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Abstract 

Word is the preferred and natural unit of speech, because word units have well defined acoustic representation. This paper presents 
several dynamic thresholding approaches for segmenting continuous Bangla speech sentences into words/sub-words. We have 
proposed three efficient methods for speech segmentation: two of them are usually used in pattern classification (i.e., k-means and 
FCM clustering) and one of them is used in image segmentation (i.e., Otsu’s thresholding method). We also used new approaches 
blocking black area and boundary detection techniques to properly detect word boundaries in continuous speech and label the entire 
speech sentence into a sequence of words/sub-words. K-Means and FCM clustering methods produce better segmentation results than 
that of Otsu’s Method. All the algorithms and methods used in this research are implemented in MATLAB and the proposed system 
achieved the average segmentation accuracy of 94% approximately.  
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1. INTRODUCTION 

Automated segmentation of speech has been a subject of study 
for over 30 years [1] and it plays a central role in many speech 
processing and ASR applications. It is important to various 
automated speech processing algorithms: speech recognition, 
speech corpus collection, speaker verification, etc., in the 
research field of natural language processing [2,3]. The 
traditional or manual segmentation approach is impractical for 
very large data bases. It is extremely laborious and tedious. 
This is why automated methods are widely utilized. Common 
approach to speech signal zone identification is using a 
threshold value. In many papers speech segmentation is done 
by using wavelet [4], fuzzy methods [5], artificial neural 
networks [6] and hidden Markov models [7]. This paper 
proposed several pattern classification and image 
segmentation methods for segmenting continuous Bangla 
speech into words/sub-words. To do so, we have used the 
modified version of k-means, fuzzy c-means and Otsu’s 
algorithms with blocking black area method and shape 
identification. 
 
The paper is organized as follows: Section 1 describes the 
introduction of speech processing and the organization of this 
paper. In Section 2, we will discuss about speech segmentation 
and types of segmentation. Section 3 will describe pattern 
clustering and different clustering algorithms. In Section 4, 
Otsu’s thresholding method will be discussed. The 
methodological steps of the proposed system will be described 
in Section 5. Sections 6 and 7 will describe the experimental 
results and conclusion, respectively. 
 
 

2. SPEECH SEGMENTATION 

Speech recognition system requires segmentation of speech 
signal into discrete, non-overlapping acoustic units [8][9]. It 
can be the segment, phone, syllable, word, sentence or dialog 
turn level. Word is the preferred and natural units of speech 
because word units have well defined acoustic representation. 
So, we have been chosen word as our basic unit. Automatic 
speech segmentation methods can be classified in many ways, 
but one very common classification is the division to blind and 
aided segmentation algorithms [10]. A central difference 
between aided and blind methods is in how much the 
segmentation algorithm uses previously obtained data or 
external knowledge to process the expected speech. The term 
blind segmentation refers to methods where there is no pre-
existing or external knowledge regarding linguistic properties, 
such as orthography or the full phonetic annotation, of the 
signal to be segmented. On the other hand, Aided 
segmentation algorithms use some sort of external linguistic 
knowledge of the speech stream to segment it into 
corresponding segments of the desired type. Due to the lack of 
external information, the first phase of blind segmentation 
relies entirely on the acoustical features present in the signal. 
The second phase is usually built on a front-end processing of 
the speech signal using MFCC, LP-coefficients, or pure FFT 
spectrum [11]. In our research works, we have used FFT 
spectrum (such as, spectrogram) features of speech signal. 
 
3. CLUSTERING 

Clustering is the process of assigning a set of objects into a set 
of disjoint groups called clusters so that objects in each same 
cluster are more similar to each other than objects from 
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different clusters. Clustering techniques are applied in many 
application areas such as pattern recognition [12], data mining 
[13], machine learning [14], etc. Clustering algorithms can be 
broadly classified as Hard, Fuzzy, Possibilistic, and 
Probabilistic [15], each of which has its own special 
characteristics. There are a lot of applications of clustering 
methods, range from unsupervised learning of neural network, 
Pattern recognitions, Classification analysis, Artificial 
intelligent, image processing, machine vision, etc. Several 
clustering methods have been widely studied and successfully 
applied in image segmentation [16–22]. 
 
In this paper, the hard and fuzzy clustering schemes have been 
introduced to get the optimal threshold in speech 
segmentation. The conventional hard clustering method 
restricts each point of the data set to exclusively just one 
cluster. So the membership values to be either 0 or 1. The K-
Means clustering algorithm is widely used as hard clustering 
method. On the other hand, the fuzzy clustering method allows 
an object to belong to several clusters at the same time, but 
with the different degrees of membership between 0 and 1. 
The fuzzy C-means algorithm is the most popular fuzzy 
clustering method used in pattern classification. 
 
3.1 K-Means Clustering Algorithm 

K-Means Clustering is one of the unsupervised learning 
algorithms, first used by James MacQueen in 1967 [23] and 
first proposed by Stuart Lloyd in 1957 as a technique for 
pulse-code modulation [24]. It is also referred to as Lloyd's 
algorithm [25]. Here, the modified algorithm is used to 
compute the threshold from speech spectrogram. The 
algorithm classifies a given data set into a certain number 
of clusters (i.e., k clusters) based on distance measures and to 
define k-centers, one for each cluster and finally computes the 
threshold. This algorithm is an iterative process until no new 
moves of data, as shown in Figure-1. Finally, 
this algorithm aims at minimizing an objective function, also 
known as squared error function and given by: 
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i vx −)(  is the Euclidean distance between a data point (xi) 

and the cluster center, (vj); 
‘c i’  is the number of data points in i th cluster; and 
‘k’  is the number of cluster centers.  
 
The algorithmic steps for calculating a threshold using k-
means clustering is given below: 
Let x = {x1, x2, x3,…,xn} be the set of data values in speech 
spectrogram. 

1) Assign the number of clusters, k=3 and define the 3 cluster 
centers.  
Let v = {v1,v2,v3} be the set of 3 cluster centers. 

2) Calculate the distance (dij) between i th data and  j th cluster 
center. 

3) Assign each data to the closest cluster with minimum 
distance. 

4) Recalculate the new cluster center using: 
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where, ‘ci’  represents the number of data points in i th 
cluster.  

5) Recalculate the distance between each data and new 
obtained cluster centers. 

6) If no data was reassigned then stop, otherwise repeat from 
step (3). 

7) Calculate the desired threshold from the average of 3 
cluster centers. 

 

 
 

Figure1. K-Means Clustering Algorithm - Calculating the 
desired threshold. 

 
3.2 FCM Clustering Algorithm 

The algorithm is developed by J C Bezdek in 1973 for pattern 
classification [26], and first reported by J C Dunn in 1974 
[27], later J C Bezdek used this algorithm for pattern 
recognition [28]. FCM is a generalization of K-Means. While 
K-Means assigns each object to one and only one cluster, 
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FCM allows clusters to be fuzzy sets, so that each object 
belongs to all clusters with varying degrees of membership 
and the following restriction: The sum of all membership 
degrees for any given data point is equal to 1. It works by 
assigning membership to each object on the basis of distance 
between the cluster center and the object. More the object is 
near to the cluster center more is its membership. The 
algorithm is an iteration process, as shown in Figure-2. After 
each iteration, membership and cluster centers are updated, 
and finally compute a threshold from the cluster centroids. 
 
The algorithmic step for calculating a threshold using fuzzy c-
means clustering is given below: 
 
Let x = {x1, x2, x3, ..., xn} be the set of data values in speech 
spectrogram.  
 

1) Assign the number of cluster, c=3 and define the cluster 
centers.  
Let v = {v1, v2, v3, v3} be the set of 3 cluster centers. 

2) Calculate the Euclidean distance (dij) between ith data and  
j th cluster center.  

3) Update the fuzzy membership function (µij) using: 
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5) Repeat from step (2) until the minimum 'J' value is 

achieved or eUU kk <−+ )()1( .  

where: 
k is the iteration step;  
e is the termination criterion between [0, 1];  
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6) Calculate the desired threshold from the average of 3 
cluster centroids. 

 
 
Figure2. FCM Clustering Algorithm - Calculating the desired 

threshold. 
 
4. OTSU’S THRESHOLDING  METHOD 

Thresholding is the simplest method of image segmentation; 
can be used to create binary image from gray scale image. In 
order to convert the image into a binary representation, first 
we converted the image into a gray scale representation and 
then performed particular threshold analysis [29]. Otsu’s 
method is a simple and effective automatic thresholding 
method, invented by Nobuyuki Otsu in 1979 [30], also known 
as binarization algorithm. It is used to automatically perform 
histogram shape-based image thresholding; i.e. the reduction 
of a grayscale image into a binary image. The algorithm 
assumes that the image is composed of two basic classes: 
Foreground and Background [30]. It then computes an optimal 
threshold value that minimizes the weighted within class 
variance; also maximizes the between class variance of these 
two classes. Otsu’s threshold is used in many applications 
from medical imaging to low level computer vision. Our main 
aim is to use Otsu’s threshold in speech segmentation. Figure-
3 shows the step-wise Otsu’s algorithm. 
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4.1 Mathematical Formulation 

The mathematical formulation of Otsu’s method for 
computing the optimum threshold is given below:  
 
Let P(i) represents the image histogram of speech 
spectrogram. The two class probabilities w1(t) and w2(t) at 
level t are computed by: 
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The within class variance (σw) is defined as a weighted sum 
of variances of the two classes and given by: 
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The between class variance (σb) is defined as a difference of 
total variance and within class variance and given by:  
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These two variances σw and σb  are calculated for all possible 
thresholds, t = 0… I (max. intensity). Otsu finds the best 
threshold that minimizes the weighted within class variance 
(σw), also maximizes the weighted between class variance 
(σb). Finally, the pixel luminance less than or equal to 
threshold is replaced by 0 (black) and greater than threshold is 
replaced by 1 (white) to obtain the binary or B/W image. 

 
 

Figure3. Otsu’s Thresholding Algorithm – Converting binary 
image. 

 
5. THE  PROPOSED APPROACH 

We proposed several clustering methods (k-means and fuzzy c-
means algorithms) and Otsu’s thresholding methods, with 
blocking black area and boundary detection techniques, in 
continuous Bangla speech segmentation. The proposed 
segmentation system is shown in Figure-4 and will discuss in 
the following sub-sections. 
 

 
 

Figure4. Proposed Speech Segmentation System 
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5.1 Speech Spectrogram 

A spectrogram is a time-varying spectral representation of 
signal. It shows how the spectral density of an audio signal 
varies over time [31]. Spectrograms can be used to identify 
spoken words phonetically. They are used extensively in the 
development of the fields of music, sonar (sound navigation 
and ranging), radar, and speech processing [32], etc. 
 
The spectrogram is calculated by using the short-time Fourirer 
Transform (STFT) of audio signal. The STFT of a signal 
frame x[n] can be expressed by: 
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Where:  ][ nx   = signal;  ][ nω  = window function; m is 

discrete and ω  is continuous. 
 
Thus, the spectrogram of the signal x[n] can be estimated by 
computing the squares magnitude of the STFT of the signal 
[33], i.e., 
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We used MATLAB’s ‘spectrogram’ function that converts 
speech signal into spectrogram image. The spectrogram of the 
speech sentence (‘আমােদর জাতীয় কিব কাজী নজ�ল ইসলাম’) is 
shown in Figure-5. 
 

 
 

(a) Original Speech Signal 
 

 
 

(b) Spectrogram Image 
 

Figure5. Spectrogram of speech signal ‘আমােদর জাতীয় কিব 

কাজী নজ�ল ইসলাম’. 
 

5.2 Dynamic Thresholding 

First, we used MATLAB’s ‘rgb2gray’ function to convert 
spectrogram RGB image to gray scale image with pixel values 
ranging from 0 to 255; where 0 represents a fully black pixel 
and 255 represents white pixel. Then we used ‘im2bw’ 
function with a threshold to convert gray scale image to binary 
image. But the problem for us is how we choose our threshold. 
In our research, we proposed three efficient approaches, such 
as, K-Means, FCM and Otsu’s thresholding algorithm to 
compute the desired threshold, valued between 0-1. 
 
We used MATLAB’s 3-class ‘kmeans’ function and 3-class 
‘fcm’ function. Both functions return the centroids of three 
clusters. The average of 1st and 2nd largest centroids is 
calculated as the desired threshold value. We also used 
MATLAB’s ‘graythresh’ function that uses Otsu's 
thresholding method, returns a level or threshold value for 
which the intra-class variance of the black and white pixels is 
minimum. The output image replaces all pixels in the input 
image with luminance greater than or equal to the threshold 
with the value of 1 (fully white) and less than threshold with 0 
(fully black). Figure-6 shows the thresholded spectrogram 
image of the speech sentence (‘আমােদর জাতীয় কিব কাজী 

নজ�ল ইসলাম’). 
 
5.3 Blocking Black Area Method 

Here, we used a new approach ‘Blocking Black Area’ method 
in the thresholded spectrogram image that produces 
rectangular black boxes in the voiced regions of the speech 
sentence, as shown in Figure-7. The method works as follows: 
• Summing the column-wise intensity values of thresholded 

spectrogram image.  
• Find the image columns with fewer white pixels based on 

summing value and replace all pixels on this column with 
luminance 0 (black). 

• Find the image columns with fewer black pixels based on 
summing value and replace all pixels on this column with 
luminance 1 (white). 

 

 
 

(a) K-Means thresholded Image 
 

 
 

(b) FCM thresholded Image 
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(c) Otsu’s thresholded Image 
 

Figure6. Thresholded Spectrogram Images of Speech signal 
‘আমােদর জাতীয় কিব কাজী নজ�ল ইসলাম’ 

 

 
 

(a) Thresholded Spectrogram Image from Speech Signal 
 

 
 

(b) After applying Blocking Black Area Method 
 

Figure7.  Effect of applying Blocking Black Area Method – 
Producing rectangle black boxes in voiced regions of speech 

signal 
 
5.4 Boundary Detection 

We used MATLAB ‘regionprops’ function to measure the 
properties of each connected object in the binary image. We 
also used different shape measurements (such as 'Area', 
'BoundingBox', 'Centroid') to identify each rectangular object 
that represents speech words/sub-words. The 'Extrema' 
measurement, which is a vector of [top-left top-right right-top 
right-bottom bottom-right bottom-left left-bottom left-top], is 
used to detect the start (bottom-left) and end (bottom-right) 
points of each rectangular object, as shown in Figure-8. 

 

 
 

Figure8. Star and End point Detection of rectangular object. 

5.5 Final Speech Segments  

Each rectangular black box represents a speech word. After 
detecting the start and end points of each black box, the word 
boundaries of the original speech sentence are marked 
automatically by these two points and finally we have cut the 
word segments from the speech sentence. Figure-9 shows that 
6 (six) black boxes represent 6 (six) word segments in the 
speech sentence ‘আমােদর জাতীয় কিব কাজী নজ�ল ইসলাম’ . 
 

 
 

Figure9. 6 (six) detected word segments in the speech 
sentence ‘আমােদর জাতীয় কিব কাজী নজ�ল ইসলাম’. 

 
6. EXPERIMENTAL  RESULTS 

The proposed system has been implemented in Windows 
environment. All the methods and algorithms, discussed in 
this paper, have been implemented in MATLAB 7.12.0 
(R2011a) version. For the experiments there were compared 3 
types of segmentation algorithms: k-means, fuzzy c-means 
clustering and otsu’s thresholding method. To evaluate the 
performance of the proposed methods, different experiments 
were carried out. In our experiments, various speech sentences 
in Bangla language have been recorded, analyzed and 
segmented by the proposed method. Table-1 shows the details 
segmentation results for ten Bangla speech sentences and 
reveals that the average segmentation accuracy rates are 
94.11%; and 95.55% for k-means, 96.19% for FCM clustering 
algorithms, and 90.58% for Otsu’s method. 
 

Table1. The details segmentation results 
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7. CONCLUSIONS AND FURTHER  RESEARCH 

We have proposed three efficient methods for continuous 
Bangla speech segmentation: two of them are usually used in 
pattern classification (i.e., k-means and fuzzy c-means 
clustering) and one of them is used in image segmentation 
(i.e., Otsu’s thresholding method). We also used new 
approaches blocking black area and boundary detection 
methods to properly detect word boundaries. From the 
experimental results it is concluded that K-Means and FCM 
clustering methods produce better segmentation results than 
that of Otsu’s Method. It was observed that some of the words 
were not properly segmented, this is due to different causes: 
(i) the utterance of words differs depending on their position 
in the sentence; (ii) the pauses between the words are not 
identical in all causes; and (iii) the non-uniform articulation of 
speech. Also, the speech signal is very much sensitive to the 
properties of speaker and environments. Experimental results 
showed that the proposed approach is effective in continuous 
speech segmentation. The major goal of future research is to 
search a mechanism that can be employed to enable pattern 
discovery by learning. We have a continuous effort to develop 
a continuous speech recognition system using neuro-fuzzy 
system. 
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