
Chapter 3 

Spectral Analysis 

3.1 Spectrogram Analysis of Speech Signals 

The time-dependent Fourier transform of a signal x[n] is defined as 

where w[n] is a window sequence. In the time-dependent Fourier representation, the one-
dimensional sequence x[n], a function of a single discrete variable, is converted into a 
two-dimensional function of the time variable n, which is discrete, and the frequency 
variable A, which is continuous. The time-dependent Fourier transform is periodic in X 
with period 2TI[ 16]. 
The above equation can be interpreted as the Fourier transform of x[n+m] as viewed 
through the window w[m]. The window has a stationary origin and as n changes, the 
signal slides past the window so that each value of n, a different portion of the signal is 
viewed. 
Typically, w[m] has finite length around m=Q so that X[n,A) displays the frequency 
characteristics of the signal around time n. 
The spectrogram gives the time-frequency relation of a signal. The vertical dimension of 
a spectrogram is frequency (A) and the horizontal dimension is time («). 
The primary purpose of the window in the time-dependent Fourier transform is to limit 
the extent of the sequence to be transformed so that the spectral characteristics are 
reasonably stationary over the duration of the window. The more rapidly the signal 
characteristics change, the shorter the window should be[16]. 

3.2 Spectrographs Speech Processing 

To obtain the spectrogram the following parameters were used[17]. 

The spectrogram obtained for each vowel as described above is a large matrix., having 
256 rows, and a number of columns determined by the length of the speech sample. 
Therefore, using the spectrogram itself as a template would be a highly computation-
intensive task. Further, the presence of speaker-dependent characteristics and silent 
periods cause difficulties in using the spectrogram as a template[18]. 

To avoid those difficulties, a row-wise autocorrelation was carried out on the 
spectrogram matrix of the sound wave. The autocorrelation process provides a quantity 
proportional to the power at each frequency component and it also cancels out silent 
periods that may be present on the speech sample [18]. 

No. of samples for FFT (NFFT) 
No. of overlapping samples 
Window Length 
Sampling Frequency : 8000 Hz. 

: 512 
: 256 
: 512 
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Figure 3.1 shows the spectrograms obtained for a normal person and a hearing impaired 
person using MATLAB. 

Normal Hearing impaired 
Person Person 

Figure 3.1 - Spectrograms for /e l / sound 

In MATLAB, the spectrogram is represented by a large matrix, having 256 rows and the 
number of columns determined by the duration of the speech sample. This duration 
varies for each sample even when considering the pronunciation of same sound. In order 
to compare spectrograms of normal and hearing impaired persons, large matrices of 
different sizes must be involved in computations 

As an example, the above spectrogram for the normal person is contained in a matrix of 
size 257 x 5. To reduce the amplitude variations of each speech sample the matrices 
are row-wise and column-wise normalized. 

The analysis matrix is further reduced to 16 rows by averaging each group of 16 
consecutive rows of the 256 row matrix. A further reduction in the analysis matrix is 
possible by considering the fact that any articulated vowel sound contains fixed 
frequency components throughout the vowel duration when correctly pronounced. 
Therefore, the average value of each row of the 16 row matrix can be computed. Now 
the analysis matrix is in the form of a 16 x 1 column matrix. 

At this point a template can be prepared by averaging the above column vector for a 
considerable number of male speakers. The template for each vowel consists of 
quantities proportional to the power in each of the 16 frequency bands when pronounced 
properly. 

3.3 Evaluation of Speech Characteristic Extraction and Improvements 

Steps followed in the extraction of speech characteristics from the spectrogram method 
are briefly given below. 
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1. Edited vowel sounds of normal male speakers and found power in each band and 
percentage of power in each band with the use of the program developed using 
MATLAB. (Program code is shown in Appendix [A(i)]) 

2. Developed programs to find the variation of power between 0 to 4000 Hz. for a 
vowel, by dividing the range into 16, 32 and 64 bands. There was no significant 
improvement by increasing the number of frequency bands. Therefore the study 
used 16 frequency bands. ( Variation of power is shown in AppendixfB]) 

3. Prepared a template for the variation of total power and the average of percentages of 
power in each of the 16 frequency bands between 0 to 4000 Hz. Considered the 
utterance of /a:/, /ae/, /u:/, lol & /el/ sounds of nearly 40 normal speakers. 

4. Considering the average percentages of power variation, prepared a test algorithm for 
each of the above sounds. 

5. Applied the relevant algorithm for each of the above sounds and checked whether the 
sound passed or failed the algorithm. Listened to the recorded sounds of normal 
speakers and found that some of those are not pronounced properly. Selected correct 
and incorrect sounds according to the pronunciation. Discarded all the incorrectly 
pronounced sounds of the normal speakers and used only the correctly pronounced 
sounds to prepare the template for each sound again. ( Template is shown in Table 
3.1) 

6. Modified algorithms again according to the extracted features from the new template 
in Table 3.1. 

7. Compared the results according to the algorithms with the correct sounds. 
r No. of samples; Pronunciation good & algorithm passed^ 

+ No. of correct decisions = 
^ No. of samples; Pronunciation bad & algorithm failed j 

8. Edited vowel sounds of about 45 hearing impaired children and found % of power in 
each frequency band using MATLAB. (Program code is shown in Appendix [A(ii)]) 

9. Listened to the sounds of hearing impaired children and selected correct and 
incorrect sounds according to the pronunciation. 

10. Applied the algorithm for each of the above sounds of hearing impaired children and 
checked whether the sound passed or failed the relevant algorithm prepared for 
normal speakers. 

11. Compared the results of 9 & 10 above (i.e., Pronunciation and Algorithm results) and 
found the no. of correct decisions as earlier. 

12. Modified the algorithms several times to increase the no. of correct decisions. 



Frequency Band 
/a:/ /ae/ /u:/ lol /el/ 

Frequency Band Power % Power % Power % Power % Power % 
0-250 173.4551 11.1320 168.8088 15.9891 142.8936 20.5118 109.3256 12.2506 176.9261 18.9592 

250-500 77.5076 4.9757 99.3371 9.2029 464.1576 72.8618 435.5221 55.4336 543.0561 62.8068 
500-750 460.8858 30.6146 416.1512 41.3025 27.2800 4.0368 198.8015 21.8525 75.7827 7.9430 

750-1000 543.0566 33.7763 117.8766 11.8744 12.6802 1.7921 79.7734 9.0205 3.1921 0.3644 
1000-1250 258.4497 14.8067 12.6973 1.0753 2.2348 0.3621 3.5251 0.4191 1.1806 0.1300 
1250-1500 33.2578 2.1404 31.6690 2.5938 1.1496 0.1649 2.0583 0.2432 2.8904 0.3008 
1500-1750 4.7369 0.3022 76.1796 6.9676 0.4286 0.0634 1.6013 0.1671 5.7068 0.5852 
1750-2000 3.0389 0.1872 56.3084 5.3670 0.2051 0.0293 1.0517 0.1108 14.2874 1.4526 
2000-2250 3.4122 0.1964 15.1211 1.4771 0.1943 0.0262 0.8586 0.0877 20.8456 2.4209 
2250-2500 3.0163 0.1778 16.4388 1.6404 0.2310 0.0293 0.5636 0.0607 19.7030 2.2176 
2500-2750 5.4167 0.3613 11.2419 0.9909 0.2878 0.0362 0.8861 0.1068 9.7847 1 0471 
2750-3000 8.7582 0.4957 3.9440 0.3748 0.1661 0.0239 0.7500 0.0942 4.4780 0.4693 
3000-3250 8.3412 0.4797 5.4315 0.5168 0.2913 0.0338 0.6777 0.0837 5.1177 0.5638 
3250-3500 3.6851 0.2321 4.6334 0.4214 0.1378 0.0185 0.4034 0.0418 4.1632 0.4682 
3500-3750 1.6497 0.1029 1.6597 0.1497 0.0511 0.0071 0.1647 0.0206 1.6279 0.1863 
3750-4000 0.3218 0.0190 0.6187 0.0562 0.0223 0.0028 0.0516 0.0069 0.7650 0.0847 

Table 3.1. Total power in each frequency band and the percentage 
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Table 3.2 shows the percentages of correct decisions for normal and hearing impaired 
speakers according to the selected algorithms in the above steps. 

Sound Ratio for 
normal 
persons 

% for normal 
persons 

Ratio for 
hearing 
impaired 
children 

% for hearing 
impaired 
children 

/a:/ 39/40 97.50 36/45 80.00 
/«/ 24/29 82.76 36/44 81.82 
IVL'.I 34/38 89.47 36/43 83.72 
lol 25/32 78.13 34/43 79.07 
/el/ 35/36 97.22 36/43 83.72 

Table 3.2. Percentages of Correct Decisions 

Observing the results, it is seen that although some normal speakers pronounced the 
sound correctly the algorithm is not satisfied. Therefore the need for further 
improvements in the algorithms is observed. 

All the sound samples, which failed the algorithms, were carefully studied. For each 
sample the dominant features were extracted. Those features were checked against the 
samples with correct decisions to see whether they still satisfy the new features. It was 
found that some of those characteristics were satisfied by the correct samples. To check 
those newly introduced characteristics another set of algorithms were developed for each 
sound. The set of algorithms developed for each sound and the results for each algorithm 
are shown in the following Tables 3.3 - 3.7. 
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Algorithm Characteristics Correct Decisions Algorithm Characteristics 

Normal 
Speakers 

Hearing 
Impaired 
Speakers 

1 d.f. 500-750 or 750-1000 Hz., 
1500-2750Hz<5% 

39/40 36/45 

2 d.f.<75%, d.f. 500-750 or 750-1000 Hz., 
l500-2750Hz<4% 

39/40 38/45 

3 d.f.<72%, d.f. 500-750 or 750-1000 Hz., 
1500-2750Hz<4% 

39/40 38/45 

4 d.f.<72%, d.f. 500-750 or 750-1000 Hz., 
1500-2750Hz<4%, 0-250Hz.>2% 

39/40 39/45 

5 d.f.<72%, d.f. 500-750 or 750-1000 Hz., 
1500-2750Hz<4%, 0-500Hz.>4% 

39/40 38/45 

6 d.f.<72%, d.f. 500-750, 750-1000 or 
1000-1250 Hz., 
1500-2750Hz<4%, 0-250Hz>2% 

40/40 38/45 

7 d.f.<72%, d.f. 500-750 or 750-1000 Hz., 
1500-2750Hz<4%, 250-500Hz <19% 

39/40 40/45 

8 d.f.<72%, d.f. 500-750,750-1000 or 
1000-1250 Hz., 
1500-2750Hz<4%, 250-500Hz.<19% 

40/40 40/45 

9 d.f.<72%, d.f. 500-750, 750-1000 or 
1000-1250 Hz., 
1500-2750Hz<4% 

40/40 38/45 

10 d.f <72%, d.f. 500-750 or 750-1000 Hz., 
1500-2750Hz<4%, 0-250Hz>l% 

39/40 39/45 

11 d.f.<72%, d.f. 500-750, 750-1000 or 
1000-1250 Hz., 
1500-2750Hz<4%, 0-250Hz>l% 

40/40 38/45 

12 d.f.<72%, 500-1000 Hz. >41%, 
1500-2750Hz<4%, 250-500Hz.<19% 

40/40 40/45 

Table 3.3. Approach to the best possible Algorithm for /a:/ sound 
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Algorithm Characteristics Correct Decisions Algorithm Characteristics 

Normal 
Speakers 

Hearing 
Impaired 
Speakers 

1 d.f. 500-750Hz., 
1500-2000Hz>4% 

22/29 31/44 

2 d.f. 500-750Hz., 
1250-2000Hz>4% 

22/29 31/44 

3 d.f.<70%, d.f. 500-750Hz., 
1250-2000Hz>4% 

24/29 36/44 

4 d.f <70%, 500-1000Hz>36%, 
1250-2000Hz.>4% 

28/29 31/44 

5 d.f.<70%, d.f. 500-750Hz., 
1250-2000Hz >4%, 0-250Hz.>3% 

24/29 38/44 

6 d.f.<70%, 500-lOOOHz >36%, 
1250-2000Hz >4%, 0-250Hz.>3% 

28/29 36/44 

7 d.f.<70%, d f 500-750or 750-1000Hz., 
1250-2000Hz>4%, 0-250Hz>3% 

28/29 40/44 

8 d.f <70%, 250-1000Hz.>45%, 
1250-2000Hz >4%, 0-250Hz >3% 

28/29 37/44 

9 d.f.<70%, 500-1000Hz>30%, 
1250-2000Hz >4%, 0-250Hz.>3% 

28/29 39/44 

10 d.f.<70%, d.f. 250-500, 500-750 or 
750-lOOOHz., 
1250-2000Hz >4%, 0-250Hz >3% 

28/29 38/44 

11 d.f.<70%, d.f. 250-500,500-750 or 
750-lOOOHz., 500-1000Hz>30%, 
1250-2000Hz >4%, 0-250Hz>3% 

28/29 40/44 

Table 3.4. Approach to the best possible Algorithm for /ae/ sound 
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Algorithm Characteristics Correct Decisions Algorithm Characteristics 

Normal 
Speakers 

Hearing 
Impaired 
Speakers 

1 d.f. 250-500Hz., 
0-250Hz>5%, 500-750Hz.<15% 

32/38 35/43 

2 d.f. 250-500Hz., 
0-250Hz >4%, 500-750Hz <12% 

34/38 35/43 

3 d.f <93%, d.f. 250-500Hz., 
1750-3000Hz.<l% 

35/38 31/43 

4 d.f.<93%, d.f. 250-500Hz., 
1750-3000Hz.<l%, 0-250Hz>4% 

34/38 36/43 

5 d.f.<93%, d.f. 250-500Hz., 
1750-3000Hz.<l%, 0-250Hz >4%, 
500-750Hz.<ll% 

34/38 36/43 

6 d.f.<93%, 0-750Hz> 95%, 
1750-3000Hz.<l% 

32/38 28/43 

7 d.f.<93%, 0-750Hz> 92%, 
1750-3000Hz.<l% 

38/38 26/43 

8 d.f.<93%, 0-1000Hz> 97%, 
1750-3000Hz.<l% 

37/38 31/43 

9 d.f.<93%, 0-1000Hz> 96%, 
1750-3000Hz.<l% 

38/38 30/43 

10 d.f <93%, 0-1000Hz> 97%, 
1750-3000Hz.<l%, 0-250Hz.>4% 

36/38 38/43 

11 d.f.<93%, 0-1000Hz.> 96%, 
1750-3000Hz.<l %, 0-250Hz>4% 

37/38 37/43 

12 d.f.<93%, d.f. 0-250 or 250-500Hz., 
1750-3000Hz.<l%, 0-250Hz>4% 

37/38 36/43 

13 d.f.<93%, d.f. 0-250 or 250-500Hz., 
1750-3000Hz.<l%, 50%> 0-250Hz.>4% 

35/38 38/43 

4 

Table 3.5. Approach to the best possible Algorithm for /u:/ sound 



Algorithm Characteristics Correct Decisions 

Normal 
Speakers 

Hearing 
Impaired 
Speakers 

1 df. 250-500Hz., 
500-1000Hz>8% 

22/32 31/43 

2 df. 250-500Hz., 
500-1000Hz.>4% 

25/32 34/43 

3 d.f.<88%, df. 250-500Hz., 
500-1000Hz>4% 

25/32 35/43 

4 d.f.<88%, d f 250-500Hz., 
500-1000Hz.>4%, 0-250Hz>2% 

25/32 38/43 

5 d.f.<88%, df. 250-500Hz., 
0-250Hz>2%, 1000-2000Hz.<8% 

26/32 38/43 

6 d.f.<88%, d.f. 250-500 or 500-750 Hz., 
0-250Hz.>2%, l000-2000Hz.<8% 

32/32 37/43 

7 d.f.<88%, df. 250-500Hz., 
750-1000Hz>l%, 1000-2000Hz.<8% 

25/32 36/43 

8 d.f.<88%, df. 250-500 or 500-750 Hz., 
750-1000Hz.> 1 %, 1000-2000Hz.<8% 

30/32 36/43 

9 d.f.<88%, df. 250-500 or 500-750 Hz., 
0-250Hz>2%, 750-1000Hz>l%, 
1000-2000Hz.<8% 

30/32 38/43 

10 d.f.<88%, d.f. 250-500 or 500-750 Hz., 
0-250Hz>2%, 
500-1000Hz>3%, 1000-2000Hz.<8% 

32/32 37/43 

11 d.f.<88%, d.f. 250-500 or 500-750 Hz., 
0-250Hz>2%, 500-750Hz.>l%, 
750-1000Hz>l %, 1000-2000Hz.<8% 

30/32 38/43 

12 d.f.<88%, 250-750 Hz. > 56%, 
0-250Hz>2%, 1000-2000Hz <8% 

32/32 37/43 

•-13::'• d.f.<88%, 250-750 Hz. > 46%, 
0-250Hz.>2%, !000-2000Hz.<8% 

32/32 38/43 

Table 3.6. Approach to the best possible Algorithm for lol sound 
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Algorithm Characteristics Correct Decisions Algorithm Characteristics 

Normal 
Speakers 

Hearing 
Impaired 
Speakers 

1 d.f. 250-500Hz., 
1750-2750Hz.>2% 

33/36 31/43 

2 d.f. = 250-500Hz. or (250-500Hz > 16%), 
1750-2750Hz>2% 

35/36 33/43 

3 d.f.<91%, d.f. 250-500Hz., 
1750-2750Hz>2% 

33/36 31/43 

4 d.f.<91%, d.f. 250-500Hz., 
1750-2750Hz>2%, 0-250Hz. < 4 0 % 

33/36 32/43 

5 d.f.<91%, d.f. 250-500Hz., 
750-1750Hz.<4%, 
1750-2750Hz >2%, 0-250Hz. < 40% 

33/36 34/43 

6 d.f.< 91%, 250-750Hz > 33%, 
750-1750Hz.<4%, 
1750-2750Hz.>2%, 0-250Hz. < 40% 

35/36 36/43 

d.f.<91%, 
d.f.= 250-500Hz.or (250-500Hz.> 16%), 
750-1750Hz.<4%, 
1750-2750Hz >2%, 0-250Hz. < 40% 

36/43 

8 d.f.< 91%, 250-750Hz> 33%, 
1750 -2750HZ >2%, 0-250Hz. < 40% 

35/36 32/43 

9 d.f.< 91%, 250-750Hz> 46%, 
1750-2750Hz >2%, 0-250Hz. < 40% 

35/36 32/43 

10 d.f.:< 91%, 250-750Hz> 46%, 
750-1750Hz.<4%, 
1750-2750HZ >2%, 0-250Hz. < 40% 

35/36 35/43 

11 d.f.< 91%, 0-750Hz.> 67%, 
1750-2750Hz >2%, 0-250Hz. < 4 0 % 

35/36 35/43 

12 d.f.<91%, 0-750Hz>67%, 
750-1750Hz.<4%, 
1750-2750Hz>2%, 0-250Hz. < 4 0 % 

35/36 35/43 

Table 3.7. Approach to the best possible Algorithm for /el/ sound 

3.4 Best Possible Algorithms and Flow Charts 

From the algorithms developed in section 3.3, the best possible algorithm was selected 
for each vowel sound. Those selected algorithms are further explained below. 
( Percentages of power in each frequency band for normal and hearing impaired speaker 
samples for each vowel are shown in Appendix [C ].) 
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For /a:/ sound (Algorithm 12) 

[i]. For normal speakers, percentages of power in the dominant frequency band for 
nor7=71.6477% & nor34= 71.2427% (Appendix Q were the maximum values. 
Pronunciations of those sounds were ok when listened, 

[ii]. For all normal speaker samples used, power in 500-1000Hz. band was > 41%. 
The pronunciations were ok when listened. nor2= 41.3381% & nor37= 

42.4620% were the minimum. 
For hearing impaired speakers, hic3= 40.5778% was not ok when listened. 

[Hi]. For all normal speaker samples used, power in 250-500Hz. band was < 19%. 
The pronunciations were ok when listened. norl6= 18.4313% was the 
maximum. 
For some hearing impaired speakers, who uttered the sound ok when listened, 
power in 250-500Hz. band were hic9= 15.9325%, hicl7= 33.1735%, hic20= 
16.4322%. 
But hic31= 24.7298%, hic41= 27.3057% & hic45= 19.6354% were not 
correctly pronounced. 

Therefore 250-500Hz. band was taken as <19% excluding hicl7. 
[iv]. Power in 1500-2750Hz. bands for all normal speaker samples used were < 4%. 

These characteristics are shown in Table 3.8. 
Frequency Band(Hz.) % of Power Characteristics 

0-250 11.1320 
250-500 4y1§7 1L < '9% JH 

33.7763 V _ 
500-750 

4y1§7 1L < '9% JH 

33.7763 V _ 750-1000 

4y1§7 1L < '9% JH 

33.7763 V _ 
1000-1250 14.8067 
1250-1500 2.1404 
1500-1750 0.3022 

0.1872 , ^ 
0.1964 ( < 4 % ) 

.0.1778 ^ S 
0.3613 

1750-2000 
0.3022 
0.1872 , ^ 
0.1964 ( < 4 % ) 

.0.1778 ^ S 
0.3613 

2000-2250 

0.3022 
0.1872 , ^ 
0.1964 ( < 4 % ) 

.0.1778 ^ S 
0.3613 

2250-2500 

0.3022 
0.1872 , ^ 
0.1964 ( < 4 % ) 

.0.1778 ^ S 
0.3613 2500-2750 

0.3022 
0.1872 , ^ 
0.1964 ( < 4 % ) 

.0.1778 ^ S 
0.3613 

2750-3000 0.4957 
3000-3250 0.4797 
3250-3500 0.2321 
3500-3750 0.1029 
3750-4000 0.0190 

d.f. < 72% 

Table 3.8. Extracted characteristics for /a:/ sound 

1. if power in dominant frequency (d.f.) band < 72% [i] go to 2, else go to 6 
2. if power in 500-lOOOHz. band > 4 1 % [ii] go to 3, else go to 6 
3. if power in 250-500Hz. band < 19% [Hi] go to 4, else go to 6 
4. if power in 1500-2750Hz. band < 4% [iv] go to 5, else go to 6 
5. print "Passed" 
6. print "Failed" 



For /ae/ sound (Algorithm 7) 

Frequency Band(Hz.) % of Power Characteristics 

0-250 nys«>i ^ 
\ > 3 % ) | 250-500 9.2029 ^ ^ 

500-750 41.3025 
or d r X ^ ^< 750-1000 11.8744 or d r X ^ ^< 

1000-1250 1.0753 
1250-1500 2.5938 

( > 4% J 1500-1750 6.9676 ( > 4% J 
1750-2000 5.3670 
2000-2250 1.4771 
2250-2500 1.6404 
2500-2750 0.9909 
2750-3000 0.3748 
3000-3250 0.5168 
3250-3500 0.4214 
3500-3750 0.1497 
3750-4000 0.0562 

Table 3.9. Extracted characteristics for /ae/ sound 
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1. if power in dominant frequency band < 70% [i] go to 2, else go to 6 
2. if dominant frequency band is 500-750Hz. or 750-1000Hz. [ii] go to 3, else go to 

6 
3. if power in 0-250Hz. band > 3% [iii] go to 4, else go to 6 
4. if power in 1250-2000Hz. band > 2% [iv] go to 5, else go to 6 
5. print "Passed" 
6. print "Failed" 

[i]. For normal speaker samples used, maximum percentage of power in the dominant 
frequency band for nor5= 69.8853%. 
Pronunciation of the sound was ok when listened, 

[ii]. For all normal speaker samples used dominant frequency band was 500- 750Hz. 
or750-1000Hz. 

[iii]. For all normal speaker samples used, power in 0-250Hz. band was >3%. 
Minimum is norl7= 3.9683. For each hearing impaired speaker, who uttered the 
sound ok when listened, power in 0-250Hz. band was > 3%. 

[iv]. Power in 1250-2000Hz. bands for each normal speaker sample was > 4%, except 
for norl6= 2.4639. 
For each hearing impaired speaker, who uttered the sound ok when listened, 
power in 1250-2000Hz. bands was > 4%. 

These characteristics are shown in Table 3.9. 



For /u:/ sound (Algorithm 11) 

1. if power in dominant frequency band < 93% [i] go to 2, else go to 6 
2. if power in 0-1000Hz. band > 96% [ii] go to 3, else go to 6 
3. if power in 0-250Hz. band > 4% [iii] go to 4, else go to 6 
4. if power in 1750-3000Hz. band < 1% [iv] go to 5, else go to 6 
5. print "Passed" 
6. print "Failed" 

[i[. For normal speaker samples used, percentages of power in the dominant frequency 
band were < 93%. Maximum values were nor9= 91.3692%, nor27= 91.4221% 
& nor30= 92.8842% . 
Pronunciations of those sounds were ok when listened, 

[ii]. For all normal speaker samples used, power in 0-1000Hz. bands were > 96%. 
[iii]. Power in 0-250Hz. bands for normal speaker samples were > 4% except for 

nor30= 1.3763%. 
For hearing impaired speakers, who uttered the sound ok when listened, power 
in 0-250Hz. band was > 4%. 

[iv]. Power in 1750-3000Hz. bands for normal speakers was < 1%. Although the other 
conditions were satisfied hic8 & hic25 of hearing impaired speakers were not ok 
when listened. Percentages of power between 1750-3000Hz. for those two 
speakers were > 1%. 

These characteristics are shown in Table 3.10. 

Frequency Band(Hz) % of Power Characteristics 

0-250 20.5118 r < T 
7 2 8 6 1 8 ( < 9 ^ 1 
4.0368 V. J 
1.7921 • 

250-500 
20.5118 r < T 
7 2 8 6 1 8 ( < 9 ^ 1 
4.0368 V. J 
1.7921 • 

500-750 

20.5118 r < T 
7 2 8 6 1 8 ( < 9 ^ 1 
4.0368 V. J 
1.7921 • 750-1000 

20.5118 r < T 
7 2 8 6 1 8 ( < 9 ^ 1 
4.0368 V. J 
1.7921 • 

1000-1250 0.3621 
1250-1500 0.1649 
1500-1750 0.0634 
1750-2000 0.0293 

0.0262 :•;:=; ^ ^ ^ - ^ ^ " 
0.0293 •••••••( < 1% y 

2000-2250 
0.0293 
0.0262 :•;:=; ^ ^ ^ - ^ ^ " 
0.0293 •••••••( < 1% y 2250-2500 

0.0293 
0.0262 :•;:=; ^ ^ ^ - ^ ^ " 
0.0293 •••••••( < 1% y 

2500-2750 ;'• 0.0362 
: 0.0239 2750-3000 

;'• 0.0362 
: 0.0239 

3000-3250 0.0338 
3250-3500 0.0185 
3500-3750 0.0071 
3750-4000 0.0028 

{ d.f. < 93% } 

Table 3.10. Extracted characteristics for /u:/ sound 
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For lol sound (Algorithm 13) 

1. if power in dominant frequency band < 88% [i] go to 2, else go to 6 
2. if 250-750Hz. > 46% [ii] go to 3, else go to 6 
3. if power in 0-250Hz. band > 2% [iii] go to 4, else go to 6 
4. if power in 1000-2000Hz. band < 8% [iv] go to 5, else go to 6 
5. print "Passed" 
6. print "Failed" 

[i]. For normal speaker samples used, percentage of power in dominant frequency band 
was< 88%. Maximum percentages of d.f. bands were in nor4= 87.6123%, 
nor l l= 87.6217% & nor21= 85.4407%. 
Pronunciations of those samples were ok when listened, 

[ii]. For most of the normal speaker samples 250-500Hz. was the dominant frequency 
band. But there were correct samples of which dominant frequency band was 
500-750Hz. Therefore the total power in 250-750Hz. band was considered. 

For normal speaker samples used, power in 250-750Hz. band was >46%. 
Minimum value was nor25= 46.9402%. 

[iii]. For all normal speaker samples used, power in 0-250Hz. band were > 2%. 
For hearing impaired speakers, majority of the samples were bad when the 

power in 0- 250Hz. band was < 2%. 
[iv]. Power in 1000-2000Hz. bands for all normal speakers were < 8%. 

For hearing impaired speakers power in the above band for hic3= 7.7806% and 
hic4=9.0556%. hic3 was ok and hic4 was bad when listened. 

These characteristics are shown in Table 3.11. 
Frequency Band(Hz.) % of Power Characteristics 

0-250 | | j | j^>2% ^Jp 
250-500 55.4336 
500-750 21.8525 ( > 46% Y~ 

750-1000 9.0205 
1000-1250 0.4191 
1250-1500 0.2432 ( < 8 % \ 
1500-1750 0.1671 
1750-2000 0.1108 
2000-2250 0.0877 
2250-2500 0.0607 
2500-2750 0.1068 
2750-3000 0.0942 
3000-3250 0.0837 
3250-3500 0.0418 
3500-3750 0.0206 
3750-4000 0.0069 

Table 3.11. Extracted characteristics for lol sound 
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For /el/ sound (Algorithm 6) 
if power in dominant frequency band < 9 1 % [i] go to 2, else go to 7 
f power in 250-750Hz. band > 33% [ii] go to 3, else go to 7 

1. 
2. 
3. if power in 0-250Hz. band < 40% [iii] go to 4, else go to 7 
4. if power in 750-1750Hz. band < 4% [iv] go to 5, else go to 7 
5. if power in 1750-2750Hz. > 2% [v] go to 6, else go to 7 
6. print "Passed" 
7. print "Failed" 

[i]. For normal speakers, percentage of power in the dominant frequency band for 
n o ^ ^ 90.9058%. The pronunciation was ok when listened. 

[ii]. For all normal speaker samples 250-750Hz. >33%. Minimum was nor28= 
49.9895%. 
For hearing impaired persons, hic4= 46.3698% & hic26= 33.6930% were ok 

when listened. 
[iii]. For normal speakers, power in 0-250Hz. band for norl4= 39.8892%. 

The pronunciation was ok when listened. 
hic27= 57.1737%, hic28= 54.3040% & hic41= 47.5083% of power in this band 
for hearing impaired speakers were not ok when listened, 

[iv]. Power in 750-1750Hz. bands for normal speakers was maximum for nor34 and it 
was equal to 3.7167%. 

[v]. Even if all the above conditions were satisfied, hicl, hiclO, hicl5, hicl6, hic37, 
hic38 and hic41 of hearing impaired samples were not ok when listened. 
For those samples power in 1750-2750Hz. bands were less than 2%. 

These characteristics are shown in Table 3.12. 
Frequency Band(Hz.) % of Power Characteristics 

0-250 ^'^8>9592' :^:v^l^ <40% J ) 
250-500 62.8068 

7.9430 3 3 % ^ ) 500-750 
62.8068 
7.9430 3 3 % ^ ) 

750-1000 0.3644 ^ ^ 
0 1300 ( < 4 % 
0.3008 ' V ) 

- 0.5852 _ ^ ^ 

1000-1250 
0.3644 ^ ^ 
0 1300 ( < 4 % 
0.3008 ' V ) 

- 0.5852 _ ^ ^ 
1250-1500 

0.3644 ^ ^ 
0 1300 ( < 4 % 
0.3008 ' V ) 

- 0.5852 _ ^ ^ 1500-1750 

0.3644 ^ ^ 
0 1300 ( < 4 % 
0.3008 ' V ) 

- 0.5852 _ ^ ^ 
1750-2000 1.4526 ^ ^ 

2.4209 ( > 2 % ^ 
2.2176 V . 
1.0471 

2000-2250 
1.4526 ^ ^ 
2.4209 ( > 2 % ^ 
2.2176 V . 
1.0471 

2250-2500 

1.4526 ^ ^ 
2.4209 ( > 2 % ^ 
2.2176 V . 
1.0471 2500-2750 

1.4526 ^ ^ 
2.4209 ( > 2 % ^ 
2.2176 V . 
1.0471 

2750-3000 0.4693 
3000-3250 0.5638 
3250-3500 0.4682 
3500-3750 0.1863 
3750-4000 0.0847 

d.f. < 9 1 % 

Table 3.12. Extracted characteristics for /el/ sound 
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Flow-charts for the selected algorithms are as follows. 

Analyse Sound 

Passed ! 

Figure 3.2. Flow Chart for /a:/ sound 
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Analyse Sound 

Figure 3.3. Flow Chart for / ae/ sound 
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Analyse Sound 

Figure 3.4. Flow Chart for /u:/ sound 
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Analyse Sound 

Figure 3.5. Flow Chart for lol sound 
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Analyse Sound 

If dominant 
requency <9\% 

-No-

Yes 

Failed 

Figure 3.6. Flow Chart for /el/ sound 
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No. of correct decisions made by listening to the utterances are shown in Appendix (D). 
The results (Pass or Fail) for each utterance according to the selected algorithm are also 
shown in the tables in Appendix (D). 

Graphical representation of correct pronunciation and target values for /el/ sound is 
shown in Figure 3.7. 

This is your performance 

500 1000 1500 2000 
Frequency Band 

4000 

Figure 3.7. Plot of target values and a correct attempt of a speaker 

An incorrect attempt and target values for the same sound is shown in Figure 3.8. 

This is your performance 
1 0 0 , , , , , , — 

Frequency Band 

Figure 3.8. Plot of target values and an incorrect attempt of a speaker 
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(Plots of correct and incorrect attempts of other vowel sounds are shown in Appendix 
[E].) 

A summary of results for percentage of correct decisions is shown in Table 3.13. 

Sound Speaker Type No.of 
Pronunciation 
OK and 
Algorithm 
'Passed' 

No.of 
Pronunciation 
Bad and 
Algorithm 
'Failed' 

No.of 
Correct 
Decisions 

% o f 
Correct 
Decisions 

/a:/ Normal 40/40 0/40 40/40 100 /a:/ 

Hearing 
Impaired 

9/45 31/45 40/45 88.89 

/ae/ Normal 28/29 0/29 28/29 96.55 /ae/ 

Hearing 
Impaired 

5/44 35/44 40/44 90.91 

Ju:l Normal 37/38 0/38 37/38 97.37 Ju:l 

Hearing 
Impaired 

6/43 31/43 37/43 86.05 

lol Normal 32/32 0/32 32/32 100 lol 

Hearing 
Impaired 

11/43 27/43 38/43 88.37 

fell Normal 35/36 0/36 35/36 97.22 fell 

Hearing 
Impaired 

5/43 31/43 36/43 83.72 . 

Table 3.13. Percentages of Correct Decisions (Improved Algorithms) 
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3.5 Coding into MATLAB and Testing 

According to the algorithms and flow-charts in 3.4, the source code for each vowel was 
written down and tested using MATLAB version 5.3. ( Program code is shown in 
Appendix [A(iii)]) 

Sample wave files used to design the templates were again used to test the programs. To 
improve the performance next task was to record new speech samples and to use those 
samples for testing the programs. Results were satisfactory and percentages of power 
distribution for a few samples are shown in Appendix (F). 

A summary of the resu ts is shown in Table 3.14. 
Sound Ratio for normal 

persons 
% for normal persons 

/a:/ 15/15 100 

/ae/ 14/15 93.33 

/u:/ 14/15 93.33 

lol 15/15 100 

/el/ 14/15 93.33 

Table 3.14. Results for New samples 

When recording new samples it is important to select the same sound recording 
properties. These properties are included and explained in 3.6. 

3.6 Real Time Speech Recording 

The recorded speech samples were used for the analysis done so far. For the user 
interactive speech trainer, it is necessary to provide facilities for real-time speech 
recording. 

For recorded speech that can be understood by humans it requires an 8kHz sampling rate 
or more and at least 8 bit sampling. Improvements can be achieved by using a non-linear 
encoding technique such as mu-law or A-law. This improves signal-to-noise ratio. 
Increasing the sampling rate improves the frequency response. The higher the sampling 
frequency, the better the high frequency content will be. [6] 

Properties used when recording sample speech files were, 
PCM 8000Hz., 8 bit, Mono signals 
where sampling frequency is 8000Hz. and the No. of bits per sample is 8. 

When coding the program for the part in real time speech recording, the least possible 
sampling rate available with MATLAB functions is 11025Hz. Therefore the program is 
written by considering the following properties. 

PCM 11025Hz., 8 bit, Mono 
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However it is expected that the difference in sampling frequencies will not cause 
significant errors as the signal analysis is done in terms of frequency bands. 

The MATLAB functions such as WAVRECORD and WAVPLAY are useful in real time 
speech recording and play back. WAVRECORD function records audio for a given 
number of seconds and saves it in the MATLAB workspace. It is then written to a wave 
file using the WAVWRITE function. The path to the recording file should be included in 
the WAVWRITE function. ( Program code is shown in Appendix [A(iv)]) 
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