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Abstract

Audio-to-MIDI alignment is the problem of obtaining an accurate mapping between
the MIDI file containing the score and the audio recording containing a performance of
the same piece of music. The scheme of all audio-to-MIDI alignment tasks is universal:
feature extraction followed by sequence alignment. In this thesis, a novel feature ex-
traction method is proposed using 1−dimensional MIDI sequences as targets for a deep
convolutional regression extraction model. The proposed framework is implicitly ro-
bust to minor mistakes in the performance. In addition, 3 methods for audio processing
are compared for this task.
This thesis is also a snapshot in time into several contemporary audio-to-MIDI alignment
frameworks, along with their methodological backgrounds.
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1 Introduction

It is often said that music is a universal language. It can exist in multitudes of media, and
parallels can be drawn between music and natural language: both can be represented
by notation (musical notation and text), and both can be represented by an audio signal
(musical recording and speech recording). The notation can be viewed as a set of
instructions for the performer or the speaker, and the audio signal is then the finished
product of a performance or a speech.
Obtaining an accurate mapping between the set of instructions and the performance
is a one of the fundamental parts of audio signal processing. This mapping is known
as an alignment, and it allows one to better analyse the performance. For example, one
can analyse it for mistakes or inaccuracies, deviations from the instructions, and even
allows one to compare different performances of the same set of instructions.
An illustration of a typical audio-to-MIDI alignment task is shown in Figure 1.1. From
the figure, it can be seen how the alignment bridges the gap between the modalities of
the score (represented by the MIDI) and the audio (represented by the waveform). The
MIDI file has precise structure whereas the waveform is a 1−dimensional object with
no clear structure. By aligning the two, the audio recording can be augmented with the
information of the MIDI – such as which notes are played and when.
The field of research devoted to developing computational tools for processing music-
related data is called Music Information Retrieval (MIR). Each year, the important
advances in the field get presented at a conference curated by the International Society
for Music Information Retrieval (ISMIR, 2022).
Musical Instrument Digital Interface (MIDI) is a standard format for storing and trans-
mitting musical information, such as pitches of the notes, their timings and their loud-
ness. A MIDI file to a musical score is what an electronic book is to a paper book: a
MIDI file contains the same information as the score, but it is modifiable and analysable.
A large topic of MIR is Automatic Music Transcription (AMT), which is a task of con-
verting an audio signal of a musical performance into musical notation. This is closely
related to audio-to-MIDI alignment, and in fact many alignment methods utilise AMT
in order to obtain the predictions of the notes, and then this is followed by aligning the
predicted notes with the notes of the MIDI score such as (Kwon et al., 2017), (Simonetta
et al., 2021).
Both audio-to-MIDI alignment and the AMT have the goal of outputting an accurate
representation of the recording in musical notation. The difference between the two
approaches stems from the fact that the audio-to-MIDI alignment assumes that a pre-
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determined score exists for a given recording, while the AMT has to pretend as though a
musical score does not exist for the given piece of music. Of course, this is true for music
that is of the improvisatory nature (and the alignment task would not be possible), but
for most musical pieces a score does exist.
In this thesis we propose a novel approach for audio-to-MIDI alignment by framing the
audio feature extraction as a regression problem. This feature extraction method allows
for an alignment that is more robust to errors in the performance, such as incorrect
notes.
In Chapter 2, we will lay out some of the musical theory that is relevant to the the-
sis, outline some of the most commonly used audio processing techniques, provide
the background into convolutional deep neural networks, and discuss the problem of
sequence alignment.
After this, Chapter 3 will see the discussion of three distinct audio-to-MIDI alignment
methods that cover the three possible approaches to the problem: alignment in the
audio domain, in the MIDI domain, and in the middle-ground domain (cross-modal).
Each of those methods was the state of the art of its time.
In Chapter 4 we discuss in detail the methodology of our proposed method, including
the pre-processing steps, the models proposed, the alignment method and the evalua-
tion methods. Following that, the results are discussed in Chapter 5.

MIDI File

Alignment

Audio File

Aligned MIDI File

Figure 1.1: Example of a typical audio-to-MIDI alignment task. The MIDI file is a digital
version of the score. By aligning the audio and the MIDI, one is able to augment the
audio information of the recording with the structured musical information of the
score. Since the MIDI has precise structure while the audio does not, this is useful
for a variety of audio analysis problems, most notably audio-to-score transcription.
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2 Background

All audio-to-MIDI alignment methodology shares a universal common thread: feature
extraction followed by sequence alignment. The added complication is that the quality
of the alignment depends both on the quality of the extracted features as well as on the
alignment method. Some authors focus on improving the alignment by better feature
extraction methods (Kwon et al., 2017), (Wang et al., 2019), while other authors focus on
the alignment methods (Agrawal et al., 2022).
In this chapter, the common methods for audio signal processing, MIDI processing, and
machine learning, as well as sequence alignment are defined.

2.0.1 Musical Media

A piece of music can exist in 2 distinct forms: score and audio signal.
The score contains a set of instructions that give the necessary information to the per-
former in order to execute the author’s idea. In Western Classical Music (Finson, 2002),
the score contains the pitches of the notes that are to be played and their timings, as
well as the dynamics (how loud) and tempo (how fast they are to be played). For a more
comprehensive overview of the musical score, see (Müller, 2021).
Four medias of the same piece of music are shown in Figure 2.1: the composer writes a
manuscript (A), which is then turned into musical score (B), which is then performed
by a pianist (C), and (D) is the musical score as it is accessible to a computer.

2.0.2 MIDI File

The MIDI format is a great success story of the 20th century music production. It was
the first standardized interface that allowed electronic musical instruments, such as
synthesizers, to communicate with the computers. Nowadays most electronic piano
keyboards have the support for MIDI. It is also a standard way to sharing musical
notation between different notation software.
A MIDI file is built upon chunks of information known as events. An event can be:
key press (and release), tempo change (speed of playback), instrument change, channel
change, piano pedal press (and release).
The MIDI file also has a resolution, which is the distance between to eighth-notes. This
distance is measured in ticks. A standard resolution is 96 ticks. This can be thought
of as the MIDI equivalent of the Planck length (Mead, 1964), in a sense that distances
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Figure 2.1: Four medias of the same music: (A) Johann Sebastian Bach’s paper manuscript from
circa 1721, (B) musical score, (C) audio signal of a performance as a waveform, (D)
piano roll MIDI transcription.

shorter than 1 tick can not be measured by the MIDI standard.
A common way of MIDI processing is a piano roll, an example of which is shown in
Figure 2.1 (D). It has the information on what note is pressed (𝑦−axis), when it is
pressed (𝑥−axis), and how loud. Not accounting for the piano’s sustain pedal, this is
enough information to capture a piano performance in its entirety. As an aside, the
phrase "piano roll" comes the the late 19th century – when the microphones were not an
advanced technology – a popular way of recording piano recordings was in the paper
roll format. These paper rolls could then be played back on a specialised reproducing
piano.
For the purposes of this thesis, we define the piano roll as a (sparse) matrix 𝑅 ∈ R88×𝑃 ,
where 𝑃 is the length of the MIDI track quantized (rendered) at a some resolution. A
common quantize resolution is 10ms, meaning that two consecutive vectors in the piano
roll are 10ms apart. A value 𝑅𝑖 𝑗 in the piano roll matrix represents the velocity (the
loudness) of the note 𝑖 at time 𝑗. This matrix is usually sparse, because the values are
mostly zeroes since each column represents an 88−key piano keyboard and the pianist
can only physically press a limited number of keys at a time.
It is very common to omit the velocity information from the piano roll in MIDI processing
tasks, which turns the piano roll into a binary matrix. Then, the binary piano roll matrix
is defined as:

𝑅𝑖 𝑗 =

{
1 if note 𝑖 is pressed at time 𝑗 ,
0 otherwise.
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Binary piano rolls are used throughout this thesis. An example of a binary piano roll is
shown in Figure 2.2.

MIDI File

Piano Roll

......
...

... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ...

... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ... ...

49
48
47
46
45
44
43
42
41
40
39
38

Figure 2.2: An example of a MIDI piano roll sparse matrix. This is the most common represen-
tation of a MIDI file. The 𝑦−axis corresponds to the 88 piano keys, the 𝑥−axis is
the time. The columns are spaced linearly in time. For visualization, a low temporal
resolution was chosen to limit the number of columns. In practice, the resolution is
a lot finer than shown here.

2.1 Audio Processing

The audio signal is a 1−dimensional object, containing solely the data about the ampli-
tude of the wave at any time point. This object, however, is rich in information. The
single wave might be encoding a variety of different things – from a beautiful piece of
music, to a radio weather news report. Our brains are able to pick up this wave signal
and decode it into meaningful features.
In this section, various audio processing methods are discussed that allow the computers
to transform audio signal into more meaningful objects which can then be used for
audio-to-MIDI alignment tasks.

2.1.1 Pitch

A pitch of a single sound is a quality associated with the frequency of the wave producing
the sound: the higher the frequency, the higher the pitch, and vice versa.
A standard modern piano contains 88 keys (or notes), each associated with a pitch. To
get from one key to the next, the frequency is multiplied by a factor of 21/12. The piano
is tuned such that the lowest key (note pitch 0) produces a 27.5Hz wave. The formula
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for the frequency of note pitch 𝑛 is given by:

𝑓 (𝑛) = 27.5 × 2𝑛/12

Hence, the highest piano key (note pitch 87) produces a 27.5 × 287/12 ≈ 4186Hz wave.
12 consecutive notes make up an octave, and consequently any two notes that have
frequencies differing by a factor of 2 are said to be "an octave apart". This also means
that there are 12 pitch classes, which are also known as chroma features. The frequencies
for a range of piano notes which are split by octaves of 12 notes are shown in Table 2.1.
Chroma features are often used in the audio-to-MIDI alignment as an augmentation of
the 88 piano notes – the pitch class information is introduced by augmenting the 88 note
piano roll matrix with an extra 12 notes, for 100 features in total.
In order to avoid having to dive into the rabbit hole of 18th century Western Classical
Music Theory (which is outlined in great by Hullah (1876)), we will only define the
notes by their pitch numbers: the pitches correspond to the pitches of the piano where
27.5Hz representing pitch 0, and ≈4186Hz representing pitch 87.

Pitch class
A A# B C C# D D# E F F# G G#

n 0 1 2 3 4 5 6 7 8 9 10 11
f(n) 27.5 29.14 30.87 32.70 34.65 36.71 38.89 41.20 43.65 46.25 49.00 51.91
n 12 13 14 15 16 17 18 19 20 21 22 23

f(n) 55 58.27 61.74 65.41 69.3 73.42 77.78 82.41 87.31 92.50 98.00 103.83
...

...
...

...
...

...
...

...
...

...
...

...
n 84 85 86 87

f(n) 3520 3729.31 3951.07 4186.01

Table 2.1: The frequencies of the 88 piano keys, split across 12 different notes. The first two
octaves, and the last 4 notes are shown. Here 𝑛 denotes the note pitch number, and
𝑓 (𝑛) = 27.5 × 2𝑛/12 denotes the frequency in Hz.

2.1.2 Overtones

In addition to the main frequency, each key produces harmonic overtones. The 𝑛th
overtone of a frequency 𝑓0 has frequency 𝑛 𝑓0 Hz. The amplitude of the waves of each
overtone frequency determines another quality of sound, called timbre. Timbre is the
quality that allows one to tell a difference between the same note played at the same
loudness on a piano, trumpet or a guitar.
An example of the overtones generated by a single piano note is shown in Figure 2.3
(left). The note that is played in the first note of Figure 2.1, which is note pitch 39. Its
main frequency ( 𝑓0) is 27.5 × 239/12 ≈ 261.6Hz, which can be seen as the largest peak
in the figure. Furthermore 5 other overtones with frequencies 2 𝑓0 , . . . , 6 𝑓0 are visible in
the plot.
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2.1.3 Digital Signal Processing

Timbre is also the quality that makes it difficult to tell multiple notes apart when they
are played together. This is where Digital Signal Processing (DSP) comes in to help.
DSP is a domain of electrical engineering focused on analysing and altering electrical
signals. Some of its important results and methods allow one to decompose a given
waveform signal into simpler waveforms, as well as to convert an audio signal from the
amplitude-time domain of the waveform into a frequency-time domain.

2.1.4 Fourier and Discrete Fourier Transforms

The Fourier Transform (FT) (Bracewell and Bracewell, 1986) is arguably the bread-and-
butter of audio signal processing. It converts an audio signal from a amplitude-time
into amplitude-frequency domain, which allows for a decomposition of a signal into its
constituent frequencies. A Fourier Transform of a continuous function ℎ, evaluated at
frequency 𝑓 , is defined as:

𝐹𝑇(ℎ)( 𝑓 ) =
∫ ∞

−∞
ℎ(𝑥) exp

{−2𝑖𝜋 𝑓 𝑥
}
𝑑𝑥, ∀ 𝑓 ∈ R, 𝑖 =

√−1.

The absolute value of
��𝐹𝑇(ℎ)( 𝑓 )�� is then the magnitude of the signal of frequency 𝑓 .

If the amplitude is zero, it suggests that such frequency is not present in the signal.
Evaluating the integral on a range of frequencies produces a spectrum of the wave, and
can be used to determine the constituents of the wave.
While the sound itself is a continuous signal, electronic microphones are only able to
pick up the signal at a certain rate, due to the nature of an electric current. The recorded
signal is then digital. A common sampling frequency is 44.1kHz, or 44,100 samples
every second.
A discrete Fourier transform (Rao et al., 2010) is a discrete approximation of the Fourier
transform. Let (𝑡0 , . . . , 𝑡𝑁−1) be a sequence of sampling times such that 𝑥 𝑗 = ℎ(𝑡 𝑗) ∀𝑗 ∈
{0, . . . , 𝑁 − 1}. The Discrete Fourier Transform (DFT) of the signal 𝑥 evaluated at the
frequency 𝑓 = 𝑛 ∈ {0, . . . , 𝑁 − 1} is defined as:

𝐷𝐹𝑇(𝑥)( 𝑓 ) =
𝑁−1∑
𝑘=0

𝑥𝑘 exp
{−2𝜋𝑖𝑘 𝑓

}
, ∀ 𝑓 ∈ R, 𝑖 =

√−1.

From this one can see that computing the DFT on the full range of frequencies 0, . . . , 𝑁−1
requires 𝒪(𝑁2) computations, which is quite expensive for large𝑁 . A very popular and
efficient approach for computing the DFT is using the Fast Fourier Transform (FFT), the
details of which are given by Cooley and Tukey (1965).
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f0 ≈ 261.6Hz

Overtones

2f0 3f0 4f0 5f0 6f0

Figure 2.3: Discrete Fourier Transform (DFT) spectrum of a piano note pitch 39, of frequency
261.6Hz, from the first 0.25s of music from Figure 2.1. The largest peak corre-
sponds to the main frequency 𝑓0, and smaller peaks correspond to the overtones with
frequencies 2 𝑓0 = 523Hz, 3 𝑓0 = 785Hz, 4 𝑓0 = 1047Hz, and so on.

2.1.5 Constant-Q Transform

As we discussed, the pitches of the piano are geometrically spaced, and two consecutive
pitches are spaced by a factor of 21/12 from each other. A DFT maps the signal into the
frequency-magnitude domain where the frequencies are linearly spaced. This makes
the DFT not an efficient way of mapping the signal into the frequency domain, since the
higher frequencies are spaced wider than the lower frequencies.
The Constant-Q transform (CQT) (Brown, 1991) is a variation of DFT that utilises
geometrically-spaced frequency bins instead of the linearly-spaced ones. This makes for
a more efficient way of mapping the frequencies to their corresponding notes. CQT also
more accurately captures the way humans hear distances between pitches: a distance
between the 27.5Hz and 55Hz frequencies are perceived in a similar way as a distance
between 2000Hz and 4000Hz.
A computationally-efficient definition of CQT is given by Schörkhuber and Klapuri
(2010): the CQT of a discrete signal (𝑥1 , . . . , 𝑥𝑛) evaluated at the frequency bin 𝑘 can be
computed as:

𝐶𝑄𝑇(𝑥)(𝑘) =
𝑛+⌊𝑁𝑘/2⌋∑
𝑗=𝑛−⌊𝑁𝑘/2⌋

𝑥 𝑗 𝑎∗𝑘 (𝑗 − 𝑛 + 𝑁𝑘/2)
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where 𝑁𝑘 is the window length, and 𝑎∗𝑘 is the complex conjugate of:

𝑎𝑘(𝑛) = 1
𝑁𝑘

(
𝑛
𝑁𝑘

)
exp

{
−𝑖2𝜋𝑛 𝑓𝑘

𝑓𝑠

}
The frequency bin 𝑘 ∈ {0, . . . , 𝐾 − 1} is centered at frequency:

𝑓𝑘 = 𝑓0 × 2
𝑘
𝐵

where 𝑓0 is the frequency of the lowest frequency bin, and 𝐵 is the number of frequency
bins per octave.
When processing piano recordings, the number of frequency bins per octave is usually
set to a multiple of 12, since there are 12 notes in an octave. The lowest frequency bin is
usually set to 27.5Hz, which is the lowest piano note. Additionally, another multiple of
12 is usually added to the total number of frequency bins in order to cover the potential
overtones in the high frequencies.
Figure 2.4 shows a comparison in the spectrums produced by DFT (left) and CQT
(right). From the figure, we can also see that the overtones are less prominent in the
CQT compared to DFT.

250 500 750 1000 1250 1500 1750 2000
Frequency (Hz)

0.00

0.02

0.04

0.06

0.08

0.10

0.12

0.14

0.16

M
ag

ni
tu

de
 (s

ca
le

d)

0 50 100 150 200 250
Frequency bins

0.00

0.05

0.10

0.15

0.20

M
ag

ni
tu

de
 (s

ca
le

d)

Figure 2.4: A spectrum of the first note (first 0.25s) of the audio track from Figure 2.1 computed
by the absolute magnitude of the DFT (left), and CQT with 36 bins per octave (right).
A single note of frequency ≈ 261.6Hz is played. y-axes are shared.

2.1.6 Short-time DFT and CQT

While the DFT and CQT are useful for determining the frequencies of a single audio
signal on their own, an audio recording usually consists of constantly-changing sounds
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of different frequencies. Therefore one should be able to tell the frequencies of the audio
recording at any given timestamp.
The most common method for converting the audio signal into the frequency-time
domain is by splitting the audio recording into chunks, known as frames, and computing
the transforms (e.g. DFT or CQT) on each chunk. This method is then called a short-time
transform. The audio chunks need to be short enough that they offer high temporal
resolution, and long enough that they capture enough of the wave signal that the
transforms can be accurately computed. The distance between two consecutive frames
is known as a hop length.
In order to maximise the temporal resolution, overlapping frames are often used. This
way, a reasonably wide frame length can be achieved with a small hop length. The
drawback of this is that a frame might contain information that is more relevant to its
neighbouring frames.
The rectangular windows have a drawback that they crate discontinuities at each end
of the frame. The Fourier transform does not deal with such abrupt changes well,
and causes artefacts throughout the spectrum. To prevent this, window functions are
commonly used. They apply suppression to the audio signal that is away from the
frame centre. Figure 2.5 shows a few examples of the window functions. Given an
audio signal frame 𝑥 = (𝑥0 , . . . , 𝑥𝑁−1), the window function 𝑊 applied to the signal is
defined as a dot-product between the weights 𝑤 = (𝑤0 , . . . , 𝑤𝑁−1) and 𝑥:

𝑊(𝑥) = (𝑤0𝑥0 , . . . , 𝑤𝑁−1𝑥𝑁−1)
where (𝑤0 , . . . , 𝑤𝑁−1) are the weights of a window function. For example, the most
common window functions for audio processing for audio-to-MIDI alignment are the
Hanning and the Hamming functions (Sangeetha et al., 2021), whose weights are defined
as:

𝑤Hanning
𝑖 = 0.5 + 0.5 cos

[
2𝜋𝑛𝑖
𝑁

]
𝑤Hamming
𝑖 = 0.54 + 0.46 cos

[
2𝜋𝑛𝑖
𝑁

]
for all 𝑖 ∈ {0, . . . , 𝑁 − 1}, where 𝑛 =

(−𝑁
2 , . . . ,

𝑁
2
)
.

The output of a short-time DFT or CQT analysis are a collection of spectrums which
correspond to each frame in the audio, known as a spectrogram. Spectrograms are used
extensively in audio processing, from processing speech (Arias-Vergara et al., 2021) and
sound-source separation (Higuchi et al., 2004) to COVID-19 detection (Rodriguez et al.,
2020).
An example of an audio processing pipeline using short-time CQT and a Hamming
window function is shown in Figure 2.6.
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Figure 2.5: Common window functions. Left to right: Hamming, Hanning, cosine, Bartlett,
exponential, Tukey. x-axis represents to the index inside the frame, y-axis is the
filtering coefficient.
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Figure 2.6: Example pipeline for audio processing depicting a Hamming window function and
CQT which are used for windowing as spectrum computation respectively. For
illustration purposes, considerably large frame and hop lengths are used.

2.2 Machine Learning

In the previous section, the common processing methods for the audio recordings
were outlined, arriving at the spectrogram. Due to the 2−dimensional nature of a
spectrogram (frequency and time), they are most commonly visualised and analysed as
images (Brusa et al., 2021), (Khalighifar et al., 2021), (Dennis et al., 2014).
When it comes to image processing, few benchmarks have established themselves as
competitive as the ImageNet’s Large Scale Visual Recognition Challenge (ILSVRC) (Rus-
sakovsky et al., 2014). The ImageNet challenge consists of a database of over 14 million
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hand-annotated images, with over 20,000 potential categories. Since 2012, all of the
winning models have been deep neural networks; and since 2015 have surpassed the
human classification accuracy of 95% (He et al., 2015).
In particular, the winning model in 2012 AlexNet (Krizhevsky et al., 2012) had out-
performed its competition by a margin so wide that it sparked a revolution in artificial
intelligence research (Liu et al., 2018).
This provides a good morale for using deep learning methods for the purpose of ex-
tracting information from the audio spectrogram.

2.2.1 Deep Neural Networks

Deep learning is a subdivision of machine learning that is aimed at capturing and mod-
elling high-level, or abstract, features in the data (Hinton, 2006). As was mentioned
earlier, deep learning models are currently the state-of-the-art for a range of image clas-
sification and recognition tasks, and most modern audio-to-MIDI alignment methods
use deep neural networks as part of their feature extraction.
In this section, the feedforward artificial neural network (FNN) is defined, as well as the
model class known as the Multi-Layer Perceptron (MLP) (Rosenblatt, 1958).
We also define another type of networks known as the convolution neural network,
which are essential in the computer vision tasks.

2.2.1.1 Multi-Layer Perceptron

A fully-connected FNN consists of an input layer, a number of fully-connected hidden
layers, and an output layer. Each neuron in a layer 𝑖 takes every output from the layer
𝑖−1, computes their weighted sum, adds bias, and passes the sum through an activation
function to obtain an output. The output then serves as an input to the next hidden
layer. It can therefore be seen that the FNNs are composed of functions where each
layer serves as a linear function.
The network is called fully-connected when every output of the layer 𝑖 − 1 serves as an
input to every input in layer 𝑖. The layers in these networks are called dense layers. An
example of a fully-connected neural network is shown in Figure 2.7.
Let 𝑥 = (𝑥0 , . . . , 𝑥𝑁−1) be the output vector of layer 𝑖−1, and ℎ = (ℎ0 , . . . , ℎ𝑀−1) be a layer
of 𝑀 neurons in the layer 𝑖. The weights between the two layers is a matrix 𝑤 ∈ R𝑁×𝑀

such that 𝑤(𝑖)
𝑗 ,𝑘 is the weight of the connection between 𝑥 𝑗 and ℎ𝑘 . The output of the 𝑖th

layer ℎ, is then computed as follows:

ℎ𝑘 = 𝜎
©­«𝑏𝑘 +

𝑁−1∑
𝑗=0

𝑤 𝑗𝑘𝑥 𝑗
ª®¬ =

(
𝑔(𝑖)(𝑥)

)
𝑘
, ∀ 𝑘 ∈ {0, . . . , 𝑀 − 1} (2.1)
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Figure 2.7: A sketch of a fully-connected neural network with dense hidden layers, taking a
vector 𝑋 of length 𝑁 as an input and outputting a vector 𝑌

∧
of length 𝐾. Each

circle represents a neuron, and each line represents a weight. Each hidden layer can
contain any number of neurons, and each neuron acts as a function of all the weights
and neurons of the previous layer according to (2.1).

where 𝑏 = (𝑏0 , . . . , 𝑏𝑁−1) is a vector of biases, 𝜎 is an activation function, and 𝑘 represents
the 𝑘th element in the vector. The parameters to be estimated are the biases 𝑏 and the
weights 𝑤.
From the above computation , it can be seen that the output after two layers is 𝑔(𝑖+1)(ℎ) =
𝑔(𝑖+1)(𝑔(𝑖)(𝑥)). Hence for an MLP network with 𝑁 layers, the output 𝑦

∧
of the entire

network is given by the composition of all functions 𝑔(𝑖), 𝑖 ∈ {0, . . . 𝑁 − 1}:

𝑦
∧
= 𝑓 (𝑥(0)) =

(
𝑔(𝑁−1) ◦ 𝑔(𝑁−2) ◦ · · · ◦ 𝑔(𝑖) ◦ · · · ◦ 𝑔(0)

)
(𝑥(0))

where 𝑥(0) is the input vector.
An example of a simple MLP network with a single hidden layer of two neurons is
shown in Figure 2.8.

2.2.1.2 Activation function

From (2.1), it can be seen that the outputs of each layer get passed through an activation
function. Typically, a single activation function is chosen for a given layer. Activation
functions play a similar role in the neural networks as the link functions in generalized
linear models (GLMs): they allow a linear combination of the inputs to be related to the
output through some function 𝜎.
A list of common activation functions is shown in Table 2.2, which are then plotted in
Figure 2.9.
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Figure 2.8: An example of a multi-layer perceptron with two layers of two neurons each, followed
by a single output neuron. The symbol Σ(𝑖) represents the function 𝑔(𝑖) from (2.1)
applied to the layer 𝑖 − 1 with weights 𝑤(𝑖). The output of this particular network is
given by Σ(2) = 𝑔(1)

(
𝑔(0)(𝑥)) .

In supervised learning – when the targets are given – the choice of the activation
functions usually depends on the domain of the targets.
For classification tasks, such as those in the AMT models for classifying which notes are
played at any given time, a sigmoid function is commonly used to output probabilities.
In this case 𝑔(𝑖) equivalent to a logistic regression.
When the function is the identity 𝜎(𝑥) = 𝑥, also known as linear activation, then 𝑔(𝑖) is
equivalent to a linear regression.
The ReLU activation function is particularly widely used in neural networks as it is
found to speed up the convergence of the network during training (Krizhevsky et al.,
2012). Due to the gradient-based approach of the training, the ReLU also implicitly
induces a regularization (Glorot et al., 2011) onto the model by mapping some of the
neurons to 0, which then remain at 0 for the duration of the training (known as "dead
neurons").

Name 𝜎(𝑥) Domain
Linear 𝑥 (−∞,∞)
ReLU max(0, 𝑥) (0,∞)
ELU max(𝛼(𝑒𝑥 − 1), 𝑥) (−𝛼,∞)

Sigmoid 1/(1 + 𝑒−𝑥) (0, 1)
Hyperbolic-tangent (𝑒𝑥 − 𝑒−𝑥)/(𝑒𝑥 + 𝑒−𝑥) (−1, 1)

Softplus ln[1 + 𝑒𝑥] (0,∞)
Table 2.2: Equations of the common activation functions along with their output domain. The

choice of the activation functions depends on the prediction task. ReLU is usually
used for positive outputs, while sigmoid is usually used for predicting the probabilities.
Linear activation is used for linear regression problems.



2 Background 15

4 2 0 2 44

2

0

2

4

4 2 0 2 44

2

0

2

4

4 2 0 2 42

1

0

1

2

4 2 0 2 4
0

1

4 2 0 2 4
1

0

1

4 2 0 2 4
0

1

2

3

4

Figure 2.9: Plots of the activation functions from Table 2.2. Left to right: linear, ReLU, ELU,
sigmoid, hyperbolic tangent (tanh), and softplus.

2.2.1.3 Convolutional Neural Networks

A very effective way of image feature extraction are Convolutional Neural Networks
(CNNs). The idea was first introduced by Fukushima (1980) as a method for mod-
elling hierarchical structures in image data. CNNs are now used extensively in image
processing and computer vision (Yamashita, 2018), including the audio feature extrac-
tion from the spectrogram (Dörfler et al., 2017). The current state-of-the-art feature
extraction system of Wang et al. (2019) is a convolutional neural network.
A convolutional layer takes an input image and processes it into a number of feature
maps using a kernel convolution. The purpose of the kernel convolution is to compress
the information of the image and to smooth-out the features.
The convolution transform (Hirschman and Widder, 1955) between two integrable func-
tions 𝑓 and 𝑔, written 𝑓 ★ 𝑔, is a function such that:

( 𝑓 ★ 𝑔)(𝑡) =
∫ ∞

−∞
𝑓 (𝜏)𝑔(𝑡 − 𝜏)𝑑𝜏,

and it is a way of combining, or "blending", two functions.
For discrete functions, the definition is similar:

( 𝑓 ★ 𝑔)(𝑡) =
∞∑

𝑖=−∞
𝑓 (𝑖)𝑔(𝑖 − 𝑡).

In modern neural networks, the 2−dimensional convolution 𝐶 between a (black-and-
white) image 𝑀 ∈ R𝑁×𝑀 and a kernel 𝑘 ∈ R𝑛×𝑚 is often computed as:

𝐶(𝑀, 𝑘)𝑖 𝑗 =
𝑚−1∑
𝑎=0

𝑛−1∑
𝑏=0

𝑘𝑎𝑏𝑀𝑖+𝑎,𝑗+𝑏 , ∀𝑖 ∈ {0, . . . , 𝑁 − 1}, 𝑗 ∈ {0, . . . , 𝑀 − 1} (2.2)

which is also known as the cross-correlation between 𝑀 and 𝑘, since it differs from the
convolution definition but serves a similar purpose of "blending" the image with the
kernel.
An example of a single cross-correlation transform of a small 3 × 3 image and a 2 × 2
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kernel with 1 × 1 stride is shown in Figure 2.10. A stride is simply the distance between
consecutive kernels. Since this particular kernel is positive, the output is positively-
correlated with the input – in a sense that it contains high and low values in similar
locations to the corresponding high/low values in the input. If the input was a larger
image of an object, the output would still be recognizable.
It can be seen that several choices can be made with respect to the padding, which then
determines the dimension of the output. If the cross-correlation is computed without
any padding (known as "valid" padding), the dimension of the output is at most the
dimension of the input; if the zero-padding is added (known as "full" padding), the
dimension of the output is at least the dimension of the input. Another popular choice
is to preserve the output dimension by computing the cross-correlation and only keeping
the first 𝑁 rows and 𝑀 columns, which is known as "same" padding.

Input Output
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1 0 0 0
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0
0

0
00 00

000 00
0
0 1

11
1
Kernel

Convolution
*
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1 1 0 0

Figure 2.10: Example of a convolution transformation of a 3 × 3 image with a 2 × 2 kernel of
ones, and a 1 × 1 stride, and a full padding. Outlined in dashed squares are a few
selected input features and their corresponding location in the output.

The job of the neural network during training is to optimize the values of the kernel
(weights) and one bias value, for each feature map. So if there are 𝐹 feature maps, the
number of trainable parameters is (𝑛×𝑚 + 1) × 𝐹, where 𝑛 and 𝑚 are the dimensions of
the kernel as before.
The number of feature maps in a convolutional layer plays a similar role as the number
neurons in a dense layer – they control the number of representations an input image
will have in the output, – while the kernel weights control what the representations will
qualitatively look like.
In deep neural networks for image classification, the convolutional layers are typically
increasing in the number of feature maps with each layer and decreasing in kernel size.
For example, the AlexNet Krizhevsky et al. (2012) architecture has five convolutional
layers – the first layer has a 11 × 11 kernel and 96 feature maps, while the last two layer
have a 3×3 kernel and 384 and 256 feature maps respectively. This way, the represented
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features get more abstract as an input move through the layers.
One can deduce that the dimension of the output after a convolution with "same"
padding and 𝐹 feature maps is 𝑁 × 𝑀 × 𝐹, which gets large with increasing 𝐹. An
effective way of reducing the dimensionality is by reducing 𝑁 and 𝑀 by means of a
pooling operation.
Given an aggregating function 𝑓 and an input 𝐶 ∈ R𝑁×𝑀×𝐹 (e.g. from a convolution),
the pooling transform is defined as:

𝑝(𝐶, 𝑘)𝑖 𝑗𝑘 = 𝑓 𝑎∈{0,...,𝑛−1}
𝑏∈{0,...,𝑚−1}

(
𝐶𝑖+𝑎,𝑗+𝑏,𝑘

)
,

∀𝑖 ∈ {0, . . . , 𝑁 − 1}, 𝑗 ∈ {0, . . . , 𝑀 − 1}, 𝑘 ∈ {0, . . . , 𝐹 − 1},
(2.3)

which is just a convoluted (ha!) way of saying that the input is split into kernel-sized
frames ℎ ∈ R𝑛×𝑚 , and 𝑓 is applied onto each frame. Typical choices of 𝑓 include
𝑓 (ℎ) = max(ℎ), known as "max-pooling"; and 𝑓 (ℎ) = mean(ℎ), known as "average-
pooling". An example of both poolings is shown in Figure 2.11.
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Figure 2.11: Examples of a pooling layer with a 2× 2 kernel and a 2× 2 stride: max-pooling and
average-pooling.

Notice that in (2.3), the pooling is not done along the 𝐹 dimension. If instead the pooling
includes the feature maps dimension 𝐹, it is known as a "global" pooling. This is useful
for completely eliminating the dimension 𝐹, leaving just a 2−dimensional output, and
is sometimes used as the last layer of the convolutional network.
Alternatively, a flattening layer is frequently used as the final convolutional layer. The
flattening layer simply reshapes a higher-dimensional object into a 1−dimensional vec-
tor. The 1−dimensional output of the convolutional network can then serve as the input
to the fully-connected network.
An example of a complete convolutional network with two convolutional layers and a
pooling layer is shown in Figure 2.12. The output of this can then serve as the input 𝑥
in the network from Figure 2.7.
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Figure 2.12: A sketch of a 2-dimensional convolutional network consisting of two convolution
layers and a pooling layer, followed by the flattening of the feature maps into a
1-dimensional vector output.

2.2.2 Network training

The goal of network training is to select the weights and biases of the network, as well
as all other hyperparameters, such that the loss is minimised.
This is efficiently done using backpropagation (Rumelhart et al., 1986), where the net-
work adjusts the weights according to an optimizer. An outline of backpropagation is: at
each training step, a random sample ("batch") is taken from the training set and passed
through the model ("forward pass") to obtain predictions. A loss is computed, and the
optimizer adjusts the weights of the layers in the reverse order during the backward
pass.
The optimizer specifies the algorithm by which the weights are updated. The most basic
one is the Stochastic Gradient Descent (SGD), and is defined as:

𝑤new = 𝑤 − 𝜂∇𝐿(𝑤; 𝐵)
where 𝐵 is a randomly-sampled batch from the training data, 𝑤 are the weights, 𝐿 a
minibatch loss function and 𝜂 is the learning rate. The symbol ∇ represents the gradient
of the loss function, which is taken with respect to the weights. The minibatch loss 𝐿(𝑤; 𝐵)
is given by:

𝐿(𝑤, 𝐵) = 1
|𝐵|

∑
(𝑥,𝑦)∈𝐵

𝑙(𝑦, 𝑓𝑤(𝑥))

where 𝑙 is a loss function and 𝑓𝑤(𝑥) is the output after a forward pass through the model
with weights 𝑤.
From the above it can be seen that in order to utilise backpropagation, a differentiable
loss function needs to be used. For continuous data, the mean-squared error (MSE) or
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mean-absolute error (MAE) are commonly used. For categorical data, a cross-entropy
loss is commonly used.
For validation, and to help prevent overfitting, the data is often split into several splits:
the training, validation and testing splits. The model is trained on the training data and
its performance is evaluated on the validation split in order to check if any adjustments
need to be made to the model’s structure. When comparing several models, their metrics
are compared on the validation set. The final model performance is evaluated on the
test set.

2.3 Sequence Alignment

So far, this chapter has focused on the necessary background into the feature extraction
part of the audio-to-MIDI alignment problem. In this section, the methods for alignment
of the extracted features are outlined.
Most audio-to-MIDI alignment research is focused on improving feature extraction,
such as Müller et al. (2006), Ewert et al. (2009), Simonetta et al. (2021), etc. By choosing
a common alignment algorithm, these methods hold the alignment methodology fixed.
This makes cross-comparison between methods simpler.
The Dynamic Time Warping (Sakoe and Chiba, 1978) is the most commonly used al-
gorithm for audio-to-MIDI alignment. The word "dynamic" here refers to the class of
algorithms known as dynamic programming, which means that the algorithm is computed
dynamically and the output is not determined in advance or in a one-shot manner. A
small example of the DTW alignment between two 1−dimensional sequences is shown
in Figure 2.13.

0 5 10
Figure 2.13: An example of the DTW alignment between two 1−dimensional sequences. The

alignment path is shown by the dashed lines.
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Given two matrices 𝑋 ∈ R𝐹×𝑁 and 𝑌 ∈ R𝐹×𝐵, the dynamic time warping alignment is
defined as the solution to following global minimization problem:

𝑝, 𝑞 = argmin
𝑝∈{0,...,𝑁−1}
𝑞∈{0,...,𝑃−1}

𝐾∑
𝑖=0

𝑑(𝑋[𝑝[𝑖]], 𝑌[𝑞[𝑖]]) (2.4)

where 𝐾 = max{𝑁 − 1, 𝑃 − 1}, 𝑑 is a distance function, 𝑝,𝑞 ∈ Z𝐾 is the alignment path,
and "𝑍[𝑘]" is the notation for "𝑘th column vector in the matrix 𝑍".
An additional constraint that needs to be made to prevent degenerate alignments is that
both 𝑝 and 𝑞 need to be monotonically increasing. Various ways have been proposed to
achieve this, such as by Müller (2007). Sakoe and Chiba (1978) propose the following
restrictions on 𝑝 and 𝑞:

Monotonicity & Continuity : (𝑝[𝑖 − 1], 𝑞[𝑖 − 1]) =

(𝑝[𝑖], 𝑞[𝑘] − 1), or
(𝑝[𝑖] − 1, 𝑞[𝑖] − 1), or
(𝑝[𝑖] − 1, 𝑞[𝑖])

Boundary :

{
(𝑝[0], 𝑞[0]) = (0, 0)
(𝑝[𝐾 − 1], 𝑞[𝐾 − 1]) = (𝑁 − 1, 𝐵 − 1)

These two conditions ensure that the alignment is "complete", in the sense that the
entirety of 𝑋 is aligned with the entirety of 𝑌 and that the alignment is monotonic and
continuous.
The meaning of the vectors 𝑝 ∈ Z𝐾 and 𝑞 ∈ Z𝐾 is such that for any 𝑖 ∈ {0, . . . , 𝐾 − 1},
if 𝑝𝑖 = 𝜏 and 𝑞𝑖 = 𝜔 then the 𝜏th column vector in 𝑋 is aligned with the 𝜔th column
vector in 𝑌.
Note that (2.4) requires computing all pairwise distances between columns of 𝑋 and
columns of 𝑌, which is computationally expensive for large 𝑁 and 𝑃, but more efficient
implementations exist which use dynamic programming – one of which is proposed
by Sakoe and Chiba (1978). An even more efficient approximation is the FastDTW
algorithm (Salvador and Chan, 2004).
An in-depth review of the dynamic time warping and its application to audio synchro-
nization is given by Müller (2007).
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3 Related Research

In this chapter, we outline the relevant works in the area of audio-to-MIDI alignment
and their respective methodologies.
Audio-to-MIDI alignment methods operate a two-step procedure: feature extraction,
followed by alignment of extracted sequences. In this case, the quality of the alignment
will depend not only on the alignment technique, but also on the quality of the extracted
features. When the performance of alignment in one medium (MIDI) depends on the
quality of the feature extraction in another medium (audio), this is known as the hetero-
geneity gap (Cheng and Gu, 2021). The narrower the gap between the two modalities,
the better the quality of the alignment will be.
In order to bridge the gap between the modalities, the extracted audio and MIDI features
need to be in the same domain. Hence there are three possible modalities: (1) mapping
the audio features into the MIDI domain, (2) mapping the MIDI features into the audio
domain, and (3) mapping the audio and MIDI features into a common "middle-ground"
domain.
The first, the MIDI domain, is a commonly used one, because the MIDI files provide a
structured information about the musical score such as notes and their location. This is
commonly done using automatic music transcription.
Many of the early methods relied on the alignment in the audio domain.
The third domain, also known as cross-modal, makes for a very effective audio-to-MIDI
alignment, and the current state-of-the-art methods use this method.
In this chapter we will be discussing works that utilise each of these domains, as well as
their advantages and drawbacks, along with the results. Throughout, the reader should
pay attention to the overarching theme of "feature extraction followed by sequence
alignment".

3.1 Audio Domain

In this section we will outline some audio-to-MIDI alignment works that utilise the
feature extraction in the audio domain.
Arguably the first audio-to-MIDI alignment method was proposed by Turetsky and Ellis
(2003), which featured alignment of audio and MIDI spectrograms. They have obtained
a number of unaligned MIDI files audio pairs with the task of obtaining the alignment
between the pairs. The outline of their methodology is shown in Figure 3.1.
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Since large collections of aligned pairs of audio and MIDI files did not exist at the time,
their method of feature extraction had to be entirely computational. The features that
they utilise are the spectrograms corresponding to the audio and MIDI files.
First, they converted the MIDI files into audio tracks by synthesizing them. Then
they were left with the task of aligning two audio files (synthesized MIDI, and a real
recording). For this purpose, they downsampled the audio tracks to 22050Hz, after
which computed short-time discrete Fourier transforms of each, with frame lengths
equal to 2048 samples (93ms), hop length 1024 samples (46ms), and a Hanning window
function. After this, they removed all frequency bins above 2.8kHz on the basis that
those frequencies are mainly overtones and don’t relate greatly to the fundamental
frequency.
In addition, they have added a small amount of white noise to the spectrograms in order
to avoid infinite-vector similarity between zero-vectors of the spectrograms. Also, they
have tried a number of processing techniques for the spectrogram, such as transforming
spectrogram values (logarithmic and power transforms), appending the spectrograms
with their first order differences as new features, and noise suppression.
Then, the cross-similarity matrix 𝐷 ∈ R𝑁×𝑃 was computed between the two spectro-
grams 𝐴, 𝑀, where 𝐴 ∈ R𝐵×𝑁 is the spectrogram of the audio and 𝑀 ∈ R𝐵×𝑃 is the
spectrogram of the synthesized MIDI, 𝐵 the number of frequencies and𝑁, 𝑃 the number
of frames (vectors) in the matrices. The similarity matrix they used was introduced by
Foote (1999), and is defined as follows:

𝐷𝑖 𝑗 =
𝐴𝑇𝑖 ·𝑀 𝑗

|𝐴𝑖 | |𝑀 𝑗 | , 𝑖 ∈ {0, . . . , 𝑁 − 1}, 𝑗 ∈ {0, . . . , 𝑃 − 1}

where 𝐴𝑖 is the 𝑖th vector in the audio spectrogram and 𝑀 𝑗 is the 𝑗th vector in the MIDI
spectrogram.
The similarity score 𝐷𝑖 𝑗 is between −1 and 1, such that a score of −1 represents very
high dissimilarity, and 1 corresponds to a perfect similarity.
Next was the task of finding the optimal alignment path in the similarity matrix. This
constitutes starting at the point (0, 0) in the similarity matrix and computing the optimal
(lowest-cost) path to the opposite corner (𝑁 −1, 𝑃−1) of the matrix. For this, they chose
Dynamic Time Warping (DTW), which is a Dynamic Programming (DP) algorithm.
Dynamic Programming means that the path is computed dynamically, a step at a time,
and not in a one-shot manner.
For the point (𝑖, 𝑗) in the similarity matrix, the lowest-cost path is computed to all of the
point’s neighbours, plus the additional cost to get from the neighbour to the point. The
cost is then given by:

𝐶𝑖 𝑗 = max(𝐷) − 𝐷𝑖 𝑗

which is inversely related to the similarity score, and makes the cost of most-similar
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frames to be zero, while all other frames then have a positive cost.
In a case of a perfect alignment between the audio and the MIDI, this path is diagonal.
In the realistic case, this path consists of various diagonal segments of various angles,
and sometimes horizontal and vertical jumps.
They have tested two definitions of the neighbouring points for the algorithm. The
neighbours of the point (𝑖, 𝑗) are defined as the set of points {(𝑖 + 1, 𝑗 + 1), (𝑖 + 2, 𝑗 +
1), (𝑖 + 1, 𝑗 + 2)}, and if they also include the points {(𝑖 + 1, 𝑗), (𝑖, 𝑗 + 1)} they called it an
unconstrained algorithm, and if it excludes those points it is called a greedy algorithm.
The morale for this is that a greedy algorithm always wants to move forward (in a
diagonal), while an unconstrained one is capable of making vertical and horizontal
steps, making it more cautious.
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Figure 3.1: Outline of an early audio-to-MIDI alignment method (Turetsky and Ellis, 2003),
where the alignment takes place in the audio domain. A MIDI file is converted into
an audio file by synthesis, after which its spectrogram is aligned with the spectrogram
of the audio track using the Dynamic Time Warping algorithm. Darker regions in
the similarity matrix correspond to high similarity. The optimal alignment path is
annotated in yellow.
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From this, one can see that the most extreme case with which the greedy algorithm is
able to deal with is when the audio and MIDI file tempos differ by a factor of 2, and if
the tempo of the MIDI file is say 2.5 quicker than the audio track, it would not be able to
find the correct neighbours because it would require vertical jumps. On the other hand,
an unconstrained algorithm may be too cautious.
In order to get the best of both unconstrained and the greedy DTW algorithms, they
employed a two-stage alignment procedure: first an unconstrained DTW is applied
to find regions that align well, after which a 1.4s median filter is applied to find the
segments where the steps are non-diagonal and a greedy algorithm is then used to
realign those sections.
The authors applied their methodology onto 40 popular music songs and their publicly
available MIDI file transcriptions. They have chosen 7 different spectrogram process-
ing/augmentation methods, and 2 different alignments for each (first-stage only, and
two-stages), giving possible 14 alignments for each song.
For the evaluation of each song, the authors have computed the 14 alignments and
played back each of the aligned MIDIs and their corresponding audio tracks in stereo
and evaluated the alignment on a subjective scale of 1 to 5, where 1 is "Could not align
anything" and 5 is a perfect alignment. The score for the song is then chosen as the
highest of all alignments for that song.
They have applied their methodology onto 40 popular music songs and obtained 27
(67.5%) perfect alignments, 4 (10%) good alignments, 3 (7.5%) average alignments, 2
(5%) poor alignments and 4 (10%) complete misalignments. As they concluded, 31
(78%) songs had alignments good enough to be used for audio transcription purposes.
At evaluation, the authors have found that many of the alignments did not work be-
cause due to the nature some MIDI files do not give a correct representation of their
corresponding song. Some of the issues included missing (or skipped) large sections
of the songs, incorrectly transcribed notes, or the wrong key signature (note pitches are
offset by a constant).

3.2 MIDI Domain

In contrast to the previous section, where the alignment took place between the spec-
trograms of the audio file and synthesized MIDI file, the alignment here takes place
between the MIDI features.
By 2012, large-scale datasets of aligned audio-MIDI pairs began to exist, the most
prominent being the MAPS dataset (Emiya et al., 2010). It contains 270 full-length
recordings made through 9 different recording condition, which makes it relatively
diverse. This allows for a piano transcription model to be trained.
We will discuss the audio-to-score alignment using RNN-based automatic music tran-
scription of Kwon et al. (2017), which is itself based on the AMT model of Böck and
Schedl (2012). The outline of the methodology is shown in Figure 3.2.
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MIDI File

MIDI Features

MIDI features
Predicted MIDI features

RNN model

Dynamic Time
Warping Alignment

Audio File

Spectrograms (1st-order difference)

Spectrograms (2048 & 8192 samples)

Figure 3.2: Outline of an audio-to-MIDI alignment method from Kwon et al. (2017), where the
alignment takes place in the MIDI domain. A (trained) neural network is used to
predict the MIDI features given the audio spectrogram. After which, the predicted
features are aligned with the MIDI features using Dynamic Time Warping. Two
spectrograms have been concatenated, one using frame length 2048 samples, and one
using 8192 samples. Two additional MIDI features are added: chroma onsets (MIDI
features, middle, tiny) and decayed chroma onsets (MIDI features, top, blurry). For
training, MIDI features are used as targets.

Unlike in the Turetsky and Ellis (2003) methodology, where for each song we only had
an audio recording and an unaligned MIDI file, in this case we have a MIDI file with its
corresponding audio recording, where the audio recording perfectly matches the MIDI
file. From the aligned MIDI file, one can of course also synthetically misalign the MIDI
file and forget that it exists.
Broadly, the methodology is, as ever, in two stages: feature extraction and sequence
alignment. The feature extraction here is happening in the audio domain, and very
minimal processing is done to the MIDI file.
The authors follow the data processing steps of Böck and Schedl (2012). For the audio
file, two different short-time DFT (equivalently, STFT) spectrograms are computed. One
with a frame length of 2048 samples (46.4 ms at 44100Hz), the other with a frame length
of 8192 samples (185.8 ms), a hop length of 441 samples (10 ms) and a Hamming window
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function. Phase information is omitted from the spectrograms by taking the absolute
values to obtain the magnitude spectrogram.
The morale for taking two spectrograms is that the longer the frame length, the higher
the frequency resolution, and the shorter the window the higher (more precise) the
temporal resolution, so putting together two spectrograms combines the best of both
worlds.
Then, each spectrograms receives a log-like compression as follows:

𝑆
∧
𝑖 𝑗 = log10

[
1000 × 𝑆𝑖 𝑗 + 1

]
, 𝑖 ∈ {0, . . . , 𝐵}, 𝑗 ∈ {0, . . . , 𝑁 − 1}

where 𝑆 ∈ R𝐵×𝑁 is the original spectrogram and 𝑆
∧

is the log-compressed spectrogram, 𝐵
the number of features (frequencies) in the spectrogram and𝑁 is the temporal dimension
(number of time steps). This maps the magnitudes into a suitable non-negative range,
which Böck and Schedl (2012) found to be yielding the best preliminary results.
Each spectrogram is filtered using an overlapping triangular semitone filterbank filter.
The filterbank is shown in Figure 3.3. Since the DFT frequencies are linearly spaced, the
purpose of this is to map them to their neighbouring piano notes. This step also reduces
the number of dimensions of the spectrogram, from 1025 and 4097 (includes the 0Hz
frequency) frequencies, to 81 and 102 frequency bins corresponding to the 2048 and
8192 sampled spectrograms. Hence the total number of dimensions after concatenation
is 183, down from 5122.

Filter
Coefficient

Note pitch
(log Hz)

0
(27.5Hz)

-1
(26.1Hz)

1
(29.1Hz)

2
(30.9Hz)

3
(32.7Hz)

4
(34.6Hz)

110
(15804Hz)

109
(14917Hz)

108
(14080Hz)

Figure 3.3: Triangular overlapping semitone bank filter. Each frequency band in the spectrogram
gets mapped to the nearest (by frequency) triangular filter and its magnitudes get
multiplied by the height of the triangle (filter coefficient) above it. Even though the
piano range is [0, 87], 23 additional bands up to note 110 are added to capture any
higher overtones. The area below each triangle is normalized to 1. Note the x-axis is
logarithmic in the frequency domain.
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Finally, the first-order differences of the spectrograms are calculated as follows:

Δ𝑆
∧
𝑖 , 𝑗 = 𝑆

∧
𝑖 , 𝑗 − 𝑆

∧
𝑖, 𝑗−𝑘

where 𝑘 = 1 for the 2048-sampled spectrogram and 𝑘 = 4 for the 8192-sampled spec-
trogram. The purpose of this is to obtain information about the onsets (when the notes
are pressed) in the audio. The spectrograms are then concatenated along the frequency
axis to give the audio features spectrogram 𝐴 ∈ R366×𝑁 .
For the MIDI file processing, the piano-roll is calculated at the same resolution of 100
frames per second as the spectrograms. In addition, the 12-note chroma onsets are
added.
The onsets of a piano roll matrix is itself a sparse binary piano roll matrix 𝑅onset taking
values 1 if a new note is played, and 0 otherwise:

𝑅onset
𝑖 , 𝑗 =

{
1, if 𝑅𝑖 , 𝑗 > 𝑅𝑖 , 𝑗−1

0, otherwise

The 12-note chroma labels are the musical equivalent of a modulo arithmetic, and it
compresses the entire note spectrum onto just 12 distinct values. The 12-tone chroma is
defined as a direct transformation of the note axis indices (𝑖) of a piano roll:

𝑖chroma = (𝑖 − 3) mod 12

Following the methodology of Ewert et al. (2009), the authors also add decayed chroma
onsets. This is done by copying every onset 10 times, multiplying by decaying weights:
(1,√0.9,

√
0.8, . . . ,

√
0.1), thus transforming every onset into a decaying row vector of

length 10.
Similar to the spectrograms, the 3 MIDI features piano roll, 12-note chroma onsets, and
12-note decaying chroma onsets are concatenated along the feature axis. The overall
dimension of the MIDI features is 88 + 12 + 12 = 112. The MIDI features matrix is then
padded with zeros such that it matches with the audio features spectrogram, and is
denoted by 𝑀 ∈ R112×𝑁 .
The processed audio spectrograms and the MIDI features were then used to train two
different neural networks: the first would predict the notes in the piano roll and in
the 12-note chroma roll, while the second predicts just the 12-note chroma onsets. The
authors use a 173−43−54 split for the training, validation and the test sets respectively.
The model used by the authors was the Böck and Schedl (2012) model, which is a
recurrent neural network (RNN) with bidirectional Long Short-Term Memory (LSTM)
units.
The RNNs were first introduced by Hopfield (1982), with the idea that the neural
networks should be able to have some form of "memory" of the data that it observes
and to be able to put that data into some context. The memory units are made of
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recurrent connections in the hidden layers of the model. The regular RNNs were found
to suffer from vanishing and exploding weights. The LSTM architecture (Hochreiter
and Schmidhuber, 1997) solves this.
For evaluation, the authors synthetically misaligned the MIDI files by splitting the MIDI
file into 20 chunks and altering the tempo of each chunk by ±30%. This is a standard
way of testing the alignment quality and has also been previously used by Müller et al.
(2006), Ewert et al. (2009) and Joder et al. (2011).
After this, the misaligned MIDI files are processed in the same way as the training
features, and the audio features are used to compute the predicted MIDI features.
Finally, the predicted MIDI features and the misaligned MIDI features are aligned using
the Dynamic Time Warping algorithm.
For efficiency, the FastDTW (Salvador and Chan, 2004) variant of the DTW is used.
The computational complexity of the FastDTW is at most 𝒪(𝑟𝑁max), where 𝑁max =
max(𝑁, 𝑃), and 𝑟 is the radius parameter; while the complexity of the regular DTW is
𝒪(𝑁𝑃). When 𝑟 = 𝑁 , the FastDTW is equivalent to the regular DTW. Kwon et al. (2017)
use 𝑟 = 10, which is a commonly used value for the audio-to-MIDI alignment purposes.
The authors use the onset errors as an accuracy metric, which is the absolute difference
between the aligned onset and the true onset. They obtain an average mean error of
8.62 (median 5.57, s.d. 31.14), with 91.60% and 99.61% of the onsets within 10ms and
100ms thresholds respectively.
Unfortunately, the authors do not provide the precise details of the neural network
models, which makes the work difficult to reproduce.

3.3 Cross-Modal Domain

Cross modal deep neural networks have proven to be very effective in the image feature
extraction tasks such as facial identification (Sarfraz and Stiefelhagen, 2016), person
identification (Zhu et al., 2019) and audio-visual speech classification (Cangea et al.,
2017). Cross-modal neural networks operate on the principle of learning a joint embed-
ding space between two disjoint modalities. In our case, the two modalities are MIDI
and audio.
One particularly popular way of creating a joint embedding space are the Siamese Neural
Networks, which were first proposed by Bromley et al. (1993). The name "Siamese" refers
to a model consisting of a number of independent neural networks working in parallel
– each having its own input – that are then joined at some point to produce outputs in a
shared space. In order to compare the outputs, these networks typically use a contrastive
loss function. The contrastive loss, first introduced by Hadsell et al. (2006), works on
the principle of minimizing the embedding distance between similar inputs, and vice
versa.
The work discussed in this section is an audio-to-MIDI alignment method using triplet
pair by Wang et al. (2019), which features an example of a Siamese network. It is the
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state-of-the-art model for audio-to-MIDI alignment at the time of the writing. Their
approach is itself based on an earlier work by Raffel and Ellis (2015). As before, we
present the outline of their method in Figure 3.4.

MIDI File

Audio File

Spectrograms (1st-order difference)

MIDI Features

Spectrograms (2048 & 8192 samples)

Embedding model

Embedding model
Embedded audio features

Embedded MIDI features Dynamic Time
Warping Alignment

Figure 3.4: Outline of a cross-modal audio-to-MIDI alignment method from Wang et al. (2019).
The audio and MIDI processing steps are the same as in Kwon et al. (2017) shown
in Figure 3.2. The difference is that here a single model learns both the audio and the
MIDI embeddings. The embedded features are then aligned using Dynamic Time
Warping, as before.

The triplet loss is an idea that is useful for learning the joint embedding space. For each
audio feature sequence (Anchor), 3 MIDI feature sequences are presented – a correct one
(Positive), an incorrect one (Negative), and a partially correct one (Overlapping) – with
the goal of finding the model that minimises the distance between the anchor, positive
and overlapping embeddings; and simultaneously maximises the distance between the
anchor and the negative embeddings. The overlapping sequence is a novelty of this
framework, and is intended to capture the onset information.
Conveniently, the authors follow the same steps as Kwon et al. (2017) and Böck and
Schedl (2012) for both audio and MIDI pre-processing, which we discussed in detail in
section 3.2, with the only difference being that they do not include the 12-note chroma
onsets.
Unlike Kwon et al. (2017), who used the properties of RNNs for sequential data to model
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the context of a spectrogram vector, the authors instead use context windows to model
the context of a frame. Instead of an input consisting of a single vector, the input consists
of a frame of length 𝐿 ∈ N (odd integer): for time index 𝑡 ∈ {0, . . . , 𝑁 − 1}, the context
frame is 𝑡𝐿 =

{
𝑡 − 𝐿−1

2 , . . . , 𝑡 + 𝐿−1
2
}
.

Let 𝑀 ∈ R100×𝑁 and 𝐴 ∈ R366×𝑁 be the processed MIDI and audio features matrices
respectively as defined in section 3.2. For index 𝑡, the anchor, positive, negative and
overlapping frames are defined as:

Anchor : 𝑥A
𝑡 = 𝐴𝑖,𝑡𝐿 ,

Positive : 𝑥P
𝑡 = 𝑀𝑖,𝑡𝐿 ,

Negative : 𝑥N
𝑘 = 𝑀𝑖,𝑘𝐿 , |𝑘 − 𝑡 | > 𝐿 − 1

2

Overlapping : 𝑥O
𝑙 = 𝑀𝑖,𝑙𝐿 , 0 < |𝑙 − 𝑡 | < 𝐿 − 1

2

where 𝐴𝑖 ,𝑡𝐿 denotes the matrix 𝐴𝑖 ,𝑡 ∀𝑡 ∈ 𝑡𝐿, etc. In addition, the MIDI frames (positive,
negative, overlapping) have to be distinct from each other, so the |𝑘 − 𝑡 | and |𝑙 − 𝑡 |
conditions may be broken, for example when the notes are held for a long time. In any
case, the overlapping frame should contain overlapping information with the positive
frame. An example of a triplet selection is shown in Figure 3.5. The final inputs are
𝑥A ∈ R𝐿×366×𝑁 , and 𝑥P , 𝑥N , 𝑥O ∈ R𝐿×100×𝑁 each.

MIDI Features

Audio Features

Context

Positive

Anchor

Overlapping Negative

t

Figure 3.5: Example of a selection of a single triplet for training for the Wang et al. (2019)
triplet loss. Anchor and Positive represent the current frame in the audio and MIDI
respectively, Overlapping overlaps with the Positive, while Negative does not. For
optimal performance, the frames need to be chosen smartly, such that it is not too
easy for the machine to learn the Positives and Negatives.

For the model, the authors opted for two parallel convolutional neural networks: one
takes the sequence of anchors as the input, the second takes in the sequences of positives,
negatives and overlapping. The authors chose 𝐿 = 3 for the context window length.
The models consist of 3 convolutional blocks, followed by 2 fully-connected dense layers.
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Each convolution block consists of two convolutional layers and a max-pooling layer.
All convolutional layers have a 3 × 3 kernel, 1 × 1 stride, and a ReLU activation, while
max-pooling layers have 1×2 kernel and 1×2 stride, hence reducing the dimensionality
of the frequency features but not the temporal dimension. The fully-connected blocks
consist of two dense layers with 2048 units each and a ReLU activation. Finally, both
models are connected to a single dense layer with 100 units and a hyperbolic tangent
activation function.
For training, the following loss function was used:

𝐿𝑜𝑠𝑠 = 𝐿𝑃 + 𝛼𝐿𝑂 where

𝐿𝑃 =
1
|𝐵|

∑
max

(
0, 𝑚 +




𝑦∧𝐴 − 𝑦∧𝑃





2
−



𝑦∧𝐴 − 𝑦∧𝑁





2

)
𝐿𝑂 =

1
|𝐵|

∑
max

(
0, 𝑚 +




𝑦∧𝐴 − 𝑦∧𝑂





2
−



𝑦∧𝐴 − 𝑦∧𝑁





2

)
where |𝐵| is the batch size, 𝑦

∧
are the learned embeddings of 𝑥, 𝛼, 𝑚 are hyperparameters

chosen to be 𝛼 = 0.8, 𝑚 = 1, and max() is an element-wise maximum function.
For evaluation, the authors used the same method as Kwon et al. (2017) by splitting
each MIDI tracks into 20 sections and randomly multiplying the tempos by a random
factor in the range [0.7, 1.3].
The authors used the same evaluation metrics as Kwon et al. (2017) and report a mean
onset error of 6.46ms (median 4.65ms, S.D. 11.11), with 87.26% and 99.92% of the onsets
correctly aligned within 10ms and 100ms thresholds, which is an improvement on the
results of Kwon et al. (2017).
While attempting to replicate their results, we have found our implementation of their
models to be rapidly overfitting onto the training data. This could be due to the choice of
the triplets. The authors do not provide enough information about their particular triplet
selection method, and while we followed their methodology we were not successful in
reproducing their results.
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4 Methodology

In this chapter the proposed methodology, including the dataset, all pre-processing,
training and evaluation steps is discussed.
Broadly speaking, the method consists of a special type of MIDI processing followed
by a deep convolutional regression model, and an alignment in the MIDI domain. The
intuition behind the proposed method is to make the alignment robust to errors in the
performance.
First, two motivating examples. Consider the case of a standard AMT model that
predicts which of the 88 notes are played at any time. Let 𝐴Score, 𝐴Played, 𝐴Predicted1,
𝐴Predicted2 be the vectors of the notes intended, notes played, and two competing pre-
dictions respectively. The following case provides an illustration into the drawbacks of
the typical classification AMT model:

𝐴Score =



1
0
0
...
0
0


, 𝐴Played =



0
1
0
...
0
0


, 𝐴Predicted1 =



0
0
1
...
0
0


, 𝐴Predicted2 =



0
0
0
...
0
1


In this case, the performer has made a mistake by playing a wrong note, but at the
model has also made a wrong prediction. By all standard metrics, the loss between the
two competing predictions is the same, for example:

87∑
𝑖=0

���𝐴Played
𝑖 − 𝐴Predicted1

𝑖

��� = 2 =
87∑
𝑖=0

���𝐴Played
𝑖 − 𝐴Predicted2

𝑖

���
However, note that the note written in the score represented by 𝐴Score is the 0th note,
the note played is the 1st note, and the two predictions are note 2 and note 87. It should
be easy to see that the first prediction is a lot closer to the note that was played than the
second.
In the context of melodies, consider the following example, using a condensed piano
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roll notation:

𝐴Score =


1 1 0 1 0 0
0 0 1 0 1 1
0 0 0 0 0 0
0 0 0 0 0 0

 𝐴
Played =


0 0 0 0 0 0
1 1 0 1 1 0
0 0 1 0 0 1
0 0 0 0 0 0

 𝐴
Predicted =


0 0 0 0 0 0
1 1 0 1 1 0
0 0 1 0 0 1
0 0 0 0 0 0


Here the model has made a correct prediction. The problem is that the recording is off
by one note, which can happen if the piano is tuned in a different key, or the pianist is
reading the notes wrong. It is also unaligned with the recording. When it comes to the
alignment of 𝐴Score and 𝐴Predicted, from (2.4) it can be deduced that the DTW will always
output a degenerate (identity) alignment because the distances between the pairs of
columns of 𝐴Predicted and 𝐴Score are all the same. If the indices are instead used, the
above can be written as 𝐴Score = (0, 0, 1, 0, 1, 1) and 𝐴Predicted = (1, 1, 2, 1, 1, 2), then the
alignment (in the context of a larger piece) has a higher likelihood of being found.
The proposed idea is to switch from the classification problem of the AMTs to a regres-
sion problem by extracting the information from the MIDI file in a specified way such
that it forms a number of 1−dimensional sequences where the values are continuous in
the interval [0, 87], which correspond to the pitches of the notes being played. This type
of transformation induces a similarity measure onto the features whereby two notes
close together on the piano keyboard remain close together in the feature space. Next,
train a deep convolutional neural network using audio features as inputs and proposed
MIDI features as targets.
At inference time, process the unaligned MIDI file in the same way as during training,
and compute the alignment between the unaligned features and the predicted features.
An outline of our proposed method is shown in Figure 4.1, and the outline for MIDI
processing Figure 4.2.

4.1 MIDI Processing

Let 𝑅 ∈ R88×𝑃 be the MIDI piano roll as before. For time 𝑡 ∈ {0, . . . , 𝑃 − 1}, we define
the aggregate feature vector as:

𝐹𝑡 =


𝑔1(𝐼𝑡)
...

𝑔𝑛(𝐼𝑡)

 , 𝐼𝑡 = {𝑖 | 𝑅𝑖,𝑡 > 0}

where 𝑛 is the desired MIDI feature size and 𝑔1 , . . . , 𝑔𝑛 are some aggregating functions.
𝐼𝑡 denotes the indices (equivalently, note pitches) of the notes that are being played at
time 𝑡.
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Predicted MIDI features
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Dynamic Time
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Figure 4.1: An outline of the proposed methodology. MIDI features are aggregated to form
several 1−dimensional sequences, in this example three sequences.

For this project, we choose 𝑛 = 3 and the following aggregating functions:

𝑔1(𝑥) = max(𝑥)

𝑔2(𝑥) = mean(𝑥) = 1
|𝑥 |

|𝑥 |∑
𝑘=1

𝑥𝑘

𝑔3(𝑥) = min(𝑥)
where |𝑥 | denotes the cardinality of a set 𝑥. Additionally, we see that the values of the
functions are not defined when 𝑥 = ∅, i.e. when no notes are pressed. In that case,
we extend the preceding notes to cover the empty space. This seems to be the most
reasonable way of dealing with empty notes – since excluding them from the data would
lead to a biased model that would be unable to deal with silent regions. A drawback
of this is that the model might mistakenly learn pick up silent sections as music and
predict wildly incorrect notes in them, which could inflate the loss during training and
hinder convergence. But at the time of the writing, no other method for dealing with
this has been proposed.
An example of the proposed MIDI features is shown in Figure 4.2.
Working with MIDI features in this form might have several potential benefits. The
classical feature extraction models, such as the ones we discussed in the previous chapter
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Figure 4.2: Example of the proposed MIDI feature aggregation. At each time point, the features
are selected using aggregating functions 𝑔: in our case these are 𝑔1 = max (highest
note index), 𝑔2 = mean (mean note index) and 𝑔3 = min (lowest note index).

– Kwon et al. (2017) and Wang et al. (2019) – as well as all existing AMT models, utilise
discrete feature bins. While their models may implicitly learn that some notes are
located close together in the note space (e.g. piano keyboard), the space is not explicitly
defined with regards to their feature vectors. In other words, the classical models treat
elements of the feature vectors as independent elements. A problem might then arise
if the audio recording contains a mistake, such as a wrong note, the model would not
be able to quantify the degree of "wrongness" of the note. By framing the classification
problem as a regression problem, we should be able to quantify such performance error
using the standard methods such as MSE and MAE.
On the other hand, it can be seen that this method of processing the MIDI file removes
all information about the onsets and it would not be able to deal with musical sections
where the same notes are being repeated. Our MIDI features for the repeated notes
are equal to those of the held notes. Hence we theorize that our method is best suited
to musical pieces where the top and bottom notes do not feature many consecutive
repeated notes.
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4.2 Audio Processing

With regards to audio pre-processing, we follow the methodology of Böck and Schedl
(2012), which was also used in the aforementioned works of Kwon et al. (2017) and Wang
et al. (2019) for their audio pre-processing. More precisely, we compute 2 short-time
DFT spectrograms – one with frame length of 2048 samples, another with frame length
8192 samples – with a Hamming window and a 441 (10ms) hop length. After this we
apply log-like compression to each value 𝑆 in the spectrograms:

LogCompression(𝑆) = log10 [𝑆 × 1000 + 1] ,
and then filter the frequencies using a triangular semitone filterbank, as shown in Figure
3.3.
Since we do not propose modelling the onset features, we do not compute the first-order
differences of the 2048 and 8192 sample spectrograms, yielding the overall audio feature
dimension of 183.
In addition, we experiment by using a short-time CQT spectrograms for our audio
features. We use 36 frequency bins per octave, which is equivalent to 3 bins for each
note, up to the note 112. This yields 336 frequency bins in total.
Finally, we also investigate the hybrid approach using both the CQT and DFT features.
As we discussed in section 2.1.5, the DFT has linearly spaced frequency bins, therefore
its coverage differs between the low and the high frequencies – the coverage is sparser
in the low frequencies and denser in the highs. Therefore we can expect the CQT to
outperform DFT on the sections of music where the low-frequency notes are playing.
For this purpose, we compute the CQT of the lowest 39 notes at a resolution of 3 bins per
note, and augment it with the DFT audio features. This yields 183+39×3 = 300 features
in total. We chose 39 as a cut-off because that note is the middle-C and is located exactly
half-way between the bass clef and the treble clef in the piano notation. We could have
included the entire CQT alongside the DFT, but that would lead to 519 features, which
is more computationally expensive to process and would defeat the purpose of a hybrid
approach.
Since the DFT is log-compressed, and the CQT is in the decibel units, it is a good idea to
put the two on the same scale. The decibels are a logarithmic scale, so we should scale
the CQT by a constant factor. We use the following scaling:

CQTscaled =
(CQT − min(CQT))

max(CQT) − min(CQT) × max(DFT)

which puts the magnitudes of the CQT onto the range [0,max(DFT)], which is equal to
the range of the DFT. Alternatively we could have mapped both the DFT and the CQT
to [0, 1], but mapping the DFT spectrogram onto a fixed range is not commonly done.
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4.3 Proposed Models

In this section, the audio spectrogram 𝐴 is transposed such that 𝐴 ∈ R𝑁×𝐹. This is because the
sample size is used as the first dimension during training. For all other purposes, 𝐴 ∈ R𝐹×𝑁 .
The proposed model needs to be able to take the audio features as an input and give the
predicted MIDI sequences and an output.
We propose a deep convolutional neural network that has similar architecture to the
model of Wang et al. (2019). Similar to them, we use context frames of time length 3,
such that each audio frame has dimension 3 × 𝐹, where 𝐹 are the number of features.
Starting with their model, we have increased the depth of the convolutional layers as
well as the fully-connected layers for as long as the validation metrics were improving.
The outline of the proposed models is shown in Figure 4.3. Our proposed model consists
of 6 convolutional blocks of increasing feature maps, followed by a fully-connected dense
network.
Each convolutional block consists of two convolutional layers, followed by a max-pooling
layers. The convolutional layers have kernel 3 × 𝑘, 1 × 1 stride, ReLU activation and
padding such that the input and output shapes are preserved. For model 1, 𝑘 is fixed at
𝑘 = 3, which is the same kernel as used by Wang et al. (2019). For the other two models
we experiment by using kernels with a larger feature dimension. This way we should
be able to capture more complex features such as chords and overtones.
The fully-connected dense network consists of two dense layers with 1024 and 512
neurons respectively, followed by a fully-connected block. The block consists of a dense
layer of 128 neurons followed by 5 layers of 88 neurons each.
To improve the stability of the model as well as to make the convergence faster during
training, we add batch normalization layer between every layer, with the exception that
the max-pooling layer precedes batch normalization. Whereas Wang et al. (2019) place
batch normalization before max-pooling layers, Ioffe and Szegedy (2015) recommend
performing max-pooling prior to batch normalization.
We have also experimented with using drop-out layers instead of batch normalization in
the fully-connected network, but preliminary results showed that batch normalization
performs slightly better for prediction.
We choose to model each of the 3 proposed features 𝑔1(𝑥), 𝑔2(𝑥), 𝑔3(𝑥) independently.
The model weights are computed for each of these features. So for each audio frame, the
output of each model is a single number 𝑦

∧ ∈ R. Alternatively, we could have allowed
each model to have 3 outputs, which would have reduced the training time by a factor of
3. However since the number of outputs is very small, the computational cost allows us
to compute the models separately. It also allows for simpler diagnostics of the models’
performance on each feature.
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Figure 4.3: An outline of the 3 proposed deep convolutional models. The inputs have shape 3×𝐹,
where 𝐹 is the number of features. Model 1 is based on the CNN of Wang et al.
(2019), but with an increased depth of the network. Models 2 and 3 are based on
Model 1, but with much taller kernels. Convolutional layers have 𝑛 feature maps,
3 × 𝑘 kernels and 1 × 1 strides. Max pooling layers have 1 × 2 kernels and strides.
Every layer has a ReLU activation function apart from the final dense layers of the
models and the FC blocks. Every layer is followed by a Batch Normalization layer.

4.4 Dataset

In order to train our model for the MIDI feature prediction task, a relevant dataset has
to contain a large number of audio files with their corresponding perfectly matching
MIDI files. We have several choices here.
First, there is the MAPS dataset (Emiya et al., 2010), which was used by both Kwon
et al. (2017) and Wang et al. (2019). It contains 270 classical piano recordings across
9 recording conditions, 7 of which are the various synthetic pianos and 2 recording
conditions feature a real Disklavier piano. As an aside, the Yamaha Disklavier is a type
of reproducing piano, similar to the old reproducing pianos mentioned in section 2.0.2.
One of the newer datasets is the MAESTRO (Hawthorne et al., 2019), which features
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1276 full-length aligned pairs of audio and MIDI files. This is a much larger dataset
than MAPS, and it has been used by Simonetta et al. (2021).
In order to make the comparison between the proposed method and the aforementioned
methods simpler, we choose to work with the MAPS dataset.
In order to speed up the training, we pre-process all pairs of audio and MIDI files into
two large NumPy (Harris et al., 2020) arrays one contains all audio features, the other
all MIDI features. When processing each pair of audio and MIDI files, the processed
features are ensured to start and end at matching times, and he array are then cut to
have matching length.
To process the MIDI files, we use the pretty_midi Python library, created by Raffel and
Ellis (2014). In particular, we make use of its methods for MIDI to piano roll conversion
and tempo distortion.
For computing the audio spectrograms using CQTs and the DFTs, we use the librosa
Python library (McFee et al., 2022). It allows for an efficient spectrogram computation
given the chosen parameters: sample rate, frame length, hop length, window type, etc.

4.5 Training

The total sample size of the training set comes out to 4,084,684 vectors.
The network is trained on the Imperial College’s nvidia4 GPU cluster, using an Nvidia
RTX 2080Ti graphics card. In order to obtain the utilise the most of the GPU’s 11GB
of memory, a batch size of 2048 was used, which is the largest batch size the GPU is
capable of processing under our models.
This batch size yields 1994 training steps per epoch. Following Wang et al. (2019), we
also use 50,000 training steps, which is approximately 6 epochs.
Similar to Wang et al. (2019), the Adam optimizer (Kingma and Ba, 2014) with a decaying
learning rate was used. Since the learning rate is a hyper-parameter that depends on
the model and the data, after performing preliminary training we chose the learning
rate for each epoch to be

{
5×10−3 , 1×10−3 , 1×10−4 , 1×10−5 , 5×10−6 , 1×10−6}.

The training was done using the Python implementation of TensorFlow (Abadi et al.,
2015), version 2.7.0.

4.6 Alignment

For the alignment task, the FastDTW implementation of the Dynamic Time Warping
(DTW) algorithm is used. This way, the alignment algorithm is exactly the same as
the methods of (Kwon et al., 2017) and Wang et al. (2019), and therefore the feature
extraction models can be compared effectively.

Given a processed audio spectrogram 𝐴 ∈ R𝐹×𝑁 , the predicted MIDI features 𝑀
∧

∈ R3×𝑁



4 Methodology 40

are computed by performing a forward pass through the model with the processed audio
spectrogram serving as the input.
Next, given an unrelated MIDI file of the same piece of music, the aggregated MIDI
features 𝑀̃ ∈ R3×𝐵 are computed using the same aggregating functions 𝑔1 , 𝑔2 , 𝑔3 as
during training.

Finally, the alignment is computed between 𝑀
∧

and 𝑀̃ using FastDTW. Following the
common methodology, the radius parameter 𝑟 is set to 10.

4.7 Evaluation

The evaluation follows the methodology of Kwon et al. (2017) and Wang et al. (2019). It
is outlined in detail in this section.
In order to evaluate the alignment accuracy, an additional MIDI file is required that
is not aligned with the audio. This is done synthetically by taking an aligned MIDI
file, splitting it into 20 segments of equal time, and multiplying the tempo of each
segment by some random number 𝑢𝑖 ∈ 𝒰[0.7, 1.3] ∀𝑖 ∈ {0, . . . , 19}. This way the MIDI
file is misaligned from the audio, but is still in a reasonable distortion range that it
is recognizable. The alignment between the distorted MIDI and the predicted MIDI
features is then calculated using section 4.6.

To refresh the memory of section 2.3, the alignment between two matrices 𝑀
∧

and 𝑀̃
is given by 𝑝,𝑞 such that 𝑀

∧
[𝑝[𝑖]] is aligned with 𝑀̃[𝑞[𝑖]]. Since the columns of both

matrices have resolution of 10 ms, both 𝑝 and 𝑞 have resolution of 10 ms, and 𝑝 contains
the times corresponding to the audio features while 𝑞 contains the times of the MIDI
features. Therefore, the MIDI file can be re-aligned to the audio by mapping its times
𝑞 to new times 𝑝, and linearly interpolating all the points in between. The pretty_midi
library provides the functionality for this.
Next, there are two distinct evaluations that are performed: the feature extraction
evaluation and the alignment evaluation. The first assesses the prediction performance
of the models, while the second evaluates how far the aligned notes are from the correct
ones.
For feature extraction, the metrics used are the mean-squared error (MSE), the mean
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absolute error (MAE) and the accuracy. They are defined as:

MSE(𝑦∧, 𝑦) = 1
𝑁

𝑁∑
𝑖=1

(
𝑦
∧
𝑖 − 𝑦𝑖

)2

MAE(𝑦∧, 𝑦) = 1
𝑁

𝑁∑
𝑖=1

��𝑦∧𝑖 − 𝑦𝑖 ��
Accuracy(𝑦∧, 𝑦) = 1

𝑁

𝑁∑
𝑖=1

I
[ ��𝑦∧𝑖 − 𝑦𝑖 �� < 1

]
where 𝑦

∧
are the predicted MIDI features, 𝑦 are the true aggregated MIDI features and

I is an indicator function. The first two are metrics are classical, while the accuracy is
defined such that it measures the proportion of the predictions that are within 1 note
pitch of the true values.
For alignment, the metrics used are the mean, median and standard deviations of the
absolute onset errors. The absolute onset error is defined as:

𝐴𝑂𝐸(𝑝∧𝑖 , 𝑝𝑖) =
��𝑝∧𝑖 − 𝑝𝑖 ��

where 𝑝𝑖 is the true onset time and 𝑝
∧
𝑖 is the onset time of the same note in the aligned

MIDI file. The evaluation is repeated on all pairs of audio and MIDI files, and the
statistics are computed on the entire collection of onset errors.
Additionally, the morale of the proposed method is to make the alignment robust to
errors in the performance. This is evaluated using simulated errors. Since the MIDI
files are easier to adjust than audio files, the errors were simulated by adding Gaussian
noise to the misaligned MIDI targets 𝑀̃ ∈ R3×𝐵 at each time 𝑡 in the following way:

𝑀̃Noise
𝑖𝑡 = 𝑀̃𝑖𝑡 + 𝑍𝑖𝑡 ∀𝑖 ∈ {0, 1, 2}, 𝑡 ∈ {0, . . . , 𝐵 − 1} (4.1)

where 𝑍𝑖𝑡 ∼ 𝑁
(
0, 𝜎2) . (4.2)

The alignment evaluation is repeated for increasing values of 𝜎 until the alignment is
deteriorated significantly.
This type of error simulation is simple but may not be realistic, since it implies that
the errors happen at very high frequency, are uncorrelated, and have mean 0. Other
simulation methods are possible, such as simulating correlated noise (Delisle et al.,
2020).
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5 Results

In this chapter, the proposed models are compared according to their feature extraction
performance, after which the best model is selected and its alignment performance is
evaluated. The results are split by aggregated MIDI feature and by audio spectrogram
type. The feature extraction performance is measured in the deviation of the predicted
note from the correct note.
For the best model, the alignment performance is evaluated.
Finally, in order to gain more insight into when the proposed method performs well
and poorly, the alignment is closely examined across different sections of music: the
music that is very well aligned, the music that is poorly aligned, and the music that is
completely misaligned.

5.1 Feature Extraction Performance

Three different models, defined in section 4.3, were compared for their quality of pre-
dictions of the MIDI features. In addition, three different audio processing methods
were compared: the DFT, CQT and a hybrid between the DFT and CQT.
The complete validation results for feature extraction are shown in Table 5.1.
From the metrics of the combined features, it can be seen that the CQT pre-processing
gives the best results by all three metrics compared to DFT and hybrid. Additionally,
Model 1 yields the best performance for the combined features by all three metrics.
When looking at the features in isolation, the best metric for the highest note feature
(max), the hybrid audio features yield the best performance under Model 1 (MSE:
Hybrid 57.9, CQT 62.9, DFT 60.1). In fact the CQT gives the worst prediction results
for the highest notes of the three processing approaches. This might be because some
synthesized audio recordings in the dataset have very prominent overtones in the high
frequencies.
For the lowest and mean notes, the CQT outperforms DFT and the hybrid approach.
Overall, the best obtained MAE for the combined features (under Model 1 and CQT
spectrograms) is 3.39, which suggests that on average the predictions are within 3.39
notes away from the true notes. For the individual features, the MAE are 2.33, 3.39, 4.45
– corresponding to the lowest, mean and highest notes respectively.
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Feature 𝑔 Metric Model 1 Model 2 Model 3

DFT

Max
MSE 60.1 62.0 63.3
MAE 4.26 4.51 4.4

Accuracy 34.5% 28.4% 28.4%

Mean
MSE 28.0 28.0 29.2
MAE 3.46 3.55 3.63

Accuracy 25.4% 23.7% 23.3%

Min
MSE 40.1 41.4 43.1
MAE 3.24 3.53 3.55

Accuracy 45.1% 37.7% 41.1%

Combined
MSE 42.7 43.8 45.2
MAE 3.66 3.86 3.93

Accuracy 35.0% 29.9% 30.9%

CQT

Max
MSE 62.9 61.2 64.3
MAE 4.45 4.66 4.74

Accuracy 38.0% 28.7% 30.3%

Mean
MSE 26.8 27.8 29.8
MAE 3.39 3.48 3.74

Accuracy 26.6% 25.0% 23.9%

Min
MSE 29.8 36.0 36.4
MAE 2.33 2.79 2.88

Accuracy 64.6% 54.7% 53.5%

Combined
MSE 39.8 41.7 42.5
MAE 3.39 3.64 3.75

Accuracy 43.1% 36.1% 35.9%

Hybrid

Max
MSE 57.9 60.9 66.9
MAE 4.22 4.68 4.96

Accuracy 36.0% 25.1% 23.4%

Mean
MSE 28.4 28.4 29.9
MAE 3.49 3.58 3.71

Accuracy 25.5% 23.2% 23.1%

Min
MSE 34.3 38.7 41.0
MAE 2.72 3.20 3.23

Accuracy 58.7% 46.7% 44.8%

Combined
MSE 40.2 42.67 45.0
MAE 3.48 3.82 4.14

Accuracy 40.0% 31.7% 30.1%

Table 5.1: Feature extraction performance of the three models broken down by audio pre-
processing method (DFT, CQT, hybrid), feature (max, mean, min, combined) and
validation metric (MSE, MAE, accuracy). Model 1 with CQT pre-processing is the
best model by the combined metrics. The MSE was used as the loss for training the
models. Best combined metrics are underlined.
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5.2 Alignment Performance

The test set alignment results are shown in Table 5.2. The last column shows that the total
proportion of notes aligned such that the onsets are within 1 second of the correct onset
is 94.81%, indicating that overall the methodology is capable of producing alignments.
The median absolute onset error is 51.05, while the mean 263.4. The standard deviation
is quite large, at 830.2. The empirical distribution of the absolute onset errors is shown
on Figure 5.1 using the empirical probability mass functions.

Model Mean Median S.D. ≤ 10 ms ≤ 30 ms ≤ 50 ms ≤ 100 ms ≤ 1 s
Model 1 w/ CQT 263.4 51.05 830.2 19.13 39.31 49.59 63.35 94.81
Kwon et al. (2017) 8.62 5.57 31.14 91.60 98.00 98.97 99.61
Wang et al. (2019) 6.46 4.65 11.11 86.41 98.71 99.52 99.92

Table 5.2: Alignment performance of the proposed model (Model 1) with the CQT audio features,
compared to two state-of-the-art models. The results are the note onsets errors, in
milliseconds. Right five columns show the percentage of absolute errors within the
corresponding thresholds.
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Figure 5.1: Empirical probability mass (left) and cumulative mass (right) functions of the abso-
lute onset errors (AOE) of the alignment under the proposed model (Model 1).

The fact that the standard deviation is very large along with the fact that the median is a
lot smaller than the mean suggests that there are heavy outliers among the aligned notes.
This is not surprising, since the proposed method has drawbacks that can potentially
hinder its performance in some circumstances.
Furthermore, the alignment performance differs greatly by instrument. The results split
by instrument are shown in Table 5.3. For the Disklavier recordings, the mean AOE are
362.2 and 423.0 with the microphone up close and far away respectively. The Steinway
D software recordings under ambient conditions (SptkBGAm) also show signs of poor
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alignment, with mean AOE 392.2, along with the Bechstein D280 in the "concert hall
position" (AkPnBht, mean AOE 362.2).

SptkBGCl AkPnBsdf ENSTDkCl AkPnCGdG StbgTGd2
135.7 148.2 362.2 147.1 158.4
SptkBGAm AkPnStgb ENSTDkAm AkPnBcht

392.2 152.3 423.0 305.3

Table 5.3: Mean AOE (in ms) by instrument name. Prefix "ENSTDk" refers to the real
piano Disklavier recordings. Suffixes "Cl" and "Am" refer to microphone up
close and in an ambient position. All other instruments are software pianos.

With respect to the robustness to errors under increasing variance of the noise from
(4.2), the results are shown in Table 5.4. The mean AOE (absolute onset error) remains
relatively constant all the way up to 𝜎 = 30, although deterioration in alignment is
visible around 𝜎 = 20 among the proportion of onsets within 100 ms which falls below
50% at 𝜎 = 30. The median AOE rises steadily with increased 𝜎, which indicates a
decrease in fine alignment precision, and is not surprising. The proportion of the AOE
within the 1 second threshold remains relatively constant at 94% until around 𝜎 = 30,
which suggests that the general alignment is still achieved even at very high noise in
the targets.

𝜎 Mean Median S.D. ≤10 ms ≤30 ms ≤50 ms ≤100 ms ≤1 s
None 263.4 51.05 830.2 19.13 39.31 49.59 63.35 94.81

0.1 267.1 51.75 835.9 19.68 39.63 49.35 62.54 94.61
0.5 291.6 60.11 886.2 18.61 37.43 46.75 60.02 94.34
1 278.3 63.86 787.4 18.06 36.42 45.59 58.91 94.44
2 310.6 65.28 995.5 16.88 35.00 44.69 58.93 93.97
5 283.1 68.13 818.2 15.11 32.95 43.31 58.86 94.12
10 270.5 74.10 743.8 13.04 30.30 41.00 57.35 94.34
20 281.8 94.48 717.7 9.70 24.37 34.80 51.39 94.55
30 287.1 118.2 629.5 7.56 20.29 29.83 45.69 94.70
50 411.8 186.3 688.8 5.16 14.09 21.22 34.40 89.77

Table 5.4: Performance of the proposed model under simulated mistakes, or deviations from
the score. For simulation, MIDI targets were perturbed by white noise: 𝑔̃(𝑥) =
𝑔(𝑥) + 𝑒 where 𝑔 is an aggregating function and 𝑒 ∼ 𝑁(0, 𝜎2). After that, alignment
performance is evaluated as before. The general alignment is preserved all the way up
to 𝜎 = 30, but finer detail is lost at each 𝜎 increase.
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5.3 The Good

Some songs obtain a precise alignment under the proposed methodology. An example
of one is shown on Figure 5.2.
For that song, the predicted features follow the true MIDI features quite closely. It is
also notable that the CQT spectrogram of the audio features looks relatively clean, and
the notes can be spotted by the eye. This likely makes the job easier for the model. Even
though some predicted features stick out a bit, the general extraction performance is
good enough to achieve a very good alignment.
The mean and the median AOE for the alignment of this song is 34 ms and 15 ms
respectively, which is a lot lower than the average AOE in the test set.

Audio CQT spectrogram

Feature Extraction

Alignment

no
te

time

Aligned MIDI features
True MIDI features

Predicted MIDI features
True MIDI features

Figure 5.2: The song with the best resulting alignment, i.e. lowest mean absolute onset error.
The mean alignment error here is 34 ms. Even though there is visible noise in the
predicted features, the alignment is good.
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5.4 The Bad

An issue with the dataset, which became apparent only during the evaluation stage, is
that some tracks contain certain notes that are sustained in the audio, but not sustained in
the MIDI. Figure 5.3 shows an example of this. The problematic regions are highlighted
in dashed red circles. This is either caused by the overlapping signals for the sustain
pedal, or the lowest note is held past the pedal press. We were not able to reproduce
this feature of the recording of this MIDI file using software instruments to playback
the MIDI file.
This suggests a limitation of the proposed low-dimensional approach. Since there are
only three predicted features, having just one of the predicted features being so far away
from the true feature can increase the loss by a wide margin, as shown here. Under the
classification task of a standard AMT model, the loss would not increase greatly if the
model gets a single note wrong.

Audio CQT spectrogram

MIDI File

Feature Extraction no
te

time
Predicted MIDI features
True MIDI features

Figure 5.3: Section with particularly high error in the lowest notes. The notes encircled in red
were sustained by the pedal and do not match with the corresponding notes in the
MIDI file. The model is predicting the features correctly.
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5.5 The Ugly

To gain insight into the worst scenario for the proposed method, the song with the worst
alignment is shown in Figure 5.4. The MIDI file shows The aggregated MIDI features
for this piece look quite unstable, especially in the middle section. This is caused by
short low notes. The note is struck and released quickly (known as "staccato"), causing
the lowest note feature to oscillate up and down.
This suggests an unfavourable scenario under which the proposed methodology is not
effective – when the sustained notes are mixed with the staccato notes, causing instability
in the aggregated features. A way to overcome this might be by limiting large leaps in
short amounts of time in the aggregated MIDI features, or extending the short notes to
cover the gaps between them. The issue with extending the notes is that sometimes the
notes need to be short and extending them might cause problems with alignment.

Audio CQT spectrogram

Feature Extraction

Alignment

no
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time

Aligned MIDI features
True MIDI features

Predicted MIDI features
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MIDI File

Figure 5.4: The song with the worst overall alignment – Schumann’s Op. 15, No. 6. The
alignment is visibly quite poor. The mean absolute onset error here is 4.492 seconds,
which represents complete misalignment. The middle sections have some messy
features that are off by a wide margin. Problematic regions are encircled.
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6 Conclusion

In this chapter the conclusion of the research conducted is concisely recapitulated,
together with the challenges that were faced during the research.
The proposed audio-to-MIDI alignment framework features a regression-type super-
vised feature extraction model using aggregating functions to process the MIDI file
from a sparse matrix form into 1−dimensional sequences. This type of feature aggrega-
tion is different from the existing methodology whereby it induces a similarity quality
onto the target feature space whereby two notes close together on the keyboard remain
close together in the feature space. This makes the alignment robust to errors in the
performance.
The difficulties faced during the project were numerous, and were mostly related to the
implementation and data processing. The state-of-the-art systems do not open-source
their implementations, which makes reproducing their work difficult, and meant that
everything had to be prepared from scratch: from obtaining MIDI file names from
the audio file names, to creating and training the neural networks, to evaluating the
alignment performance. The scale of the MAPS dataset, along with high dimensionality
of the audio features, made data wrangling a challenge.

6.1 Future Work

There are a lot of things that could have been attempted, had the time allowed.
Only the convolutional networks architecture has been attempted for the regression
models. Kwon et al. (2017) had success with the recurrent BLSTM networks, which
models the context differently to convolutional networks, and is something that can be
explored.
Kwon et al. (2017) also found that adding onset features greatly reduces error (mean
AOE: from 25.31 to 8.62). Since there are only 3 features in the proposed framework, the
onset features could be represented by a single binary variable, in order to not drastically
increase the number of features.
We found that the MAPS dataset contains some inaccuracies between the MIDI and
the audio files. A different dataset might offer a higher quality model training. The
Hawthorne et al. (2019) dataset is larger and contains high quality recordings from
international piano competitions. Although the recordings are less varied, since they
all come from the same source. A varied publicly-available dataset with matching MIDI
and audio files coming from different sources does not exist at the time of the writing.
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