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Abstract—In today’s information technology age, we encounter 
large quantities of information, both audio and video, in daily lives 
and there is a great need for efficient ways of searching and 
retrieving relevant information. The goal of an audio indexing is to 
provide the capability of searching and browsing through audio 
content.The basic process for representing an audio signal can be 
defined by four steps: Data preprocessing, Segmentation, Feature 
extraction and Classification. In this paper, we propose content-
based indexing scheme for music signal or data in multimedia 
databases. Firstly, we present to extract features from an audio 
signal; samples are often preprocessed using standard digital signal 
processing techniques. Secondly, we show that features extracted 
from each frame of a music signal represent a significant reduction in 
terms of data size and dimensionality. In this paper, the average 
search time for DFT and DCT over different numbers of coefficients 
is shown. According to the results, it is obvious that DCT needs 
more search time than DFT. So, DFT is more coefficient than DCT. 
Moreover, we present a new simple search algorithm in this paper. 

Keywords—Preprocessing, blocking and segmentation, feature 
extraction and search algorithm. 

I. INTRODUCTION 
HE amounts of audio data being generated, processed 
and used in several computer applications have 
necessitated the development of audio database systems 

with newer features such as content-based queries and 
similarity searches to manage and use such data.  

Between the advent of audio recordings in 1877 and the 
emergence of Napster in 1999, most music collections were 
based on discrete storage units, whether wax cylinders, vinyl 
records, cassettes, or compact discs. In the 21st century, the 
confluence of high-quality audio compression, the growing 
storage capacity of hard drives, and the ubiquity of high-speed 
Internet have made it possible to transform large audio 
collections into digital archives on a home computer. The 
result is a need for tools to explore and organize these 
collections. 

In content-based audio analysis, a music piece is described 
by a set of features that are directly computed from its 
content, i.e., the audio signal is parameterized into suitable 
feature vectors, which should retain salient information while 
discarding unnecessary details. 

Therefore, the initial step in content-based audio analysis 
is to represent the audio signal in a low-dimension form 
which can be used to manipulate more meaningful 
information. 

The basic process for representing an audio signal can be 
defined by four steps: Data preprocessing, Segmentation, 
Feature extraction and Classification. 
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In this paper, we present content-based indexing scheme 
for music signal or data in multimedia databases. Initially, we 
propose to extract features from music signal. And then 
samples are often preprocessed using standard digital signal 
processing techniques. Secondly, we express features 
extracted from each frame of a music signal represent a 
significant reduction in terms of data size and dimensionality. 
Finally, we present a new simple search algorithm in this 
paper. 

II. RELATED WORK 
Liu et al presented cultural style based music classification 

using 6 different cultures Western, Chinese,     Japanese, 
Indian, Arabic and African.    Timbral feature, wavelet feature 
and musicology-based features sets are extracted.     Decision 
tree, OAO and OAA SVM and k-NN classifiers are applied 
for classification purpose. The highest accuracy of 86.50% is 
achieved by SVM-OVA using all features. 

Eerola, T., etal. (2001) presented a method for comparative 
analysis of folk music based on musical feature extraction and 
neural networks using a simple data-mining tool for databases 
that use a symbolic representation of melodic information and 
extracting the distributions of pitches, intervals and durations 
Self-organizing neural network (SOM) was used to visualize 
the feature vectors. 

Lydia Mutiara Dewi (2012) referred to the dataset of Asian 
and European folk songs. Timbl will be used for classifying 
the musical pieces in accordance with East Asian and 
European classes and applies the combination of N-Gram, 
tf*idf weighting, and machine learning The means of 
accuracy for this combination of global features are 84.22% 
for both halves of the musical pieces and 83.92% for the 
whole musical piece.  

Chai, W., & Vercoe, B. (2001) describes the work on the 
music corpora of Irish, German and Austrian folk music in 
various symbolic formats were used as the HMM structures 
achieved 75%, 77% and 66% for 2-way classifications and 
63% for 3-way classification using 6-state left-right HMM 
with the interval representation in the experiment. 

III. PROPOSED SYSTEM 
Transforms are applied to signals (time domain signals, 

like audio or spatial, like images) to transform the data to the 
frequency domain. In this paper, we present preprocessing, 
segmentation and feature extraction and express a new simple 
algorithm. 

A. Preprocessing for music signal 
In order to extract features from an audio signal, samples 

are often preprocessed using standard digital signal 
processing techniques in figure (1). The purpose of this is to 
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help improve performance when features are processed by 
classification algorithms. 

One common technique is to normalize the amplitudes in 
an audio signal such that they are uniformly scaled for further 
manipulation. Normalization is helpful when applying 
classification algorithms as it controls variability in recording 
levels. 

Another common technique is down sampling, which 
reduces the sampling rate of an audio signal. It is useful for 
adjusting different audio sources to the same bandwidth and 
to reduce data size, which helps speed up the feature 
extraction process and the related classification algorithms. 

 
Fig. 1 Preprocessing of audio clip to get the input data 

 

Breaking audio samples into shorter windows is a 
common technique for obtaining a degree of time localization 
when performing Fourier analyses.  

Two of the most commonly used windowing functions are 
Hamming windows and Hann windows, which are both 
moderate with respect to dynamic range . Their popularity is 
due to their applicability to a wide variety of wave types.  

Each of these equations is applied to all samples in a 
frame, and it is the output that is processed by a FFT. The 
Hanning window can be computed as: 
w[n] = 0.5-0.5cos(2πn/M), 0<n<M 

            0, otherwise 

w[n] = 0.54-0.46cos(2πn/M), 0<n<M 

            0, otherwise 

w[n] = 0.42 0.5cos(2πn/M)+0.08(4πn/M)+, 0<n<M 

            0, otherwise 

B. Blocking and Segmentation 
The features extracted from each frame of an audio signal 

represent a significant reduction in terms of data size and 
dimensionality.  

To further reduce an audio signal to a lower dimensional 
form, instead of extracting features on a frame-by-frame 
basis, features can be calculated on a group of consecutive 
frames (analysis windows). This process, known as 

segmentation, is accomplished by applying acoustic analysis 
to the frames from an audio signal and looking for significant 
transitions. In segmentation, the audio data is divided into 
variable-length units called segments and the data within a 
segment does not vary much.  

The positions in audio data where very sharp changes 
occur define the segment boundaries. The audio data and the 
query are divided into fixed-size blocks. 

C. Feature Extraction 
The equations are an exception to the prescribed 

specifications of this template. You will need to determine 
whether or not your equation should be typed using either the 
Times New Roman or the Symbol font (please no other font). 
To create multileveled equations, it may be necessary to treat 
the equation as a graphic and insert it into the text after your 
paper is styled. 

The feature extraction step transforms the input audio 
signal into a low-dimensional representation which contains 
the information necessary for classification or content 
analysis.  

The audio file is broken into small segments in time and 
for each of these segments a feature vector is calculated. They 
use information such as spectral or statistical variations in 
order to determine rhythm, pitch, tempo, melody, and timbre. 

The audio features are described as followings: Pitch, 
Timbre Texture Features and Rhythm Features. 

Pitch is an important perceptual feature and an attribute of 
every musical tone and the fundamental or first harmonic of 
any tone. 

For example pitch helps the human ear to distinguish 
between string instruments, wind instruments and percussion 
instruments such as the drums, table etc. 

These could be categorized into Time-domain and 
Frequency-domain analysis. 

The pitch detection program that extracts the fundamental 
frequency from the power spectrum obtained from the FFT of 
a frame.  

These are 

(1)Divide input audio signal into frames. 

(2)Multiply frame with a Hamming window. 

(3)Compute the FFT and magnitude of the frame 
sqrt(real^2 + img^2). 

(4)Find the fundamental frequency (peak) by harmonic 
product spectrum. 

 (5)Convert the frequency of the peak (bin frequency) to 
note. 

D. Simple Search Algorithm 
The search algorithm developed for transform-based 

indexing is described in this section. This method is used to 
search the given query samples against the data in the audio 
files. 

 In this index searches, the transform coefficients of the 
query are compared with corresponding coefficients of the 
data blocks and the distance between them is determined. If 
the distance is below an experimentally determined threshold, 
it is accepted as a match. The first of the two index search 
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schemes is called Simple Search. It assumes that the query 
block boundaries are aligned with those of the data block 
boundaries. 

The Simple Search Algorithm are described as following: 

(QBC[1:M, 1:L], DBC[1:N, 1:k], DBCL[1:N, 1:k]) 

1. begin 

2. for i=1 to N-M do 

3. dist = 0; 

4. for j=1 to M do 

5. dist =dist+Euclidean distance between corresponding 
coefficients of QBC[j] and DBC[i+j-1]. 

6. end for 

7. if (dist<Threshold) 

8. Match Found and exit 

9. end if 

10. end for 

11. end 

System Notations 

L :length of a block 

N :number of blocks of the data 

M :number of blocks of the query 

K :numbers of significant transform coefficients per block 
retained as index. 

QBC :Query Block Coefficients 

DBC :Data Block Coefficients 

DBCL : Data Block Coefficient Locations 

RBC :reconstructed data block coefficients 

RBCL : reconstructed data block coefficients Locations 

Each block QBC contains L elements and each block of 
DBC and DBCL contains k elements. Each block of RBC and 
RBCL also contain k elements. 

IV. SYSTEM ARCHITECTURE & FUTURE WORK 
In this paper, we express the different options in the 

transformed-based indexing scheme for music signal or audio 
data. The audio files contained music of different singer and 
different song type (Kachin, Kayin, Shan and Yakhine ethnic 
group songs). Different transforms were made to determine 
the suitability of the transform and the number of significant 
coefficients to be retained for indexing. Each audio file is 
converted into data files and all data files are connected and 
saved in database. Extract pieces of data files ( from database 
) are used for key and calculate the Fast Fourier Transform, 
multiply with hanning window. Using Eucliden distance, 
pieces from database and key are compared. 

In figure 2, we will propose using classifier based on 
Training and Testing audio data to get class labels. 

 
Fig2. Architecture of the proposed system 

V. EXPERIMENTAL RESULTS 
In this section, the search time is the time between the 

submission of the query and the presentation of results. In 
Table 1, 2 and 3, the average search time for DFT and DCT 
over different numbers of coefficients is shown. According to 
the results, it is obvious that DCT needs more search time 
than DFT. So, DFT is more coefficient than DCT. 

TABLE 1 
 QUERY RESULTS OF ETHNIC SONGS DATASET USING 102 COEFFICIENTS 

Query Dataset Hit 
ratio Search Time(s) DCT Search Time(s) 

DFT 

Query 1 1 100 130.11 141.35 

Query 2 1 100 90.405 97.818 

Query 3 1 100 90.433 97.390 

Query 4 1 100 90.609 97.719 

 
TABLE II 

QUERY RESULTS OF ETHNIC SONGS DATASET USING 64 COEFFICIENTS 

Query Dataset Hit 
ratio 

Search Time(s) 
DCT 

Search Time(s) 
DFT 

Query 1 1 100 126.80 140.31 

Query 2 1 100 126.59 139.14 

Query 3 1 100 87.485 96.985 

Query 4 1 100 86.953 98.109 
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TABLE III 
 QUERY RESULTS OF ETHNIC SONGS DATASET USING 32 COEFFICIENTS 

Query Dataset Hit 
ratio 

Search Time(s) 
DCT 

Search Time(s) 
DFT 

Query 1 1 100 124.61 137.31 

Query 2 1 100 126.49 137.42 

Query 3 1 100 126.17 138.44 

Query 4 1 100 85.547 95.172 

 

 
Fig 3. The average search time for DFT and DCT over different 

numbers of coefficients 

VI. CONCLUSION 
In this paper, we emphasize on an indexing scheme for an 

audio database based on transform techniques used in signal 
processing and data compression. Myanmar music has 
multiple genres like classical, light classical, folk, hip hop as 
well as Myanmar cultural music styles are classified based on 
geographical area of the country.  Music classification system 
for Myanmar ethnic traditional songs will be considered. The 
system is to describe Kachin, Kayin, Shan and Yakhine ethnic 
group songs will be used for experiments. The categorization 
of features can be done on the basis of pitch, timbre, duration 
and rhythm and give a better description of the audio signal. 
Moreover, the requirements for a classifier are that it must be 
computationally efficient with less complexity in its algorithm 
that will be considered in this system.  
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