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Abstract 

The way an instrument is learned to be played has changed a lot since the rise of the internet, 

specially the show up of YouTube. High amounts of people learn to play instruments such as the 

guitar from watching videos and are able to play different songs without knowing any musical 

language. So, when they listen to a song that they want to play, they do not know the notes that 

are being played. 

This dissertation develops a guitar music transcription software that tends to contribute to solve 

this problem from a new point of view. Currently, the melodic extraction of songs has been 

analysed from the rough signal analysis. The spectrograms are frequential representations of a 

song that show accurate information of frequency and time, which are the two main points 

involved in the melodic analysis of a song. Through analysing the spectrogram as an image and 

not as a complex matrix, we introduce a new way to extract musical information from a song. The 

frequency related to the note or notes being played is estimated through the application of 

morphological filters and delivered to the user.   
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Resum 

La manera d’aprendre un instrument ha canviat molt des del sorgiment d’internet, especialment 

amb l’aparició de YouTube. Gran quantitat de persones aprenen a tocar instruments, com ara la 

guitarra, veient vídeos i són capaços de tocar diferents cançons sense saber res de llenguatge 

musical. De manera que, quan escolten una cançó que volen tocar, no són capaços de reconeixer 

les notes que s’estan reproduïnt. 

Aquesta tesi desenvolupa un programari de transcripció de música de guitarra que intenta 

contribuir a resoldre aquest problema des d'un nou punt de vista. Actualment, l’extracció melòdica 

de les cançons s’ha analitzat a partir de l’anàlisi del senyal directament. Els espectrogrames són 

representacions freqüencials d’una cançó que mostren informació precisa de freqüència i temps, 

els quals són els dos punts principals que participen en l’anàlisi melòdica d’una cançó. Mitjançant 

l’anàlisi de l’espectrograma com a imatge i no com a matriu complexa, introduïm una nova 

manera d’extreure informació musical d’una cançó. La freqüència relacionada amb la nota o notes 

que es reprodueix s’estima mitjançant l’aplicació de filtres morfològics i es retorna a l’usuari.  
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Resumen 

La forma en que se aprende a tocar un instrumento ha cambiado mucho desde el surgimiento de 

Internet, especialmente con la aparición de YouTube. Gran cantidad de personas aprenden a 

tocar instrumentos como la guitarra viendo videos y son capaces de tocar diferentes canciones 

sin saber nada del lenguaje musical. Entonces, cuando escuchan una canción que quieren tocar, 

no son capaces de reconocer las notas que se están reproduciendo. 

Esta disertación desarrolla un software de transcripción de música de guitarra que intenta 

contribuir a resolver este problema desde un nuevo punto de vista. Actualmente, la extracción de 

la melodía de las canciones ha sido desarrollada a partir del análisis de la señal directamente. Los 

espectrogramas son representaciones frecuenciales de una canción que muestran información 

precisa de frecuencia y tiempo, que son los dos puntos principales involucrados en el análisis 

melódico de una canción. Al analizar el espectrograma como una imagen y no como una matriz 

compleja, presentamos una nueva forma de extraer información musical de la canción. La 

frecuencia relacionada con la nota que se reproduce se estima mediante la aplicación de filtros 

morfológicos y se devuelve al usuario la nota o notas que se están tocando.  
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1. Introduction 

The main idea of this thesis comes from the objective of doing a thesis that mixes the two main 

parts of the audio-visual specialization of the degree, sound processing and image processing.  

By analysing the spectrograms related to songs as images, and not as complex matrixes of 

information, new algorithms can be designed. 

Many characteristics define a song such as the melody, the rhythm, the harmony, the texture… 

One of the most important parts, as it contains the highest amount of data related to how the song 

is played, is the melody part. The melodic line of a song has the information related to the notes 

being played by an instrument and its time duration. This is one of the most useful characteristics 

that can be retrieved from analysing a song to a musician. By this retrieval, the transcription of the 

song can be done in order to have its score. The tool developed in this work may give an amateur 

musician the opportunity to have the scores of a song that he likes directly, saving the time spent 

looking for score versions of a song on the internet, not knowing which the one that is wanted to 

be played is. It can also be used as an error detector when learning to play a song already 

predefined. These two options will be very useful for people with low or inexistent musical 

background that want to learn how to play a guitar.   

 

1.1. Requirements and Specifications 

The system is meant to be built as a block system. Firstly, the spectrogram of the song that is 

going to be analysed is computed. Then, a filter bank is built with each filter centered in detecting 

the signal at the frequency note of each note of the scale and its first harmonics. After that, the 

power of the signal at the output of each filter is compared and the highest one is chosen as the 

note that is being played by the guitar at that time frame and retrieved to the user.  

 

1.2. Method and Procedures 

The developed software in this project should be an accurate guitar music transcriptor. The first 

part of the project is to build the current methods used to analyse the melodic sequence of a song. 

Then the spectrogram analysis is performed and the development of morphological filters is done. 

In this step, the optimization of the spectrogram parameters and the aspect of the filter related to 

each note is done. Finally, the accuracy of each method is compared with different signals and the 

results are analysed. The chord estimation is done in a preliminary way, in order to be improved in 

the future.  

 

1.3. Work Plan 

The proposed plan for developing this final thesis is based on 5 work packages. The State of the 

art Work package, which consists on the research of how the techniques used in this thesis are 

used nowadays. The Database Work package, which involves the creation of a database 

according to the necessities of the project. The Note detection Work package and the Chord 

detection Work package, which contain the main parts of the project, and the Results and 

Deliverables Work package, which analyses the quality of the system developed.  
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1.3.1. Gantt diagram 

 

 

1.4. Changes and incidences 

The changes that have been done to the first proposal of time plan and work development have 

been related to the implementation of the fundamental frequency estimation in the note detection 

section. After adapting the work plan in the Critical Review document, it has not experienced more 

changes. The chord estimation work package has been developed in an introductory way due to 

the time scarcity left from developing the other work packages. A first proposal of the application of 

morphological filters to estimate the chord is shown and future work is proposed to be done 

following this path. 
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2. State of the art of the technology used or applied in this 

thesis: 

Automatic music transcription is a task that in our days has not proposed optimized solution in 

order to obtain a reliable outcome, both for songs recorded live and for studio recordings. This is 

of great interest for the entire world, not only for professional musicians but also for anybody 

related to the world of music as it opens a wide range of utilities, from learning music to tracking 

an orchestra. 

2.1. Musical Analysis Research Projects 

Nowadays in order to solve this problem, algorithms which estimate the melody of musical 

samples are used, and a large number of them are focused on the tracking of the melody of vocal 

music. This is due to the fact that voice has a much smaller range of frequencies than musical 

instruments in general and, on top of that, depending on the characteristics of the instruments, 

these make them not be fully harmonic, which, together with the complexity of the musical signals 

made up by the recording of several musical instruments, make the piece analysis be much more 

complicated. Most of the algorithms which estimate the pitch of musical signals using audio signal 

characteristics are part of the MIREX (Music Information Retrieval Evaluation eXchange) which is 

a community-based formal assessment framework coordinated and directed by the International 

Music Information Retrieval Systems Evaluation Laboratory (IMIRSEL) in the University of Illinois 

in Urbana Champaign (UIUC). The main objective of IMIRSEL is to create the necessary 

infrastructure for the scientific assessment of different techniques used by researchers in the fields 

of Music Information Retrieval (MIR) and Musical Digital Libraries (MDL).   

MIREX 2011 [1] aims to detect the main line in a musical piece automatically and represent it with 

a scheme based on four blocks: the removal of the effect of the spectral peaks of the sinusoids 

with a prefilter, the calculation of the salience function (function of the prominence of spectral 

peaks) by means of a harmonic sum with magnitude ponderation, grouping of the peaks 

throughout time for the creation of the tone outline and the melody selection using characteristics 

of voice detection in that segment. The most important problem is that it does not detect the pitch 

well if the song melody is carried out by an instrument instead of the human voice. 

MIREX 2015 [2] intends to focus the problem by characterizing and analyzing the tone contours by 

modelling the source as it is done with some systems of speech recovery, like the vocoder. This 

algorithm combines the precision of the estimation obtained with a generative focused based on a 

filter/source model with the benefits of using the characteristics of tone contour for the tracking of 

tone. In order to do that two parts are combined. The first one is the estimation of the salience 

function. The candidate melody tone contours are created by grouping tone sequences by means 

of auditive transmission signals. After that, the melody with contour characteristics (characterized 

by tone, prominence, total prominence and length) is obtained. Also, softness restrictions are 

applied to the melody estimation. The second one is based on the pitch contour estimation by 

grouping sequence of salience peaks which are continuous in time and tone. With this algorithm 

we obtain much better results in the estimation of oral musical files than in those of symphonic 

music due to the complexity of the union of the spectrum of these files. 

Another approach in the removal of information semantically interpretable and not of physical 

characteristics of the musical signal has been the detection and positioning of solos in complete 

musical cuts based on the signal pitch [3]. The main objective of this system is to detect and 

navigate through the solos, extracting their score and the list of solos played by one of the 

musicians or by certain instrument and studying the spectrum of the audio segments, thus 

differentiating among the most complex spectrums (greater variability of the position and 

amplitudes of the spectral peaks), in which the most relevant is the overall performance and the 
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simplest spectrums, which correspond to the solos. By means of the TWM (Two-Way Mismatch) 

algorithm it is tried to extract a fundamental frequency of a set of spectral maximums of the 

spectrum of signal magnitude. These peaks are compared with the predicted harmonics for each 

one of the possible frequencies of candidate notes. For each candidate, the imbalances between 

the generated harmonics and the partial registered frequencies are averaged on a certain subset 

of those partial ones available and the pitch of the optimum candidate is extracted. For the 

positioning of the solos, the procedure to follow is: the TWM input parameters are empirically 

established and they are adapted to the instrument in order to estimate the fundamental frequency, 

the algorithm is applied to the polyphonic sounds and spectral characteristics (centroid, bias and 

kurtosis) are calculated, the characteristics are averaged, they are submitted into the 

segmentation algorithm, the candidates for the automatic limits (manual parameters) are obtained 

and, finally, the PM (Predicted to Measured) error is averaged on these segments and 

solo/ensemble is decided. The efficiency of this system is its main drawback, as it has been 

proved that it greatly depends on the piece under study. The musical instruments which are not 

really harmonic instruments, such as the guitar or the piano (generally instruments that do not 

produce their sound with strings), obtain very unfavorable results as they need noise-suppressing 

techniques so as to try to model their disharmony. In addition, another one of the problems is that 

if the instrument does not sufficiently impose on the other instruments clearly and continuously, 

there are harmonics which are not perceptible by the TWM algorithm and this is not enough to 

estimate a part of the tone accurately. 

Owing to the big problems in working with musical instruments of different types with spectrums 

and harmonic characteristics which are very different from each other and the degree of polyphony 

of the musical signals, the combined multi-pitch detection was proposed using the estimation of 

the surrounding harmonic for the transcription of polyphonic music [4]. To achieve that, we use a 

system which is structured in the pre-processing of the signal, multiple-F0 (Fundamental 

Frequency) estimation and post-processing of the signal. The pre-processing consists of 

calculating the RTFI (resonator time-frequency image), applying techniques of spectral whitening 

to the RTFI and techniques of pink noise suppression, which affects every octave with the same 

quantity of energy. Next, the scheme of multiple-F0 estimation is applied to the signal. Frame after 

frame, the function of tone salience is calculated bearing in mind the tuning and the disharmony, 

the selection of the tone candidates by suppressing false peaks of the salience function. The 

estimation of the spectral surrounding of the candidate tones is done. After that, the optimal tone 

combination using an overall marking function of the analysed tone is chosen. Finally, a post-

processing with HMM or CRF is applied to it in order to track the notes in time and suppress the 

occasional errors. This system has been the most efficient so far in the field of the estimation of 

the melody of polyphonic signals, especially due to the post processing of the signal, even though 

it is a result which can still be greatly improved as it conveys a considerable number of lost 

detections, which is a big problem for the final result of the musical transcription. 

In the market there is a lot of software for the detection of iterative pitch to let the user easily 

change it without the need to know the characteristics of the musical signal or its processing as a 

physical signal. In order to achieve that, different techniques are used in real time, which minimize 

tone tracking errors with the capacity to work in real time with minimum delay (lattice), accuracy in 

the presents of noise and sensitivity to the musical requirements of the performance [5]. One of 

the clear examples that we can see which highly depends on the final application, is that there are 

algorithms which will not be any good to us depending on the lattice of the application. This fact 

can be explained comparing the Pitch-to-MIDI implementations in real time, in which we work with 

a very low lattice, and the implementations in the search of keys to monitor the key that the 

musician is playing, which can work with very big lattices. The most popular algorithms used by 

musicians are HPS (Harmonic Product Spectrum), which measures the maximum coincidence for 

harmonics in each spectral frame searching for its maximum in the matrix of periodical correlation; 

ML (Maximum Likelihood), which searches in a set of possible ideal spectrums (impulse train that 
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starts in the convoluted frequency with the spectrum of the signal window) and chooses the one 

that best fits the shape of the entrance spectrum, which works well if the input source is in set 

adjustment; CBHPS (Cepstrum-Biassed HPS), which combines the HPS function with the 

calculated cepstrum on the DFT of a voice frame, the most popular in speech; and, finally, the 

ACF (Auto Correlation Function) which selects the peaks of the auto correlation function which are 

connected with the period, the most popular technique in the time domain. These are techniques 

which grant a great quality but they convey tracking errors if the tone changes during the analysis 

framework or if there is a transient one, which results in octave errors if the central frequencies of 

the note are not kept within the range of quantization of 12 tone tones. 

2.2. Morphological Filters Research Projects 

As we know, morphological filters are a collection of non-linear operations related to the shape or 

morphology of features in an image such as boundaries, structure of the figures contained…Thus, 

concerning the current situation of the use of morphological filters for the analysis of spectrograms, 

we can summarize it in three systems which analyze different audio events: the recovery and 

analysis of Frequency Hopping signals, the analysis of speech files and the classification of sound 

events under unfavorable conditions.  

The technique which analyses the simplest signals is that of Frequency Hopping [6]. These signals 

of military use are characterized for being simple and for the hopping carrier frequency, hop timing 

and hop rate. To do that, we calculate the spectrogram of the signal increasing its image contrast 

to weaken the noise and improve the power of the FH signals. It is done by a binarization of the 

spectrogram with the processing of morphological images, bearing in mind that the noise structure 

is different from the signal structure, and, after that, performing the tracking and limit extraction. 

Then, the morphological filtering of the spectrogram with structures related to the shape of the FH 

signal is done. Finally, we extract the parameters of the signal of horizontal length (lasting time of 

the signal), vertical length (frequency of the carrier) and value in the time axis (hop timing). This is 

a system which extracts the parameters in an effective way, removing the complex interference of 

the short-wave channels on the signal, as well as being easy to implement and of a low 

computational complexity as the elements used as morphological filter structures are simple and 

easy to measure. 

The second field of the applications of morphological filters on audio signals is speech recognition. 

Nowadays the mostly used technique for this aim is the use of parameters extracted from the 

speech signal and its modelling with HMM, due to the vast and complicated lexis of a language [7]. 

In this case, after computing the speech signal spectrogram, we apply to it a morphological 

filtering based on the opening (eroding and dilating an image repeatedly) to remove most of the 

noise and improve the frequency components of the voice signals, all this using an isotropic 

(uniform in all the orientations) rectangular structures of different sizes and angles. This technique 

is used both for improving the discourse and for its automatic recognition, applying an audio 

filtering with MFCC characteristics or gammatone (filters which emulate the cochlea peripheral 

processing). Out of it better results than other alternatives for the SNRs are obtained and the 

recognition rates improve being based on structural and isotropic elements motivated by the HAS. 

Finally, in addition to speech or music, almost any type of sound event can be analysed by means 

of the computing and later analysis of its spectrogram [8]. As the sound events, short isolated 

sounds that do not follow a structure such as collision or action sounds, have most of their power 

concentrated in fewer frequency bands than musical and speech signals, their analysis by means 

of morphological filtering techniques of their spectrogram is possible, which leads us to think that, 

if we model musical sounds as a simple combination of spectrogram blocks, this technique can 

also be used for the treatment of the musical signal. The method is as follows: the spectrogram is 

generated and normalized, the cepstrogram is produced with the procedure of MFCC production, 

the dynamic range is quantified into regions to split the image into monochromatic images of each 
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region by means of pseudo-color instead of by gray scale and, next, the monochromatic images 

are divided into blocks and the characteristics of the whole image are formed with the statistics of 

each monochromatic image of each block. For the subsequent classification, we use linear SVMs 

of one-versus-one with maximum voting strategy. This technique is based on the setting of linear 

boundaries between two classes such as, ill from or healthy in an illness classification, and 

assigning to each sample of the image that is wanted to be classified the tag of the class that most 

of the samples around that sample have. The visual perception of the spectrogram image, when it 

is combined with a discriminative classifier such as SVM, produces very robust classification 

accuracy under non-coincident (diffuse) noise conditions. The linear power is the technique used 

to calculate the characteristics related to each image in order to improve the performance. This 

election is done as it is highly robust to sound under different noise conditions and it has a great 

capacity to eliminate noise. This fact enables us to extract the sound events in a cleaner way than 

with the logarithmic power due to the quantization of the noise in a very little region of the 

spectrum, which is then treated differently from those which do contain a useful part of the signal 

to analyze.      

Due to the fact that the image obtained from calculating the spectrogram is not analysed to extract 

musical information, we introduce a new musical analysis technique. As the music generated from 

string instruments is assumed to follow a harmonic structure, it is supposed to be modelled as a 

composition of sine functions that carry each frequency note of the musical spectrum. Simple 

morphological filters are supposed to be built following the same structure to detect each note. 

The spectrograms of guitar music are analysed using these simple morphological filters in order to 

make its melodic analysis more intuitive and faster to implement than with the techniques shown 

above.  
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3. Database 

In order to be able to test the software that has been developed, a database has been built. Each 

signal of the database has its audio file and its related ground truth file. The ground truth files have 

been created from scratch and individually for each track. This database is structured into three 

groups, in the way that the audio files have been generated, which are artificial signals, signals 

generated from MIDI data and recorded signals. In the artificial signals and the signals from MIDI 

data, the ground truth contains the frequencies of the notes in Hz and MIDI frequency respectively 

every 5 milliseconds. In the case of the recorded signals, the ground truths contain the name of 

the note or the chord being played every 5 milliseconds. The ground truth has been fixed with 

samples every 5 milliseconds in order to homogenise the analysis of the performance of all the 

techniques compared estimating the melodic line of the songs. 

3.1. Artificial Signals 

A group of eleven artificial signals has been created for this database. These signals model 

different types of periodic signals whose spectrogram tends to reflect a simpler spectrogram than 

that of real audio files but with a similar shape. By using these signals, we expect to have better 

results of the system due to the fact that they are generated with mathematical precision. So, the 

accuracy of the frequency that is wanted to be estimated and the transitions between signals of 

different frequencies in the same file are generated precisely. The election of the frequencies of 

the artificial signals has been done following the frequencies associated to the notes contained in 

the morphological filter bank in order to be able to compare the results of the performance under 

the same conditions for all the signals of the database. The relation of thesel frequencies can be 

seen in the tables of section 3.3. 

Signals Characteristics 

1 Frequency 𝑓 = 293.67 𝐻𝑧 Monophonic 

Stationary 
Signal f(x) = sin(2𝜋𝑓𝑡) 

2 Frequency 𝑓 = 329.63 𝐻𝑧 Monophonic 

Stationary 
Signal f(x) = sin(2𝜋𝑓𝑡)2 

3 Frequency 𝑓1 = 349.23 𝐻𝑧 

𝑓2 = 2.5 ∗ 349.23 𝐻𝑧 

Polyphonic 

Stationary 

Signal f(x) = 10 sin(2𝜋𝑓1𝑡) +  sin(2𝜋𝑓2𝑡) 

4 Frequency 𝑓 = 523.25 𝐻𝑧 Monophonic 

Stationary 
Signal f(x) = sin(2𝜋𝑓𝑡) +  rand() 

5 Frequency 𝑓 = 392 𝐻𝑧 Monophonic 

Stationary 
Signal f(x) = sawtooth(2𝜋𝑓𝑡) 

6 Frequency 𝑓 = 392 𝐻𝑧 Monophonic 

Stationary 
Signal f(x) = square(2𝜋𝑓𝑡) 
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7 Frequency 𝑓1 = 261.63 𝐻𝑧 

𝑓2 = 440 𝐻𝑧 

Monophonic 

Non-stationary 

Signal 
f(x) = sin (2𝜋𝑓1𝑡[0:

𝑡

2
]) + sin (2𝜋𝑓2𝑡[

𝑡

2
: 𝑡]) 

8 Frequency 𝑓1 = 349.23 𝐻𝑧          𝑓2 = 493.88 𝐻𝑧 

𝑓3 = 261.63 𝐻𝑧          𝑓4 = 523.25 𝐻𝑧 

Monophonic 

Non-stationary 

Signal f(x)

= sin1 (2𝜋𝑓1𝑡[0:
𝑡

10
]) + sin2 (2𝜋𝑓2𝑡[

𝑡

10
:

2𝑡

5
])

+  sin3 (2𝜋𝑓3𝑡[
2𝑡

5
:

𝑡

2
]) +  sin4 (2𝜋𝑓4𝑡[

𝑡

2
: 𝑡]) 

9 Frequency 𝑓𝑠1 = 440 𝐻𝑧               𝑓𝑠𝑤1 = 493.88 𝐻𝑧 

𝑓𝑠2 = 329.63 𝐻𝑧          𝑓𝑠𝑤2 = 293.67 𝐻𝑧 

Monophonic 

Non-stationary 

Signal f(x)

= sin1 (2𝜋𝑓𝑠1𝑡[0:
𝑡

10
]) + sawtooth1 (2𝜋𝑓𝑠𝑤1𝑡[

𝑡

10
:
3𝑡

5
])

+  sin2 (2𝜋𝑓𝑠2𝑡[
3𝑡

5
:

7𝑡

10
]) +  sawtooth2 (2𝜋𝑓𝑠𝑤2𝑡[

7𝑡

10
: 𝑡]) 

10 Frequency 𝑓1 = 440 𝐻𝑧             𝑓2 = (261.63, 523.25) 𝐻𝑧 

𝑓3 = 349.23 𝐻𝑧        𝑓4 = (293.67, 329.63) 𝐻𝑧 

Polyphonic 

Non-stationary 

Signal f(x)

= sin1 (2𝜋𝑓1𝑡[0:
𝑡

10
]) + sin2 (2𝜋𝑓2𝑡[

𝑡

10
:

3𝑡

5
])

+  sin3 (2𝜋𝑓3𝑡[
3𝑡

5
:

7𝑡

10
]) +  sin4 (2𝜋𝑓4𝑡[

7𝑡

10
: 𝑡]) 

11 Frequency 𝑓 = [80: 1200] 𝐻𝑧 Monophonic 

Non-stationary 
Signal f(x) = chirp(𝑡, 𝑓) 

 

TABLE  1. Artificial signals contained in the database 
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Each signal is tagged as: Monophonic / Polyphonic signal depending on whether it has one or 

multiple frequencies of the signal at each temporal sample and Stationary, if it has a frequency 

stable in time, or Non-stationary, if it has a frequency that changes in time. 

 

                

Figure 1. Sinus of 293.67 Hz and its spectrogram 

 

 

 

3.2. Signals from MIDI Data 

Three MIDI Data files have been gathered from the Internet in order to illustrate another way of 

audio file generation used in making music. Each one of the files correspond to different 

representatives of acoustic guitar songs. The audio files related to each MIDI Data file have been 

generated with the Garage band application and the use of the classical guitar software instrument 

option. The duration of the signals has been fixed at 20 seconds in order to have a representative 

part of the song to be analysed so the whole “Happy birthday” song and the first 20 seconds of 

“Recuerdos de la Alhambra” and “More than words” have been chosen to be analysed. 

The files correspond to a monophonic audio file of the “Happy birthday” song, a polyphonic audio 

file related to a classical guitar song written by Francisco Tárrega called “Recuerdos de la 

Alhambra” and a polyphonic file related to the acoustic guitar score of the song “More than words” 

by Extreme. The election of these songs has been made due to the fact that there are not so many 

monophonic MIDI data files of songs on the Internet, which is the reason for the election of a 

simple and popular song. The polyphonic songs have been chosen since they are real samples of 

songs commonly played by classical guitar players in the case of “Recuerdos de la Alhambra” and 

a popular song played by most of the acoustic guitar players and beginners in the case of the 

“More than words” song.  
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3.3. Recorded Signals 

The third part of the database is the largest of them three. This part is split into two main groups 

based on the number of notes being played at the same time into Monophonic, signals with only 

one note at each time sample being played, or Polyphonic, signals with multiple notes being 

played at the same time. The songs are played by an acoustic guitar and a classic guitar, two of 

the most widely played instruments in the music generated nowadays. In guitar music, up to six 

different notes can be played at the same time, so the system should be able to detect notes and 

chords if a complete and accurate transcription of any acoustic guitar song is wanted to be 

achieved. Additionally, a couple of violoncello tracks have been added to the database in order to 

represent other string instrument generation songs to be analysed by the same software.  

3.3.1. Monophonic Signals 

A series of audio files played by an acoustic guitar, a classical guitar and a violoncello have been 

recorded and collected. These tracks follow two scores, the Do major scale and the “Happy 

birthday” song. Both scores are monophonic, so the note detection can be applied directly in a 

simple way. Different players and styles of playing the guitar have been tested following the same 

score but letting the player change the time duration of the notes. It also has a variety of style 

playing the guitar between strumming and finger style, which modifies the shape and duration of 

the wave generated when playing a note.  

The database contains ten audio files of the Do major scale. The notes contained in this scale can 

be seen in the table below.   

NOTE Do3 Re3 Mi3 Fa3 Sol3 La3 Si3 Do4 

FREQUENCY (Hz) 261.63 293.67 329.63 349.23 392 440 493.88 523.25 

 

TABLE  2. Notes of the third scale & their related frequencies 

And the score of the audio files of the scale is the one that follows. 

 

Figure 2. Score of the Do major scale 

 

Figure 3. Guitar score of the Do major scale 

The database also contains three audio files of the “Happy birthday” song. The notes contained in 

this song can be seen in the table below.   

NOTE Sol3 La3 Si3 Do4 Re4 Mi4 Fa4 Sol4 

FREQUENCY (Hz) 392 440 493.88 523.25 587.33 659.25 698.46 783.99 

 

TABLE  3. Notes of the “Happy birthday” song & their related frequencies 
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And the score of the audio files of the “Happy birthday” song is the one that follows. 

 

Figure 4. Score of the “Happy birthday” guitar song 

 

3.3.2. Polyphonic Signals 

The polyphonic signals of the database are the Do chords of the classical guitar. In order to 

illustrate a sample of the wide variety of guitar chords that are contained in the guitar scores of 

songs, the different chords of Do have been chosen. The structure of the chords of the other notes 

follows similar patterns.  

The chords that have been recorded are:  

 

Figure 5. Score of the different types of chords of Do 

The tracks contained in the database related to these chords show each chord played in an 

individual way and an audio file containing the transition between two of these chords.    

 

Figure 6. Score of the chord transition file 

 

Chords Perfect Major 7 Dominant 7 Major Perfect Minor 7 Minor Dism 

Frequencies 261.63 261.63 261.63 261.63 261.63 261.63 

329.63 329.63 329.63 311.13 311.13 311.13 

392 392 392 392 392 369.99 

523.25 466.16 493.88 523.25 466.16 523.25 

 

TABLE  4. Frequencies of the Do chords 
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4. Note detection 

The note detection section contains four different approaches to estimate the fundamental 

frequency of the signal, which corresponds to the pitch of a sound segment of a song. The first 

three techniques can be found in many audio signal treatment books and research papers. The 

fourth technique, the morphological filter technique, is the one introduced in this final thesis project.  

4.1. Maximum Approach 

This technique is the simplest among all the techniques. It is based on the calculation of the STFT 

of the audio file and the extraction of the maximum. The audio signal is converted to mono if it is 

stereo or maintained mono if it is mono. After that, the STFT of the signal at time frame m is 

calculated following the equation: 

𝑋𝑚(𝑓) = ∑ 𝑥(𝑛)𝑤(𝑛 − 𝑚𝐻)𝑒−𝑗2𝜋𝑓𝑛

∞

𝑛=−∞

 

 It gives us back the spectrogram of the signal which contains the result of the STFT for each time 

frame centered in each point mH of the frequency range of the STFT. Then, the spectrum power is 

calculated and the frequency related to the maximum power value of the STFT of each frame is 

returned as the frequency of the note being played in that time point. So, the estimation of the 

frequency related to the point of maximum power of the STFT is given by the next expression. 

𝑓0 = 𝑘0 ∙ ∆𝑓 = 𝑘0 ∙
𝑓𝑠

𝑁
 

 

     

Figure 7. STFT matrix, STFT power matrix and frequencies associated to each k of the STFT 

 

 

4.2. Interpolation Approach 

In order to make the location of the maximum point of the STFT of a time frame more precise, an 

interpolation approximation is performed. Due to the fact that on rare occasions the maximum of 

the STFT corresponds to one of the frequencies in which the STFT is divided, an interpolation with 

a parabola as can be seen in figure 10 is computed. We calculate the maximum point of power of 

the Spectrogram for a time frame and tag it as x0 and by the interpolation process with its before 

(x-1) and after (x+1) points of the STFT, the displacement of where the real maximum is, following 

the next formula.  

𝑝 =
𝑥−1 − 𝑥+1

2(𝑥−1 − 2𝑥0 + 𝑥+1)
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The frequency associated to this point is computed and returned as the fundamental frequency of 

the song at that time point. 

 

Figure 8. Interpolation graph performed 

 

4.3. Phase Approach 

The two approaches above provide quite good results but they are far from being accurate enough 

to rely on them blindly. By introducing the effect of the phase on the estimation of the fundamental 

frequency [9], not only the power of the STFT of the signal, the tone of the music is taken into 

account too.   

Firstly, we consider the signal in two consecutive frames distanced by H (hop size) points 𝑥0(𝑛) =

𝑥(𝑛 + 𝑛0) and 𝑥1(𝑛) = 𝑥(𝑛 + 𝑛0 + 𝐻) with n = 0, …, N-1. The music signal generated by a guitar 

can be modelled as the sum of sinus centered at each frequency of the note that is being played, 

so if a single note is played, the signal is 𝑥(𝑛) = sin(2𝜋𝐹𝑛 + 𝜑0) = sin ( 𝜑(𝑛)). Its frequency can 

be estimated from the phase derivative  
𝑑𝜑(𝑛)

𝑑𝑛
= 2𝜋𝐹.  

The expected target phase after a hop size of H samples, if we have the phase at the maximum 

and the phase at the before frame, is  

𝜑1𝑡 = 𝜑0 +
2𝜋

𝑁
𝑘0𝑅 

Then, the phase error between the unwrapped value 𝜑1 and the target phase is  

𝜑1𝑒𝑟𝑟 = 𝑤𝑟𝑎𝑝(𝜑1 + 𝜑1𝑡) = 𝜋(
𝜑1 + 𝜑1𝑡

𝜋
− 𝑟𝑜𝑢𝑛𝑑(

𝜑1 + 𝜑1𝑡

𝜋
)) 

The unwrapped phase of the signal at the second frame is calculated as  

𝜑1𝑢 = 𝜑1𝑡 − 𝜑1𝑒𝑟𝑟 

Finally, the estimation of the fundamental frequency of the signal through phase variation is 

computed as  

𝑓0 =  
1

2𝜋
∙

𝜑1𝑢 − 𝜑1

𝐻
∙ 𝑓𝑠 
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4.4. Morphological Filter Approach 

By computing the Spectrogram, the STFT of the signal for each time frame separated by H hop 

size points is obtained. Then, the spectrum power is calculated in order to obtain a matrix of real 

numbers that represents the power of the signal at each frequency corresponding to the k of the 

STFT.  

As the fundamental frequency related to the signal at each time frame is wanted to be obtained, a 

morphological filter bank is built. The idea of building a filter bank comes from the fact that the 

frequencies related to the notes of the musical spectrum are fixed and known [10], so, instead of 

trying to estimate all the frequencies between 20Hz and 20 kHz (the human audible spectrum), the 

hypothesis of the frequency related to the notes of the musical spectrum that best fits the signal 

being analysed is set. By following this hypothesis, the number of candidates to be the frequency 

of the signal decreases a lot. The structure of the system can be seen in figure 12. 

 
 

Figure 9. Morphological filter bank system 

 

Each filter of the filter bank is built as ten consecutive discrete equispaced deltas in the frequency 

of a note that can be estimated by the filter bank. The election of this number of deltas is chosen 

as the signals concentrate their energy in the first ten harmonics of the fundamental frequency, 

and after the tenth harmonic the signal is depreciable. This fact can be seen in figure 14, where 

the spectrum of the note Do3 can be seen. After the tenth harmonic of the signal, at frequency 

10*Do3frequency, it can be seen that the signal can be assumed to be extinguished. 

 

Figure 10. The morphological filter associated to note Re3 
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Figure 11. Do3 spectrum 

The image related to the power of the signal (a 1-Dimensional signal corresponding to the 

spectrum) at each time frame is passed through every one of the filters of the filter bank through a 

reconstruction process. In each of the filters of the filter bank, the process followed computes the 

morphological reconstruction of the image associated to the ten first harmonics of each note of the 

filter bank as the marker image and the image of the power of the signal is considered as the 

mask image. When a morphological reconstruction is used, the objective is to get the relationship 

that components of an image called “mask” shares with the elements of another image called 

“marker”. By calculating the reconstruction of two images as can be seen in the algorithm, 

 

𝛾𝑟𝑒𝑐(𝑚𝑎𝑠𝑘; 𝑚𝑎𝑟𝑘𝑒𝑟) = 𝛿∞
𝑚𝑎𝑠𝑘(𝑚𝑎𝑟𝑘𝑒𝑟) 

 

the connected components of them both are computed and returned as the result of the process. 

The sum of the values of this resulting signal is calculated after applying the reconstruction above. 

The results of the application of this process with each filter associated to a note that can be 

estimated are compared between them, and the note associated to the filter that gets the highest 

value of them all is identified as the note that is most likely to have been played. This assumption 

is based on the fact that the closer the frequency of the delta is to the spectral peaks of the power 

signal, the better the reconstruction will locate the peak as can be seen in figure 16. Due to the 

frequency range of distance between the frequencies of the musical spectrum, if the frequency 

related to the next or the previous note in the musical spectrum is guessed to be contained in the 

file of a certain note, the result of the overlap of the deltas related to these frequencies and the 

original spectrum will not detect the peaks of the signal accurately. However, if the deltas of the 

frequency of the note contained on the signal are overlapped in the spectrum of the signal, it can 

be seen that they will detect the peaks of the harmonics of the signal more accurately.   

 

Figure 12. Spectrum of a frame that contains a Re3 and the outputs of the filters Re3 and Sol3 
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5. Chord detection 

Guitar music is built as a succession of notes being played individually or in groups of notes being 

played together at the same time, this is what is called chords. Since fact the guitar has six strings, 

this is the maximum number of different notes that we will want to detect at the same time.  

5.1. Morphological Filter Approach  

The approach of the chord frequencies using the morphological filters has been made as an 

extension of the procedure followed on the estimation of a single note. Firstly, an approach with 

the first ten harmonics of each note that integrates each chord has been made. 

According to the process followed to detect the notes individually, a morphological filter with the 

composition of the first ten harmonics of each note contained in the chord has been built.  

As can be seen in figure 16, the composition of the filter that corresponds to the four notes that 

compose the Perfect Major Do Chord gives an elaborated filter. If the ten first harmonics structure 

is wanted to be maintained, the filters obtained from each chord follow the same structure. 

 

Figure 13. The morphological filter associated to the Do Perfect Major chord 

 

A system that has the same structure as the scheme of the system in the note detection case is 

implemented. The only change between both procedures is the structure of the filters from the 

filter bank. These morphological filters change from being simple to intricate. This increasing 

intricacy in the composition of the filters goes higher as the number of notes that compose the 

chord increases too.  
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6. Results 

This chapter is structured into two parts. The first part is related to the optimal election of the 

parameters of the spectrogram that will be used to analyse the signals from the database. The 

second part explains the results that have been obtained from the performance of the new 

technique introduced by this thesis and their comparison to the State-of-the-art algorithms that are 

used nowadays to perform the melodic analysis of musical files. 

 Firstly, as the spectrogram is the main function that all the algorithms share to do their analysis, 

the parameters used by it have been optimized and standardized in order to use the same 

parameters to analyse the whole database. If the parameters are chosen in a different way to each 

part of the database, an overfitting problem could be encountered.  

The spectrogram estimation depends on the sampling frequency, the hop size, the type of window 

used, the length of the window used and the length of the DFT used. The parameters that have 

been fixed are the sampling frequency, the hop size and the type of window used. The sampling 

frequency has been fixed to 44100 Hz due to the fact that it is the usual frequency used in music 

processing. As we want to have estimations of the algorithm every 5 milliseconds, the hop size of 

the spectrogram has been fixed to maintain this distance between the estimations performed by 

the algorithms. And, after comparing the effect of three types of window shapes to estimate the 

spectrum of the musical signal (hanning, hamming and Kaiser windows), the hamming window 

has been chosen as there is no difference in the accuracy of the estimations among them three. 

Since the other two parameters (the length of the window and the length of the DFT) can vary the 

shape of the signal computed a lot and therefore affect the quality of the estimation of the 

frequency of the signal, they have been optimized. The root mean square errors (RMSE) provided 

by comparing the frequencies of the notes contained in the ground-truth files and the estimation of 

the frequency of the note of each of the techniques in all the database have been plotted and the 

optimal value of each parameter has been selected. As we want to be able to compare the 

estimation of files generated not only by recordings but also artificially, the same parameters have 

been selected to analyse the whole database. As can be seen in figure 14, the optimal value for 

the length of the window used to analyse the signal is between 4000 and 4500 points and the 

optimal length of the DFT is 4000 points in the case of the State-of-the-art techniques. The 

election of the range of the DFT length to be evaluated was made after computing the errors 

obtained by each of the algorithms with a fixed window length and seeing that the performance of 

the three algorithms got worse after the point of 5000 as can be seen in figure 15. 
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Figure 14. Location of the minimum of the three approaches of the State-of-the-art that depend on the 

calculation of the spectrogram 

 

 

Figure 15. Performance to set the range of investigation of the DFT length parameter 

In addition, the optimal value of the window length and the DFT length of the spectrogram have 

been searched for the morphological filter technique. As can be seen in figure 16, the performance 

of the new algorithm does not depend on the DFT length. So, the only parameter to be optimized 

was the window length. The value of this parameter was searched in the range between 230 and 

1000 points after analysing the behaviour of the root mean square error of the artificial stationary 

signals of the database. Using the audio musical signals, both recordings and those generated 

with MIDI data, the parameter of the window length was fixed at 500 points as it is the value that 

provides the minimum root mean square error as can be seen in figure 17. 
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Figure 16. Stationary signals morphological filter performance 

 

 

 

Figure 17. Morphological filter estimation error audio database window length optimization 

 

Once the parameters of the spectrogram are chosen, the analysis of the performance of the 

technique based on morphological filters is done and compared to the State-of-the-art algorithms.  

The comparison of the five techniques analysed can be seen in the table below. The parameter 

chosen to compare the accuracy of the estimation of the techniques has been the RMSE, showing 

the Hertz difference between the real frequency of the signal and the estimation done. 
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 Algorithm 1 Algorithm 2 Algorithm 3 Algorithm 4 Algorithm 5.1 Algorithm 5.2 

All 7.3661 7.365 7.3923 - 4.5229 5.4614 

Artificial 12.3534 12.3533 12.4245 - 5.5504 8.5432 

Artificial 

Stationary 

8.7324 8.7322 8.8084 - 2.4188 6.0281 

Artificial  

Non stationary 

16.6985 16.6985 16.7732 - 9.3083 11.9064 

Artificial 

monophonic 

14.4569 14.457 14.5507 - 6.0565 8.6637 

Artificial 

polyphonic 

2.8873 2.8867 2.8799 - 3.2729 8.0010 

MIDI generated 2.2822 2.2738 2.2651 4.1715 2.7773 3.2344 

Recordings 5.3858 5.3852 5.3913 4.0397 4.2196 4.1004 

Recordings: 

scale guitar 

5.9888 5.9889 6.0068 1.8322 5.0920 4.9634 

Recordings: 

scale 

violoncello 

7.2230 7.2258 7.2039 1.4011 3.3877 3.2264 

Recording: 

Happy 

Birthday guitar 

4.2973 4.2962 4.2975 4.9859 4.2903 4.1030 

Recording: 

Happy 

Birthday 

violoncello 

7.832 7.8351 7.8534 3.1430 3.5762 3.2796 

Recordings: 

chords 

3.6282 3.6249 3.6228 7.4374 3.6339 3.5981 

 

TABLE  5. MSE of each technique 
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The estimation algorithms related to each algorithm of the table are: 

Algorithm number Associated technique 

Algorithm 1 Maximum approach 

Algorithm 2 Interpolation approach 

Algorithm 3 Phase approach 

Algorithm 4 Columbia MIREX05 approach (State-of-the-art) 

Algorithm 5.1 Morphological filters approach optimal point 

Algorithm 5.2 Morphological filters approach State-of-the-art optimal point 

 

TABLE  6. Relation of estimation techniques 

 

As can be seen in table 5, the accuracy of the estimation of the morphological filter algorithm is in 

almost all the cases better than the techniques of the state of the art when the estimation of single 

notes in monophonic and in polyphonic files is made. Due to the fact that the algorithm only 

examines if the candidates of its bank filter suit the frequency of the signal, the errors obtained 

from the estimation generally come from the transition between note sections. If the strings of the 

guitar are played letting the note extinguish by itself, mainly the last note of the song or before 

silence parts, the estimation in the last samples of the sound generated has errors due to the 

sound decay and the threshold fixed as that between sound and silence parts. The RMSE from 

the performance of the technique of Columbia MIREX05 has not been able to be analysed in all 

the database since this algorithm processes audio files and the files from the artificial part are 

described directly as mathematical signals, not as an audio to be transformed into a discrete 

signal to be analysed. The RMSE obtained in the table indicates that all of them obtain quite good 

results as the minimum difference between two consecutive notes is around 8 Hz for the notes of 

the Do major scale. So, all the techniques that get less than that number of Hz in the calculation of 

the RMSE can be considered as generally reliable. The techniques that provide higher results 

should be analysed more carefully since the estimations done may easily swing in the estimation 

of any frequency between the real note and the previous and next notes in the musical spectrum. 

The performance of all the estimation techniques can be seen below. The analysis of the signal 

with tones and intercalated sawtooth of the artificial signals database part (signal 9) can be seen in 

figure 18 below. In addition, the analysis of the Do major scale of the classical acoustic guitar can 

be seen in figure 19. The images show the comparison between the real frequency of the notes of 

the files in red and the frequency estimated by the algorithms that try to estimate it contained in 

table 6 at its optimum point. In both examples, the RMSE estimating the note can be seen that is 

related to the mistakes of the algorithms in most cases trying to estimate the frequency of the 

signal in the transition-between-notes parts. The errors indicated are the RMSE of: maximum 

method (err1), interpolation method (err2), phase method (err3), Columbia MIREX05 method 

(err4) and morphological filter method (errntm). 
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Figure 18. Artificial signal 9 estimation performance 

 

 

Figure 19. Classical acoustic guitar Do major scale estimation performance 
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As for the chord estimation technique, the results obtained are really poor. The technique 

developed to detect the frequencies related to the chords of the database does not detect most of 

the chords correctly, as can be seen in table 7. This fact is related to the effect that the lowest note 

of the chord has on the other frequencies’ spectrum. The amplitude related to this note is much 

greater than that of the others as can be seen in figure 20. This effect produces a distortion in the 

peak of the spectrum related to the other notes of the chord and, therefore, it is difficult for the 

composed filter to distinguish between chords. This fact is explained as all the chords share the 

same low note and differ in the acute ones and, when a chord is played in the guitar, the lower 

strings are the first that the finger hits so they are hit with more strength than the trebler ones. 

However, the RMSE does not clearly reflect that the Perfect Major chord is generally chosen since 

the difference between the frequency of the notes of the six different chords is small, so the RMSE 

between the Perfect Major chord and all the other chord frequencies is relatively small. These 

differences in the frequencies related to the notes of each chord can be seen in table 4.   

 

Chord Perfect Major 7 Dominant 7 Major Perfect Minor Minor 7 Dism Combination 

RMSE 2.9135 4.3877 7.0274 6.1196 1.2577 4.9896 3.6540 

 

TABLE  7. Chord estimation RMSE 

 

Figure 20. Do Perfect Major chord spectrum 
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7. Budget 

This project has been developed during 17 weeks, as can be seen in the Gantt diagram in section 

1. In addition, previous work to develop the planning of the project and specify the scope of the 

project has also been done.  

The cost of the project can be seen in table 8. In this table, the personal cost is the one associated 

to the work developed by the developer of the project, the teacher and the guitar player that 

played the songs used in the recordings of the database. The calculation of the cost of the work 

done by the guitar player has been estimated as if it were needed to be paid, which is not the real 

situation in this project. 

As far as the software is concerned, the programs used to edit the audio recordings (Audacity) and 

the software used to process the MIDI files downloaded from the internet (GarageBand) are either 

open-source or inside the basic applications of the laptop used to develop the project (MacBook). 

The only software that may carry on a cost is the MATLAB application. It has been taken into 

account that the Education License cost is the one that fits this project as it is a part of a degree 

requirement, not a project developed by a company. 

 

Description Unit Price Quantity Price (€) 

Junior engineer 12 €/hour 40 h/week 8.160 € 

Senior engineer 25 €/hour 1 h/week 425 € 

Guitar player 15 €/hour 3 h 45 € 

MATLAB Education License 250 €/year 1 year 250 € 

Audacity free 1 0 € 

GarageBand free 1 0 € 

TOTAL COST   8.880 € 

 

TABLE  8. Budget of the project 
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8. Conclusions and future development:  

To sum up, after comparing the accuracy of the estimation obtained by applying the new 

technique presented in this thesis to the previous techniques of melodic analysis, the results have 

been quite satisfactory.  

The idea of applying techniques of image processing to a field not related to, providing a new 

perspective on musical analysis based on intuition, has been fruitful. At first, the construction of 

the database was supposed to take less time but, due to the necessity of an external guitar player 

to play the songs, the subsequent recording processing, the creation of files containing the notes 

being played and their time-stamp in each song made the database work longer than expected. 

The implementation of the morphological filters approach has been a simple, intuitive and optimal 

algorithm. So, in the estimation of the melodic line of monophonic files played with a guitar, the 

algorithm provides a reliable transcription of the songs. The only characteristic of the algorithm to 

be improved is the transition between notes. This is the only part of the musical signal that gives 

errors in the estimation of the frequency of the signal due to the fading of the sound generated by 

the guitar and the election of the threshold between sound and silence. By improving the 

estimation in this part, the transcription of the melodic line of monophonic signals will be almost 

perfect.  

As guitar songs are mostly made of chords instead of solo notes, the chord estimation should be 

improved if an accurate guitar music transcriptor is wanted to be obtained. In the case of the 

detection of the frequencies of the chords, the application of a combined filter with all the deltas of 

the filter related to the harmonics of the note with the same amplitude has been seen to be 

inefficient and, therefore, useless.  

Two new ways of trying to identify the frequencies of the notes contained by each chord could be 

tried as future development of this technique.  

The first technique follows the path set by the chord detection implementation contained in this 

thesis. As it has been previously seen in the thesis, the energy of the signal is always condensed 

around the first harmonics of the fundamental frequency. The difference now will be that, as the 

relation between the amplitude of the harmonics of a note and its principal harmonic is very big, 

the amplitude of the deltas will be set to be decreasable as the number of deltas increase. By 

setting the amplitude of the deltas in a decreasing way trying to fit the amplitude of the harmonics, 

the effect of the harmonics is supposed to be detected more clearly and to minimize the effect that 

the first harmonics have on the other notes that may interfere in the amplitude of the signal at their 

multiples in frequency. The functions that describe the relation between the amplitude of the deltas 

that will be tested will be a lineal function and an exponential function.       

The second technique will be based on the fact that the amplitude of the power of the signal at the 

fundamental frequency related to a low note is greater than the power at a treble note. This issue 

is related to the fact that the guitar strings are located in the guitar from lower (on the top) to more 

treble (on the bottom). By this location and the fact that the guitar strings are generally hit from the 

top to the bottom, the power of the hit of the lower strings is higher than the power of the more 

treble ones. By setting this fact, a filter bank following a tree structure will be tested. In the first 

steps, the lower notes will be considered to be contained in the file. If the result of the 

reconstruction process is greater than a threshold, the note will be tagged as contained in the 

song. In the following steps, the next notes will be tested following the same path as the notes 

become more treble. The threshold of each note will be needed to be tested and optimized. After 

applying all the filter layers, at the end of the process, the chords estimated will be returned to the 

user. 
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Moreover, a user-friendly application could be built in order to make this software useful for the 

general public. As the Shazam application that nowadays identifies the songs being heard if they 

are in its database, this application will provide the users with the notes being played by the guitar 

player in order to help new musicians learn to play the guitar songs that they hear in their 

everyday life.   
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Appendices: 

Comparison in the detection of the first note of a chord by the four techniques implemented.  
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Comparison in the melodic line detection of the “Happy Birthday” song played by the 

classical Spanish guitar. 
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Morphological reconstruction 

If X (mask image) is the reference set and Y (marker image) is included in X, the geodesic dilation 

of Y inside X of infinite size, 𝛿∞
𝑋(𝑌), returns the connected components of X which are marked by Y. 

As can be seen below, the dilation of size 1 can be described as the calculation of the maximums 

of the image set as mask image (this image is processed as the base image, X) that it shares with 

the marker image (Y) [11].  

 

The process of enlarging the size of the dilation until the infinite can be seen in the next image. 

 

This process at its infinite point of calculation is also called morphological reconstruction and the 

algorithm that describes it is: 

𝛾𝑟𝑒𝑐(𝑚𝑎𝑠𝑘; 𝑚𝑎𝑟𝑘𝑒𝑟) = 𝛿∞
𝑚𝑎𝑠𝑘(𝑚𝑎𝑟𝑘𝑒𝑟) 

So, in the case of this thesis, the morphological reconstruction can be synthesized and modeled 

as the process that is showm in the next images. The signal wanted to be analysed is the X (blue 

line), the marker related to the deltas of each note frequency is the Y (green line) and the result of 

the reconstruction is the red line. 
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Glossary 

STFT: Short Time Fourier Transform 

MFCC: Mel Frequency Cepstral Coefficients 

HAS: Human Auditory System 

SVM: Support-Vector Machines 

DFT: Discrete Fourier Transform 

RMSE: Root Mean Square Error 
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