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Abstract— Speech is an efficient mode of communication among human beings. The shape of glottal excitation may be speaker and 

language dependent. The objective of this paper is to investigate the quality of speech with respect to glottal excitation modification in Hindi 

and Dogri languages. For this, recordings of six speakers (3 males and 3 females) were carried out in Dogri and Hindi languages. Cardinal 

vowels (/a/, /i/, /u/) were extracted from recordings of each speaker. Investigations were carried out by modifying the glottal excitation 

component of speech and this modification is obtained by adding noise which is a random signal to the glottal excitation component. The 

analysis of the results showed that quality and intelligibity of speech changes with the modification of the glottal source component in such 

a manner that identity of a speaker is fully lost and the clarity is degraded though not fully lost. Further, it is perceived that with the 

modification clarity in male speakers is more degraded than female speakers. 
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I.  INTRODUCTION  

peech is the prime mode of communication among 

human beings. Speech technologies are commercially 

available for an unlimited but interesting range of tasks 

[1]. Speech provides information about speaker identity, 

accent, emotion and state of health of speaker. The process of 

speech production begins with exhaling air from the lungs. 

Without the subsequent modulations, this exhaled air will 

sound like a random noise with no information. The 

information is first modulated onto the passing air by the 

frequency of closing and opening of the glottal folds. The 

output of the vocal fold is the glottal excitation signal to the 

vocal tract which is further shaped by the resonances of the 

vocal tract and the effects of the nasal cavities, teeth and lips. 

Process of speech in human beings has developed over several 

years yielding a vocal structure that is skilled in speech 

communication [2].The mechanism of natural speech involves 

four processes : Language processing, in which the content of 

the utterance is converted into phonemic symbols in the 

brain’s language center; generation of motor commands in the 

brain’s motor centre, to the vocal organs; initiation of 

articulatory movements for the production of speech by the 

vocal organs, based on the motor commands; and the emission 

of air sent from the lungs resulting in a speech signal that we 

hear [3].This whole phenomenon can be visualized as a chain 

mechanism passing through various levels like linguistic level, 

physiological level and acoustic level The vocal folds change 

the signal originating from any source or from vocal cords 

[4][5].Research has shown that glottal folds in case of males 

are usually longer than in females causing a lower pitch and a 

deeper voice. The male glottal folds are between 17.5 mm and 

25 mm in length. This difference in the size of vocal cords 

causes difference in vocal pitch. The female vocal folds are 

between 12.5 mm and 17.55 mm in length. There is a gap 

between the vocal folds which is called glottis, and the 

production from this place is often called glottal source. Vocal 

folds vibrate producing a periodic sound when the air passes 

through it. The rate of vibration of the glottal folds is known 

as the fundamental frequency F0. Larynx is the most 

important vocal organ from F0 point of view. Fundamental 

frequency F0 is between 80 to 250 Hz for male speakers 

because a male can vibrate his vocal folds in between 80 to 

250 times per second in comparison to 120 to 400 Hz in 

females [6]. 

The mechanism of natural speech also involves language 

processing. Hindi is one of the prevalent languages in India 

after English and Mandarin. Hindi belongs to Devnagri script. 

Another similar language is Dogri, which is an Indo-Aryan 

language spoken by about five million people in India and 

Pakistan mainly in the Jammu region of Jammu and Kashmir. 

Dogri has its own script named as Doger. Number of Dogri 

speakers are far less than Hindi speakers. Hindi and Dogri are 

closely related languages having their roots in Sanskrit and 

belongs to the same subgroup of Indo –European family. 

II. GLOTAL SOURCE EXCITATION 

Glottal source estimation aims at isolating the vocal folds 

vibrations showing large variations in the movement of the 
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vocal folds from one individual to another. The vocal folds 

may close completely for some speakers, while for others, the 

vocal folds may never reach full closure. The manner and 

frequency in which the vocal folds close, also varies from 

speaker to speaker. Difference in vibration of vocal folds 

correspond to difference in time varying area of the opening 

between the folds, known as the glottis, and therefore in 

volume velocity air flows through the glottis. The air flow 

may be smooth, when the folds never close completely, 

corresponding to a “ soft” voice, or discontinuous, when they 

close rapidly, resulting into “hard” voice. The flow at the 

glottis may be turbulent, when air passes near a small portion 

of the folds that remains partly open. Turbulence at the glottis 

is referred  to as aspiration which, when occurring during 

vocal cord vibration, can result into a “breathy” voice. To 

determine quantitatively whether such glottal characteristics 

contain speaker dependence, features such as the timings of 

vocal folds opening and closing, the general shape of the 

glottal flow, and the extent and timing of turbulence at the 

vocal folds must be extracted. 

III. LINEAR PREDICTIVE CODING 

LPC methods provide accurate estimates of speech 

parameters efficiently. Linear prediction is a very powerful 

modelling technique LPC represent the speech waveform 

directly in terms of time varying parameters related to the 

transfer function of the vocal tract and the characteristics of 

the source function [7].  
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Fig. 1. Block diagram  of an LPC synthesizer. 

LPC is operated in signal processing for the expression of 

the spectral envelope of speech in compact form taking into 

concern the information required in linear predictive mode. 

It’s an important technique for the accurate, economical 

measurement of speech parameters like pitch, formants 

spectra, and vocal tract area functions and for the 

representation of speech for low rate transmission or storage 

[6]. Linear prediction is a very powerful modeling technique 

which may be applied to time series data. In particular, the all-

pole model is used in which the signal s(n) is approximately 

represented as a linear combination of past values.  
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where ρ is called the order and αk’s are the LPC 

coefficients. A LPC based speech synthesizer is shown in Fig. 

1. The time varying all-pole digital filter, H(z), is excited by 

periodic pulses for voiced speech and by white noise for 

unvoiced speech. The output of the filter H(z) after appropriate 

digital to analog conversion and low pass filtering constitutes 

the synthetic speech signal. The predictor coefficients (αk’s) 

are determined by minimizing the sum of squared differences 

between the actual speech samples and the linearly predicted. 

IV. METHODOLOGY  

For the analysis and synthesis of the speech signal, speech 

of six speakers (3 males and 3 females) was recorded for 

sentences written in Hindi and Dogri languages at 16 kHz 

sampling frequency and 16 bit quantization in an acoustically 

treated room using Sony ICD-AX-412 digital flash memory 

voice recorder. The speakers were able to speak fluently both 

Hindi and Dogri languages. Further, the speakers belonged to 

same age group. After recording, the speech was segmented 

manually and vowels (/a/, /i/, /u/) were extracted and 

investigations were conducted using three experiments. 

Experiment I was conducted for Hindi without any parameter 

modification. Similarly, Experiment II was conducted using 

Dogri without parameter modification.In Experiment III, 

glottal excitation was modified with noise when the recorded 

speech is in Hindi. In Experiment IV glottal excitation was 

modified with noise when the recorded speech is in Dogri. 

V. RESULTS 

Identity and clarity of each speaker for Experiments I is 

shown in Table I(a) and Table I(b) respectively.  

Table I(a). Mean (M) and standard deviation (SD) for Experiment I in terms 

of identity. 

Vowel Speaker M SD 

/a/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

5 

5 

5 

5 

5 

5 

0 

0 

0 

0 

0 

0 

/i/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

5 

5 

5 

5 

5 

5 

0 

0 

0 

0 

0 

0 

/u/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

5 

5 

5 

5 

5 

5 

0 

0 

0 

0 

0 

0 
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Table I(b). Mean (M) and standard deviation (SD) for Experiment I in terms 

of clarity. 

Vowel Speaker M SD 

/a/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

5 

5 

5 

5 

5 

5 

0 

0 

0 

0 

0 

0 

/i/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

5 

5 

5 

5 

5 

5 

0 

0 

0 

0 

0 

0 

/u/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

5 

5 

5 

5 

5 

5 

0 

0 

0 

0 

0 

0 

 

Fig. 2. Comparison of mean of different speakers in terms of identity for 

Experiment I. 

  

 
Fig. 3. Comparison of mean of different speakers in terms of Clarity for 

Experiment I.  

Similarly Identity and Clarity of each speaker for 

Experiments II is shown in Table II(a) and Table II(b) 

respectively.  

 

 

Table II(a). Mean (M) and standard deviation (SD) for Experiment II in terms 

of identity. 

Vowel Speaker M SD 

/a/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

5 

5 

5 

5 

5 

5 

0 

0 

0 

0 

0 

0 

/i/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

5 

5 

5 

5 

5 

5 

0 

0 

0 

0 

0 

0 

/u/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

5 

5 

5 

5 

5 

5 

0 

0 

0 

0 

0 

0 

 

Table II(b). Mean (M) and standard deviation (SD) for Experiment II in terms 

of clarity. 

Vowel Speaker M SD 

/a/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

5 

5 

5 

5 

5 

5 

0 

0 

0 

0 

0 

0 

/i/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

5 

5 

5 

5 

5 

5 

0 

0 

0 

0 

0 

0 

/u/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

5 

5 

5 

5 

5 

5 

0 

0 

0 

0 

0 

0 

 

Fig. 4. Comparison of mean of different speakers in terms of identity for 
Experiment II. 
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 Fig. 5. Comparison of mean of different speakers in terms of Clarity for 

Experiment II.  

Identity and Clarity of each speaker for Experiments III is 

shown in Table III(a) and Table III(b) respectively.  

Table III(a). Mean (M) and standard deviation (SD) for Experiment III in 

terms of identity. 

Vowel Speaker M SD 

/a/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

1 

1 

1 

1 

1 

1 

1.414214 

1.414214 

1.414214 

1.414214 

1.414214 

1.414214 

/i/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

1 

1 

1 

1 

1 

1 

1.414214 

1.414214 

1.414214 

1.414214 

1.414214 

1.414214 

/u/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

1 

1 

1 

1 

1 

1 

1.414214 

1.414214 

1.414214 

1.414214 

1.414214 

1.414214 

 

Identity and Clarity of each speaker for Experiments IV is 

shown in Table IV(a) and Table IV(b) respectively. All of 

these experiments are conducted separately for each of the 

three vowels (/a/, /i/, /u/). Histograms and spectrograms are 

also shown corresponding to these Experiments, for each of 

the three vowels. Mean (M) and Standard Deviation (SD) 

values are calculated using the observations of six listeners. It 

can be seen from the Mean values of Table I(a), Table I(b), 

Table II(a), Table II(b) that the clarity and identity of all the 

speakers is almost same as the original voice of the speakers. 

It can be seen from the Mean values of Table III(a), Table 

III(b), Table IV(a), Table IV(b), where glottal excitation is 

modified in such a manner that identity of a speaker is fully 

lost and the clarity is degraded though not fully lost. Further, it 

is perceived that with the modification clarity in male speakers 

is more degraded than female speakers.  

 

 

Table III(b). Mean (M) and standard deviation (SD) for Experiment III in 

terms of clarity. 

Vowel Speaker M SD 

/a/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

1.666667 

1.888883 

1.166667 

1.333333 

1 

1 

1.728132 

1.544224 

1.771196 

1.839261 

1.414214 

1.414214 

/i/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

2 

2.333333 

2.666667 

1 

1.666667 

1 

1.765085 

1.510329 

1.404695 

1.414214 

1.771196 

1.414214 

/u/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

1.833333 

1.333333 

1.666667 

1 

1 

1 

1.544224 

1.839261 

1.728132 

1.414214 

1.414214 

1.414214 

 
Fig. 6. Comparison of mean of different speakers in terms of identity for 

Experiment III. 

 

Fig. 7. Comparison of mean of different speakers in terms of Clarity for 

Experiment III. 

 

Fig. 8. Comparison of mean of different speakers in terms of identity for 

Experiment IV. 
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Table IV(a). Mean (M) and standard deviation (SD) for Experiment IV in 

terms of identity. 

Vowel Speaker M SD 

/a/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

1.166667 

1 

1 

1 

1 

1 

1.771196 

1.414214 

1.414214 

1.414214 

1.414214 

1.414214 

/i/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

1.166667 

1 

1 

1 

1 

1 

1.852668 

1.414214 

1.414214 

1.414214 

1.414214 

1.414214 

/u/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

1 

1 

1 

1 

1 

1 

1.414214 

1.414214 

1.414214 

1.414214 

1.414214 

1.414214 

Table IV(b). Mean (M) and standard deviation (SD) for Experiment IV in 

terms of clarity. 

Vowel Speaker M SD 

/a/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

2.666667 

2.5 

2.666667 

1.5 

2 

1.833333 

1.404695 

1.497765 

1.404695 

1.821187 

1.06066 

1.544224 

/i/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

2.666667 

2.666667 

2.666667 

1.166667 

1.33333 

1.166667 

1.404695 

1.404695 

1.404695 

1.728132 

1.839261 

1.728132 

/u/ SP1 (F) 

SP2 (F) 

SP3 (F) 

SP4 (M) 

SP5 (M) 

SP6 (M) 

1.833333 

1.5 

1.166667 

1 

1 

1 

1.544224 

1.821187 

1.771196 

1.414214 

1.414214 

1.414214 

 

Fig. 9. Comparison of mean of different speakers in terms of Clarity for 

Experiment IV. 

VI. CONCLUSION 

The investigations were carried out to study the effect on 

the quality of speech with respect to glottal excitation 

modification in Hindi and Dogri languages. This investigation 

was done for three cardinal vowels using four Experiments. 

The analysis of the results showed that LPC is able to 

synthesize Hindi and Dogri vowels with high quality. But 

modification of the glottal excitation with noise degrades the 

quality of speech in such a manner that identity of a speaker is 

fully lost and the clarity is degraded though not fully lost. 

Further, it is perceived that with the modification clarity in 

male speakers is more degraded than female speakers.  
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