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Abstract - In the field of communication system there is
always a trade-off between compression ratio (CR) and
quality of signal when it comes to the lossy compression
technique. In digital telephony system speech compression
and high-quality of speech is crucial, because with a very
limited bandwidth, service is provided with a huge number of
users, so to improve the efficiency of bandwidth and for
higher SNR an effective speech coder is required. In recent
years discrete wavelet transform (DWT) emerged as a very
effective technique for image and speech signal analysis. This
paper presents wavelet compression technique by which the
ratio of compression and signal to noise of a speech signal can
be balanced. The results have been simulated on Mat Lab
toolbox 7.10, clearly displays the values of SNR and CR for
male and female speech signals using Haar and db6 wavelet.

Keywords - Signal to Noise Ratio, Discrete Wavelet
Transform, Wavelet coefficient and Compression Ratio.

I. INTRODUCTION

Speech coding has always been and still a major issue in
the terms of maintaining a ratio between signal to noise
and compression. Discrete wavelet transform has been
used successfully for image compression but a very low
attention has been paid for implementing this technique in
the field of speech coding. In telecommunication field,
speech compression is an issue directly related to the
service provider but not a direct problem of users, users
want higher SNR. Linear predictive coding is mostly used
for speech coding that yields higher compression ratio
(fixed) but by using wavelet technique we get higher SNR
than LPC and a variation in compression ratio. Speech
compression using discrete wavelet transform [1] will be
very useful in military applications, digital cellular
telephony system because there is limited bandwidth
(lower bit rate is required) and higher speech quality is
essential, especially in military purpose. This technique is
very much useful in video-conferencing [9] where a wide
bandwidth is already occupied by video processing itself.
There are many other applications like storage of speech
signal and transmission of voice at a later time.

Speech coders may be classified into two categories [6]:
waveform coding technique and source coding technique
(analysis-synthesis coders). Waveform coding technique
tries to copy the exact shape of electrical signal produced
by microphone. Analysis-synthesis coders use an entirely
different approach and no approach is made for producing
exact shape at the receiver. PCM is a popular waveform
coding technique while LPC [1] is for voice coding. In this
paper a different technique is used for speech compression

named by discrete wavelet transform. The discrete wavelet
transform of a signal produces coefficients and we apply
all data operations on coefficients according to our need.

II. DISCRETE WAVELET TRANSFORM

Wavelet [1] is a new technique for analyzing and
compressing a speech signal, it is more advantageous
technique because it holds both time and frequency aspect
of the signal and have localize analysis of a larger signal.
The basic concept behind wavelet is to analyze a signal
according to the scale. The first essential thing is to choose
a mother wavelet then any signal can be represented by its
translated and scaled version. Wavelet breaks speech
signal into few coefficients, so when we take wavelet
transform of it, some of the coefficients becomes zero or
have very small value. Data compression is done by
treating small valued coefficients [12] insignificant and
discarding them.

Discrete wavelet transform breaks the signal into high
frequency and low frequency components. The output of
high pass filter is known as detail coefficients and the
output of low pass filter is approximation coefficients.
Approximation coefficients are high scaled low frequency
components while detail coefficients are low scaled high
frequency components.
The definition of detail at level j

)()()( , tjkCtD kjZkJ  
The approximation at level j

 

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We distinguish the wavelet function Ψ from its scaling
function Φ
and

  0 dxx

  1 dxx

Ψ is used to define details.
Φ is used to define approximations.

Furthermore, we can see that it gives another aspect of
data than those obtained by traditional techniques. This
technique can compress and de-noised signal without
significant loss of data.

In order to compress the speech signal with higher SNR,
we have adopted following significant steps represented
with a block diagram in figure 1
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Fig.1. Steps involved in signal compression

III. CHOICE OF WAVELET

The choice of wavelet is very important in wavelet
compression technique, when it is used to design high
quality speech coder. We cannot consider any wavelet
better than other one because every wavelet is unique and
has its own significance. Different kind of wavelet make
trade-offs between the compact model of basis functions
in space and how smooth they are. Mostly wavelets are
classified by its vanishing moment and number of the
vanishing moments is important for wavelet speech
compressor. It is not practically implemented for real time
applications with high number of vanishing moments [9]
because the computational complexity of discrete wavelet
transform is proportional to the number of vanishing
moments.

With speech compression our objective is to improve
SNR also, so wavelet can be selected on the basis of
energy conservation properties in approximation
coefficients. By using Daubechies D20, D12, D10 or D8
wavelets, 96% of the signal energy, level 1 approximation
coefficients contains. The even numbers with D displays
the number of coefficients and vanishing moment that are
half of the number of coefficients. In this paper we have
tested speech signal with Haar wavelet and db6 which
contains 6 coefficients and 3 vanishing moments.

Fig.2. Different wavelet families [9]

IV. WAVELET DECOMPOSITION AND ITS

LEVEL

Unlike conventional techniques, wavelet decomposition
breaks the input signal into high and low frequency
components and the output is known as detail and
approximation coefficients respectively.  The output of
low pass filter is further decomposed into high and low
frequency components. This process is repeated to n

levels; finally we have (n+1) outputs. Signal compression
is done by selecting the approximation coefficients at the
appropriate chosen level and most of the detail coefficients
have non-essential information but very few coefficients
have accurate signal component.

Choosing a decomposition level is depend upon the type
of signal is to be analyzed and some other criterion such as
entropy. If the frame based input is applied, then frame
size must be a multiple of 2^n, where n represents the
decomposition level.

Fig.3. Wavelet decomposition

V. THRESHOLDING OF COEFFICIENTS

When the signal get decomposed into approximation
and detail coefficients, then we truncate the small valued
coefficients considering it to non- essential part of the
signal. For truncating the coefficients there are two types
of thresholding- hard and soft thresholding. Hard
thresholding is used to compress the signal while soft
thresholding is used to de-noise the speech signal. A Mat
lab function wdencmp is used to wavelet coefficients
thresholding for both compression and de-noising.

wdencmp enables us to choose whether it is global
thresholding or level-dependent thresholding. Level-
dependent thresholds are calculated using Brige-Massart
strategy [3]. According to this strategy all the
approximation coefficients are kept at the level of
decomposition j. The numbers of detail coefficients that
are to be kept at level i from 1 to j are given by the
formula.

 aj
jJ

M
n




2
Typically, a = 1.5 for compression and a = 3 for de-
noising.

If wavelet coefficients are high scarcely distributed then
value of M is equal to L, where L is the length of coarsest
approximation coefficients.

VI. UNIFORM QUANTIZATION

Quantization [7] is further processing of signal towards
true compression. Quantization is to be done for reducing
the information content in wavelet coefficients in such a
manner that no error formed. In quantization process the
step size depends on
1.  Maximum value Mmax in the signal matrix
2. Minimum value Mmin in the signal matrix
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3. Number of quantization level L
When these parameters are available, then step size can be
found

L

MM minmax 

Now the input is divided into L+1 levels with same
interval size ranging from minimum value to maximum
value to obtain quantization table. After completed
quantization process, the quantized value will be fed into
the next step of compression.

VII. HUFFMAN ENCODING

In quantization process, the quantized data contains
some repeated data and that would be wastage of memory.
Huffman coding is done to overcome this problem [5].
After Huffman coding, we get true compressed signal.

VIII. PERFORMANCE ANALYSIS

A. Wavelet coefficients of speech signal
When we performed DWT of signal using ‘db6’ and

‘Haar’ wavelet at level 6, we got 6-level approximation
and detail coefficients. Decomposition of signal has been
performed using Mat Lab toolbox 7.10 of a male spoken
sentence ‘compression of speech signal….’ Using
command
[C, L] = wavedec (s, 6,'db6');

Fig.4. Wavelet coefficients using ‘db6’ at different level

Original speech signal s=cA1+cD1 where cA1 contains
low frequency components and cD1 contains high
frequency component of the original signal. When we
listen cA1 using command sound (cA1, Fs), we are able to
understand the voice with a low loss in quality.cD1
contains less essential information, in terms of
coefficients.
B. Crude de-noising and Compression of a signal

De-noising [10] and compression of the speech signal
has been performed on Mat Lab toolbox 7.10 of a male
spoken sentence “Compression of speech signal”.

Fig.5. Original and de-noised signal using ‘db6’

Compression of the same signal (Spoken by male), has
been performed by level dependent thresholding, using
Brige-Massart strategy [3].

Fig.6. compressed signal for a male voice of 4 sec using
‘db6’ wavelet

This is another speech (spoken by female) hat has been
compressed by the same wavelet technique.The female
spoken sentence is “Compression of speech signal”.

Fig.7. Compressed signal for a female voice of 3 sec using
‘db6’ wavelet.
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IX. RESULTS

A. Compression ratio
Compression ratio is defined as the length of the original
signal x (n) to the reconstructed signal r (n).

CR=Length x (n)/Length r (n).
B.  Signal to noise ratio

SNR= 10 log10 (σx² /σe²)
Where σx² is the mean square of the speech signal and

σe² is the mean square difference between the original and
reconstructed signals. Signal to noise ratio displays the
quality of the speech signal. The greater the value of SNR,
better the quality of speech signal.

Signal to noise ratio displays the quality of the speech
signal. The greater the value of SNR, better the quality of
speech signal.

Performance of male speech signal

Table I

Performance of female speech signal

Table II

We have tested on two speech signals, spoken by male
and female respectively with two different wavelets ‘Haar’
and ‘db6’. The results of compression are shown in table 1
and 2 in terms of CR and SNR.

We know that SNR and CR (in case of lossy
compression) always have an inversely proportional
relationship with each other, and that is why we wanted a
balanced speech compression technique. With speech
signal compression an enhanced speech quality is very
much required. The most attractive feature of wavelet
compression technique is that it has a variation in
compression ratio so we can vary CR and SNR according
to our need while mostly used technique like GSM coding
technique has fixed compression ratio (1:5).

Fig.8. A graphical representation of performance of ‘Haar’
wavelet

Fig.9. A graphical representation of performance of ‘db6’
wavelet

X. CONCLUSION

Compression of speech signal using wavelets enables us
to vary the compression ratio as per our requirement. This
paper justifies the inversely proportional relation between
CR and SNR and applied discrete wavelet transform
technique to maintain that trade-off. In this paper we used
‘Haar’ and ‘db6’ wavelets to decompose the signal at level
6 of two speech signals spoken by a male and a female.
The compressed and de-noised signals shown upper
clearly displays the difference with original speech signal
while compression and de-noising performances of
wavelet technique is shown in resulted table.
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