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proaches for Automatic Transcription of Music”, West Bohemian University in Pilsen

a) Meaning of the Thesis for the Field

Model-based music analysis is difficult because real compositions do not contain the basic elements
always in the same way and often not alone in one time interval. For identification, an automatic
method must be able to compute significant, basic features from the recording in order to compare
them with the reference from a sound library. Mr. Albrecht’s thesis contributes to this field by
identification of elements of the sound library based upon frequency and amplitude detection.
A new aspect is that the sounds of the library do not have to be played completely in order to
be recognized. This is achieved by the variational Bayes method which handles — among other
parameters — the unknown information about truncation in a sequence of non-observable states.

b) Method of Problem Solving, Used Methods and Fulfillment of Targets

The experiments were performed on music which was supposed to be transformed into a description
in the MIDI format. Similar to other fields of pattern recognition, the method tries to estimate
a distribution of observable and hidden parameters from observable data features. The sequence
of frames within a sound is described by a Markov chain. Due to the large number of unobserved
parameters, some reasonable restrictions were made to the amplitudes and library sounds (no
sudden changes in adjacent frames). Additionally, a library sound was assumed to be present just
once in a time step. Unfortunately, an approach of Mr. Albrecht’s publication at EUSIPCO 2010,
where this restriction was not necessary, was not included in the thesis.

The Kullback-Leibler divergence served as measure for the accuracy of the estimation. The quality
of the results were measured by self-defined hit measures between reference and estimate, and by
the sound-to-distortion ratio measure (SDR). The presented approach was supposed to be able to
compete with state-of-the-art methods. This target was reached.

c) Results of the Thesis

The data were tested on four different databases. One sel of tests was performed without es-
timation of the amplitudes, in a second set the amplitudes were estimated. Some of the varied
parameters significantly influenced the quality of the result, e.g. the number of sounds in the sound
library and the test data. The accuracy in hits reached up to 94%. The comparison to results from
the literature is not easy due to the different evaluation methods, the amount and composition of
test data, but in general the variational Bayes modeling is among the most successful.

d) Systematics, Clarity, Formal Elaboration, and Language Level

The structure of the thesis is mostly clear. The mathematical notation and nomenclature of data
and measures are sometimes a bit confusing for an unfamiliar reader. The captions of the figures
sometimes give too few information which has to be looked up in the text. The use of English is
mostly adequate. Some entries of the Bibliography section are truncated.



e) Publications of the Author

The publication list contains eight conference papers between 2007 and 2011. Mr. Albrecht is the
only author of four of them, the others have one co-author. Two papers have been accepted at
EUSIPCO (2010, 2011). Like these, one more paper (29th International Workshop on Bayesian
Inference and Maximum Entropy Methods in Science and Engineering, Oxford, USA, 2009) is also
listed in the ISI conference proceedings citation index. Three short papers were accepted at the
German DAGA conference, which is also held and renowned in neighboring countries.

f) Recommendation for the Acceptance of the Thesis

The thesis and the publication list show that Mr. Albrecht is able to perform research indepen-

dently. For this reason, I recommend the acceptance of his thesis for the granting of the academic
title Ph.D.

Questions for the Defense of the Thesis

e p.31, formula (3.2): Noise is assumed to be additive. Reverberation, for instance, is convo-
lutive. How much effort would it be to extend the model to this type of noise?

e p.32: I didn’t understand from the description of the library sounds (transition between
states) whether the model allows interrupted sounds, i.e. sound parts with a silent part
section between them. Is this possible in the current model?

e What is the basic advantage of this method compared to the use of Hidden Markov Mixture
Models (e.g. by Qi, Paisley, Carin, IEEE Trans. on Signal Processing, 2007)?

e In Chapter 3.6 (p.45), an “online” model is presented, which, however, uses also “knowledge
after [time] 7”. How is this possible when the approach was “online”?
This approach was published already in 2010. Why are there no results with it in the thesis?
“Algorithm 3” needed 2 1/4 hours of processing time on a six-core computer for 5 1/4
minutes of data (p.67). What was the performance of the online approach?

e Can you comment on the computational load that the other approaches of other groups had
in comparison to yours?

e Chapter 4.8.4 (p.70): Results for changes of the length of the observed signals are reported
where the Mozart subpart of SD #3 was compared to the entire SD #3. But SD #3 contains
5 compositions of 5 different composers. How could it have influenced the results if the short
section had not been taken from one composer only?

» Chapter 4.9.3 (p.82): In the experiments, only the (o-bank, e-bank) pairs (SL #2, SL #1),
(SL #3, SL #2), (SL #4, SL #2) were examined. Why?

o Chapter 4.9.3 (p.82): What is the sense of estimating a common amplitude for all data?
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Ustav informacnich technologii a elektroniky
Studentska 2, 461 17 Liberec

OPONENTSKY POSUDEK
DISERTACNI PRACE ING. STEPANA ALBRECHTA
»MODELOVE ORIENTOVANE PRISTUPY PRO AUTOMATICKOU HUDEBNI
TRANSKRIPCI*

A. Vyznam disertac¢ni prace pro obor

Disertaéni prace Ing. Stépana Albrechta se tyka oblasti po&italové analyzy zaznamu hud-
by a moZnostmi jeji transkripce, tj. pfevedeni polyfonni sekvence hudebnich téni do detailni-
ho zapisu odpovidajicimu napf. standardu MIDI. Prace patfi do specifického a tizce zaméfe-
ného oboru zpracovani hudebnich signdll, jemuZ se vénuje - i v celosvétovém meéfitku - po-
mérn€ mala skupina vysoce specializovanych odbornikl. Sam takovym specializovanym od-
bornikem nejsem. P¥i posuzovani prace nicméné mohu vychazet ze svych zkuSenosti s ale-
pokusy s elektronickou hudbou a z vedeni dvou diplomovych praci na podobné, byt’ ne tak
komplexné pojaté téma.

Z prehledu literatury i z podrobné reSerSe v uvodnich kapitolach jsem nabyl piesvédéeni,
Ze autor prace tématu velmi dobfe rozumi, je sezndmen se soucasnym stavem v oboru, je
schopen kriticky zhodnotit praci jinych autorti a v neposledni fadé pfispét svymi vlastnimi
navrhy na rozpracovani a vylepSeni existujicich feSeni.

B. Postup fedeni, cile prace

Autor si dal za cil fesit ulohu transkripce zdznamu polyfonni hudby (tedy hudby, v niz
miiZe soucasné znit vice toni). Obtiznost této tlohy spociva zejména v tom, Ze hudebni tony
obsahuji velky podil vyssich harmonickych (podle typu néstroje) a pti uréitych souzvucich je
proto t€zké identifikovat jednotlivé tony ¢i néstroje. Autor sviyj piistup definuje jako tlohu
inverzniho sekvenceru, ktery ze signalu vytvaii pokud mozno tplny symbolicky zapis (napt.
typu MIDI). Vychazi z toho, Ze pro nastroje, které se v zdznamu objevuji, ma k dispozici
knihovnu jejich zvukt. Ulohu piepisu pak fesi pravddpodobnostnim pfistupem, kdy hleda
nejpravdépodobnéjsi sekvenci a kombinaci tonti odpovidajicich dané knihovné. V praci probi-
r4 a porovnava n€kolik typl pravdépodobnostnich modeld a v experimentalni ¢asti pak oveétu-
je jejich uspésnost. Vyuziva zde vefejné dostupnou databazi knihoven nastroju a skladeb jimi
nahranych. Cile, které si vyty¢il, splnil.

C. Vysledky a pfinosy prace

Autor zformalizoval ulohu inverzniho sekvenceru a navrhl jeji feSeni metodou pravdépo-
dobnostnich modelt zaloZenych na bayesovském uceni a maximalné vérohodném odhadu
neznamych parametrd. Svij pfistup porovnal s metodami jinych autorfi, pfi¢emZ na experi-
mentéalnich datech ukazal, Ze jim navrZeny pfistup mizZe vést k presn€j§im vysledklim pii ur-
¢ovani ¢asovych, hlasitostnich i dal$ich atributt tont.



D. Formalni stranka prace

Prace je napsana v angli¢tiné a tvoii ji 107 stran textu. Razeni textu je prehledné, od
tvodni motivaéni &asti, pies reSersi soudasného stavu, podrobny piehled metod a matematic-
kého aparatu az po ¢ast popisujici experimentalni vysledky. Angli¢tina je velmi dobrd s mini-
mem pieklept & chyb (napf. "signing" misto "singing" na str. 2), pfipadné nepiesnych vyjad-
feni (ve vé&té "There are 12 tones in one octave .." by spiSe mélo byt "12 semitones"). VEtsi
problém jsem mél s pochopenim nékterych kli€ovych obrazkii. Neni mi napf. jasné jak inter-
pretovat diagram na str. 34, ktery se pozdéji objevuje v dalSich ¢astech textu. Chdpu, Ze na
vodorovné ose je vynaSen diskrétni ¢as, na svislé ose diskrétni frekvence tont. Jaky vyznam
maji v této diskrétni 2D mapé Cerné linie leZici mimo vyhrazené hodnoty? Neni mi rovnéz
Uplné jasny vyznam grafii na stran€ 61 az 65, znazortiujicich statistiky skladeb pouzivanych v
experimentech. Grafy na str. 72 az 80 obsahuji takové mnoZstvi informaci a detailli, Ze je ne-
umim ani po pfeéteni strué¢ného doprovodného textu interpretovat, natoZ mezi sebou porovnat.
Zde bych - nejen jako oponent, ale zejména jako ¢tendf - uvital podrobnéjsi vysvétleni kazdé-
ho typu grafu, srozumitelné i pro toho, kdo neni zrovna expertem v daném uzkém oboru.
Riizné varianty téchto grafii by pak mohly byt spiSe soucasti priloh nez hlavniho textu.

E. Publikaéni aktivity autora

Tti ¢lanky vazici se pfimo k tématu prace byly jiz publikovany na prestiznich konferen-
cich indexovanych v registru ISI, dalSich 5 ¢lankt lze nalézt ve sbornicich mezindrodnich
regionalnich konferenci, coZ povazuji za pfiméfené pozadavkiim na disertacni praci.

F. Zavér

Diserta¢ni praci povazuji za kvalitni a pfispivajici k rozvoji oboru poéitaéového zpraco-
vani hudby. Témata v ni rozvedend byla publikovana na mezinarodni urovni. Doporucuji pro-
to konéni obhajoby a udéleni titulu Ph.D.

Otazky k obhajobé:

1) Skladby pouzité v testech byly vytvoreny na klaviru. Klavir pfi vyhodnocovéni ¢asto
pouzivaji i jini autofi (napt. Klapuri). Oproti jinym néstrojim, napt. dechovym, ma vyhodu ve
snaz§i identifikaci nasazeni tonu a v pfiznivém poméru amplitud zékladni harmonické a vys-
gich harmonickych. Byly by navrZzené metody aplikovatelné i na dalsi, napt. dechové nastroje,
ptipadné jaky by mohl byt dopad na Gspésnost?

2) Pokud jsem dobfe rozumél popisu experimentd, byl stejny typ klaviru pouZivan jak pfi
udeni systému (z banky tonl), tak i pfi testovani. Jaké jsou vysledky pii pouZiti dvou rliznych
fyzickych néastroji (klavirt)?

3) Metody byly testovany na datech, které byly ziskany stejnym (pravdépodobné znalné
idealnim) zpisobem snimani zvuku néstroje. Jaky vliv na Uspé€$nost metod by méla situace,
kdyby se hudba snimala b&Znym mikrofonem umisténym v prostoru salu nebo kdyby se analy-
zovala nahravka napt. z hudebniho CD nosice? 7

e
V Liberci 15.12.2013 Jan Nouza
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To University of West Bohemia, Faculty of Applied Sciences

Evaluation statement about the PhD thesis manuscript “Model-based Approaches for
Automatic Transcription of Music” of Sté€pan Albrecht

The doctoral thesis manuscript of Stépan Albrecht deals with automatic transcription of music,
which means converting a musical audio signal to a symbolic representation by computational
algorithms. The research topic is important since such algorithms can be used in many
applications, ranging from music education software to automatic indexing and retrieval of music
databases. Automatic music transcription is a challenging and unsolved research problem, since
the acoustic properties of natural music sounds have a wide range of characteristics, and multiple
instruments can play simultaneously multiple tones.

The thesis manuscript suggests a clever approach where an audio signal to be analyzed is
decomposed into units from a library of sounds. Since music is decomposed of atomic units such
as individual notes, it is desirable to represent them as a sum of such basic units. This kind of
approaches have recently been used successfully not only in music analysis, but for processing of
other types of sounds. The manuscript describes a novel framework that allows selecting parts of
sounds in the library. It is based on a probabilistic framework that allows combining different
types of information. '

The thesis consists of five chapters. The first chapter includes a review of previous music
transcription systems which is claimed to include state of the art, but actually appears to be
outdated. The most recent system that is included in the review is from 2008, but the field of
automatic music transcription has made significant progress after then. State-of-the-art systems
can be easily found since they typically participate in the annual MIREX evaluation. The
manuscript should be update to include a description of the state of the art approaches. The
chapter contains formulas of NMF estimation algorithms that are not related to the work done in
the thesis, and should therefore not be included. In Section 1.1 the definition of "musical key" is
inaccurate as it is not clear what is meant by "first note of a chord"; many instruments can play
chords in the way that e.g. the note first in time or the note having the lowest in fO does not
correspond to the musical key. In Section 1.2 the description of the calculation of MFCCs is not
correct since the discrete cosine transform is not applied on the segmented signal. Also the
imaginary part of the DFT is not completely discarded, but an absolute value of the DFT is taken.
MFCC are typically not obtained by taking the IDFT of the log-mel energies, but the IDCT of
them.
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Chapter 2 presents a review of relevant probabilistic modeling tools that are used in the proposed
algorithms. Part of the review is heavily based on reference [26], and Theorem 1 has been copied
from the reference exactly. The reference is appropriately cited, but the copied part should be
more clearly marked, for example using quotation marks. Section 2.6.1. is heavily based on
reference [26], only with some minor modifications made. Since the main contributions of the
section originate from [26], it would have been more appropriate to put the original text without
modifications to an appendix, with an appropriate reference and explanation of the source of the
the material. There is at least two minor errors in the chapter: Eq. 2.9 is not correct since the two

leftmost terms p(@; | D,) and p(®; | d; , D-.;) are equal, and the product of two rightmost terms is
not unity. In Eq. 2.12 the integration variable should be 6. .;, not 6.

Chapter 3 presents the proposed algorithms. The chapter is mostly well written, but there as some
minor unclarities and minor errors. Firstly, it is not clear what is the purpose of the Poisson model
given in Eq. 3.7, since the model is actually not used at all. Would it not be simpler to define the
model straightforwardly for the Gaussian distribution that is used in the actual method?
Furthermore, Eq. (3.8) that is defined to describe a Gaussian distribution model is not complete. A
Gaussian distribution is defined by a mean and variance, and based on Eq. 3.8 it is not clear what
these are, and what is the random variable. Equations 3.4 and 3.5 do not match with Equation 3.6.
In Eq. 3.4 variable / should be a column vector in order that it can be left multiplied with a matrix,
but it is defined to be a row vector. If vector k;=[1,0,0,...] defined in the first row of Eq. 3.4 is
multiplied with matrix T defined in Eq. 3.6, k:+1 becomes equal to the leftmost column of T, i.e.,
[tsit tstart tstart- - ]- This does not match with the second row of Eq. 3.5.

Chapter 4 presents the evaluation of the proposed method, which is based on synthesizing material
from MIDI, analyzing the obtained audio, and comparing the results to the original MIDI. The
evaluation is extensive, but there are some unclarities. On pages 61-65 where the simulation data
is explained, it should be described how and exactly from which source the ground truth note
onset times were acquired. The algorithms’ ability to separate sources is used as an evaluation
metric, but the test material consists of piano only. What does the source-to-distortion ration
metric measure in this case? On pages 72-80 where the results are presented it is not clear which
of the algorithm configurations 1-3 on pages 56-57 were used. The above missing information
does not allow replicating the results according to good scientific practices.

Variable s in Eq. 4.3 has not been properly defined. The manuscript uses variable s simultaneously
to denote the source index, which is confusing. The same variable should be used only for one
purpose. For a reader it is also confusing that variable \hat{s} in Eq. 4.3 is not defined until on the
next page. When variables are used the first time, they should be defined soon after. In the
evaluations, it should be explained what principles were used to choose the values of the
parameters. For example on page 68 6,9 is close to zero, nyp,a,0=0.65, no description has been
given how the values were set. Were these values chosen for example to maximize the
performance on the test data? In Section 4.1, several observations are described starting from text
"having t > 80..." to "...F converges to F*". It has not been described how these observations have
been made. On page 52 STFT bins higher than the Nyquist frequency are claimed to be affected
by aliasing. This is not correct since aliasing occurs in the sampling of signals, not in the
calculation of STFT.
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Section 4.10 describes that the comparison is done to the state of the art, but the tested methods do
not actually include the best performing algorithms from recent years. Each algorithm in the
comparison uses different material, so comparing their accuracies does not give any reliable

figures. The observation that the proposed solution competes well with the state of the art is not
justified, since state of the art methods are not included, and the materials used are different.

In computer science, a good scientific practice requires comparing new computational models to
existing ones in a fair evaluation. In the field of automatic music transcription, ways to obtained
comparable results include sharing resources (signals and software), implementing previous
methods based on publications, or asking fellow scientists to run experiments. This thesis work
does not fairly evaluate the accuracy of the proposed computational models in comparison to other
methods, which limits the credibility of the work. The thesis, however, evaluates the performance
of the developed computational model in comparison to its different variants, which are
scientifically novel results.

Chapter 5 presents the conclusions of the work.

The manuscript has been written using good-quality English. A minor error includes "can be
performed unsupervised", which should be e.g. "can be performed in an unsupervised manner".
Small typographical errors include "signing transcription” (should be "singing transcription"),
"Kullaback-Leibler" (Kullback-Leibler), "gradient descend" (gradient descent), "bayesian"
(Bayesian), "markov" (Markov), "kalman", (Kalman), "midi" (MIDI), "mpeg" (MPEG), "label
matrix L excerpt ." (an extra space before the period). The role of each chapter of the manuscript
is clear, but the structure within each chapter is in some places somewhat difficult to follow.
Sentence "the estimation of all sounds in time" in the abstract is unclear as it does not describe
what "estimation of sounds" means.

The manuscript follows mostly good scientific citation practices, with some exceptions. The first
two sentences of Chapter 1 are directly copied from reference [1, page 3]. There is a citation to the
reference, but any directly copied text should be more explicitly marked as a quotation. Similarly,
on page 7 sentence "The divergence cost (3) of an individual observation Y is linear as a function
of the scale of the input, since D(op, aq)= aD(d,p) for any positive scalar a, whereas for the
Euclidean cost the dependence is quadratic." has directly been copied from reference [1, Chapter
9], without marking it as an exact quotation. I did not search for all cases similar to the ones
above, but gave them just examples. In any similar cases where direct quotations are used, the
quotations should be marked more explicitly. There are several references to books, especially [1].
Exact page numbers should be given whenever a specific part in the book is referred to, for
example just before Eq. (3.3). Book [1] is an edited one, and several chapters are written by
authors that are not editors of the book. Therefore any reference to a chapter that is not written by
the editors should be its own reference that includes the chapter author names.

There is plenty of missing information from the references. Complete publication information is
missing from references 20, 36, 48, 57, 80, 84, and 91. From online references 92 and 93 the date
when they have been accessed is missing. References 32 and 33 are duplicates. The title of the
reference 36 is partially missing. Full publication names should be used instead of acronyms, for
example in references 40 (ICA), and references 64-65. In reference 47 work "in" appears twice.
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To conclude my review, the manuscript presents novel scientific results that are supported by
sufficient experiments. However, because of the shortcomings that I describe above, the
manuscript needs to be revised. Not all the issues pointed out are necessary for an acceptable
doctoral thesis, but at least the issues related to missing state-of-the-art references, referencing and
quotation style, any technical and language errors, and critical information about the evaluation
procedure and material needs to be addressed. Many of the above remarks should have been
addressed by the thesis supervisor, not an external examiner. I feel I have already contributed

sufficiently to this thesis work as an external examiner, and would not like to review revised
versions of the manuscript.

In Tampere 10.1.2014

ey
/
/AN~
Dr. Tuomas Virtanen

Academy Research Fellow / Adjunct Professor
Tampere University of Technology
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