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Abstract— In this manuscript, the optimized wavelet filters 

for the speech signal compression used with the lossless Run-

length encoding (RLE). The optimized wavelet filter 

coefficients are derived with different window techniques 

such as Kaiser and Blackman windows via simple linear 

optimization. When the developed wavelet filters are 

exploited for the speech compression, they gives better 

compression ratio and also yields good fidelity parameters as 

compared to other wavelet filters.  A comparative study of 

performance of different existing wavelet filters and the 

proposed wavelet filters is made in terms of compression ratio 

(CR), signal-to-noise ratio (SNR) and Peak signal-to-noise 

ratio (PSNR) and Normalized root-mean square error 

(NRMSE) at different thresholding levels. The simulation 

result included in this paper shows the clearly increased 

efficacy and performance in the field of speech signal 

processing. 

Key words: Wavelet Filter, RLE, Compression, Speech 

Processing 

I. INTRODUCTION 

Speech signal consists of two main parts: one carries the 

information and other one silent or noise etc. and without any 

verbal information. The verbal or informative part of speech 

signals are further divided into two parts, The Voiced and 

Unvoiced speech. Voiced speech mainly consists of vowel 

sounds. It is produced by forcing air through the glottis, 

proper adjustment of the tension of the vocal cords results in 

opening and closing of the cords, and a production of almost 

periodic pulses of air. These pulses excite the vocal tract. 

Speech is the very basic way for human to share our 

information with emotion whenever in the same place or 

different with 4 kHz bandwidth. Speech signal can be store as 

a digital data for further processing. A huge amount of data is 

a big issue for storage or transmission. Therefore it is 

necessary to compress speech signal. Speech compression 

involves the compression of unwanted or redundant in audio 

signal which is not us full for us. A major objective of speech 

compression is to represent, a speech signal with less or few 

bits as possible with level of quality [1-2]. Due to 

compression of signal it is easy to transmit with acceptable 

speed i.e. is data is transmitted over a network, like a mobile 

phone, and long distance communication and less amount of 

stronger is required. Speech compression is extensively used 

in many applications such as entertainment. One example is 

in digital cellular technology where many user shares the 

same frequency bandwidth, due to this compression more 

users will allows to share the system otherwise may not be 

possible [1-4]. Later on much of work in speech compression 

motivated by the military research into digital communication 

for secure military radio where low data rat are required. 

Speech signal has unique properties and they are deferent for 

the general audio or music signal generally speech signal is 

band-limited around 4 KHz. In now day application of speech 

compression (and coding) involve in the real time processing 

like in the mobile satellite communication, cellular telephony, 

internet telephony and the audio or videophones or 

teleconferencing systems.  

So far, several efficient speech compression 

techniques have been reported in literature such as Linear 

Predictive Coding (LPC) [5-8], Waveform coding [9-12] and 

Sub-band coding [13-15]. Linear predictive coding is robust 

tool widely used for analyzing speech signal in various 

aspects such as spectral estimation, adaptive filtering and data 

compression. While in sub-band decomposition, spectral 

information is divided into a set of signals that can then be 

encoded by using a variety of techniques. Based on sub-band 

decomposition, various techniques have been devised for the 

speech signal compression. 

Compression techniques can be classified into one 

of two main categories: lossless and lossy. In the past, marked 

researches have made in the many transformation methods 

such as Discrete Cosine Transform (DCT), Fast Fourier 

Transform (FFT) and Discrete Wavelet Transform (DWT) 

which are extensively used in data compression. Here, 

compression is achieved by transforming original signal into 

another domain to compact much of the signal energy into a 

small number of transform coefficients. In this way, many 

small transform coefficients can be discarded in the hope of 

achieving better compression. The fast Fourier transform is a 

discrete Fourier transform (DFT) algorithm which reduces 

the number of computations required and is exploited for 

analyzing signal in frequency domain.  Discrete cosine 

transform gives nearly optimal performance in the typical 

signal having high correlations in adjacent samples.  The 

detailed discussion on different techniques based on DWT, 

FFT and DCT is given in [14-19]. During the last decade, the 

Wavelet Transform, more particularly Discrete Wavelet 

Transform has emerged as powerful and robust tool for 

analyzing and extracting information from non-stationary 

signal such as speech signal due to the time varying nature of 

these signals. Non-stationary signals are characterized by 

numerous abrupt changes, transitory drifts, and trends. 

Wavelet has localization feature along with its time-

frequency resolution properties which makes it suitable for 

analyzing non-stationary signals such as speech signals. 

II. DISCRETE WAVELET TRANSFORM 

The Discrete Wavelet transform (DWT) is a special case of 

WT that provide a compact representation of a signal in time 

and frequency [16-19]. Basic principal of wavelet transform 

is that it decompose the given signal in too many function by 

using property of translation and dilation of a single function 

called a mother wavelet, mother wavelet is defined as  t
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Where, a is defines the dilation factor applied to the 

mother wavelet, and b is a translation factor.   

Wavelet transform give the multiresolution 

decomposition of signal [26]. DWT decompose a signal at 
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several n levels in different frequency bands. At each step of 

DWT decomposition, there are two outputs: scaling 

coefficients xj+1(n) and the wavelet coefficients yj+1(n). These 

coefficients are:   
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Where, the original signal is represented by x0(n) 

and j shows the scaling number. Here g(n) and h(n) represent 

the low pass and high pass filter, respectively. The output of 

scaling function is input of next level of decomposition, 

known as approximation coefficients as shown in fig.1. 

 
Fig. 1: Filter bank representation of DWT decomposition 

III. FILTER BANK 

Quadrature mirror filter (QMF) filter bank used in signal 

processing applications for separating signals into sub-bands 

and reconstructing them from individual sub-bands. The 

multirate filter banks suffer from phase distortion, amplitude 

distortion and aliasing distortion where Phase distortion is 

eliminated by use of the linear phase FIR filters. Amplitude 

distortion can be minimized using computer aided 

techniques. In case of a two-channel QMF bank shown in fig. 

2, the aliasing distortion is eliminated by. 
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even length having frequency response  
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Where, 0 ( )H   is the amplitude response of a filter 

from equations (4) and (5), the overall transfer function of 

QMF bank is reduced to  

     
2 2

( )

0 0
2

j N
j j je

T e H e H e


   


 

  
 

    (6) 

For perfect reconstruction, Eq. (7) must be satisfy  
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In a two-channel QMF bank, perfect reconstruction 

(PR) is possible if Eq. (7) is satisfied. If this Eq. is evaluated 

at / 2  , then, it leads t  

/ 2

0 ( ) 0.707
j

H e


       (8) 

Therefore, in this paper, different filter banks are 

designed with Kaiser and Blackman windows based on 

algorithm given in [20]. In this algorithm, cut-off frequency 

is varied in each iteration so that Eq. (8) is approximately 

satisfied. 

IV. COMPRESSION BASED ON LOSSLESS ENCODING 

In the paper, a wavelet based methodology is exploited for 

Speech compression show in the fig.3. Here, Speech 

compression is performing in three stages: DWT 

decomposition, thresholding and Entropy encoding (RLE) 

[14-19, 22-24]. 

 
Fig. 3: Lossless compression methodology based on Filter 

Bank and Run-length encoding 

1) Step. 1: In the step 1, decomposition is performed on the 

signal with optimal filter. For example, the optimal filter 

must havening minimizes the reconstructed error 

variance and also maximize signal to noise ratio (SNR). 

2) Step. 2: In the second step involves Truncating of 

wavelet coefficient i.e. below a threshold which makes a 

fixed percentage of coefficients equal to zero. Two 

different approaches are available for calculating 

thresholds. The first type is known as Global 

Thresholding which involves taking the wavelet 

decomposition of the signal and keeping the largest 

absolute value coefficients. In this, the threshold value is 

set manually, this value is chosen from DWT coefficient 

(0….xmax
j), where xmax

j
 is the maximum value of 

coefficient. The second approach is known as Level 

thresholding in which the threshold value is calculated 

using Birge-Massart strategy [21] and is well suitable in 

case of signal compression. In this paper, level 

thresholding is applied at the different decomposition 

levels. 

3) Step 3. In this step, signal compression is further 

achieved by efficiently encoding the truncated small-

valued coefficients. The resulting signal data contains 

same redundant data which is waste of space. In this 

paper, Run-length encoding applied on the redundant 

data for overcome the redundancy problem without any 

loss of signal data.  Run length coding is a simple form 

of data compression in which runs of data are stored as a 

single data value and count, rather than as the original 

run[22-24]. From fig.3. Shown the RLE, how to encode 

data and give compressed signal data. Finally, the 

compressed Speech signal is obtained 

V. RESULTS AND DISCUSSION 

Here, wavelet filter bank with filter taps 16and 18 designed 

with Kaiser and Blackman Windows is exploited for Speech 

signal compression. Several examples are included to 

illustrate the effectiveness of the developed wavelet filters. 

The performance of the developed wavelet filters in the field 

of speech signal compression can be evaluated by considering 

the fidelity of the reconstructed signal to the original signal. 

For this, following fidelity assessment parameters are 

considered: 
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Haar Hello 3 
3.9

2 

17.1

2 

37.1

9 
0.1393 

Db10 Hello 3 
3.9

5 

19.9

6 

40.0

3 
0.1004 

Kaiser9 Hello 3 
4.0

1 

20.3

5 

39.2

6 
0.1097 

Blackma

n9 
Hello 3 

4.0

2 

19.8

9 

39.2

2 
0.1102 

Table 1: Fidelity Assessment Parameters with 

Decomposition Level-3 based on Optimized Wavelet Filter 

Banks 

Wavelet 

Filter 

Speech 

Signal 
CR SNR 

PSN

R 

NRMS

E 

Kaiser9 
Compre

ssion 
3.90 28.15 42.54 0.0511 

Kaiser9 Hello 4.01 20.35 39.26 0.1097 

Kaiser9 Apple 3.94 27.63 42.02 0.0711 

Blackma

n9 

Compre

ssion 
3.89 28.10 42.46 0.0516 

Blackma

n9 
Hello 4.02 19.90 39.23 0.1102 

Blackma

n9 
Apple 3.95 25.32 42.02 0.0711 

Table 2: Comparison of Fidelity Assessment Parameters 

with Decomposition Level-3 Based On Optimized Wavelet 

Filter Banks 

1) Signal to noise ratio (SNR) 
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2) Peak Signal to Noise Ratio (PSNR) 
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Where, N is the length of the reconstructed signal. 

3) Normalized Root Mean Square Error (NRMSE) 
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4) Compression Ratio (CR) 

N um ber of significant w avelet coefficien ts
C R =

T otal num ber of w avelet coefficients
    (13) 

In the equations (10), (11), (12) and (13), x(n)is the original 

speech signal sounding as “Compression, hello and apple” 

(sound wave) and y(n)is the reconstructed speech signal. 

Here, different speech signals are recorded and these are 

compressed by the proposed wavelet filters based on Kaiser 

and Blackman windows. The simulation results obtained in 

the developed wavelet filters at level threshold are listed in 

Table 1. Fig. 4 shows the plot of the original speech signal 

(COMPRESSION) and its reconstructed version with the 

optimized wavelet filters based on Kaiser and Blackman 

windows. As it can be observed from the Tables 1 that 

developed wavelet filters gives better compression ratio with 

good fidelity parameters. The average compression ratio 

obtained in the developed wavelet filters is 3.957% in Kaiser 

Window. While in Blackman window, the average 

compression ratio is 3.951%. The average SNR obtained is 

24.29 in case of Kaiser Window and 23.63 in Blackman 

window. Other fidelity parameters are also improved as 

compare to other existing wavelet filter bank from Table 2. 

Thus, it is evident that the developed wavelet filters can be 

effectively used for the speech signal compression. From 

Table 2 evident show that the compression performance of 

Kaiser and Blackman wavelet filter bank is better than the 

other existing filter bank and also give improve fidelity 

assessment. In the fig. 5 and 6 show the performance of 

Kaiser and Blackman wavelet filter in term of CR SNR PSNR 

and NRMSE at the different signal decomposition level using 

level thresholding. 

 
Fig. 4: (a) Original speech signal   (compression.wav) and 

it’s reconstructed signal (b) with Kaiser window (c) with 

Blackman window 

 
Fig. 5: Performance graph 

VI. CONCLUSION 

In this work, the optimized wavelet filters are derived using 

Kaiser and Blackman window techniques using linear 

optimization. Simulation results included in this paper clearly 

show the key advantageous features of the developed wavelet 

filters over others in the field of speech signal processing. It 

is found that the developed wavelet filters significantly 

improves the reconstruction of the compressed speech signal 
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and also yields comparable compression ratio as compared to 

other existing wavelet filters. Therefore, it is concluded that 

it can be very effectively used for the speech signal 

compression. 
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