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ABSTRACT:

To study the spectral behavior of an analog signal by its Fourier transform requires full knowledge in time domain.  If the signal alters slightly   in time instants, the entire spectrum gets affected. Hence many applications in real time signal processing FT alone is inadequate. To study non-stationary  &  higher   frequency  signals  the  signaled  composition technique has been introduced  later,  which  divides  the  single  higher frequency spectrum into it’s sub-spectra or sub-bands & analyzes the sub-spectra individually. The objective is to devise a transform that represents the signal features of time & frequency domain simultaneously. But, FT decomposes the signal into frequency components & determines relative amplitude of each component, but it doesn’t tell us when the signal exhibited the particular frequency characteristics. So it’s not suitable. Then the Short- Time-Frequency-Transformation (STFT) has been introduced to move the fixed duration window over the time function & abstract the frequency contents in that interval (window period). In STFT, retransformation. We have thoroughly discussed decomposition de-noising &reconstruction of 1-D & 2-D signals with wavelet transforms.
INTRODUCTION:
Certain complex signals can be modeled suitably by combining translations and dilations of a simple oscillatory function of a finite duration called a wavelet.
There are basically two types of  wavelet transformation
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MOTHER WAVELET:-

Consider a real or complex value continuous time functi on ø(t). Now ø(t) will be a mother wavelet if it satisfies the properties given below

1) The function integrates to zero, which is suggestive of a function that is oscillatory 

2) it is square integral or equivalently has finite energy. It implies that most of the energy in ø(t) is continued to a finite duration.
      3) The admissibility condition: - the constant called admissibility condition; the admissibility condition is useful in formulating the simple inverse wavelet transformation. [1][2]

CONTINUOUS TIME:
The continuous time wavelet transformation of f(t) with respect to a wavelet ø(t) is defined as ] / ) [( * ). ( . ) / 1 ( ) , ( a b t t f a b a W - º   y (4) Where f(t) is a square integrable function & * denotes complex conjugation. Thus wavelet transformation is a function of two variables. It is seen that f(t) & ø(t) belongs to L ²(R), the set of square integrable functions & called as the set of energy signals. Eq. (1) can be written in a more compact form by defining aa,b ] / ) [( ). / 1 ( ) ( a b t a t - º y (5)

DILATION

In the Eq. (1)….a determines the amount of time scaling or dilation & is referred to as “Scale” or “dilation variable”
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Dilation parameter

Above figure represents the different expansion (dilations) of the signal for different values of a i.e. the  dilation variable.[3].

TRANSLATION:
The eq1 we saw the parameter { (t-b)/a} where b represents the time shift or translation variable, the figure regarding the translation variable is given below
[image: image4.png]=001

5
0
o 500 1000
a=0.0001
1
35
; 500 oW
a-0.001
1
s |
n
0 500 1000
2-0.00001
1
s / %
06
04
02
0 500 Ta00




Translation parameterP

Here we can see the waveform for deferent values of translation

variable the time shift of the wavelet is  different.

INVERSE CWT:-

Suppose W (a,b) =W ø[f(t)] for some signal f(t) & wavelet (t), then naturally a question arises that is it  possible to obtain  f(t)  from  W (a, b)  ?   Is  similarly possible to device a an inverse  CWT  such that it involves translates &  dilates of the Mother wavelet ? If this

could be done, then we could be able to interpret  the wavelet transform. Fortunately, it is possible to  construct  such  an expression. If  the mother wavelet  satisfies the condition that       
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The condition of the Eq.(3 ) is known as admissibility condition as we have seen in the third property of mother wavelet.db .

 DISCRETE WAVELET TRANSFORMATION:

Why is the Discrete Wavelet Transform Needed?

Although the discredited continuous wavelet transforms enables thecomputation of the continuous wavelet transforms by computers, it is not a true discrete transform. As a matter of fact, the wavelet series is simply a sampled version of the CWT, and  the information it provides is highly redundant as far as the reconstruction of the signal is concerned. This redundancy, on the other hand, requires a significant amount of computation time and resources. The discrete wavelet transform (DWT), on the other hand, provides sufficient information both for analysis and synthesis of the original signal, with a significant reduction in the computation time. So it is clear that the   continuous wavelet transformation suffers from two Drawbacks 

1. Redundancy & 2. Impracticability

The redundancy isoblivious from thenature of wavelet transform andimpracticability due to both transform parameters are continuous. Now it is possible to find the solution for    both drawbacks by sampling the parameters a,b to obtain set of wavelet functions in discreterised manner. The question that normally arises are

Whether the set of discrete wavelets compute in L²(R) or not.

Whether the system is redundant or not

How coarse can the sampling grid, to have non redundancy The answer for the above questions is yes by the tightest set i.e. the orthogonal wavelet set. The foundations of the DWT has been introduced in 1976 by      Croiser, Esteban, and Galand devised a technique to decompose discrete time signals. They named their analysis scheme as subband coding. In 1983, Burt defined a technique very similar to subband coding and named it pyramidal coding which is also known as multiresolution analysis.

The Subband Coding and The  Multiresolution Analysis

The main idea is the same as it is in the CWT. A time-scale representation of . digital signal is obtained using digital filtering techniques Recall that the CWT is a correlation between a wavelet at different scales and the signal with the scale (or the frequency) being used as a measure of similarity. The continuous wavelet transform was computed by changing the scale of the analysis window, shifting the window in time, multiplying by the signal, and integrating over all times. In the discrete case, filters of different cutoff frequencies are used to analyze the signal at different scales. The signal is passed through a series of high pass filters to analyze the high frequencies, and it is passed through a series of low pass filters to analyze the low frequencies. The resolution of the signal, which is a measure of the amount of detail   information in the signal, is changed by the filtering operations, and the scale is changed by upsampling and  downsampling(subsampling) operations.  Subsampling a signal corresponds to reducing the sampling rate, or removing some of the  samples of the signal. DWT coefficients are usually sampled from the CWT on a dyadic grid, This sequence will be denoted by x[n], where  n is  an integer. The  procedure  starts with passing is signal (sequence) through a half band digital lowpass filter with impulse response h[n]. Filtering a signal corresponds to the mathematical operation of convolution of the signal with the impulse response of the filter. The convolution operation in discrete time is defined as follows:
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A half band lowpass filter removes all frequencies that are above half of the highest frequency in the signal. One important property of the discrete wavelet transform is the relationship between the impulse responses of the highpass and lowpass filters. The

highpass and lowpass filters  are not independent of each other, and they are related by
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where g[n] is the highpass, h[n] is the lowpass filter, and L is the filter length (in number of points). Note that the two filters are odd index alternated reversed versions of each other. Lowpass to highpass conversion is provided by the (-1)n term. Filters satisfying this condition are commonly used in signal processing, and they are known as the  Quadrature Mirror Filters (QMF). The two filtering and subsampling operations can be expressed by
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The reconstruction in this case is very easy since halfband filters form orthonormal bases. The above procedure is followed in reverse order for the reconstruction. The signals at every level are upsampled by two, passed through the synthesis filters g’[n], and h’[n] (highpass and lowpass, respectively), and then added. The interesting point here is that the analysis and synthesis filters are identical to each other, exceptfor a time reversal. Therefore, the  reconstruction formula becomes (for each layer) However, if the filters are not ideal halfband, then perfect reconstruction cannot be achieved. Although it is not possible to realize ideal filters, under certain conditions it is possible to find filters that provide perfect reconstruction. The most famous ones
 . are the ones developed by Ingrid Daubechies, and they are known as Daubechies’ wavelets.

APPLICATIONS OF WAVELET TRANSFORM-ATION:
The application of the wavelet transform has been seen in the most exciting development in the last decade to bring together researchers in several different fields such as signal processing, image processing, communications, computer science & mathematics etc. Succinct study of 1-D & 2-D applications are explained below.

WAVELET SIGNAL TRANSFORMATION:-

The speech & the audio signal processing are under 1-D signal transformation. Let us study the wavelet transformation of 1-D typical signal has shown below. Here we can see, first the Approximation coefficient & the Detail coefficient of the original signal after taking wavelet transformation.
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D WAVELET IMAGE TRANSFORMATION

Unlike the other transformations in wavelet transformation the images transformation is done in different manner. The waveform of wavelet image transformation is shown below:
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Here the original image has been decomposed before transformation (in two levels). In the first level the original image is decomposed & obtained four coefficients as ca-1, ch 1, cv-1 & cd-1 ,like wise second level of decomposition etc.. In the receiver the image is

reconstructed by all four coefficients &if channel is noisy then only one higher

energy subband is used to reconstruct original image to have reasonable visible

quality of image.. For better accuracy of the reconstructed image ca-1 has beendecomposed into four parts as ca-2, ch-2, cv-2 & cd-2, which is considered as the second level of decomposition & then transmitted. 

WAVELET DENOISING: - 

There have been several investigations into noise suppression in signals & images using wavelet transforms. The principal work is based on thresholding the DWT of an image & then reconstructs it. The method relies on the fact that, noise commonly manifests itself as fine-grained structure in the image, & the wavelet transform provides a scale based decomposition. Thus most of the noise on the basis of scale. Here we have discussed the denoising technique of 1-d & 2-d image signals.

DENOISING OF 1-D SIGNAL:- 

Here an original signal has been reconstructed from the noisy signal. The signal to noise ratio of the noisy signal is 4. The steps of denoising are given one by one. In first step the heuristic Sure of the signal is taken out. Then thresholding & substituting the decomposition of that signal construct the minimax denoised signal. The denoising  technique wave forms is shown below 
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We have chosen this wave form o show the noise effect in all frequency omponents i.e. igh frequency omponent to low frequency component  the denoising technique of the same

DENOISING OF 2-D SIGNAL:-

The denoising technique of 2-d ignals is explained below. The image of he “facets” has en taken for showing he denoising technique. Through matlab a random noise of init=20456789 has been added to the original signal using the formula{init=20456789,randn ('seed’ ,init)b};{x=cod_X+69*randn(size(cod_X ))}.
The noisy image has been sown below. Then the original signal has been reconstructed from the noisy signal using the formula{[thr,sorh,keepapp]= ddencmp('den','wv',cod_X) }; {xd= wdencmp('gbl',x, 'sym4',1, thr,sorh,keepa pp);}. After reconstruction it is seen that the reconstructed denoised signal is (80-90)% similar to the original signal.
 CONCLUSION
Wavelet transform is an advanced tool in the field of signal processing and system analysis .It is significant in the field of signal and image compression & communication. Recently it is very much useful for the scalable or multiresolution image & video transmission. Hence wavelet transform is included in MPEG4 standard. The drawbacks likediscontinuity & frequency arrival time in FT are effectively analyzed by wavelet. Transformation. Finally I would like to state that, the Wavelet Transformation is the key area for audio, video/image signals for compression & communication fields.
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