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Abstract: This paper deals with speech compression based on Linear predictive coding, Discrete wavelet transforms and
Wavelet packet transform. We used Malayalam (one of south Indian language) for this experiment. We could successfully
compress and reconstructed Malayalam spoken words with perfect audibility by using both waveform coding and parametric
coding.
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1. INTRODUCTION

Speech compression deals with the conversion of input
speech data stream into a smaller size data stream, by
eliminating the inherent amount of redundancy associated
with speech signals. When compression techniques are used
in  computer systems, overall program execution time gets
reduced and also storage requirements, which will results in
reduction of secondary memory access attempts [1]. With
respect to transmission of data, the data transfer rate can be
reduce at the source by the compressor (coder), it is then
passed through the communication channel and return back
to the original data by the expander (decoder) at the receiving
end. Compression algorithms help to reduce the bandwidth
requirements and also provide a level of security for the data
being transmitted. In a mobile phone network, if speech
compression is used, more users can be accommodated at a
given time because of the lesser bandwidth required [2]. The
speech compression is also important in teleconferencing
and wireless communications. However, in speech compression it
is more important to ensure that compression schemes retain
the integrity of the speech. If the data is distorted in some
way, it becomes difficult to understand. Thus, speech
compression needs to be performed in a way which retains
the key qualities of the data. Speech compression finds application
in mobile satellite communication, cellular phones and in
audio conferencing system etc.

2. SPEECH COMPRESSION TECHNIQUES USED

This section deals with the speech compression techniques
that we used in this experiment.

2.1 Linear Predictive Coding (lpc-10)

Linear Predictive Coding is used to estimate basic speech
parameters like pitch formants and spectra. The principle

behind the use of LPC is to minimize the sum of the squared
differences between the original speech and estimated
speech signal over a finite duration. This could be used to
give a unique set of predictor coefficients. These predictor
coefficient are normally estimated every frame, which is
normally 20 ms to 50 ms long. The predictor coefficients are
represented by ak. Another important parameter is the gain
(G). The transfer function of the time-varying digital filter is
given by 1.
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 Summation is computed starting at k = 1 up to p, which
will be 10 for the LPC-10 algorithm. This means that only the
first 10 coefficient are transmitted to the LPC synthesizer.
Auto correlation formulation is used to compute the
coefficients. It guarantees the stability of the system H (z).
Levinson-Durbin recursion will be utilized to compute the
required parameters for the auto-correlation method [3]. A
pitch -detecting algorithm is employed to determine to correct
pitch period/frequency. We used the autocorrelation function
to estimate the pitch period [4]. However, if the frame is
unvoiced, then white noise is used to represent it and a
pitch period of T = 0 is transmitted. Therefore, either white
noise or impulse train becomes the excitation of the LPC
synthesis filter. It is important to re-emphasize that the pitch,
gain and coefficient parameters will be varying with time
from one frame to another.

2.2 Discrete Wavelet Transform

A discrete wavelet transform (DWT) uses multi resolution
filter banks for the analysis. The wavelet transform is a joint
function of a time series of interest x(t) and an analyzing
function or wavelet Ã(t). This transform isolates signal
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variability both in time t, and also in “scale” s, by rescaling
and shifting the analyzing wavelet [5]. The Discrete Wavelet
transform is defined by the following equation 2.

W(j, k) = / 2( )2 (2 )j j

j k

x k n k− −ψ −∑∑ (2)

Where the ψ (t) is the basic analyzing function, called
the mother wavelet.

The DWT is computed by successive low pass filtering
and high pass filtering of the discrete time domain signal.
This algorithm is called the Mallat algorithm [6].  At each
level the decomposition of the input signal has two kinds of
outputs. The low frequency components are known as the
approximations a[n] and high frequency components, known
as the details d[n]. At each decomposition level, the half
band filters produce signals spanning only half the frequency
band. This doubles the frequency resolution as the
uncertainty in frequency is reduced by half. With this
approach, the time resolution becomes good at high
frequencies, while the frequency resolution becomes good
at low frequencies [7]. The filtering and decimation process
is continued until the desired level is reached. The DWT of
the original signal is then obtained by concatenating all the
coefficients, a[n] and d[n], starting from the last level of
decomposition. The successive high pass and low pass
filtering of the signal can be depicted by the following
equations.

Yhigh[k] = Σnx [n] g [2k – n] (3)
Ylow[k] = Σnx [n] h [2k – n] (4)

Where Yhigh and Ylow are the outputs of the high pass
and low pass filters obtained by sub sampling by 2.

2.3 The Wavelet Packet Decomposition.

The wavelet packet method is a generalization of wavelet
decomposition that offers a richer range of possibilities for
signal analysis. Wavelet packet atoms are waveforms indexed
by three naturally interpreted parameters, position, scale,
frequency [8]. In wavelet packet analysis each detail
coefficient vector is also decomposed in to two parts using
the same approach as in approximation vector splitting. The
information lost between two successive approximations is
captured in the detail coefficients. Then the next step consists
of splitting the new approximation coefficient vector;
successive details are never reanalyzed. In the wavelet packet
situation, each detail coefficient vector is also decomposed
into two parts using the same approach as in approximation
vector splitting. This yields more than different ways to
encode the signal.  This offers the richest analysis [9]. In the
WPD, both the detail (cHj, cVj, cDj) and approximation
coefficients are decomposed in each level.

3. EXPERIMENTAND RESULTS

The data base for this experiment is created by using isolated
Malayalam (one of the south Indian languages) words. The

words are selected from a family context. The speech is
recorded with the help of seven male and three female
speakers. The speakers were free from speech disabilities.
The speech is recorded using high quality studio recording
microphone, at a sampling rate of 8 KHz (4 KHz band limited).
The recorded speech is processed labeled and stored in the
data base. The experiments base on both waveform coding
and parametric coding are given below.

3.1 LPC-10 Based Experiment

In LPC analysis the input signal is broken up in to frames or
blocks. The 8000 samples in each second of speech signal
are broken in to 240 sample segments, which means that
each frames represents 33.5 milliseconds of the speech signal.
This frame size gives an intelligible speech with good
compression. The signal is passed through a low pass filter
with bandwidth 1 KHz to split up the signal in to voiced and
unvoiced sound. The voiced sounds have very high
amplitude since they have average energy level. The voiced
sounds have distinct resonant or formant frequencies.
Unvoiced sounds have less energy and therefore smaller
amplitudes. Pitch period of the voiced sound is find by apply
average magnitude difference function (AMDF). Since pitch
period (P) for humans is limited, the AMDF is evaluated for
a limited range of the possible pitch period values. The original
form of speech signal for the word Amme (//æ/m/ m/ æ//)
is given in the Fig. 1 with the reconstructed one. The compressed
signal is reconstructed by LPC synthesis. The reconstructed
signal from the compressed one ensures perfect audibility.

Fig. 1: Original & Reconstructed Signal ‘Amme
(//æ/m/ m/ æ//)’ Using LPC-10

3.2. DWT Based Experiment

In each level of compression the speech signal is compressed
without losing it audibility by splitting it into high frequency
and low frequency components. In each level of compression
the numbers of samples are down sampled by a factor of 2.
The original form of speech signal for the word amme
(//æ/m/ m/ æ//) is given in the Fig. 2 with the reconstructed
one. The compressed signal is chosen from the thirds level
of the decomposition using db4 wavelet. The reconstructed
signal from the compressed one is also ensures perfect
audibility.

Fig. 2: Original & Reconstructed Signal ‘Amme
(//æ/m/ m/ æ//)’ Using DWT
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3.3 WPD Based Experiment

In wavelet packet decomposition, both the detail and
approximation coefficients of the speech signal are
decomposed. For n levels of decomposition the WPD
produces 2n different sets of coefficients (or nodes) as
opposed to (3n + 1) sets for the DWT. In this experiment the
speech signals were decomposed up to 3 levels. In each
level, WPD decomposes the signals without losing the
integrity of the signal by splitting it into its approximation
coefficient and detailed coefficient. The original form of
speech signal for the word Amme (//æ/m/ m/ æ//) is given in
the Fig. 3 with the reconstructed one.

Fig. 3: Original & Reconstructed Signal ‘Amme
 (//æ/m/ m/ æ//)’ Using WPD

The parameters used to evaluate the speech compression
are given below
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Where S(i) is the original speech signal data and S’(i) is
the reconstructed signal
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N is the length of the reconstructed signal, X is the
maximum absolute square value of the signal x and ||X – r||2

is the energy of the difference between the original and
reconstructed signals.
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x(n) is the speech signal, r(n) is the reconstructed signal,
and µx(n) is the mean of the speech signal.

Table 2
Performance Analysis Using Dwt,Wpd & Lpc-10

On Isolated Malayalam Spoekn Word

WORD DWT WPD LPC-10

S MSE PSNR NRMSE MSE PSNR NRMSE MSE PSNR NRMSE

amme 0.0022 86.018 1.621 0.0243 54.372 5.392 0.0321 80.557 0.043

acha 0.0590 69.556 1.562 0.0233 79.566 5.378 0.0205 86.814 0.023

mone 0.0006 82.302 1.577 0.0203 79.366 5.757 0.0621 63.556 0.226

eda 0.0040 82.899 1.568 0.0343 53.623 4.862 0.0412 66.519 0.121

devi 0.0997 66.937 1.669 0.1997 78.397 5.782 0.0355 58.004 0.290

maye 0.0009 80.008 1.536 0.0150 78.686 5.704 0.0645 80.823 0.075

ayyo 0.0008 80.835 1.553 0.0285 78.687 5.462 0.0318 74.750 0.050

chetta 0.0045 82.419 1.592 0.0428 78.812 5.884 0.0486 68.321 0.119

venda 0.0144 76.602 1.524 0.0202 55.202 5.849 0.1344 72.711 0.049

kandu 0.0298 72.971 1.654 0.0519 78.609 4.780 0.0883 70.625 0.075

3. CONCLUSION

This paper is a comparative study between waveform coding
and parametric coding for speech compression. The
compressed signals can be reconstructed back to its initial
form with full audibility. Furthermore enhancements beyond
the level 3 decomposition affect the intelligibility of the
spoken words. In general, a good reconstructed signal is the
one with low MSE and high PSNR. This means that the signal
has low error and high signal fidelity. The average MSE in
LPC experiment is 0.04603 and average MSE is 0.0559 in
Wavelet packet decomposition.  The average PSNR value in
LPC experiment and wavelet packet decomposition
experiment are 71.532 and 73.268 respectively. The obtained
results can be optimized by denoising the input signals

however in this experiment raw signals are taken. The
acquired results are tabulated in table 2.
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