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Abstract— This paper describes the effect of 0dB and 10dB 

babble noise on stuttered speech. 100 samples are collected 

from the subjects (stutterer), among which 80 samples are 

used to prepare database dictionary and 20 samples for 

testing. The samples are segmented and pass through Mel 

Frequency Cepstral Coefficient (MFCC) feature extraction 

and statistical estimation to prepare dictionary,  then 

testing samples compared with the database. The results 

obtained are 100%. When the same testing samples are 

added with the babble noise of 0dB and 10dB, the result 

degrades; the degraded results are enhanced by using 

sparse matrix enhancement technique. The results 

obtained after enhancement are 60-95% depending on the 

samples used for analysis. 
Keywords-- Stutter, subject, noise, MFCC. 

 

I. INTRODUCTION 

 

Stuttering is a complex disorder involving 

interactions among what the child does, how he feels, 

and what he thinks. The child might have breaks in the 

forward flow of speech, such as repeating a sound or 

syllable, Prolongation, or being unable to say a word at 

all. The child may begin to avoid and fear speaking; 

express frustration at being unable to talk; or use other 

behaviors to help get speech affecting, for example 

blinking his eyes, nodding his head, or stamp his foot. 

The child might express his thoughts through questions 

or comments such as "Why can't I talk?" or "My mouth 

is broken." Not all children will exhibit  negative 

feelings or thoughts about their speech. As the stuttering 

progresses, the likelihood of developing negative 

attitudes toward communication increases. 

Stuttering is also known as stammering in the 

United Kingdom. Stammering is often associated with 

―Repetitions‖. Part-word-repetition / syllabic repetitions 

are one of the defining elements of early stammering. 

The dominant features of speech reported are: (1) Word 

Repetitions, but not part-word-repetition is a prevalent 

feature of early stammering. (2) In early stammering, 

there is a high proportion of repetition in general, as 

compared to other types of disfluency like prolongation. 

Stuttering is also called as stammering or disfluent 

speech, in speech disorder. This is different when 

compare with normal repetition of words that children 

may do when learning to speak. Normal developmental 

stuttering / disfluent may occur when the child is 

between  the ages of  18  months to 5  years. This    may 

include repeating words / phrases, pronunciation of 

words, leaving out words or sounds. There are different 

types of stuttering, that include the following: 1) 

Developmental Stuttering 2) Neurogenic stuttering 3) 

psychogenic stuttering. Although stuttering may cause 

emotional problems, but it cannot believed to be the 

result of emotional problems. In this paper we consider 

repetition as the major characteristics feature of 

stuttering for studying the effect of 0db and 10db babble 

noise on stutterer. 

Noise may be defined as any unwanted signal that 

interferes with the communication or processing of an 

information bearing signal [12]. 

Babble noise is also called Speech babble. The 

source of this babble is 100 people speaking in  a 

canteen. The room radius is over 2 meters; therefore, 

individual voice is slightly audible. The sound intensity 

during the recording process was 88 dB [16]. 

 

II. DATA DESCRIPTION 

 

100 Stuttered speech samples are collected in which 80 

are used to prepare database dictionary and 20 for 

testing. Processing speech is often difficult for speech 

recognizers and the stuttered speech will be more 

difficult. In this work the subjects were made to read a 

given text aloud. Recognizing read speech is easier for 

recognition system because the system has the prior 

knowledge about the subjects intended words. Although 

read speech is not typically as rich in disfluencies as 

spontaneous speech, the stutters are often disfluent when 

reading aloud [13,14]. The read speech task is used as a 

part of most stuttering assessments [14,15]. The speech 

samples were recorded by making them to read English 

―All Phoneme passage‖. In this passage some of the 

possible part word and whole word repetition are as 

follows 
TABLE I 

PART WORDS AND WHOLE WORDS 

Part words Whole words 

gra Grand 

dra Dresses 

co Coat 

ba Banana 
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III. METHODOLOGY 

 

A. Database Dictionary 

 

Out of 100 samples collected, 80% of it i,e. 80 

samples are used to prepare database dictionary by 

calculating MFCC of each sample. For these MFCC 

coefficients, the statistical properties are applied to 

obtain the reduce coefficients and classifying the 

coefficients to get distance metric and parameters. A 

block diagram is show in fig. 1. 

Where α is a constant, which has a typical value of 0.97. 

 

Step 2: Framing the complete sound file to get many 

blocks 

After pre-emphasis, the speech signal is subdivided into 

frames. This process is the same as multiplying the 

entire speech sequence by a windowing function.                  
 

where F[n] is the entire speech sequence, Fm [n] is a 
windowed speech frame at time m and W[n] is the 
windowing function. 

 

Step 3: Hamming windowing for each frame 

One of the most commonly used windows is the 

Hamming window. 

 

   

 

(3) 
In the above equation, N is the length of the windowing 

function. 

 

Step 4: Fast Fourier Transform for each speech frame 

FFT will be applied to each speech frame in order to 

obtain its speech spectrum. 

Sfft[k], for 0 ≤ k ≤ N-1, denotes the N-point FFT 
spectrum of one Hamming-windowed speech frame. 
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Fig. 1 Block diagram of Database dictionary words 
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Step 5: Mel Filter Bank Processing for each frame 

The Mel frequency filter bank is a series of triangular 

bandpass filters, which mimics the human auditory 

system. The filter bank is based on a non-linear 

frequency scale called the Mel scale. The Mel frequency 

scale is a psychoacoustic measure of pitches judged by 

human. According to Stevens et al., a 1000Hz tone, with 

40dB above the listener’s threshold, is defined as having 

a pitch of 1000 mels. Below 1000Hz, the Mel scale is 

approximately linear to the linear frequency scale. The 

following equation describes the mathematical 

relationship between the Mel scale and the linear 

frequency scale, 

 

  

 

 

 

 
Fig. 2 - MFCC calculation 

 

Step by step procedure to calculate MFCC 

 

Mel Frequency Cepstrum Coefficients 

 

The block diagrams for calculating MFCCs are as shown in Fig. 2. 

 

Step 1: Pre emphasis for the complete sound file. 

The transfer function for the pre-emphasis is given by 

    

Where Melfrq  is the Mel  frequency in mels and f is   the 
linear frequency in HZ 
In order to model the perceived loudness of a given 

signal intensity, the filter outputs are compressed by a 

logarithmic function Eq. (5) 

 

In the above equation, Cm(ln) is the logarithmically- 

compressed output of the m
th  

filter. 
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Feature Extraction (MFCC) 

Step 6: Discrete Cosine Transform for each frame 
DCT is applied to the filter outputs and the first few 

coefficients are grouped together as a feature vector of a 

particular speech frame. 

Suppose p is the order of the Mel scale cepstrum. The 

feature vector is obtained by considering the first p DCT 
th 

B. Test and Classify 

 

20 samples are select for testing; it will be passed 

one by one to MFCC and then statistical property and 

stored in a vector output1. As shown in fig.5. 

coefficients.  Mathematically,  the  i    MFCC coefficient 
can be expressed by the following formula. 

 

Similarly after adding babble noise to the clean stutter 

speech and the noisy speech enhancement is done by 

using sparse matrix technique, a block diagrams is show 

in fig. 3 and fig. 4 
 

 

Fig. 3 Block diagram of Stutter speech with babble noise 
 

 

 
Fig. 4 Block diagram of Noisy Stutter speech with enhancement 

 
 

 

 

Fig. 5 Flow chart of testing data 

 

Similarly the noisy and enhanced samples testing 

flow chart is shown in fig.6 and fig.7 

 
 

 

 

 

 

 

 
Fig. 6 Flow chart of testing data with babble noise 

 

 

 

 

 
 

 

 

Fig. 7 Flow chart of testing enhanced samples 

 

Comparing output1 with stutter database, output2 with 

noisy stutter database and output3 with enhanced 

database using Euclidean distance for KNN 

classification. 

 
 

 

Output3 

Applying Statistical Property 

Feature Extraction (MFCC) 

Testing enhanced samples 

 

 
 

Output2 

Applying Statistical Property 

Feature Extraction (MFCC) 

Testing noisy samples 

Testing samples 
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K-nearest neighbor (k-NN) 

The algorithm to compute the K-nearest neighbors is as 

follows: 

1) Determine the parameter K, number of nearest 

neighbors. This value is all up to you. 

2) Calculate the distance between the class label and 

all the samples from dataase using Euclidean 

distance, which gives Pair wise distance between 
two sets of observations. 

The expression for Euclidean Distance measuring is 

given by Eq. (7). 
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 Fig 8(c): gra and grand with 0db bubble noise & enhancement 

Where a1….an are the training Set with the   class 
label b1….bn. 

3) Sort the distances for all the samples and determine 

the nearest neighbor based on the K-th minimum 

distance. 

4) Get all the Categories of data’s for the sorted values 
which fall under K. 

5) Use the majority of nearest neighbors as the 

calculation value. 
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IV. RESULTS 

 
 

Fig 8(d): gra and grand with 10db babble noise & enhancement 
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Fig 8 shows the graphical representation of results of fig 

5,6 and 7. In fig 8(a), 8(c) represents the results of part 

word and whole word with 0db babble noise. In fig 8(b), 

8(d) represents the results of part word and whole word 

with 10db bubble noise. The blue bar represents the part 

word results, the red bar represents the whole word 

results, the green bar represents the no match results. 

Similarly the results in percentage are shown in table II. 

 
 

Fig 8(a): ba and banana with 0db bubble noise & enhancement 

TABLE II 

RESULTS IN PERCENTAGE 
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Fig 8(b): ba and banana with 10db babble noise & enhancement 

Part 

word

s 

% of 

result 

for 

clean 

speech 

% of 

result 

with 

0db 

babbl

e noise 

% of 

Enhancem 

ent from 

noisy 

result(0db) 

% of 

result 

with 

10db 

babbl

e noise 

% of 

Enhanceme 

nt from 

noisy 

result(10db) 

ba 100% 50% 65% 45% 60% 

gra 100% 55% 90% 60% 95% 

co 100% 70% 90% 60% 75% 

dra 100% 50% 65% 60% 70% 
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From table II it can be observed that, the recognition 

result is 100% for clean speech, irrespective of sound 

repeated. When noise is added the percentage reduces to 

the range of 45% to 70%, depending on the sound and 

the type of noise added. Similarly after enhancement the 

result is improved towards 60%  to 95%  depending on 

the sound used. 

 

V. FUTURE WORK 
 

The number of samples can be increase and the 

variation of result may be analyzed. 

The effect of other standard noise with different 

dB of SNR can be analyzed. 

 

 

VI. CONCLUSION 

In this paper we analyze the effect of 0dB and 10dB 

babble noise effect on stutter speech such as repetition, 

and Enhancement of noisy samples by degrading the 

noise effect to some extent. The present work will help 

the clinician to objectively assess the stutterer in noisy 

environment such as 100 people speaking in a canteen. 

Although different Altered Auditory Feedback systems 

are available for the treatment of adult stutter [7], there 

is a need for better recognition and identification of the 

source of stuttering. Many methods are proposed for the 

recognition and objective assessment of stuttered speech 

[7 - 10], yet there is a wide scope for improvement. 
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