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Abstract—In this paper, reconstruction of speech signal is performed using a novel technique Empirical Mode Decomposition
(EMD). EMD is mainly applicable for non-linear and non —stationary signals and therefore applicable for speech which is non
linear and non-stationary. EMD is applied for finding the glottal source signal of speech which provides us the source
information and then vocal tract filter is found out and original speech is reconstructed.

Speech samples are collected from different Assamese dialect and the experimental result derived establishes the effectiveness
of the proposed method.
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l. INTRODUCTION

In speech processing, glottal source and vocal tract
separation is a crucial component. Speech is the result of
many non-linearly interacting processes like almost all
natural phenomena therefore any linear analysis has the
potential risk of missing a great amount of information
content [1]. In most of the data analysis method like Time-
frequency or time —scale, data is assumed to be linear and
stationary. Wavelet analysis work for non-stationary linear
data. All the above methods show some windowing effect,
low time resolution, low frequency resolution etc.[2]

The non-stationary attributes of a speech signal restricts
direct application of conventional digital signal processing
methods to a speech signal. Since EMD performs
decomposition assuming the nonstationary nature of signal.
In EMD technique frame by frame analysis is not required.
Speech is usually both non-linear and non —stationary. The
empirical mode decomposition (EMD) is designed in such a
way that it reduces non-stationary, multi component signals
to a series of amplitude and frequency modulation (AM and
FM) contributions. As a result it creates a bank of sub
signals, termed intrinsic mode functions (IMF).The sum of
all the IMFs produces the original signal. The last IMF or
residual is of the lowest order [3]. The residual information
provide us the information of source.

Some works have been reported which explores EMD for
speech processing applications. In [4], the reported work
illustrates a novel and effective method for suppressing
residual noise from enhanced speech signals as a second-
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stage post-filtering technique using EMD. In [5], the authors
show that the speech fundamental frequency can be captured
in a single IMF. A new algorithm for pitch extraction based
on the Ensemble Empirical Mode Decomposition (EEMD) is
presented. In [6], EMD is used for extraction of long term
structures in musical signals. Long-term musical structures
provide information concerning rhythm, melody and the
composition.

In this paper, speech synthesis applications using EMD is
performed. EMD is applied for obtaining residual signal
which provides us the information of source. After getting
the source information, wvocal tract filter response is
determined and the original speech signal is reconstructed.
The experimental result derived establishes the effectiveness
of the proposed method for different Assamese dialect.

I1. THEORITICAL CONSIDERATION OF EMD AND ITS
USEFULNESS

Empirical Mode Decomposition (EMD)-EMD- For
processing of non-linear and non-stationary signals EMD is
an adaptive tool. Based on the local behaviour of the signal,
it segregates the constituent parts of the signal. It is able to
analyse non-zero mean signals. Therefore no pre-processing
is required, and is suitable to analyse the riding waves which
may have no zero-crossings between two consecutive
extrema [6]. Using EMD, signal can be decomposed into
number of frequency modes called intrinsic mode function
(IMF) which is similar to simple harmonic function.
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Like simple harmonic function, an IMF represents a simple
frequency mode. Mode frequency has amplitude and
frequency as function of time. An IMF must satisfy two
conditions. The first is that the number of zero crossing and
number of extrema (sum of maxima and minima) must be
differ by one or it should be equal. The second condition is
that mean of the cubic splines must be equal to zero at all
points [7]. The computational steps of the algorithm may be
summarized as below [7].

For speech signal , first identification of maxima and
minima is done. Next step is the upper and lower envelope
generation via cubic spline interpolation among all the
maxima and minima respectively. For computing local mean
series m(t) point by point averaging of the two envelope is
done.To obtain IMF, subtraction of m(t) from the data i.e.
h(t) = x(t) — m(t) is performed and then properties of h(t)
are checked to verify whether it Is a IMF or not. If If h is not
a IMF, replace x(t) with h(t) and repeat the procedure.
Again if h is a IMF, residue is evaluated as m(t) = x(t) —
h(t).The avove steps are repeated by shifting the residual
signal, until at least two extrema remains. Therefore after
performing EMD we obtain the glottal source information
and with the help of this vocal tract of that person can be
determined.

1. SYSTEM BLOCK DIAGRAM AND
EXPERIMENTAL DETAILS

The complete system model is shown in Figure 1. Speech
samples are taken for different Assamese dialects. There are
mainly four dialect groups namely....

i) The eastern Assamese dialects spoken in the districts of
Tinsukia, Dibrugarh, Lakhimpur, Sibsagar, Jorhat, Golaghat
and Sonitpur.

ii) The central Assamese group of dialects spoken primarily
in Nagaon and Morigaon districts and some parts of Sonitpur
and Jorhat district also.

iii) The Kamrupi group of dialects are spoken in districts of
Kamrup,Nalbari,Barpeta,Darrang,Kokrajhar and Bongaigoan
iv)The Goalparia group of Assamese dialects spoken
primarily in Dhubri and Goalpara districts and in certain
areas of Kokrajhar and Bongaigaon districts.

Firstly, the  speech samples are collected for these four
different dialects and the collected speech samples is
presented to the EMD block to get the residual, which
represents the glottal source information. After getting the
residual , fft of the original speech X(w) and residual
R(w) is taken. Vocal tract filter transfer function in
frequency domain is obtained by

H(w) = X(w)/R(w)

Final reconstruction of speech can easily be done from the
concept of source filter model. Now, the speech signal can be
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reconstructed with the help of source and vocal tract filter
responses which appears similar to the original speech signal
in both time and frequency domain which is explained in the
next Section .

—_">| Speech £

Glottal
Source

EMD

Frequecy Domain
Division

—

Vocal Tract
Filter

Fig 1: System Model
IV. RESULTS AND DISCUSSION

Firstly the sample taken from Kamrupi dialect. The EMD
algorithm is applied to the speech signal. The speech signal
along with their IMFs starting with IMF1,IMF2, IMF3, IMF4
upto IMF9 and the residual content are shown in Figure 2.
Figure 3 represents the original and reconstructed speech
signal.

Amplitude
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Fig 2: IMF 1 to IMF 9 and the residual signal

0.6

Original Signal

Reconstructed signal

-0.6

-0.8

0.6

0.4

0.2

-0.2

0.4

-0.6

9

Fig 3: original and reconstructed speech signal

Secondly, The Goalparia group of Assamese dialect is taken
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as a sample of speech and EMD is applied on it.

The speech signal along with their IMFs starting with IMF1,
IMF2, IMF3, IMF4 upto IMF11 and the residual content are
shown in Figure 4. Figure 5 shows the original and the

reconstructed speech signal.
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Fig 4: IMF 1 to IMF 11 and the residual signal
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Fig 5: The original and the reconstructed speech

The eastern Assamese dialects and the central Assamese
group of dialects are also taken and EMD based
reconstruction algorithims applied to these samples and it is
observed that it gives satisfactory performances in both the
cases. Figure 6 represents the original and reconstructed
speech signal of central Assamese dialect. Figure 7 shows for
eastern Assamese dialect of the same.
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The similarity test between original and the reconstructed
speech samples are done by the correlation method and the
dissimilarity between original and the reconstructed speech
samples for different Assamese dialect is shown in tablel.

Tablel: Similarity measure between original and

reconstructed signal
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Fig 6: The original and the reconstructed speech
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Fig 7: The original and the reconstructed speech
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Dialects Speech samples | Dissimilarity
measure
Kamrupi Sample 1 1.68%
Sample 2 0.31%
Sample 3 1.91%
Sample 4 1.38%
Goalparia Sample 1 1.52%
Sample 2 0.71%
Sample 3 3.92%
Sample 4 0.4%
Central Sample 1 0.9%
Sample 2 1.41%
Sample 3 1.49%
Sample 4 1.62%
Eastern Sample 1 1.92%
Sample 2 0.2%
Sample 3 0.83%
Sample 4 1.64%

V. CONCLUSION AND FUTURE SCOPE

In this paper, we have discussed about the novel EMD
technique for reconstruction of speech signal for different
Assamese dialect.Since EMD is an adaptive tool for
processing of non-linear and non-stationary signals, it is very
effective to be applied on speech signals.From experimental
results, it can be seen that EMD is satisfactory method for
decompositing speech signals into number of IMFs and
obtaining the lowest frequency component, which is
considered as the source signal in case of speech. Applying
the concept of source-filter model, vocal tract filter transfer
functiom is determined and original speech signal is
reconstructed for four different Assamese dialects. The
proposed approach next can be used for voice conversion
application with the help of one person's source information
and vocal tract filter of another person.
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