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INTRODUCTION 

Speech is a non stationary acoustic pressure wave. 
The evolution of speech has made it the basic form 
of communication between human beings. In order 
to increase our capability to communicate, there are 
many situations in which we first measure these 
speech signal and then transform the signal in 
another form. One very simple and earliest example 
of this is the transduction of continuously varying 
speech signal by telephone handset at the persons 
lips output to a continuously varying analog electric 
voltage signal. The transmission and processing of 
this resulting voltage signal can be done using 
analog circuitry and can be transuded back to a 
speech pressure signal by the receiving telephone 
handset. 

Speech is the primary way for the humans to convey 
message. Speech is being used by people to 
communicate information. The communication 
strength of speech can be characterized in many 
different ways. One of the highly quantitative and 
qualitative approaches is in terms of automatic 
speech recognition.      

 

The speech signal can be partitioned into voiced 

speech and unvoiced speech. Fig. 1 shows the plot 
of vowels (a, e, i, o, u), unvoiced signals and signals 
like (p.k,t).  In the speech which can be expressed in 
words energy has a spectrum dedicated to discrete 
frequencies. 

 

 

Fig.1 Signal for voiced, unvoiced and plosives 

LITERATURE SURVEY 

 

The literature survey has been described for very few 
studies which analyse the use of phase spectrum and 
then provides the information content that 
contributes to the intelligibility for identification of 
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perception experiments it is analysed that the compact stretch phase spectrum adds to the intelligibility of 
speech till the power spectrum range. 

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



National Conference on Communication and Image Processing, 2019 

 

human speech. The casual hearing tests was 
conducted by Lim(1981) , Schroeder (1975) and 
Oppenheim[8]. The outcome of these conducted 
tests were, the intelligibility of short time Fourier 
transform for phase only spectrum is large when the 
window duration is very huge, like it may be greater 
than 1 second. Whereas the intelligibility of speech 
appears not worth considering for little window 
durations say 32ms. Further in a more authorized 
manner the intelligibility of phase spectra was 
carried out through the study of speech recognition 
[8]. 

A robust speech recognition has four main parts, 
group delay, compression, scale information 
augmentation and autoregressive model extraction. 
The analysis was done by Erfan Lo Weimi I, Seyed 
Mohammad Ahadil and Thomas Drugman2 (2013). 
The adjustment of the bandwidth of the formants 
and the compression were the major advantage of 
this coupling. The major drawback observed in this 
paper was, after the reconstruction of signal, in many 
Speech recognition applications the scale 
incompatibility problem is imposing a big effect [26]. 

The recordings were in vowel-consonant-vowel 
context in the form of six stop consonants say 6 to 
12 speakers. The original recordings were analysed 
with the minimal duration Fourier transform 
technique and the random phase values were 
restored for individual frames. From this concept the 
magnitude only stimuli is generated neglecting the 
phase value [9]. 

SHORT TIME FOURIER TRANSFORM 

In an initial level or first level course on digital signal 
processing and also on signals and systems, the 
importance was not given on the changing 
(stationary) v/s unchanging (non-stationary) 
classification of signals. It means, for most of the 
basic speech signals, and systems producing those 
signals and signal processing techniques and 
concepts were based on the assumption of 
stationary nature of  signal. Speech Signal Processing 
techniques diverge in this situation. The reason is, 
speech signal is an example of nonstationary signal 

where as conventional periodic signals like sine wave 
are unchanged in the prevailing environment. 

 

In Short time Fourier transform, the entire large 
signal is split into compact chunks, where these 
lumps can be supposed to be unchanged. These 
segments or portions are called frames. These 
frames are assumed to be stationary for small 
durations of time. The window function “w” is chosen 
for this conviction. Speech segment of the signal 
must be equal to the width of this window where its 
stationarity is considered to be valid. 

In Fourier transform in frequency domain there is no 
frequency resolution problem, i.e, we know what 
frequencies exist exactly in actual. The window 
function used in the FT is the core part, the 
exponential part of  {jwt} function, which continues 
to exist at all the times. From this technique the 
perfect resolution of the frequency is obtained in 
Fourier transform.  It means by getting poorer is 
that, existence of the exact  frequency components 
of the signal will not be known. But the band of 
frequencies in which the signal exist will be known. 
The kernel itself is a window having infinite length in 
Fourier transform. In STFT we no longer have perfect 
frequency resolution because the window is having 
finite length here. Fig. (2) shows the small duration 
of time where the signal is stationary.  

 

Fig 2 Small duration stationary signal 
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STFT MODIFICATION SYSTEM 

The modification of STFT magnitude spectrum to 
unity is shown in fig. 3.  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig. 3 Detailed Modification system (Flow chart 
representation)        

IMPLEMENTATION STEPS 

1. The speech signal is a real signal. Hence, the FFT 
of this signal agrees the conjugate symmetry 
property.  
2.  Framing means splitting the speech signal into 
smaller segments of 20ms duration.  
3.  The overlap of 50% is used in framing to avoid 
distortions and discontinuities. 
4.   The small chunks of window are multiplied with 
the small chunks of speech signal  
5.  ‘N’ point FFT is determined for each frame.  

6.  The magnitude and phase of each point FFT is 
obtained.  
7.  FFT is an algorithm that computes DFT with less 
number of calculations in more efficient way.  
8.  The magnitude and phase are separated. 
9.  The magnitude is made unity in order to obtain 
the signal with phase alone.  
10.  The samples from Polar form are expressed in 
the Cartesian form  for easy computations and in 
Cartesian form, the real and imaginary part can be 
easily separated . 
11.  Normal values in Cartesian form are applied 
inverse FFT which converts frequency domain to 
time domain.  
12.  At last overlap add method is used which 
reduces the doubled rows overlapping toiven half of 
it.  
13. The reconstruction of signal is done in time 
domain.  
14.  Finally the spectrum is analysed, using 
spectrogram demo function. 

EVALUATION METHODS 

The speech signal evaluation for a channel has a very 
wide history. Going very back to history, as far as 
Fletcher and steinbergi’s testing in articulation which 
was a major work. The effect of the processing 
system on intelligibility of speech is the major 
method for which evaluation can be done.  The 
speech quality comes under action here, as the 
methods of evaluation has its effect on acceptability 
of the speech signal.  When the method requires the 
judgement of human listeners it can be described 
under the heading subjective.    

RESULTS 

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 

Read the speech signal 

Windowing technique 

Magnitude and Phase 
computation 

Making the magnitude unity 

Reconstructed Speech signal 

Frame Shift (50% overlapping) 

Fast Time Fourier Transform 

Inverse Fast Fourier Transform 

Reconstruction of Speech Using 
Overlap Add Operation 
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rating according to their hearing capability. The 
rating is from 0 to 5. 

Table 1. 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 is 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 1. 

The respective ratings of the subjects for normal 
hearing and hearing impaired people is as shown in 
the table 2. 

TABLE 2.  Rating for subjective test analysis for 
different windows 

 

Participant
s 

 

Different windows 

Listeners Hamming Rectangular Hanning Bartlett 

     

   S1 3 2 1.5 1.5 

   S2 2.5 2 1.5 1.5 

   S3 3.5 2.5 2.5 2.5 

   S4 3.5 2.5 3 1 

   S5 3.5 2.5 3 1 

   S6 3 3.4 2.2 2 

Mean 3.16 2.48 2.03 1.6 

The average mean for different windows is 
calculated in table 3 and a bar graph is drawn in 
order to analyse the response of the test. The bar 
graph is shown in fig 4. 

TABLE 3.  Mean of the ratings 

 

 

Fig 4. Bar graph resulting the performance of 
different window functions 

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). 

Time Domain Analysis 

This is another method of evaluation in which the 
signal is plotted in time domain. The time domain 
plot for the signals is plotted with amplitude in yaxis 
and time in x-axis. 

 

Window Hamm Rect Hann Bart 

Mean 3.16 2.48 2.03 1.6 
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Fig5. Time domain response of input speech signal 

The original speech recording is as shown in fig 5. 
The time domain plot is for the “aba” signal which 
has 4767 samples in the input. The reconstructed 
phase only stimuli for hamming window, rectangular 
window, hanning window and bartlett window are 
plotted as shown in fig 6, fig 7, fig 8, fig 9 
respectively. It can be clearly  observed from the 
figures that the phase spectrum contains same 
information as that of the magnitude spectrum if the 
analysis-modification-synthesis is chosen properly. 

 

Fig 6. Reconstructed Phase only stimuli using 
hamming window 

 

Fig 7. Reconstructed Phase only stimuli using 
rectangular window 

 

Fig 8. Reconstructed Phase only stimuli using 
hanning window 

 

Fig 9. Reconstructed Phase only stimuli using bartlett 
window 

CONCLUSION 

In this paper the investigation of restricted time 
duration of magnitude sweep and phase sweep is 
done. And the importance of phase spectra is 
analysed. In order to compute the intelligibility many 
human perception experiments are done. From this 
work we concluded that, the phase span adds to the 
intelligibility same as magnitude span if the 
parameters selected accurately.    

In the paper, description analysis for consonant 
identification test and the phase spectra is made 
random and therefore the reconstruction of 
magnitude only stimuli is done.  Reconstruction of 
the speech from restricted duration of time phase 
spectrum by making the magnitude quantity to unity 
is possible. 
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