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Abstract—The evolutionary origins of speech remain obscure. This contribution presents a novel approach to smooth the human speech
using poly fitting techniques. The acquisition of speech signal is carried out using high quality system. Acoustic analysis of Hindi language
female/male speaker is done via signal processing technique. An algorithm is designed to modify various speech parameters with different
frame size. Various frame level ranging from 10 to 50 are taken and linear fitting of the data is carried out. Perceptual experiments were also
conducted to assess the quality of the synthesized speech. Synthesized female speech showed low value of PESQ score with respect to male

speech.
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l. INTRODUCTION

peech is a human hallmark characteristic and its
evolution is also enigmatic [1]. Speech is organized
in series of open-close mouth cycles where the
opened phase essentially corresponds to vowel production and
the closed phase to consonant production. Characteristically,
these cycles occur at 3-8 times per second, the motoric
outcome of rapidly stringing together consonants and vowels
to produce the syllables, words and sentences that comprise
the world’s spoken languages [2], [3]. The anatomy human
vocal tract is shown in figure 1. The vocal tract is the space
ranging from the opening between the vocal cords (glottis) to
the lips. The vocal tract can be divided into the pharynx (from
the esophagus to the mouth) and the oral cavity. For an
average male, the length of the vocal tract is about 17 cm, and
the cross-sectional area varies from zero to about 20 cm?
(depending of the positions of the tongue, lips, jaw, and
velum) [4]. The velum is also used to control the acoustical
coupling of the nasal tract to the vocal tract. The sub-glottal
system composed of the lungs, bronchi and trachea serves as
a source of energy for the production of speech. The sounds in
speech can be divided into three categories according to their
mode of excitation: Voiced, unvoiced, and plosive sounds.
Voiced sounds are produced by blowing air through the glottis
while the tension of the vocal cords is adjusted so that they
vibrate in a relaxation oscillation. This produces quasi-
periodic pulses of air flow which excite the vocal tract.
Unvoiced sounds are generated by causing a constriction
somewhere along the vocal tract and forcing air through it at a
velocity that produces turbulence [5]. This produces a noise
source to excite the vocal tract. Plosive sounds are generated
by making a complete closure somewhere along the vocal
tract, and building up pressure behind it. When the closure is
opened, the pressure is released as a burst of air- flow excites
the vocal tract [6].
The vocal tract resonances or formants provide both
phonetic information i.e. identity of the intended vowel or

consonant and source information. The frequencies of the
lowest three formants, as well as their pattern of change over
time, provide cues that help listeners ascertain the phonetic
identities of vowels and consonants. Vocalic contrasts, in
particular, are determined primarily by differences in the
formant pattern [7-9]. The formant representation provides a
compact description of the speech spectrum. Given an initial
set of assumptions about the glottal source and a specification
of the damping within the supralaryngeal vocal tract, the
spectrum envelope can be predicted from knowledge of the
formant frequencies [10]. A change in formant frequency
leads to correlated changes throughout the spectrum, yet
listeners attend primarily to the spectral peaks in order to
distinguish among different vocalic qualities [11], [12].

In this research work formant smoothening is carried out
using linear fitting of signal. The quality of speech after is
estimated using Perceptual evaluation of speech quality
(PESQ) method [13] is used to evaluate quality of the speech.

1. Nasal cavity
2. Hard palate
3. Alveolar nidge
4. Soft palate (velum)
5. Tongue tip
6. Dorsum
7. Uvula
8. Radix
9. Pharynx
10. Epiglottis
11. False vocal folds
12. Vocal cords

13. Larynx

14. Esophagus
15. Trachea

Fig. 1. The human speech production system.
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Fig. 2. Designed algorithm for reconstructing speech with added noise.

Il. METHODOLOGY

The research work is divided into two main sections. In
first section speaker selection, speech recording and
segmentation is done, while in the second part analysis of
smoothened speech quality is carried out. Phrase in Hindi
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language are recorded using Audacity software at the
sampling rate of 16000 Hz. The speech of two female and two
male speakers were recorded in an acoustically treated
environment. An algorithm shown in figure 2 is designed to
smoothen the recorded signals using linear fitting techniques.
Also various speech parameters such as pitch, Amplitude,
formant frequency, bandwidth etc were modified in the
algorithm. Various frame size ranging from 10 to 50 were
taken to smooth the speech. Reconstructed speech is compared
with original recorded speech signal. The deviation between
synthesized speech and original speech is evaluated using
PESQ method.

I1l.  RESULTS AND DISCUSSION

Normalized female speech and their spectrogram are
shown in figure 3 and figure 4 whereas figure 5 and figure 6
shows normalized male speech and their spectrogram. Table |
shows the computed PESQ score of synthesized smoothen
speech having various frame size in linear fitting process with
respect to original recorded speech signal of female and male
speakers. Figure 7 shows the PESQ core of female and male
speakers. The x-axis shows the frame size and y-axis PESQ
scores. PESQ histogram result it is concluded that for female
speaker as the frame size is increased PESQ attains a constant
value and the maximum value for Spl and Sp2 is 1.425 and
1.080 respectively. It is contrary for male speaker, as the
frame size is increased PESQ score shows the random
deviation and the maximum value for male speaker Sp3 and
Sp4 are 1.439 and 1.413 respectively.
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Fig. 3. Female speaker (Spl) normalized speech signal and spectrogram.
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Fig. 4. Female speaker (Sp2) normalized speech signal and spectrogram.
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Fig. 5. Male speaker (Sp3) normalized speech signal and spectrogram.
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Fig. 6. Male speaker (Sp4) normalized speech signal and spectrogram.

Table | PESQ score of female and male speaker with various frame size.

PESQ Score

Frame Size Female Speaker Male Speaker

Spl Sp2 Sp3 Sp4

10 1.28 1.00 1.34 1.07

20 1.42 1.08 1.32 1.23

30 1.42 1.08 1.43 1.20

40 1.42 1.08 1.34 1.16

50 1.42 1.08 1.43 141
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Fig. 7. PESQ score of female and male speaker.
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IV. CONCLUSION

Research work is carried out to investigate the linear fitting
of signals on male/female Hindi language speaker. A phrase is
recorded using high quality system and professional sound
recording software. An algorithm is designed to linear fit the
data using poly fitting technique. PESQ score of 1.280 and
1.008 is obtained for frame size 10 and 1.425 and 1.080 at
frame size 50 for female speakers. Similarly for male speaker
the PESQ score comes out to be 1.349 and 1.075 at 10 and
1.439 and 1.413 at 50 frame size respectively.
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