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Abstract

In speech area it is known fact that the short-time phase
spectrum plays very short role in human perception tasks and
also in automatic speech recognition systems. The usefulness
of information obtained from phase is explored in human
speech perception as well as in automatic speech recognition.
By conducting many human perception experiments, it is
shown that the short-time phase spectrum contributes to
speech intelligibility as much as the magnitude spectrum. The
short-time Fourier transform (STFT) of a speech signal has
two components: the magnitude spectrum and the phase
spectrum. In this paper, the importance of short-time
magnitude and phase spectra for speech perception is
evaluated. It is shown in this paper that even for small
window durations, the phase spectrum can contribute to
speech intelligibility as much as the magnitude spectrum if the
analysis—modification—synthesis parameters are properly
selected.

Keywords: Short-time Fourier Transform, Phase spectrum,
magnitude spectrum, Speech perception.

1. INTRODUCTION

Speech is a continuously varying acoustic pressure wave. The
evolution of speech has made it the primary form of
communication between humans. There occur conditions
where we measure the speech signal which is usually in the
time domain and then transform the speech signal to another
form to enhance our ability to communicate. A very early
example of this is the transduction by telephone handset of the
continuously varying speech signals to a continuously varying
electric voltage signal. The resulting signal can be transmitted
and processed electrically with analog circuitry and
transduced back by the receiving handset to a speech pressure
signal.

Short Time Fourier Transform (STFT): In Short Time
Fourier Transform, the signal is divided into small enough
segments, where these segments (portions) of the signal can
be assumed to be stationary.

Kannada Vowels and Consonants:

In this paper the experiment is conducted for the clean speech
signal. The input is the recording in vowel-consonant-vowel
format in linguistic language. The linguistic language
considered is kannada language. The detailed description of
vowels and consonants in kannada language are explained in
the following table. The kannada language vowels and
consonants and their equivalent English vowels and
consonants are explained in the Table 1. There are 14
swaralagu (vowels) in Kannada.

TABLE 1: KANNADA VOWELS AND THEIR ENGLISH

EQUIVALENT
Swaragalu | Equivalent | Swaragalu Equivalent
(vowels in vowel (vowelsin | vowel(English)
kannada) (English) kannada)
9 A EV)) Ra
& A o Ye
@ | S Ye
e Ou 25 0]
e Ou S 0
W) Ru B Au
Yogavaahakas

There are 2 yogavaahakas- Ansuswara and visarga. The Table
2 shows the ansuswara and visargas with their english

equivalent.

TABLE 2: KANNADA VOWELS AND THEIR ENGLISH

EQUIVALENT
AnuswaralEquivalent|{Anuswara|Equivalent
(English) (English)
90 Aom 093 (ahé)
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Consonant Letter:

Two categories of consonant letters (vyanjana) are defined in
Kannada: the structured consonants and the unstructured
consonants. The structured consonants are classified
according to where the tongue touches the palate of the mouth
and are classified accordingly into five structured groups. The
structured consonants and the unstructured consonants with
voiceless aspirate and nasal are explained in Table 3.

Structured Consonants:

TABLE 3: STRUCTURED CONSONANTS IN KANNADA

Voiceless | Voiceless | Voiced | Voiced | Nasal
aspirate | aspirate | aspirate | aspirate
3 (ka) p(kha) | r(ga) | @ (gha) | = (nga)
23 (cha) ¢3 (chha) 2 (ja) ow (jha) | <« (fa)
es(ta) | @(tha) | @(da) | #(dha) | =(na)
3 (ta) 3 (tha) 3 (da) g (dha) | < (na)
= (pa) @ (pha) 2) (ba) 23 (bha) | < (ma)

Unstructured Consonants

The unstructured consonants and their equivalent in English is
as shown in Table 4. The unstructured consonants are not
classified into five categories as in structured category.

TABLE 4: UNSTRUCTURED CONSONANTS IN

KANNADA
ob(ya) | o(la) | @(sa) | 4( a)
d(ra) | S(va) | S(sa) | es(l)
e(ra) | @(sa) | ®(ha)

Speech Enhancement:

The main aim of speech enhancement is to improve the
quality of speech by using various algorithms. Improvement
in various intelligibility and the overall perceptual quality of
degraded speech signal using audio signal processing
techniques is the major objective of speech enhancement.

The most important field in the speech enhancement is the
enhancing of speech degraded by noise, or noise reduction.
This enhanced speech is used for many applications such as
speech  recognition, mobiles, VolP, teleconferencing
subsystems and hearing aids.

1. LITERATURE SURVEY

The short-time Fourier transform of a speech signal has two
parts the magnitude and the phase spectrum.

The improvement of one or more aspects of speech perception
is important in many situations like environments with
interfering background noises of streets, offices, schools etc.

This is also important in speech identification systems,
hearing aids and many more. Researchers and engineers have
evolved to the wide number of methods to solve this problem.
Still because of complexities, this area of research poses a
considerable challenge.

A few studies have been reported in the literature which
discuss whether the phase spectrum provides any information
which can contribute to intelligibility for human speech
recognition Schroeder [14], and Oppenheim and Lim [8]
performed some informal perception experiments concluding
that the phase spectrum is important for intelligibility when
the window duration of the short-time Fourier transform
(STFT) is large (Tw > 1s), while it seems to convey negligible
intelligibility at small window durations(20—40 ms). Liu et al.
(1997) have investigated the intelligibility of phase spectra
through a more formal human speech perception study. Fig 1
shows the performance of magnitude only and phase only
stimuli with respect to the window size.

100
—— Phase-Only
e Amiplitude-Only
sof L. 1
g } ﬁ}‘mm}“\ /’{_’_{
c 60 |- ™
S
g 40 R
: }.@
w0l ]
0

16 32 64 128 192 256 512
Window Size (ms)

Fig. 1 Performance of magnitude only and phase only
stimuli as a function of window size

Based on the literature survey, it is noticed that the most of the
work is centered on the magnitude spectrum of speech
intelligibility. It was assumed that phase does not contain any
information or it contains very less information. As it is found
that phase also contains some information which can
contribute for speech intelligibility.

1. STFT MODIFICATION SYSTEM

The generalized modification system and the detailed
modification systems are shown in the Fig. 2 and Fig. 3
respectively. The implementation details are also explained in
this section.

The detailed analysis modification and synthesis technique is
explained in the figure. The modification refers to making the
magnitude unity. The phase only content is retained and the
signal is reconstructed.
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Generalized Modification System:

Speech Signal

v

Fourier Transform

v

Modification

A\ 4
Inverse Fourier Transform

A 4
Modified Speech

Fig. 2: Generalized Modification System

Implementation Details

1. The speech signal is a Real signal. Hence, the FFT of
this signal obeys the conjugate symmetry property.

2. The speech signal is divided into smaller segments of
20ms duration.

3. The overlap of 50% is used in framing.

4, The Hamming Window is optimized to minimize the

maximum (nearest) side lobes. The different

windows are used in this paper.

5. ‘N’ point FFT is determined for each frame. Also the
magnitude and phase of each FFT point is obtained.

6. Magnitude and phase are separated.

7. The magnitude in magnitude is done to obtain the
signal with phase alone.

8. The Inverse Fourier Transform is applied tothe
signal. of the signal is done

9. The reconstruction of signal is done in order to get

the signal back to time domain.
10. Finally the output is analyzed.

The Experiments are conducted as follows:

The experiment 1 is carried out for identification of vowel
consonant vowel for linguistic language. Here the experiments
is carried for magnitude only and phase only for different
windows and results are tabulated. The experiment 2 is carried
out for noisy signals for speech enhancement as similar to
experiment 1.

Detailed Modification System

Speech input

Windowing

v
Frame overlap (50%)

A 4
160 point Fast Fourier Transform

Magnitude and Phase Computation

A 4
Modification in magnitude

A\ 4
Inverse Fast Fourier Transform

A 4
Reconstruction of Speech Signal
using Overlap add operation

A 4
Reconstructed Speech Signal

Fig 3. Detailed Modification System

V. STFT ANALYSIS

Though speech is a non-stationary signal, it is generally
assumed to be quasi-stationary and, therefore can be
processed through a short-time Fourier Transform analysis.
The term ‘short-time’ implies a finite-time window over
which the properties of speech may be assumed
stationary[11].

S(f, 1) = 7 s(mw(t —)e 2 dr (1)

where w(t) is a window function of duration Tw.

The STFT of a speech signal s(t) is given in Eq.(1) In speech
processing, the Hamming window function is typically used
and its width Tw is normally 20-40ms. S(f, t) can be
decomposed as given in Eq.(2)

S(F, 1) = [SEY VD (2)
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where |S(f, t)| is the short-time magnitude spectrum and
y(f, t)=angle(S(f, t)) is the short-time phase spectrum.

The signal s(t) is completely characterized by its short-time
magnitude and phase spectra. The aim is to determine the
contribution that the phase and magnitude spectra provide
towards speech intelligibility. Accordingly, stimuli are created
either from phase or magnitude spectrum. In order to
construct, for example, an utterance with only phase spectra,
the signal is processed through the STFT analysis using the
Eg. (1) and the magnitude spectrum is made unity in the
modified STFT S(f, t) is given in Eq.(3)

S(f, 1) = elvED  (3)

This modified STFT is then used to synthesize the signal S(t)
using the overlap-add method.

The synthesized signal S(t) contains all of the information
about the short-time phase spectra contained in the original
signal s(t), but no information about the short-time magnitude
spectra is obtained. This procedure is referred as the STFT
phase-only synthesis. The modified STFT is computed as
given in Eq.(4)

S(f, 1) = [S(Et)elt 4)

Where ‘¢’ is a random variable uniformly distributed between
0 and 2=n. It may also seem plausible to set to zero for all
values of fand t.

V. EVALUATION METHODS
The following two methods are considered for evaluating the
performance of STFT.

1. Subjective Listening Test:

Subjective listening test is one of the evaluation method. The
degree of hearing of normal hearing people ranges from 0dB
to 25dB and that of hearing impaired is above 30dB. In this
test the subjects like normal hearing people [S1, S2, ....S10]
and hearing impaired people [S1, S2, ... S5] are made to listen
the noisy and enhanced speech and asked to give the rating
according to their hearing capability. The rating is from 0 to 5.

TABLE 5. MEAN OPINION RATINGS AND REMARKS

Opinion score Remarks
1 More noisy speech
2 Average
3 Good
4 Better
5 Almost clean speech

The rating criteria are considered based on the quality of
speech and subjects are asked to give the appropriate mean
opinion score according to the speech quality. The rating
criteria is given in the following table 5.

2. Spectrogram Analysis:

A spectrogram, is a visual representation of the spectrum of
frequencies in a sound or other signal as they vary with time
or some other variable. Also called spectral waterfalls,
voiceprints, or voice grams.

V. RESULTS

The input to the clean speech signals are in the vowel-
consonant-vowel format in linguistic language is considered
in this paper. The speech database is as shown in the Table 6.

TABLE 6: INPUT SPEECH DATABASE

Input | Input | Input | Input
Y| VN | VTS| 9B O
VDO | 9B | R W | IO
DB | OV | O | 9B
VRO | 9D | 9T | 9B O

Waveform representation of ¢ <o ¢ :

06 -

500 1000 1500 2000 2500 000 300 4000 4500

| L
Yo 500 1000 1500 2000 2500 00 3500 4000 4500

Fig 5. Reconstructed phase only plot using hamming
window
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Fig 6. Reconstructed phase only plot using rectangular
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Fig 7. Reconstructed phase only plot using rectangular
window

Results for vowel consonant vowel using subjective
method:

The magnitude only and phase only stimuli were considered
for smaller (20ms) duration and larger (1024ms) durations.
The ratings given by the participants are as given in the table
7.

Table 7: Mean opinion scores of the participants for larger
window durations of 1024ms

Stimuli Type | Hamming | Rectangular
Window Window
Original 5 5
Magnitude only 4 4.5
Phase only 1 1

The magnitude only and phase only stimuli were sonsidered
for smaller (20ms) duration and larger (1024ms) durations.
The ratings given by the participants are as shown in the table
8.

Table 8: Mean opinion scores of the participants for
smaller window durations

Stimuli Type Hamming Rectangular
Window (20ms) | Window (20ms)
Original 5 5
Magnitude only 3 3
Phase only 5 5

Hence from table 7 and 8 it is observed that for larger duration
magnitude only gives better identification and for smaller
duration phase only contributes for better identification of
vowel consonant vowel.

Experiment 2: RESULTS FOR NOISY INPUT:

Table 9.Rating for subjective test analysis for different

windows.
Participant Different windows
s
Listeners Hammin | Rectangula | Hannin | Bartlet

g r g t
S1 3 2 15 15
S2 2.5 2 15 15
S3 35 2.5 2.5 2.5
S4 35 2.5 3 1
S5 35 2.5 3 1
S6 3 3.4 2.2 2

The mean opinion score of the listeners for noisy input speech
signal is shown in table 10.

The average mean for different windows is calculated in table
5 and a bar graph is drawn in order to analyse the response of
the test. The bar graph is shown in fi.g 3.

TABLE 10. Mean of the ratings.

Hamming | Rectangular | Hanning | Bartlet
Mean 3.16 2.48 2.03 1.6

From the subjective test and the bar graph it is concluded that
the hamming window gives the best response when compared
with  different  windows(hanning, bertlet, rectangular
windows).

Bar graph repsentation of various windows with their mean is
as shown in Fig 8.
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Fig 8. Bar graph resulting the performance of different

window functions Fig 9(c). Reconstructed phase only spectrum using

rectangular window

Spectrogram Analysis:

Spectrogram analysis for experiment 1 (Clean Speech
signal):

The spectrogram of the input clean speech signal is shown in
fig 9(a). The phase only reconstrcuted spectrograms for
hamming, hanning and rectangular windows are as shown in
the figures from fig 9(b) — fig 9(d).

The spectrogram of the input noisy speech signal is shown in
fig 10(a). The phase only reconstrcuted spectrograms for
hamming, hanning and rectangular windows are as shown in
the figures from fig 10(b) — fig 10(d).

{12580, Fred

Fig 9(d). Reconstructed phase only spectrum using
Hanning window

Spectrogram Analysis for Noisy speech signal input:

15300 secs

200004z

SnY:)

13068 sacs
20000

Fig 9(b). Reconstructed phase only Spectrum using
hamming window

Fig 10(a). Spectrogram of the noisy speech signal
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Fig 10(b). Reconstructed phase only spectrum using
Hamming window

Fig 10(c). Reconstructed phase only spectrum using
Rectangular window

Fig 10(d). Reconstructed phase only spectrum using
Hanning window

VI. CONCLUSION

A detailed analysis of short time Fourier transform using
phase only by keeping magnitude constant for various
windows were analysed with smaller window duration and
larger window duration. And also analysed for magnitude
only for different windows for both smaller and larger
window duration.lt is observed that for larger window
magnitude gives better identification of consonants and for
smaller window duration phase has better identification
consonants.

Also Hamming window gives better performance in
enhancing the quality of the noisy speech signal using phase
only of STFT.

It may be possible to improve the intelligibility of the
reconstructed stimuli if we make some assumptions about the
speech signal such as if we assume speech to be a minimum
phase signal, the phase spectra and magnitude spectra are
related through Hilbert transform. This makes it possible to
reconstruct the phase spectrum of a speech frame given its
magnitude spectrum or to reconstruct the magnitude given its
phase spectrum.

This makes it possible to reconstruct the phase spectrum of a
speech frame given its magnitude spectrum or to reconstruct
the magnitude given its phase spectrum. The stimuli were
created from recordings made in clean conditions and also in
noisy conditions.
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