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ABSTRACT 
 In considering application of digital signal processing 

techniques to speech communication problems, it is helpful  to 

focus on three main topics: the representation of speech signal 

in digital form , the implementation of sophisticated 

processing techniques, and the classes of  applications which 

rely heavily on digital processing. The objective analysis of 

the signal in terms of its various parameters is of primary 

concern. Pitch and Intensity are the most important 

parameters of a sound signal. Characteristics of a sound signal 

can be defined by observing the waveforms of pitch and 

intensity. A Spectrogram gives an efficient representation of 

the signal. Vowels and consonants can be separated by 

measuring the formant frequencies measured from the 

spectrogram. 

General Terms 
Signal Processing, Characteristics of Sound, Pitch 

Measurement and Analysis, Intensity Measurement, Vowel 

Format Frequency Measurement 

Keywords  

Intensity, spectrogram, pitch, speech, formant, vowels, 

frequency. 

1.    INTRODUCTION 
The purpose of speech is communication. There are several 

ways of characterizing the communications potential of 

speech. One highly quantitative approach is in terms of 

information theory ideas as introduced by Shannon. 

According to information theory, speech can be represented in 

terms of its message content or information [1]. An alternative 

way of characterizing speech is in terms of the signal carrying 

the message information, i.e., the acoustic waveform. 

In considering the process of speech communication, it is 

helpful to begin by thinking of a message represented in some 

abstract form in the brain of the speaker. Through the 

complex process of producing speech, the information in that 

message is ultimately converted into an acoustic signal. The 

message information can be thought of as being represented in 

a number of different ways in the process of speech 

production. The information that is communicated through 

speech is intrinsically of a discrete nature; i.e., it can be 

represented by a concatenation of elements from a finite set of 

symbols. The symbols from which every sound can be 

classified are called phonemes [5]. Each language has its own 

distinctive set of phonemes, typically numbering between 30 

and 50. 

 

2. INFORMATION MANIPULATION & 

PROCESSING  
The general problem of information manipulation and 
processing is depicted in Figure 1. 

 

 
 

Fig 1: General view of information manipulation and                                         

processing 

 

In case of speech signals the human speaker is the information 

source. The measurement or observation is generally the 

acoustic waveform. Signal processing involves first obtaining a 

representation of the signal based on a given model and then 

the application of some higher level transformation in order to 

put the signal into a more convenient form [8]. The last step in 

the process is the extraction and utilization of message 

information. PRAAT is a software package that has been 

extensively used for analysis. Acoustic signals can be 

measured and observed and also can be processed using 

various transformation tools. 

3.    CONSIDERATIONS FOR ANALYSIS 
Sound has got properties like pitch, intensity, etc. Pitch is 

related to frequency. It determines the nature of sound. 

Intensity is related to loudness. Therefore, measuring of sound 

signal can be achieved by measuring its pitch and intensity. 

3.1   Pitch 
It is the property of sound that varies with variation in the 

frequency of vibration [4]. Pitch is a perceptual property that 

allows the ordering of sounds on a frequency-related scale. 

Pitch may be quantified as a frequency. But pitch is not a 

purely objective physical property; it is a subjective psycho 

acoustical attribute of sound. Pitch is closely related to 

frequency, but the two are not equivalent. Frequency is an 

objective, scientific concept, whereas pitch is subjective. 

Sound waves themselves do not have a pitch, and their 

oscillations can be measured to obtain the frequency. Pitches 

are usually quantified as frequencies in cycles per second, or 

hertz, by comparing sounds with pure tones, which have 

periodic, sinusoidal waveforms. 

3.2   Intensity  
Sound intensity or Acoustic intensity is defined as (1) the 

sound power per unit area [4]. 
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                                          (1) 

3.3   Pitch Measurement Results 
Two same sentences read by two different people-one male 

and one female-were analyzed using PRAAT. Figure 2 and 3 

show the variation in pitch [5] of a male and a female sound. 

Minimum noise interference from the environment was 
ensured. 

 

 
Fig  2:  Male audio sample with its extracted pitch 

contour 

 

 
Fig  3:  Female audio sample with its extracted pitch 

contour 

 

As seen in Figure 2 and Figure 3, the pitch of female sound is 

higher than that of male sound. To show the difference 

objectively, readings were taken at different time instances 

and compiled in Table 1. Table 1 shows the Pitch of the two 

signals.  

 

Table 1. Pitch Observed for the audio samples 

Time 

Instance 

(s) 

Pitch 

(Hz) 

Male Voice 
Female 

Voice 

0.2 139.9 238.7 

0.6 194.6 358.4 

0.8 148.4 241.6 

1.2 140.9 313.13 

1.6 130.1 294.1 

2.0 No Pulse 255.4 

2.4 130 No Pulse 

2.8 207.1 318.9 

3.2 186.9 290.3 

3.6 159.8 238.8 

4.0 142.5 212 

 

From the Table 1 it can be concluded that the pitch of a 

female voice is more than that of a male. This leads us to the 

fact that the female voice is shriller (sharp toned) than that of 

a male. A physical explanation of this difference is owing to 

biological variations. Men and women have different 
hormones. Testosterone in a man causes the vocal cords to 

thicken therefore vibrating at a deeper resonating sound. 

Women have less testosterone and more estrogen causing the 

vocal cords to be thinner and making a higher pitch sound. 

3.4    Intensity Measurement Results 
Selecting only one sound signal, the intensity was measured. 

Intensity is related to the power of sound. Higher the power, 

higher is the intensity. Intensity is measured in dB(decibels). It 

is the measure of Loudness [5]. 

 

Table 2. Observed Intensity for female audio sample 

Time 

instance 

(s) 

Intensity 

(dB) 

0.4 69.6 

0.8 78.84 

1.2 71.03 

1.6 74.12 

2.0 0 

2.4 58.21 

2.8 75.44 

3.2 66.51 

3.6 74.13 

4.0 74.32 

 

In Table 2, values of Intensity at different time instances were 

measured. It can be seen that the average sound Intensity is 

approximately 70. The graph in Figure 4 shows the average 
intensity. 

 

 
Fig  4: Intensity vs. Time 
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Average normal human voice intensity is in the range 70-80 
dB. 

Figure 4 shows the female audio signal with spectrogram and 
intensity. 

 

 
Fig  5:  Female audio signal with its spectrogram and 

intensity 

The yellow line traces intensity of the sound signal. 

4.     VOWEL DETECTION 
There are five vowels- a, e, i, o, and u -in the English language. 

Vowel is a speech sound made with the vocal tract open. 

Vowels are produced by exciting a fixed vocal tract with quasi-

periodic pulses of air caused by vibration of the vocal chords. 

The way in which the cross-sectional area varies along the 

vocal tract determines the resonant frequencies of the 

tract(formants) and thus the sound that is produced. 

Formants are defined by Gunnar Fant [6] as - 'the spectral 

peaks of the sound spectrum of the voice'. It is often measured 

as an amplitude peak in the frequency spectrum of the sound, 

using a spectrogram (in the figure) or a spectrum analyzer, 

though in vowels spoken with a high fundamental frequency, 

as in a female or child voice, the frequency of the resonance 

may lie between the widely-spread harmonics and hence no 

peak is visible. In acoustics, it refers to a peak in the sound 

envelope and/or to a resonance in sound sources, 

notably musical instruments, as well as that of sound chambers 

[7]. 

By definition, the information that humans require to 

distinguish between vowels can be represented purely 

quantitatively by the frequency content of the vowel sounds. 

In speech, these are the characteristic partials that identify 

vowels to the listener. Most of these formants are produced by 

tube and chamber resonance, but a few whistle tones derive 

from periodic collapse of Venturi effect low-pressure zones. 

The formant with the lowest frequency is called f1, the 

second f2, and the third f3. Most often the two first 

formants, f1 and f2, are enough to disambiguate the vowel. 

These two formants determine the quality of vowels in terms 

of the open/close and front/back dimensions (which have 

traditionally, though not entirely accurately, been associated 

with the position of the tongue). Thus the first formant f1 has a 

higher frequency for an open vowel (such as [a]) and a lower 

frequency for a close vowel (such as [i] or [u]); and the 

second formant f2 has a higher frequency for a front vowel 

(such as [i]) and a lower frequency for a back vowel (such 

as [u]). Vowels will almost always have four or more 

distinguishable formants; sometimes there are more than six. 

However, the first two formants are most important in 

determining vowel quality [7], and this is often displayed in 

terms of a plot of the first formant against the second 

formant, though this is not sufficient to capture some aspects 

of vowel quality, such as rounding. By listening to the sound 

signal and identifying the vowel areas, the vowel formants 

were measured. The sound signal was ‘machali jal ki hai 

raani, jeevan uska hai paani
machali.wav

’. A representation of 

this sound signal is shown in Figure 5. 

 

 
 

Fig  6: Text Grid Annotated sample with distinct 

segmentation of words 

 
The measured formant frequencies from sound Spectrogram 
are shown in Table 3. 

 

Table 3. Vowel detection by Formant Measurement 

Vowel 

Time 

instance 

(s) 

Formant 

F1 

(Hz) 

Formant 

F2 

(Hz) 

a
1.wav

 

0.2 832 1418 

ee
2.wav

 

0.5 2404 3558 

a
3.wav

 

0.8 647 1752 

i
4.wav

 

1 2572 3471 

a
5.wav

 

1.3 672 2143 

aa
6.wav

 

1.5 845 1690 

i
7.wav

 

1.7 344 2671 

ee
8.wav

 

2.6 2254 3373 

http://en.wikipedia.org/wiki/Gunnar_Fant
http://en.wikipedia.org/wiki/Frequency_spectrum
http://en.wikipedia.org/wiki/Voice_frequency#Fundamental_frequency
http://en.wikipedia.org/wiki/Musical_instruments
http://en.wikipedia.org/wiki/Vowel
http://en.wikipedia.org/wiki/Overtone
http://en.wikipedia.org/wiki/Resonance
http://en.wikipedia.org/wiki/Venturi_effect
http://en.wikipedia.org/wiki/Tongue
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a
9.wav

 

2.8 748 1926 

u
10.wav

 

3 623 3325 

a
11.wav

 

3.3 935 1551 

a
12.wav

 

3.5 462 2274 

aa
13.wav

 

3.85 935 1931 

i
14.wav

 

4 310 2831 

 

The universally accepted average vowel formant frequencies 

are given in Table 4[7]. 

Table 4. Average Vowel Formant Frequencies 

Vowel 

Formant 

F1 

(Hz) 

Formant 

F2 

(Hz) 

i 240 2400 

y 235 2100 

e 390 2300 

 370 1900 

 610 1900 

 585 1710 

a 850 1610 

 820 1530 

 750 940 

 460 1310 

o 360 640 

u 250 595 

 

Comparing the readings in Table 3 and 4, it was observed                                                                             

that readings for the vowel sound ‘a’ and ‘i’ and some derived 

vowel sounds match to a certain extent with the average 

values. Other readings do not match. One reason may be the 

inherent differences in the vocal tracts of speakers. A great 

deal of variability is expected among speakers producing the 

same vowel. 

A graphical representation of Table 3 and Table 4 is shown in 

Figure 6 and Figure 7. Encircled areas show the matching 

between measured vowel formant frequencies and average 
vowel formant frequencies. 

 

 
Fig. 7: Measured Vowel Formant Frequencies (F1 vs. F2) 

 

 

 
Fig. 8: Average Vowel Formant Frequencies (F1 vs. F2) 

 
Formant frequencies for vowels ‘a’ and ‘i’ match to a 

certain extent. 

 

5.     CONCLUSION AND FUTURE WORK 
Pitch contour shapes clearly indicate that irrespective of the 

time of observation, the female voice possess a greater shrill 

than male as conformed by the readings. However, for 

intensity, it is purely dependent on the “force” with which the 

words are uttered. At different instances of time, there are 

fluctuations in the intensity for both male and female scales. 

The vowel detection mechanism conformed to the ideal 

frequency values as expected for all the words of the sentence 

except ‘e’ pronunciation in the word ‘chlee’. This deviation 

may be attributed to the external noise disturbances while 

recording. 

Future work will target to automate the vowel detection system 

[3]. This feature of automated extraction can be put to use in 

real time service oriented sectors such as tele-booking. 

Moreover, a further enhancement could involve analysis of 

rapid continuous speech for content segmentation and system 

recognition such as study of prosody in native languages [2]. 

This task of evaluation becomes even more challenging as it 

demands more universal computational models. 
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