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                           CHAPTER TWO 

2. LITERATURE REVIEW 

2.1. Introduction  

Ethiopian Orthodox Church is one of the spiritual institutions in which the spiritual facility 

performed by the priest and scholars for the worship of God . It is an important for religious 

followers which gives instruction in the Christian Faith would attend the Mass until the 

reading of the Gospel. It is one of the few Churches of Christian where the worship of the 

primitive church has been preserved (Kelly, 2017).  

Chant is a tune in Ge'ez, the liturgical language of the Ethiopian Orthodox Tewahdo Church 

which could also be considered speech, music, or a heightened or stylized sort of speech. 

In this chapter we discuss the main points of chant in Ethiopian orthodox church which 

discuss the idea of chant and chant prediction, signal processing approach, characteristics 

of chants, chant instruments, machine learning approaches. we focused on chant prediction 

in Mahelet such as kum, mereged, Niuse mereged, Tsifat and wereb with religious 

instrument drums and cymbals sound. The aim of this study is to develop an automatic chat 

prediction based on drums and cymbals sound for Ethiopian orthodox church (Hermitage, 

2018).  

2.2. Chant Characteristics in Mahelet 

In this study we had identified the type of chant that are song in orthodox Tewahdo church 

which are described as follows. Therefore, the type of chant could be classified into two 

which are song with drums and cymbals and that are song without drums and cymbals 

instruments (meskel, 2015). 
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growth in digital signal processing and control theory and applications over the past 

decades. Digitization is about converting analog to digital or continuous to discrete value. 

So, the signals that are going to be processed are a sequence of numbers that represent 

samples of a continuous variable in a domain such as time, space and frequency (Yong-Jun 

, 2015). 

Our focusing area is on chant prediction with sub specific area of sound recognition which  

is the iterative speaking or singing of words or sounds, often primarily on one or two main 

pitches called reciting tones. It may also vary from an easy melody involving a limited set 

of notes to quite complicated musical structures, an extraordinary deal of repetition of 

musical subphrases, Great Responsories and Offertories of that viewed speech, music, or a 

heightened or stylized form of speech.  

2.5. Speech processing Approach 

Speech processing is the study of speech signals and processing methods. The signals are 

usually processed in a digital representation, so speech processing can be regarded as a 

special case of digital signal processing, applied to speech signals. 

2.5.1. Works on speech processing 

A musical instrument is a critical tool in solving difficult problems and also to provide 

useful information in sound source recognition areas, such as speaker recognition, music 

mood detection, music recommendation systems, music instrument recognition (Schedl, 

Gómez, & Urbano, 2014). 

The modern song recommendation systems often make use of information retrieval 

methods, leveraging user listening patterns to make better recommendations. However, 

such systems are often greatly affected by biases in large-scale listening patterns and might 

fail to recommend tracks that are less widely known (and therefore have sparser user 

listening history). Using the LSTM method with a dataset contains lists of similar songs 

for over 500,000 tracks and providing similarity score for each pair of songs. It concluded 

as music is an information retrieval calls for a deeper understanding of music itself, and of 

the core factors that make songs similar to each other. Here they predicted whether two 
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attenuated. The Hamming window is a good window function, which consists of a narrow 

main part and low side part levels in their transfer functions, which shrinks the values of 

the signal toward zero at the window boundaries, avoiding discontinues (Yuan , Zhao , & 

Zhou, 2010).  

2.6. Machine Learning Approach 

2.6.1. Machine Learning Techniques for Speaker Recognition  

2.6.1.1. Support Vector Machine (SVM) 
Support Vector Machine (SVM) is a vital classification technique in statistical learning. As 

speaker recognition is mainly a classification problem, researchers have studied SVM as 

attainable classifier in the area of research domain with shown an experiment on how SVM 

can be applied successfully as a training technique and classifier on large-scale samples. 

Their strategy is text-independent which makes the education section more challenging to 

pick out the speaker without relying on the spoken corpus. The most studies in speaker 

attention have been primarily based on Bayes choice or neural community classifiers which 

require cross-validation to limit over-training the model. Hence, to avoid this issue, they 

researched the usage of SVM for speaker recognition. Their methodology includes 

coaching the SVM through optimizing the Quadratic Lagrangian and thus, most strategies 

of Quadratic Programming (QP) are relevant in their study. One disadvantage they had 

with this strategy is that the kernel matrix Q is saved in memory, and that is no longer 

appropriate for large datasets. As education samples are in large numbers for speaker 

recognition, it is important to discover methods that optimize the education phase of the 

SVM (Abhishek , 2019). 

2.6.1.2. Neural Network in Speaker Recognition 
Deep Learning had risen closely in the past few years, the researcher researched the 

functions of deep learning to know in speaker recognition. They believed that deep learning 

is extensively used in several areas such as natural language processing, image recognition, 

and computer vision, however, its applications are limited in the areas of speaker 

recognition due to the knowledge gap. With this research, they have tried to reduce the 

knowledge gap between deep learning and the group of researchers using traditional 

approaches for speaker recognition. Artificial Neural Networks (ANNs) are effective for 
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such research, however, as the training mechanism is dependent on multiple layers, it can 

often be time-consuming. In order to resolve this issue, they used deep learning, a greedy-

wise layer for training and decrease the training time (Abhishek , 2019). 

2.6.1.3. Gaussian Mixture Models (GMM)  
When we take the Gaussian Mixture Model (GMM) it is a parametric possibility density 

characteristic denoted as a weighted sum of Gaussian aspect densities which oftentimes 

used as a parametric model of the probability distribution of non-stop measurements or 

aspects in a biometric system, such as vocal-tract related spectral aspects in a speaker 

awareness system. The entire Gaussian mixture model is parameterized by using the mean 

vectors, covariance matrices and combination weights from all thing densities. GMMs are 

frequently used in biometric systems, most notably in speaker attention systems, due to 

their capability of representing a giant type of pattern distributions (Afnan, 2015). When 

we used GMM algorithm with MFCC and LPCC we received better prediction because the 

usage of the aggregate function vector is higher for sound prediction with GMM. 

In this study we focused on chant prediction in Mahelet using a MATLAB software 

application version Matlab 2018Ra and a preprocessing techniques silence removal, noise 

removal, framing, preemphasis and windowing, and feature extracted techniques like 

MFCC, LPCC and combined features using GMM algorithm. In addition, we used 

implementation techniques such as Audacity, audio converter and audio cutter.  

The gap of research on the title Music Mood Detection Based On Audio And Lyrics With 

Deep Neural Net is implmenting depend on considering both correlations between audio 

and lyrics, on the title Instrumental Song Of Saint Yaredic Chant Derived Automatic 

Pentatonic Scale Identification: Bagana with considering  homophony song, on the title 

Orthodox Liturgical Hymns In Gregorian  applying a deep learning or machine learning 

approach, on the title Speaker Identification Using GMM with MFCC with considering 

GMM-UBM and on the title Deep Learning for Audio Signal Processing applying network 

behaves to improve the model structure to address failure cases 
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 Table 2. 2 Summery of literature review 

Author Year Titles of research  Methods  Result and limitation 

Jimena Royo 
Letelier,Manuel 
Moussallam 

2018 Music Mood Detection Based On 
Audio And Lyrics With Deep 
Neural Net 

SVM 
algorithm 
using Matlab 

Audio, lyrics and bimodal 
music detection performed 
with better detection in 
bimodal but not consider 
both correlations between 
audio and lyrics 

Wondmu Baye 2019 
Instrumental Song Of Saint 
Yaredic Chant Derived 
Automatic Pentatonic Scale 
Identification: Bagana 

 Classic 

algorithms 

using C# 

81.4% in average, Identifies 
major and minor scale of 
begena in monophony but 
not homophony song 

Gabye  2011 Ethiopian Christian Liturgical 
Chant and Historical Context. 

No did not applied algorithm  

Hermitage 2018 Orthodox Liturgical Hymns 

In Gregorian 

No Only focus on historical 
part of Hymn 

Tahira 

Mahboob. 

2015 Speaker Identification Using 

GMM with MFCC 

GMM Identifies speaker with 
87.5% accuracy, Appling 
GMM-UBM considered as 
a gap 

Abhishek 2019 Speaker Recognition using 

Machine Learning Techniques 

KNN, SVM, 
RFC, MFCC 
using Matlab 

Using RFC shows 84.6% 
with precision but limits 
accuracy due to noise so 
eliminating noise considers 
as a gap 

Hendrik 2019 Deep Learning for Audio Signal 

Processing 

CNN using 
Matlab  

Identification of audio 
signals with sound 
detection, tracking, as a 
gap applying network 
behaves to improve the 
model structure to address 
failure cases 

Yuan Yujin, 
Zhao Peihua, 
Zhou Qun 

2010 Research of Speaker Recognition 
Based on Combination of LPCC 
and MFCC 

VQ and DTW 
using MFCC 
and LPCC 

Using different, same, with 
different and same contents 
they got the recognition 
rate 97.12% in different 
speaker and different 
contents which is better  
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2.7. Related works 

Different researchers have been worked their researches on signal processing approaches 

which are considered the recognition of speech sounds. Regarding to this, related works 

have performed to predict the speech sound which are described below. 

In the work of  (Yakubu A. Ibrahim, 2017) the author used auto correlation method in order 

to automatic speech recognition which used  for automatic phone answering service, 

dictating text and issuing voice commands to computers. Here they used preprocessing 

technique which consists: 

 Background/ambient noise removal is useful parts of a speech signal from stream of 

signals can be of high importance during the initial processing stages of an audio analysis 

system process.  Ambient noise is any signal other than the signal being monitored,  

Voice activity detection /speech word detection used to divide the speech signal into 

voiced or unvoiced, speech segments and non-speech segments. The major issue of getting 

or locating the endpoints of a signal in a speech is a main problem for the speech recognizer 

in which inaccurate endpoint detection will decrease the performance of the speech 

recognizer 

In the work of  (Maliki & Sofiyanudin, 2018) the authors focused on musical instrument 

recognition using MFCC and LVQ methods implementation that method for recognition 

musical instrument based on Areophane, Electrophone, Chordophone, Idiophone, and 

Membranophone. In this paper they had shown the experiment which was performed using 

750 datasets with 5 sound source classes, the result of the performance test show that 

methods have 94.80% accuracy. As a methodology, they input sound sample, then process 

the sound file using MFCC method to feature extraction. The result of feature extraction is 

value of the vector to be include in the feature model. Then after feature model that contain 

information from sound file. After that Classification using LVQ method to recognize the 

sound file, then result recognition of sound reference class with aero phone, electrophone, 

idiophone, chordophone and membranophone. 
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According to (Girma, 2014) he has been done for the St Yared hymn notation which is 

used for nearly 1500 in most traditional music and inside Ethiopian Orthodox church. He 

assumed to preserve notations text-to-speech synthesis for St Yared hymn notation is 

required. voice of an expert of the hymn was recorded for the transcribed lyrics. He used a 

segmentation of the notes from the recorded voice which is done manually and saved in a 

dataset with its context information of the left and right for target note. Thus, in the 

synthesis phase the selected unit waves are synthesized by making certain changes on the 

pitch and intensity to smoothly concatenate the units. 

 Praat software had used for recording the voice with a sampling frequency of 44100 Hz 

and 16-bit resolution of data representation. Java programming language was used to 

process the input text.  

Matlab program codes were written for the synthesis of the wave signal for the 

concatenated units to give an appropriate pitch and intensity.  St Yared hymn as he stated 

has eight notes in number. Namely yizet, deret, rikrik, difat, chiret, kinat, hidet and Kurt 

Rikrik and hidet has two forms which can make the symbols ten as shown on Table 2.3 

Basically, these symbols are the core notes of the St Yared hymn which had the capability 

to describe all his songs when they appear on the letters.  

Table 2. 3 St Yared hymn Notes 

 

He did not consider the preprocessing techniques to perform hymn pitches but he 
considered only the sign of notation.  
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different separated audio signals were obtaining harmonic, drum, piano, trumpet and 

saxophone. But they considered the characteristics each instrument class consists in their 

class. They used precision, Recall, and F-1 score with SVM classification method and they 

got 72% overall accuracy. 

Automatic Instrument Recognition (AIR) is a fundamental task in Music Information 

Retrieval (MIR) which objects at identifying all participating music instruments in a given 

recording.  Accordingly, hybrid deep neural network which are a combination of 

convolutional and fully connected layers for learning characteristic spectral-temporal 

patterns based algorithm was used to distinguish related instruments (Juan , Jakob, & 

Estefan´ , 2018). Pitch is a speech signal sounds which is identified based on the excitation 

of voiced and unvoiced sound signals and the behavior of voiced signal is periodic due to 

the vibration of vocal cords (Mario , 2016).  

In this study we considered the identification of five types of chants in Mahelet in Ethiopian 

Orthodox Christian church which are known kum, mereged, niuse mereged, tsifat and 

wereb using a preprocessing techniques silence removal, noise removal, framing, 

preemphasis and windowing, and feature extracted techniques like MFCC and LPCC using 

GMM algorithm.  
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                          CHAPTER THREE 

3. RESEARCH METHODOLOGY 

3.1. Introduction 

Chant is a melody in Ethiopian orthodox church, having different characteristics with 

different classes like kum. Mereged, niuse mereged, tsifat and wereb. In this section we 

describe the processing of chant prediction based on preprocessing and feature extraction 

technique. 

3.2. Preparation of the data  

 The dataset of the chant sounds prepared based on the pitch standard with discussing 

scholars. Different preprocessing techniques are applied for processing chant sounds. In 

order to prepare our dataset, we used five churches St. Georgis cathedral, Abune Gebre 

Menfes kidus, Bezawit, St. maraiam, St. kidus Geberel and Kidane mihret churches on 

Sunday and feast days using step voice recording and Leapic Audio Cutter tools. The 

prepared melody sounds are setting in the form of audio files. The audio files are about 10 

second for each chant to understand clearly. we have adjusted the sampling rate 44100, 16-

bit resolution. The collected audio data are different and the training and testing of data 

performed randomized which has not impacts. 

  

 Table 3. 1 Data Preparation 

 

Serial 

Number 
Name of Orthodox church Chant Name No. of audios  

1 Abune Gebere Menfes kidus church Kum 102 

2 S.t Giworgis Cathedral church Mereged 120 

3 Bezawit S.t Mariam church Niuse mereged 84 

4 Kidane Mihret church Tsifat 123 

5 S.t Gebreal church Wereb 126 

                                       Total 555 



28 
 

 

3.3.  Implementation Tools  

MATLAB is a software package used primarily in the field of engineering for signal 

processing, numerical data analysis, modeling, programming, simulation, and computer 

graphic visualization and had been become widely accepted as an efficient tool which has 

significantly increased in scientific communities and academic institutions (Ali, 2016). 

Therefore, we applied MATLAB software application. 

3.4. Research Model  

The objective of this study is to predict chants in Mahelet for Ethiopian orthodox church 

with designing a model. The research model as given in Figure. 3.1 was used to conduct 

an experimental research for the prediction of chant in Mahelet based on drums and 

cymbals sound in Ethiopian orthodox church. 

 

Figure 3. 1 chant sound prediction Architecture  
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3.5.1. Framing 

The input audio signal is segmented into frames of 10 s with optional overlap of the frame 

size. Usually the frame size (in terms of sample points) is equal to power of two in order 

to facilitate the use of FFT. If this is not the case, we need to do zero padding to the nearest 

length of power of two. If the sample rate is 16 kHz and the frame size is 320 sample points, 

then the frame duration is 320/16000 = 0.02 sec = 20 ms. Additionally, if the overlap is 

160 points, then the frame rate is 16000/ (320-160) = 100 frames per second. 

Figure 3. 2 kum chant framing 

3.5.2. Pre emphasis 
Preemphasis is used to compensate the high frequency part from the sound signal that was 

stressed during the production mechanism of voice. A spoken audio signal may have 

frequency components that decrease at high frequencies (Anggun , Risanuri , & Agus , 

2018).   
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background noise is completely undesirable. (Jasmine, 2016). Here we used a hamming 

window technique. 

3.5.5. Silence removal 

Speech processing is study of human speech signals and its processing methods. Speech 

signals are normally processed in digital form, so speech signal processing is exceptional 

case of digital signal processing. Characteristic of speech processing includes storage, 

acquisition, manipulation, transfer and output of the speech signal. It contains a lot of 

information and its classification into voiced, unvoiced and silence regions help to increase 

the performance of system. In silence region of speech signal no data is being transferred 

so it is very necessary to identify and delete the silence region from the speech signal. Once 

it deleted then it will get ignored from the further processing. For this purpose, VAD is 

used to detect the presence and absence of voice (Tushar Ranjan Sahoo, 2014). 

In this preprocess we have to identify an audio file, where no speech is produced, Unvoiced, 

in which the vocal cords are not vibrating, so the resulting speech waveform is a periodic 

or random in nature, voiced, in which the vocal cords are tensed and therefore vibrate 

periodically. As shown in figure 3.6 we had seen silenced sound signal and we applied the 

silence removal procedure to remove silence to get the free silenced sound signal as we 

had seen in figure 3.7.  
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Procedures of Silence Removal 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 3. 5 Silence removal procedure adopted from (Yakubu A. Ibrahim, 2017) 
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Signal sound with silence 

 

 

  

Figure 3. 6 Audio with Silence 

 

As we have shown in the figure 3.6 there is a silence audio sound from 0 up to 10.5 time 

series which can be removed in figure 3.7 below. 
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After Silence Removed 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 3. 7 Silence Removed 

This figure is demonstrated from figure 3.6 in which the silence audio sound is removed 

which is getting without silence. 

3.6.  Feature Extraction 

Feature extraction approaches yields a feature vectors for a chant audio signal which 

consists mel-frequency cepstral coefficients and linear prediction cepstral coefficients. It 

is a signal processing front end process which converts the human speech into some useful 

parametric representation. It plays a crucial role in the overall performance of a speech 

recognition as well as speaker recognition system. An appropriate feature extraction 

technique must capture the important characteristics of the signal also should discard some 
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Figure 3. 10 LPCC estimation 

As shown the figure above Linear predictive cepstral coefficient (LPCC) is a widely used 

technique in audio signal processing, especially in speech signal processing which used in 

voice signal compression, allowing for very high compression rates.  

3.6.3. Combined features  

The combined feature contains the MFCC feature vector and LPCC feature vectors which 

is combined depend on GMM training model with passing the features of chants that 

performed using MFCC and LPCC.  

3.6.4. Zero-Crossing Rate (ZCR) 

It is an indicator for the noisiness of the signal, often used in speech processing applications 
i.e. it is used to detect the noise in the signal. It relates information about the spectral 
content of the waveform. ZCR gives us discriminating periodic signals (for small ZCR) 
from noisy signals.  Figure 3.12 shows the Zero Crossing Rate for the kum chant sound 
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               Figure 3. 11 Original kum zema audio input 

 

        

        

 

 

 

 

 

Figure 3. 12 ZCR of kum chant 
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3.8.  Machine Learning Classifiers 

Similar to the feature extraction techniques, the machine learning classifiers also play a 

vital role in determining the overall effectiveness of sound recognition model. As we have 

an intention to classify audios and determine the chant sound in Mahelet, this is a 

classification concepts and hence we shall discuss about some effective supervised 

classification machine learning algorithms.  

3.8.1. GMM 

 GMM is the basic method for estimating parameters in probabilistic models. Since 

Gaussian Mixture Model is better for speaker recognition and verification applications, we 

used it for chant sound prediction as classifier.  It used as a probabilistic model for text-

independent verification. An extension of GMM-based systems to speaker verification was 

described and evaluated on several sound corpora (Shamama , 2015). In order to apply the 

GMM first of all we input the input the signal sound then after we preprocess the input 

signal using the preprocessing techniques silence removal, noise removal, framing, 

preemphasis and windowing and the feature extraction techniques MFCC feature vector, 

LPCC feature vector. Since the GMM is used to pass the features of chant, we applied the 

GMM training to recognize the chant signal sound using GMM classifier.   

Figure 3. 13 Recognition of chant using GMM 
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CHAPTER FOUR 

4. EXPERIMENTATION AND RESULT 

4.1  Introduction  

This chapter embraces the experiment of chant prediction in Mahelet as explained briefly 

in chapter three. It covers the following preparation of training and testing dataset, feature 

extraction, result and discussion. 

4.1.1 Data collection 
 
 For this experiment a chant signal sound is collected from Bahir dar Orthodox churches 

which used to implement the demonstration of chant prediction. In this study we used the 

randomized sampling techniques in order to spit the dataset for each chant level. 

4.1.2 Design development environment  
 
MATLAB is better environment for signal processing and powerful tool for signal 

processing, so MATLAB 2018Ra 64-bit version is used for prototype development. 

4.1.3   pitch 
 
Pitch extraction is a perceptual property of sounds that lets in their ordering on a frequency-

related scale which is the fantastic that makes it feasible to pick sounds as "higher" and 

"lower" in the experience related with musical melodies.  It can be decided only in sounds 

that have a frequency that is clear and secure sufficient to distinguish from noise. It 

is additionally a principal auditory attribute of musical tones, alongside with duration, 

loudness, and timbre. It might also be quantified as a frequency, however no 

longer a basically goal physical property; it is a subjective psychoacoustical attribute of 

sound. Historically, pitch perception has been a central problem in psychoacoustics that 

has been instrumental in forming and testing theories of sound representation, processing, 

and perception in the auditory system. The following tables illustrates the sample of chant 

sound for orthodox church which are assigned for each chant type. 
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NO 
                              Chants  

Kum Mereged Niuse 
Mereged Tsifat Wereb 

1 k1.wav m1.wav nm1.wav t1.wav w1.wav 
2 k2.wav m2.wav nm2.wav t2.wav w2.wav 
3 k3.wav m3.wav nm3.wav t3.wav w3.wav 
4 k4.wav m4.wav nm4.wav t4.wav w4.wav 
5 k5.wav m5.wav nm5.wav t5.wav w5.wav 
6 k6.wav m6.wav nm6.wav t6.wav w6.wav 
7 k7.wav m7.wav nm7.wav t7.wav w7.wav 
8 k8.wav m8.wav nm8.wav t8.wav w8.wav 
9 k9.wav m9.wav nm9.wav t9.wav w9.wav 
10 k10.wav m10.wav nm10.wav t10.wav w10.wav 
11 k11.wav m11.wav nm11.wav t11.wav w11.wav 
12 k12.wav m12.wav nm12.wav t12.wav w12.wav 
13 k13.wav m13.wav nm13.wav t13.wav w13.wav 
14 k14.wav m14.wav nm14.wav t14.wav w14.wav 
15 k15.wav m15.wav nm15.wav t15.wav w15.wav 
16 k16.wav m16.wav nm16.wav t16.wav w16.wav 
17 k17.wav m17.wav nm17.wav t17.wav w17.wav 
18 k18.wav m18.wav nm18.wav t18.wav w18.wav 
19 k19.wav m19.wav nm19.wav t19.wav w19.wav 
20 k20.wav m20.wav nm20.wav t20.wav w20.wav 
21 k21.wav m21.wav nm21.wav t21.wav w21.wav 
22 k22.wav m22.wav nm22.wav t22.wav w22.wav 
23 k23.wav m23.wav nm23.wav t23.wav w23.wav 
24 k24.wav m24.wav nm24.wav t24.wav w24.wav 
25 k25.wav m25.wav nm25.wav t25.wav w25.wav 
26 k26.wav m26.wav nm26.wav t26.wav w26.wav 
27 k27.wav m27.wav nm27.wav t27.wav w27.wav 
28 k28.wav m28.wav nm28.wav t28.wav w28.wav 
29 k29.wav m29.wav nm29.wav t29.wav w29.wav 
30 k30.wav m30.wav nm30.wav t30.wav w30.wav 
31 k31.wav m31.wav nm31.wav t31.wav w31.wav 
:::: :::: :::: :::: :::: :::: 
:::: ::::: :::: :::: :::: :::: 

 

Table 4. 1 Sample chant audio file formats 
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In table 4.1 above we had shown the sample of an audio chant file format which can be 

extracted to pitches in frequency as shown in table 4.2 below. 

  

Table 4. 2  Sample Pitches or frequency in each chant 

 

 

 

 

 

 




































































