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Abstract:

The paper presents detection of the vocal disorder suffered due to the reaction of antibiotics
during the course of medical treatment by extracting pitch information of the speech. Extraction of
pitch of the speech is an important task due to the presence of background noise. Primarily start and
end points of speech is detected and thereafter pitch boundaries are recognized using autocorrelation
technique. This paper emphasized on accurate end point analysis for detection of the vocal disorder
suffered due to the reaction of antibiotics during the course of treatment by extracting pitch
information in the phonetics of Indian regional Marathi language numerical. .
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L Introduction:

In the production of speech, there are a number of sources that generate acoustic
energy in the vocal track, periodic sources include aspiration at the glottis; frication, generated further
forward in the vocal track; and transient bursts produced by the rapid release of complete constrictions.
The periodic source in the speech is created by vibration of the vocal folds creating periodic energy in
the glottis. These sources are filtered by the vocal track to generate an output signal. [1]-[4]. Due to the
reaction of the antibiotics during the course of medical treatment, patient suffers vocal disorder
affecting the speech. The vocal disorder is detected by extracting pitch of the speech. The samples of
the phonetics of Indian regional Marathi language numerical are used for extracting the pitch of the
speech.

11. Detecting the speech

An important problem in speech processing is to detect the presence of speech in a
background noise. [5][6] The accurate detection of words start & end points allows the subsequent
processing of the desired data, which reduces the memory requirement & reduces the processing time.
The start & end points detection of speech improve the detection of vocal disorder.[7][8]
The method uses two measures of the signal — the zero crossing rate and the energy.

Three thresholds are computed

1. ITU — Upper energy threshold.

2. ITL — Lower Energy Threshold.

3. IZCT- Zero crossings rate threshold.

Algorithm is as follows: :

1. Search from the beginning until the energy crosses ITU.

2. Back off towards the signal beginning until the first point at which the energy falls below ITL
is reached results into provisional beginning N1.

3. N2 (the end point) is selected in similar way.

4, For beginning point, examine the previous 250ms of the signal’s zero crossing rates.

5. If the measure exceeds the IZCT threshold, N1 is moved to the first point at which IZCT
threshold is exceeded.

6. Perform similar method for the end point N2.

Fig 1 shows the flowchart for detecting start & end points of speech.

IT1. Method

The phonetics of Indian regional Marathi language numerical samples for patients before and after the
course of medical treatment is recorded. At every frame, the method for detecting the pitch boundaries
is. important, since detecting start and end point is very critical. The pitch period is estimated by
autocorrelation technique by detecting the peak amplitude in the function. The second largest peak
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relative to the true delay of the correlation is used to determine the pitch period. The peak in the
autocorrelation function tends to fall off linearly starting from the first peak [9]-[12]

I11. Methodology:
The phonetics of Indian regional Marathi language numerical samples of patients before and

after the course of medical treatment is recorded. The speech data is recorded at 8KHz sampling
frequency with 8 bits representing each sample. Figure 2 shows block-processing model for detecting
the pitch boundaries.

Speech
> Endpoint > Filter > Frames Window Autocorrelation
Analysis Frame Analysis

Fig 2. Block Processing Mode! for Detecting Pitch Boundaries to control the Robot
Activities

The data is processed in frame of 200 samples and a vector of pitch is measured. The vector is
obtained by pre-emphasizing speech data to flatten it using first order digital filter with coefficient a=
0.97.The signal is processed in the steps of 100 samples to provide smoothing between vectors of pitch.
For pitch extraction, the hamming window and autocorrelation technique with order of 10 is used. In
the start & End point analysis of speech, each window samples are classified as voiced speech,

unvoiced speech or silence, based entirely on measurements made on the signal during the prescribed
interval [7]-[11].
IV. Result:

The results with the samples of the phonetics of Indian regional Marathi language numerical
//ek// for patients are obtained. The autocorrelation system order selected is equal to 10 for analyzing
the better performance. Fig 2,3 shows the start & end point analysis for detection of the vocal disorder
by extracting pitch information using autocorrelation technique. Table 1 shows the start and end frames
of spoken word “ek”.

Spoken Word= //ek// Starting Frame Ending Frame
Normal 26 50
Disorder 32 80

Table 1. Showing the Start & End frames of spoken word //ek//

3

Fig 2 Pitch for the Normal with//ek// Fig 3 Pitch for disorder detected in//ek//

Pitch
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VL Flowchart for Start & End points Detection

Fig 1. Flowchart for Start & End points detection
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