingerboard position and pitch, and not playing style, e.g., bow pressure or bow
velocity. Fig. shows the block diagram of the GMM.

The log-likelihood of the bowed string for the kth note of a piece, then, is a sum
of bowed string likelihoods for all audio frames that play the kth note. Suppose the
kth note on the score is played between frame St; to Edi. Then, the bowed string
likelihood of string s at note k, pys, is given as follows:

Edy
Pks = Z log p(slm:, Ocmm(pt)). (A9)

t=Sty

127



APPENDIX A. APPLICATION: VIOLIN FINGERING INFERENCE
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Figure A.5: Simplified horizontal-vertical model used in the Viterbi algorithm.

Sequence estimation using the Viterbi algorithm

The fingerboard location sequence is estimated by finding the most likely bowed string
sequence, taking into account the observed acoustic signal and the difficulty of travers-
ing from one fingerboard location to another. To incorporate both the likelihood of
a given bowed string sequence and the likelihood of observing the features given a
particular fingerboard position that a note is played, the bowed string sequence is
modeled as an HMM.

The string the note is played on is treated as the hidden state that needs to be esti-
mated, given the observed features 7r;, fundamental frequency fo, and the inherent
difficulty from traversing from one fingerboard position to another. The observation
likelihood is given readily as in Equation[A.9} On the other hand, the transition prob-
ability between two strings p(s;|s;; v) is dependent on both which strings are being
crossed, and where the fingers must be placed on the fingerboard. Thus, the method
expresses the transition pdf as a parametrized form of (1) the differences in the string
number, and (2) the differences in the fingerboard position, in spirit of a simplified
violin fingering model. The transition pdf, as shown in Fig. is then given as the

following form:
2
Isj; APii)" | a2 A10
p(silsj;v) «cexp|—v — +Asi |- (A.10)

Here, Ap;,; is the amount of change between fingerboard positions and As; ; is the
amount of change between string numbers. The constant 7 is an empirically deter-
mined constant that models the violinists” tendencies to finger an interval of up to
7semitones by either playing on the same string or crossing a string but tend to finger
an interval greater by crossing a string.

Then, the most likely bowed string is determined as follows:

K
§=arg _max g p(sklsi-1) exp(prs,)- (A11)
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Feature adaptation

Two violins typically sound very different because each violin has a unique body res-
onance characteristic. Therefore, it is essential for us to adapt the proposed model to
violin with different body resonance characteristics.

Let y1,¢,¢ and y2 1,5 be the observed log-magnitude spectrum of two violins. Let
B1,r and By s be the log-magnitude response of the bodies of the two violins, and
S;,r be the log-magnitude spectrum of the bow-string interaction. Assuming that the
acoustic property of bow-string interaction does not change significantly with differ-
ent instrument, the following relations hold:

Yltf = B1f+Stf
Ygtf = Bzf +Stf.

By taking the expectation, Y, = Y1 — (Y1),(s) + (Y2),(s)- The proposed method
assumes that Y7 is the observed feature, and generate Y, which is the feature when
Y7 is played on instrument with body resonance characteristic By. (Y1)s is obtained
readily by taking the average of the observed signal, and (Y>)s is obtained by sum-
ming the average feature of each bowed string, weighted by how often a particular
string is played at a given pitch for the given music score. Because the features are
linear transformations of the logarithm of the relative powers of harmonic peaks, the
same rationale holds. Initially, the probability distribution of S is set as follows:

__pitch—pitchy(S)

p(SIpitch, B) o {(e)xp ( 3 ) pitch > pitchy(S)

A12
pitch < pitcho(S). ( )

Here, pitch is the played pitch, pitchy is the pitch of the open string played on string
S,and f is a positive parameter that assigns a greater probability to lower fingerboard
positions, which are more commonly used and somewhat easier for the violinist.

A.24 Fingering estimation

At the core of the proposed fingering estimation is the violin fingering model, which
models the difficulty of particular fingering. The fingering is determined by designing
a cost function between multiple states of hand position, which reflects how difficult
it is for the hand to traverse from one to the other.

Violin fingering model

This method extends on the existing Horizontal-vertical cost model presented in the pre-
vious section. In particular, the presented method includes fingering practices that are
unique to the violin, which this thesis calls the violin pedagogical model. It is mainly in-
spired by practices of violin fingering as suggested by Yampolsky or Flesch [38,135]].
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Violin, in particular, is a small, unfretted bowed stringed instrument, making it sus-
ceptible to missed intonation. Hence, violin fingerings are often set such that weak
finger (the little finger) is used sporadically, and other fingers in such a way that it is
kept in a natural hand position.

A fingering n is defined as a 4-tuple (n, s, f, p), where n € N is the pitch in MIDI
note number, s € {1,2, 3,4} is the bowed string, f € {0,1, 2,3, 4} is the pressed finger
(O=open string, i.e., no finger placed), and p € N is the position. Let ¥ be a set of all
possible fingerings. Also, let n(n) be a function that retrieves the pitch of n € ¥, s(n)
the bowed string, f(n) the finger, and p(n) the position.

An unnotated score S, € FM is defined as a M-tuple of notes, where M is the
number of notes contained in the music score, and the ith element, S, ;, is the ith
note of the music score. A bowed string constraint, cpo € {1,2,3, 4M associated with
an unnotated score S, is defined as a M-tuple, where the ith element indicates the
bowed string for the ith note. Finally let a notated score, S, € FM contain, for the ith
element, the fingering for the ith note.

Then, fingering inference is formulated as finding the optimal notated score S,
that satisfies both the note sequence of the unnotated score obtained using the SMF
and the bowed string constraint, obtained from the estimated bowed string sequence.
Namely, it defines cost functions for traversing a sequence of two notes or three notes,
and finds the fingering with smallest net cost that satisfies the constraints.

Let Cp(ni, ni—1) : ¥2 — R be a cost function defined over sequence of two notes.
Then, the optimal fingering is a notated score F,; that satisfies the following:

M

Fopt =arg min Cp(ni, mi—1)s.t.Vi,n(n;) =Sy and s(n;) = Cpow,i- (A.13)

nl“'nMGT 2
i=1

Let 7, = 3, 6;,j be Kronecker’s delta, and 1(c) be a function that is 1 if condition ¢
is true and 0 otherwise. Furthermore, let po(s) denote the pitch of the open string of
string s. Moreover, let us define the following quantities for convenience:

000O0O 00O0O0O 0O 0 0 0 O
0 0246 002335 0O 0 1 21 35
Pmax=]0 2 0 2 5;Puar={0 2 0 1 2[;Pmin=({0 1 0 11 25|. (A14)
04203 03102 0 21 11 0 1.5
0 6530 05220 0 35 25 15 0
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[

Figure A.6: Graphical description of xpn,1. Roman numeral indicates the string
(IV=lowest, I = highest), and number indicates the pressed finger (1=index finger,
4=little finger).

Ap(i, j) =p(ni) —p(n;) (A.15)
As(i, j) = s(n;) — s(nj) (A.16)
As(i, ) = f(ni) = f(n)) (A.17)
Apr(i,]) = [n(n;) — po(s(n;))| — [n(n;) — po(s(nj))| (A.18)
R(i, j) = [Pmin, f(n)), f(nj)r Pmax, fni), fn)] (A.19)

Then, a two-note generic fingering model (denoted HVM-2) is defined as the fol-
lowing set of features xpn:

bo = 1Ap(i,i = 1) - 1(f(n:) 20 A f(ni_1) #0) (A.20)
b1 =1(f(n:) #0AAf(i,i—1) =0 AA,(i,i—1) #0) (A.21)
by = 1(Af(i,i = 1) - Apr(i,i = 1) <O A Ap] < Tp) (A.22)
b3 = 1A (i, i = V)| = Prat. fno), fnsr) - LUApr (i, i = 1) € R(3, i = 1)) (A.23)

XBN1 = {SO Zt(}::r)v\?i:eo(s(ni)) = p(Mi) € [Pumin, f(ni)r Pmax1,fn)] (A24)
XN, 2,3) = (bo, bF) (A.25)
XBN4 = D1 (A.26)
xXBN,G,6) = (As (1,7 = DI, 1A (1,7 = DI?) - 1(f (n7) - f(niz1) #0) (A.27)
xgN,7 = 1(|1Ap; (1,7 = 1)| = Puat (f (1), f(ni1)) # 0) (A.28)
xgN,g = by - 1(f(ni) # 0 A f(ni-1) #0) (A.29)
XgN,9 = b3 - 1(f(n;) =0V f(n;—1) =0). (A.30)

xBN,1 determines whether a note is physically playable on a particular string, i.e., this
feature discards any fingering that is physically unplayable, as shown in Fig.
XBN,(2,3) applies penalty for change of position. xpn4 penalizes the change of po-
sition using the same finger (i.e., a glissando). xgn,5,6) adds penalty for change of
fingerboard location. xpn,7 penalizes playing in an unnatural hand position. xgy g
penalizes playing a sequence in which the second note is placed higher on the finger-
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Figure A.7: Graphical descriptions of some features.

board, but the finger traverses from high finger to low (e.g., little finger to the index
finger), and vice versa. Finally, xpn,9 prevents change of position (wrist movement),
when it is completely natural not to do so.

Furthermore, a two-note fingering model inspired by literatures in violin peda-
gogy (denoted VPM-2) is defined as the following set of features xpy:

c=f(ni)- f(nis) #0A 1A, (1, i = 1) < 1, (A.31)
gy =1(c Ay, (i,i=1) 20 A Af(i,i — 1) = 0) (A.32)
xpv2 =1(¢ A A (i, i = 1D = TA[Af(G,i = 1) > 1) (A.33)

xgy3 =1(f(n;) - f(ni-1) #0

/\Ap(i,i—l)iO/\Apr(i,i—l)-Af(i,i—l) <0) (A.34)

xpva =1(f(n;) = f(ni-1) =4 A ln(n;) —n(n;_1)| > 1) (A.35)
xpv5 =p(n;) (A.36)
XBV,(6,7,8) =(02,p(n;), 05,p(n), 01, f(n))- (A.37)

xgy,1 penalizes using the same finger to move to a different position, as shown in
Fig. xpv,2 penalizes chromatic change of the relative position using nonadjacent
finger, as shown in Fig. such movement involves wrist movement, which is con-
siderably more harder to tune than placing a finger with slight stretch. xpy 3 lessens
the penalty for shifting up from higher-numbered finger to lower-numbered finger,
or vice versa, when the shift is small, as shown in Fig. xpv,4 penalizes an adja-
cent use of the little finger, which is weak and prone to intonation errors. xpy s adds
penalty to extremely high position, which is harder to play in tune. xpy 7) adds a
preference to play in the first, second or third position, which are typically the three
easiest positions to play in. Finally, xpy s penalizes the half-position, the lowest possi-
ble position but an unconventional one. Thus, while it is perhaps the easiest position
to play in tune from a physical perspective, it is unnatural for violin playing.
Using these features, the two-note cost function is defined as follows:

Cp = diag(WanWav)[zpnzpy]T, (A.38)

where Wgy and Wy define the relative weight of each feature. Given ample training
data, statistical machine learning of these weights might be possible. In this chapter,
the weights are adjusted manually, since the number of violin fingering corpus is too
small to permit statistical machine learning.
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A.3 Experiments

Three experiments are conducted to evaluate the proposed method. The first experi-
ment assesses the performance of feature-adaptation and error-correction algorithms
on bowed string estimation, the second experiment assesses the performance of the
bowed string classifier in a polyphonic mixture, and the third experiment evaluates
the playability of the proposed fingering model through subjective experiments. In
the first two experiments, recording of three pieces of classical music were prepared,
using two significantly different fingerings (207 notes for three pieces, yielding a to-
tal of 414 notes). For each fingering, the pieces were recorded in the following three
conditions:

1. The same violin and strings used to record the training data (denoted as setup
SS)

2. Same violin but with different brand of strings (setup SD)

3. Different violin with different brand of strings (setup DD)

This results in about eighteen minutes of audio files for validation. The training data,
which lasted about 24 min, consisted of two-octave chromatic scales played on each
string of an electric violin, using various dynamics.

Setup SS and SD were played on the same electric violin, and DD on an acoustic
violin. There are two reasons why the training data was recorded using an electric
violin and setup DD was recorded with an acoustic violin. First, it is easy to record a
noise-free training data using an electric violin. Second, because electric and acoustic
violins sound extremely different, the evaluation of feature adaptation mechanism
can be regarded as the worst-case performance. Therefore, in real-life application, it
is expected that the proposed method performs somewhere between setup SD and
DD, as long as the training data uses an acoustic violin. In the EM algorithm, 2 was

f
set to 0.1 and GJZCA was set to 50 at the start of the EM algorithm, and narrow down
inversely with each iteration of the algorithm. The value § used in model adaption
was set to 0.1.

A.3.1 Experiment 1: evaluation of bowed string identifier

The accuracy of the bowed string estimator was evaluated with and without feature
adaptation, each time evaluating the accuracy (1) of a baseline, i.e., without consider-
ing any sequential information, (2) considering sequential information using a previ-
ous study, and (3) considering sequential information using the proposed method.
The value of v used for the Viterbi algorithm used in the bowed sequence esti-
mation was set to experimentally, by evaluating the accuracy for various values of v.
Fig. shows the result when varying v. The following evaluations used v = 30.
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Figure A.8: Recognition accuracy for different values of v (all values are for data with
data adaptation). SS = same violin and same strings as training data; SD = same violin
with different strings; DD = different violin and different strings.

Fig. compares the result obtained with the baseline methods and the proposed
method. The results show that the proposed method consistently outperforms the
baseline. In all cases, adaptation decreases the performance when the training data
and the validation data are from the same instrument and the same brand of strings.
This is because adaptation itself depends on the estimated sequence of fingerboard
positions, which contains errors; the discrepancy between actual sequence of finger-
board position and the estimated one is small enough to be effective in absorbing the
differences in body resonance characteristics between two different violins or strings,
but significant when the same string and violin is used.

A.3.2 Experiment 2: effect of accompaniment on feature extraction

Piano accompaniments were generated for two pieces of the three used, using a syn-
thesizer with uniform note velocity, and the amplitude was adjusted such that the
peak values of the solo violin and the accompaniment were identical. Next, the recog-
nition accuracy was evaluated for each violin/string type, by changing the level of
accompaniment. The amplitude of the violin part was scaled such that the root mean-
square (RMS) power of the violin part relative to that of the accompaniment is set to a
given value of Signal-to-Accompaniment Ratio. Fig. shows the result. The result
shows that the bowed string estimator performs similarly for different ratios, as long
as the ratio is positive, i.e., the signal level of the violin is greater than the “noise” level
(i.e., the accompaniment).

A.3.3 Experiment 3: evaluation of the estimated fingering

First, 10 excerpts from three classical pieces were prepared (approx. 200 notes to-
tal). For each excerpt, two kinds of fingerings were generated: one using HVM-2,
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Figure A.9: Comparison of recognition accuracy for different sequence estimation
methods. SS = same violin and same strings as training data; SD = same violin with
different strings; DD = different violin and different strings.
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Figure A.10: Recognition accuracy with different levels of accompaniment.

and the other using HVM-2+VPM-2. Here, it is assumed that bowed string estima-
tion is perfectly accurate, by not incorporating constraints based on the estimated
bowed string. The feature weight W was manually tuned, by first adjusting the pa-
rameters for Wpy until it generated satisfactory fingerings for the repertoires consid-
ered. Then, parameters pertaining to Wpy were adjusted. They were set to Wy =
[1,05,1,1,5,1,0.5,20,10] and W3y = [1,10,-0.5,10,1.1,-0.3,-0.2,0.2]. Excerpts
that generated different fingerings for each of the setups were then extracted.

Next, seven violinists of various skills (amateur and professional, 10+ years of ex-
perience) evaluated the generated fingerings. First, each violinist was presented with
fingerings generated using VPM-2 and VPM-2+HVM-2, and was asked to choose the
better of the two, if any. Table shows the result of the survey. Wilcoxon signed-
rank test shows statistically significant difference between HVM-2 and VPM-2+HVM-
2 (p = 0.01), suggesting that the proposed model is favored over the baseline.
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Table A.1: Subjective evaluation of the proposed method.

Setup | Total count
HVM-2 5

HVM-2 + VPM-2 | 54

No preference 7

A.4 Discussion

The result in experiment 1 shows that in setup DD — the most realistic situation —
adaptation improves the recognition accuracy whereas in SS and SD, the accuracy
decreases. This occurs presumably due to the mismatch of the distribution of actual
bowed string sequence to that assumed in the proposed model. Moreover, the im-
proved performance of the proposed method demonstrates the effectiveness of con-
sidering the playability of a particular sequence of notes over a particular sequence of
bowed string.

Experiment 2 suggests that the features used in the proposed method are robust
in polyphonic audio mixture, as long as the signal level of the violin solo part is as
loud as the accompaniment. This condition is reasonable when the violin has an im-
portant melody; in this kind of situation the choice of fingerboard location becomes
even a greater musical issue. Therefore, the proposed method is presumably useful
for practical applications involving works for violin and piano.

Finally, the estimated fingering using the proposed method was more natural than
the baseline. The author speculates that incorporating the preference for the first and
third positions (index finger placed 2 semitones and 5 semitones above the nut of the
violin, respectively) is the chief reason - they are the most frequently used positions
on the violin, and fingering generated on these positions are more natural for violin-
ists to play. This work has shown that incorporating these kinds of heuristics could
drastically improve the playability.

A.5 Application: de-mystifying historical recordings

The proposed method may be used to analyze a recording from the past to recover
the fingering of a legendary violinist. In this example, the proposed method is used to
recover the fingering of Romanze in C composed by Joachim, a legendary violinist of
the late 19th century, using a recording on Gramophone played by Joachim himself in
1903. The recording has been pitch-shifted such that the notated A4 was set to 440 Hz.
VPM-2+HVM-2 fingering model was used to estimate the fingering, an excerpt of
which is shown in Fig.

The author speculates, however, that the actual fingering may be very different
from that estimated by the proposed method, illuminating directions for future re-
search. For example, there are notes that are playable using open strings (i.e., no fin-
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Figure A.11: Estimated fingering from first forty bars of Joachim’s Romanze in C played
by Joachim (1903).

ger pressed) whose estimated fingerings on the notated score show open strings; yet,
on the recording, one clearly hears the note played with a vibrato, meaning that the
pitch is played by stopping a string with a finger. These kinds of errors might have
occurred for these three reasons:

1. InJoachim’s times, the material used for the violin string was significantly differ-
ent. In particular, the E-string (the highest pitched string) used gut as its core,
which has a much mellower timbre than the kind of string used today. Such
discrepancies in the material property of the string itself would cause the per-
formance of the bowed string estimator to deteriorate.

2. A high quality recording of Joachim is long lost. The remastered recording we
used had frequency range that extended up to only approximately 5 kHz; the
rest was cut-off perhaps by applying an equalizer. Hence, there were only few
partials that conveyed meaningful information.

3. Joachim’s use of pitch-based playing techniques such as vibrato and glissando
gives many clues to violinist who wants to infer Joachim’s playing. For exam-
ple, if the transition from one note to another is completely smooth, it strongly
suggests that the two notes were played on the same string. Vibrato can be a
give-away for distinguishing between a note that is played using an open string
or not. The proposed method, however, does not incorporate the pitch trajectory
for fingerboard position estimation, and hence, misses such clues.

This output suggests a future direction for research, namely, incorporating pitch-
based cues for fingerboard inference, and perhaps robustness to different materials
used for a same string. The latter, however, can be ameliorated with the proposed
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method to a certain extent; the training data may be recorded using the string that is
thought to be used in the recording whose fingering one wishes to infer.

A.6 Conclusion

This chapter presented a method for recovering the violin fingering from an input au-
dio signal and a music score by analyzing the bowed string sequence, and using it as
a constraint to determine the optimal fingering. Bowed string sequence classification
was based on features that are robust in a polyphonic mixture. Moreover, a sequen-
tial model based on violin playing was introduced. It was shown that such sequential
modeling drastically improved the accuracy. The fingering estimation incorporated
features that are specific to violin playing practices (the pedagogical model), in ad-
dition to some of the more fundamental features applicable to other instruments as
well. Incorporating such heuristics generated a drastically easier fingering.

Future direction may involve improved recognition accuracy, refining fingering
model, and more applications. For example, recognition accuracy may be improved
by exploiting the smoothness of pitch trajectory (glissando, vibrato, etc.), as it seems
that violinists listen to the smoothness of pitch transition to infer the fingerboard loca-
tion and the fingering. The fingering model may further be improved by incorporating
more features that are inspired from violin pedagogy or through machine learning of
feature weight by preparing a large violin fingering corpus. Another possibility is
to perform joint estimation of fingerboard location and fingering — the problem of
fingerboard location estimation and fingering estimation is dependent on each other,
suggesting that joint estimation may improve the performance of both. From a musi-
cological perspective, artist classification, skill assessment, and analysis of historical
recordings may be interesting applications of the proposed method.
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