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Abstract 
Over 1% of the world’s population (around 70 million) is affecting due to stuttering, which 

affects people of all the ages. Stuttering is a speech dysfluency in which large proportions of 

repetitions and prolongations are there, more often at the start of the sentences. One of the 

most frequently observed consequences of stuttering is anxiety. Non-stuttering people have 

been found to ignore, bully, and walk away from those who suffer stutter problem. Several 

therapies have been developed to cure stuttering problems using different techniques. Most of 

the techniques have been able to overcome the problem by analyzing different feature sets, 

which requires effective work to be done. The main purpose of this paper is to propose an 

approach for automatic recognition of the rate of stuttering severity. The automation process 

will reduce the work of speech language pathologists so that they could focus more on 

therapy. 

Introduction 
For human communication, speech plays the most important role. The components which 

makes up a language are: syntax, semantics, pragmatics, phonology and morphology. Speech 

is the capability to use tongue, lips and other parts of the mouth to yield sound. Fluency 

measures the effectiveness of speech in delivering information while communicating with 

another person (Bansal et al., 2016) . In order to classify whether a speech is fluent or not, 

numerous factors are available such as continuity, co-articulation and rate (Singh, Thakur and 

Vir, 2015) . The degree of logical sequence to which words and syllables are inclined is 

referred as continuity. If there is continuity among the semantic units, and also logical flow of 

information, then speech is considered as fluent. However, if there is break in the meaningful 

flow of speech then speech is considered as dysfluent. Stuttering is one of the types of 

fluency disorder that affects the life of stutterers and their surroundings. In stuttering, the 

normal flow of speech is disturbed by repetitions, prolongations, and blocks (Kushniruk and 

Patel, 2004) . People often encounter such situations when they feel stress, nervousness, 

pressure and trying to induce speech dysfluencies such as repeated words and “eh” or “um” 

sounds. Stuttering is often characterized by mild or severe fluency disorder. Everyone 

confront moments of dysfluencies but not all of them are stutterers. There are some 

differences between stutterers and non-stutterers (Boulos et al., 2014) . People who do not 

stutter sometimes induce speech dysfluencies such as hesitation, interjections, silent pauses 

but the rate of such dysfluencies is less, therefore, such dysfluencies are considered as non-

stuttered speech dysfluencies. However, a person producing speech dysfluencies with larger 
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number of repetitions is considered as stuttering patient. In other words, stuttering is a 

communication disorder in which a person knows what he wants to say but is unable to say 

because of repetitions, interjections, blocks, prolongations (Petronas and Petronas, 2017) . 

There are various factors that leads to stuttering such as delayed childhood development, 

stress, some sort of abnormalities in speech motor control, genetics, and bully victims. 

Normal people consider that stuttering has affect only on flow of speech but for people who 

stutter it is more than dysfluency. There is a strong relation between stuttering, anxiety and 

stress. Non-stuttering people try to ignore, bully, and walk away from those who suffer 

stuttering problem (Iverach et al., 2016) . Stuttering might have impact on person’s 

employment opportunities because it gets noticed during interview process, and it has also an 

impact on relationships, and self- image. Some researches show that people who stutter are 

viewed as less romantic by their partners (Hunsaker and Hunsaker, 2011) . People who stutter 

encounter so many negative situations of speech disorder that leads to the feeling of 

awkwardness, shame and embarrassment. With the passage of time, these feelings lead to a 

situation in which person try to avoid the communication situation which eventually leads to 

anxiety and depression (Kauffman, 2016) . Repetitions and prolongations are the major 

factors which are present in stuttered speech, in other words these factors are ubiquitous in 

dysfluent speech. Therefore, speech-language pathologists consider them for assessment of 

stuttering severity. In traditional methods, Speech-language pathologists manually count the 

rate of stuttering severity, which takes a lot of time. To reduce the calculation time of 

stuttering severity, various authors proposed different algorithms. Automatic Speech 

Recognition Automatic Speech Recognition is the process which uses computer hardware 

and software- based techniques in order to process and recognize human voice. It is used to 

recognize the words spoken by humans or to authenticate the identity of speaker speaking 

into the system and performing the corresponding actions based on instructions defined by 

humans. A lot of research is going on in the field of automatic speech recognition in order to 

enhance the Human- Computer Interaction. There are numerous applications of automatic 

speech recognition such as automatic translation,  voice user interfaces, real time speech 

writing, vehicle navigation systems, interactive voice-controlled systems, evaluation of stress 

level of a person and emotion detection (Gruhn, Minker and Nakamura, 2011) . Speech 

processing system are also used to detect various speech disorders found in stuttering, 

cluttering, apraxia and dysarthria. Traditionally, SLPs manually counted the rate of stuttering 

severity which is a very time-consuming process. ASR also automated the work of 

pathologists. There are two kinds of speech recognition systems. One is known as Speaker 

Dependent and another is known as Speaker Independent. Speaker Dependent systems works 

by identifying the unique characteristics of individuals which is similar to voice recognition. 

The disadvantage of this approach is that the system can accurately recognize the individuals 

only who trained the system. The new users first “train” the system so that system can 

analyze how the person talks. Speaker Dependent systems are mostly used for dictation 

software. Speaker Independent systems works by identifying any individual’s voice. 

Therefore, there is no training involved in speaker independent systems. Such systems are 

mostly used for telephone applications. There is more one constraint in speech recognition 

system which concerns the style of speech that systems can identify. There are three types of 

styles: isolated, connected and continuous. Isolated speech recognition systems can bear only 
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the separated words spoken by individuals that is, speaker needs to halt between each spoken 

word. Connected speech recognition systems are in the mid of isolated and continuous speech 

recognition systems. It can handle multiple words spoken at a time. Continuous speech 

recognition systems can handle the natural conversations. A lot of research is going on in 

continuous speech recognition systems. Various models such as pattern matching, acoustic 

modeling and artificial neural network are used in the area of speech recognition. Figure 1.1 

shows the basic gram of speech recognition process.  

 

 
 

Figure 1.1 Block Diagram of Speech Recognition Process 

 

Challenges in Speech Recognition Process 

Automatic speech recognition is a challenging field as it involves the identification of human 

language with the help of computer. There are so many human languages and the complexity 

of every human language makes the task of speech recognition more difficult. One of the 

major challenges of the automatic speech recognition process is to increase the accuracy and 

performance of the system. Another major challenge is Intra and Inter speech variation. A 

same individual can utter a same word in many different ways which makes the automatic 

speech recognition a more challenging and difficult task. Usually the presence of background 

noise degrades the quality of speech and also degrades the relevant information in the speech. 

There are numerous parameters such as accuracy, sensitivity, specificity, word error rate and 

speed which measures the performance of system. The following are the factors which affect 

the performance of the system: 

 

 

INTERNATIONAL JOURNAL OF INFORMATION AND COMPUTING SCIENCE

Volume 5, Issue 7, July 2018

ISSN NO: 0972-1347

http://ijics.com/342



 

 

 

Types of Speech Recognition Techniques 

The speech recognition system can be categorized into three parts based on the type of 

recognition process. The three categories are explained as follows: 

 

Acoustic phonetic approach 

Acoustic phonetics deals with transference of sound from talker to audience, which makes it 

feasible to scrutinize the nature of speech signals for various sounds regardless of the features 

that made up the speech. This technique does not involve any feature extraction method, 

rather it analyzes the nature of sound. Researchers use acoustic phonetic approach in order to 

study phonetic rules and to implement those rules in speech recognition. Instead of creating 

new feature sets and modelling techniques, acoustic phonetic approach focuses on deducing 

information from phonetic units and the aggregation in various contexts of their usage. This 

approach firstly does the spectral analysis of the speech. After which this approach do the 

segmentation and labelling of the speech signals so as to visualize the speech signals at 

discrete interval of time, the discrete intervals represent one or more phonetic unit. Lastly, a 

valid word is yielded from the spoken phonetic labels, which are in accordance with the 

instructions specified by the speech recognition task. 

Pattern recognition approach 

Pattern recognition is a branch of machine learning which deals the recognition of patterns 

and regularities in the data. This approach is used in both supervised learning as well as 

unsupervised learning. Pattern recognition is the technique of interpreting from perceptual 

data, using various tools such as computational geometry, statistics, digital signal processing, 

machine learning and statistics. Unlike acoustic phonetic approach, this technique uses the 

speech patterns directly without explicit feature determination. In this approach, firstly 

training is done with speech patterns and after that in validation phase, test patterns are 

compared with the stored patterns. For better accuracy and performance, the training is done 

with large number of distinct patterns, so that system can recognize the patterns 

appropriately. There are numerous advantages of this approach such as robustness, good 

performance, easier to implement, and invariant to different speech vocabularies. One of the 

examples of pattern recognition approaches is Support Vector Machine which can be used for 

speech recognition process. 

Artificial intelligence approach 

One of the most challenging task of modern science is to create natural human sources that 

can communicate with computer. Using various sophisticated technologies, the speech 

recognition has adopted the speech input facility in the most user-friendly way. Artificial 

intelligence is the intelligence exhibited by machines. It is that field which emphasizes on the 

development of intelligent machines that can perform the tasks and can intelligently make 

decisions analogous to humans. Artificial intelligence approach is the mixture of acoustic 
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phonetic approach and pattern recognition approach. In speech recognition, artificial 

intelligence has the major role because the speech recognition is modeled in the same way as 

the humans applies intelligence in recognizing the speech signals. There are various kinds of 

artificial intelligence approaches such as ANN, HMM, fuzzy logic, genetic engineering that 

can be used for speech recognition process. 

 

In (Mundada, Gawali and Kayte, 2014), a model is developed to find the difference between 

normal and abnormal speech. The work measured the distance matrix using MFCC and DTW 

in normal and stuttered speech samples with an accuracy of 88% and 75% respectively. K-

NN classifier is used to classify normal and dysfluent speech with an accuracy of 93%. In 

(Mundada, Gawali and Kayte, 2014) , a computer-based assistance system is developed, 

which can automatically detect speech disorders. The aim of the system is to assist SLPs so 

that they can focus more on therapy and therapeutic inventions. An Interval-based algorithm 

is used for automatic segmentation of speech signals. Usually 12 MFCC coefficients are used 

as a feature vector for the classification purpose. (Hegde, K.K and Shetty, 2015) showed the 

improved accuracy by selecting the 8 MFCC coefficients in the classification step. Fisher’s 

ratio technique is used to select a subset of 12 MFCC coefficients. The selected coefficients 

are used for classification purpose using HMM technique. The model performed well as it 

compared the accuracy of 8 MFCC coefficients and 12 MFCC coefficients. An accuracy of 

76.45% is obtained for 8 MFCC coefficients and 74.72% for 12 coefficients. In (Palfy, Juraj 

and Pospichal, 2011) comparison of classification accuracies of SVM with unimodal and 

SVM with multimodal kernel functions is shown. MFCC is used for feature extraction. For 

dataset of 16 dysfluent speakers, SVM classifier with unimodal kernel function showed an 

accuracy of 96.133% and SVM classifier with multimodal kernel function showed an 

accuracy of 96.4%.  

 

Methodology 
In speech recognition two main approaches are feature extraction and classification. There 

are many techniques for feature extraction and classification. In any pattern recognition and 

machine learning problem, feature extraction is the basic and important pre-processing step. 

In speech recognition, feature extraction is done to extract useful features of speech and for 

dimensionality reduction.  

Feature extraction  

In the process of feature extraction, the provided input data is converted into a set of features 

that provides useful information about input data and using that information one can perform 

the desired task without the need of full sized data. In case of speech, there are two types of 

features that are extracted from feature extraction algorithm: spectral and temporal. Spectral 

features are the frequency-based features, which are acquired by transforming the time-based 

signal into frequency domain using Fourier transform such as spectral flux, spectral density, 

frequency components, fundamental frequency, etc. Such features are used to recognize 

pitch, rhythm, melody and notes. Temporal features are time domain features, which requires 
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less computation power to extract features. Temporal features are easy to extract as these 

represent energy of signal, maximum amplitude, zero crossing rate, minimum energy, etc. 

The process of feature extraction is necessary as it extracts the useful information from the 

speech signal. There are numerous algorithms for feature extraction such as Mel frequency 

Cepstral Coefficients, Linear Predictive Cepstral Coefficient, Linear Predictive Coding, 

Relative Spectral Filtering and Perceptual Linear Prediction. These algorithms yield a good 

and reliable model to analyze the speech signal and yields good representation of 

characteristics of human vocal tract which is directly associated with the production of 

speech sound. 

 

Mel frequency Cepstral Coefficients (MFCC) 

MFCC is the standard and widely used technique of feature extraction. It takes speech signal 

as input and do the processing which involves pre-emphasis, framing, windowing, Fast 

Fourier Transform, Mel filter bank, Discrete Cosine Transform, delta energy (Chakraborty 

Asmita Talele Savitha Upadhya, 2014) . The efficiency of every step of MFCC feature 

extraction process matters as it affects the efficiency of next step. Mel frequency warping 

technique is based on the human auditory system, which means it takes human perception of 

sensitivity towards frequencies and therefore, it is best model for speech recognition process. 

MFCC shows high accuracy in feature extraction process but it only considers power 

spectrum and does not consider phase spectrum.  

Feature Classification 

Feature classification is a process in which a system derives a decision by comparing the new 

feature vectors with the stored templates. Feature classification works in two approaches: 

Generative approach and Discriminative approach. In generative approach, using given inputs 

and class labels the joint probability distribution is find out. Classification model classifies 

the input signal based on extracted features, which incorporates feature detection and 

labelling of classes. There are numerous algorithms available for feature classification such 

as Support Vector Machine, Hidden Markov Model, k-Nearest Neighbour, Linear 

Discriminant Analysis, Artificial Neural Network, Dynamic Time Warping, etc. To increase 

the performance of classification model, researchers all over the world are trying to develop 

the hybrid models, proposing new parameters in the existing algorithms, etc. Although hybrid 

models increase the performance and accuracy of the system, but the complexity of hybrid 

model makes it difficult to implement on low end devices. The model for speech recognition 

must be selected carefully. If the dataset is small, then one must choose the less complex 

model otherwise there will be the problem of Over fitting. But SVM yields better results.  

Support Vector Machine (SVM) 

SVM is the supervised learning technique that has associated learning algorithms which 

scrutinize the data used for regression and classification purpose. Given a set of inputs, each 

belong to one class or the other of two classes, the SVM training algorithm will build a model 

which will assign new inputs to one class or the other. Hence, it is known as non-probabilistic 

binary linear classifier. An SVM model represents the points in space which are mapped so 

that the samples associating to different categories are separated by a clear line which is as 
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broad as possible (Ganapathiraju, Hamaker and Picone, 2004) . New samples are then 

mapped into that same place by making the predictions to which side of the gap the new 

sample falls. SVM can perform linear as well as non-linear classification using the kernel 

trick, by rearranging the inputs using the feature spaces. In the past 20 years, there are some 

statistical techniques which are based on HMM that uses Maximum Likelihood along with 

gaussian emission densities that have dominated other techniques in the area of signal 

processing and pattern recognition. However, such techniques suffer from the problem of 

learning the discriminative information and are vulnerable to over-parameterization and over 

fitting. Hence, researchers are giving more focus on SVM as it can automatically control the 

problem of over fitting and over-parameterization. SVM is one of the examples of the 

classifier that can directly measure the decision surfaces instead of modelling the probability 

distribution over the training data. 

Conclusion:  
Automatic Speech recognition have used to solve various purposes and here we used it for 

finding the severity of dysfluency in the speech or rate of stuttering in the patients to help the 

pathologists to give them suitable treatment and therapies. In the automatic Speech 

recognition we have various techniques but we have explored the two being the most 

appropriate for the speech signals processing techniques, one for feature extraction, MFCC 

and other for  feature classification, SVM.  
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