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Abstract - Recently, lots of research has been directed towards natural language processing. However, the vocal cord 

frequency, which serves as primary means of communication for dumb people, has not yet been extensively explored, 
because it is not a language that can be easily understood. Information Communication Technology (ICT) can support people 
with physical disabilities by enabling them to access the information along with others. The primary aim lies in capturing the 
vocal cord frequencies of the dumb without deaf people and converting them into sound by using Short Time Zero Crossing 
(STZC) method. This method will ensure a great impact in improving their communication with others and for 
understanding and sharing their thoughts and feelings. This project will be “Service to Humanity”. 
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I. INTRODUCTION 

 

As per census 2011, in India out of 121cr population 

about 2.68cr persons are „disabled‟ which is 2.21% of 

the total population. Disabled non workers by type of 

disabled and by major non-economic activity in India 
census 2011. Like in speech: 1.2 million, in seeing: 

3.1 million, in movement 3.4 million. 

 

Vocal cord frequency is the primary means of 

communication for dumb without deaf people. 

Experts, including experienced parents, ENT 

specialists, can often distinguish for new parents and 

ENT‟S and caregivers to interpret their speech. 

Hence, differentiating speech with various meanings 

based on related vocal cord frequencies is of great 

importance. Since vocal cord frequencies carry 

information about a dumb without deaf people‟ 
wellbeing and can be understood by experienced 

parents and experts to an extent, recognition and 

analysis of their feelings is not only possible, but also 

has profound medical and societal applications. After 

getting frequency we compare these signals with 

Short Time Zero Crossing [1]. 

 

In our model, speech signals are output signals from 

the vocal track system which is also called the linear 

track system. The stimuli signal which excite the 

linear system, is the air flow from dumb without deaf 
people‟s lungs. Similar to digital signal processing, 

we use a time varying Fourier transform to study the 

spectral properties of vocal cord frequency signals. 

Therefore, we can try to identify between vocal track 

system and input signals which are related with 

different words in this paper, short time Fourier 

transform (STFT) is used to analysis the vocal cord 

frequency signals. Recently speech recognition and 

acoustic signal classification technique has been 

widely used in many areas such as manufacturing, 

communication, consumer electronic products, and 

medical care [2]-[4]. Speech recognition is a signal 

processing procedure that transfers speech signal 

waveforms in a spatial domain into a series of 

coefficients, called a future, which can be recognized 

by the computer [2]-[5]. Since, dumb without deaf 

people vocal cord frequency signals are time-varying 

non-stationary random signals which are similar to 
speech signals. The stimuli for vocal cord frequency 

signal is same as the stimuli for voiced speech signal. 

In this paper we use techniques originally designed 

and used in automatic speech recognition to detect 

and recognize the features for vocal cord frequency 

signals, and use compressed sensing to analysis and 

classify those signals. 

 

II. BLOCK DIAGRAM FOR DUMB WITHOUT 

DEAF PEOPLE SPEECH RECOGNITION 

 

 
FIG-1: BLOCK DIAGRAM 

 

The “dumbness” is more properly speech less-ness of 

the directives is mainly due to the lack of the sense of 

hearing. Dumb persons have the power of speech. 

Their organs of speech, the vocal cords, the larynx, 

etc. are normal. if we can take dumb with deaf people 
the detection of vocal cord frequency signals is 

different from each person for speech recognition 

because for deaf people there is no input, similarly 

they didn‟t get output that‟s why in this paper we take 

only dumb without deaf people. 

 

2.1 FREQUENCY DETECTION 

For dumb without deaf people, we calculate speech 

frequency signal from vocal fold signal and that 

frequencies compared with short time zero-crossing 

[1] we can get high pitches and low pitches. 
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2.2 FEATURE EXTRACTION 

After getting high pitches and low pitches we can 
compare these pitches with some basic words. 

 

2.3 ANALYSIS AND CLASSIFICATION 

We have to analyze the words after getting the basic 

words from high pitches and low pitches and classify 

the speech. 

 

III. FLOW CHART 

 

3.1. SHORT TIME FOURIER ANALYSIS 

In this section we use frequency analysis to analyze 

the dumb without deaf people vocal cord frequency 
signals. It is well known that discrete Fourier 

transform (DFT) of a long sequence is an estimate of 

the power spectrum density (PSD), called a 

periodogram [3]. Different vocal cord frequency 

signals from different dumb without deaf people 

would produce similar gross power spectrum density 

(PSD). Therefore, we use short time Fourier 

transform (STFT) to obtain the time varying 

properties of vocal cord frequency signals. STFT is 

defined as [7]: 

 

𝑿𝒏 𝒆
𝒋𝝎 =   𝒙 𝒎 𝒘(𝒏 − 𝒎)𝒆−𝒋𝝎𝒏

∞

𝒎=−∞

 

 

Where  𝒘(𝒏 − 𝒎) is a real window sequence to 

determine the portion of the signal 𝒙(𝒏) receives 

emphasis at a particular time index, 𝑛. STFT is a time 

dependent complex function of time index 𝑛 and 

frequency 𝜔. 
 

We can observe STFT as the discrete time Fourier 

transform (DTFT) of the sequence 𝒙(𝒎)𝒘(𝒏 −𝒎). 

An alternative interpretation of STFT is to consider  

𝑿𝒏 𝒆
𝒋𝝎  as a function of 𝑛 with a given frequency 

then it becomes discrete-time convolution and can be 

considered as linear filtering 

 

The shape of the window sequence has an important 

effect time-dependent FT. the STFT of given signal is 

 

𝑿𝒏 𝒆
𝒋𝝎 =

𝟏

𝟐𝝅
 𝑾(𝒆−𝒋𝝎)𝒆−𝒋𝝎𝒏𝑿(𝒆𝒋 𝝎−𝝎  )𝒅𝝎 

𝝅

−𝝅

 

 
Fourier transform (FT) of the sequence of input signal 

is convolute with the FT of the shifted window. To 

represent  𝑿 𝒆𝒋𝝎  by using STFT 𝑿𝒏 𝒆
𝒋𝝎 , we chose 

a window function with a spectral highly 

concentrated around the origin. In this paper we try to 

use hamming window is used to conduct STFT. 
 

3.2. SHORT TIME ENERGY 

Short-time energy (STE) [6] is defined as the average 

of the square of the sample values in suitable time 

window [2]: 

𝑬 𝒏 =
𝟏

𝑵
 [𝒘 𝒎 𝒙 𝒏 − 𝒎 ]𝟐
𝑵−𝟏

𝒎=𝟎

 

where 𝒘 𝒎  are the coefficients of the window 

function of length 𝑁, 𝑚 and for window index, and 𝑛 

stands for index of sample. The Hamming window 

was defined as a time window which minimizes the 

maximum side lobe in frequency short-time 

processing of crying should take place during 

segments between 10-30ms in length .for signals of 

8kHz sampling frequency ,a time window of 128 

samples was used .STE estimation performs well as a 

cry detector because there is a noticeable difference 

of average energy between voiced and unvoiced cry 

signals, and between crying and silence. This 
technique is usually paired with short -time zero 

crossing for a robust detection scheme. 

 
Fig 2: Flow chart 
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3.3. SHORT -TIME ZERO CROSSING 

Short-time zero crossing (STZC) is defined as the rate 
of signal sign change [1]: 

 

𝒁 𝒏 =
𝟏

𝑵
  𝒔𝒊𝒈𝒏 𝒙 𝒏 − 𝒎  

𝑵−𝟏

𝒎=𝟎

− 𝒔𝒊𝒈𝒏 𝒙 𝒏 − 𝒎− 𝟏    

 

Where 𝒔𝒊𝒈𝒏(𝒙 𝒎 ) =  
𝟏                             𝒙(𝒎) ≥ 𝟎
−𝟏                     𝒙(𝒎) <   0  

  

 

STZC estimation works well with the frequency 

detector because there are noticeably fewer zero 

crossings in vocal cord frequency as compared with 

unvocal cord frequency. It is obvious that short-time 

zero crossing can predict the start and end points of 

vocal cord frequency signals. STZC approach can 

effectively obtain the envelope of a non-silent signal, 
uncombined with short-time energy, STZC can 

effectively track instances of potentially vocal cord 

frequency signals that are the signals of interest for 

analysis. 

 

3.4. LINEAR PRDECTIVE CODING 

The wave forms of two similar sounds will also be 

similar. If two dumb without deaf people frequencies 

have very similar wave forms it indicates that they 

should posses the same words. However, it is 

impractical to conduct a full sample by sample 

comparison between vocal cord frequency signals due 
to complexity of the sample audio signals for better 

performance of the time domain comparison of dumb 

without deaf people frequency signals, linear 

predictive coding (LPC) is applied. 

LPC produces a vector of coefficients that represent a 

spectral shaping filter. The input signal to this filter is 

either a pitch train for vocal cord frequency signals, 

or white noise for unvocal cord frequency signals. 

This shaping filter is an  all-pole filter represented as: 

𝑯 𝒛 =
𝟏

𝟏 −  𝒂𝒊𝒛
−𝒊𝑴

𝒊=𝟏

 

Where 𝑎𝑖  are the linear prediction coefficients and 𝑀 

is the number of poles. The present sample of the 

vocal cord frequency signal could then be described 

as a linear combination of the past 𝑀 samples of the 

cry signals. 

 

IV. EXPECTED RESULTS 

 
The dumb person‟s frequencies will be measured 

from the vocal cord while they are trying to 

utter a word. The output wave forms we get are now 

compared with short time zero crossing from which 

high pitches and low pitches are obtained for the 

respective sound made. So, this process is primarily 

done for basic letters and words and the High pitches 

and Low pitches are obtained. Now the process of 

Linear Predictive Coding is used to match the 
frequencies generated by them for each word. So, the 

overall point is their frequency for each word is 

matched using the code and the output we get is the 

voice which they wanted the world to understand. 

 

The reason of the selection of people with the 

disability of only dumb but not deaf because, people 

who are both deaf and dumb don‟t know how to spell 

a word because they don‟t even know the sound of 

the word uttered by the other person even if they 

could catch the lip movement. So, people only 

suffering with the disability of dumbness are selected 
as they know how a word is pronounced as they can 

hear and interpret the word by getting to follow the 

lip movement of the person who is speaking. 

 

V. CONCLUSION 

 

In this paper a novel humanitarian technology 

developed to aid dumb without deaf people using 

Artificial Intelligence at low cost. Many researchers 

in literature worked on sign language but this 

proposing method will be an efficient method and 
accuracy identification of speech. Actually, this 

method is not useful for dumb with deaf people but 

by using deep learning we can try to train the brain. If 

this project becomes a real-time application it breaks 

the barrier of communication among dumb people, 

this project will be “Service to Humanity” 
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