Lecture 1

Signal: a signal is a function that conveys some information 

 Processing: is changing the signal or extracting information from the signal

All signals are analog in nature in real time. Analog signals are sampled to derive digital signals.

Signals exist in time domain. These have to be transformed into the frequency domain using any of the transformation techniques.

Processing of the signal is done in the frequency domain.

The frequency domain signal is converted back to time domain.

Ex: consider, a sound signal may be a music signal. The signal is analog, which is sampled to get a digital signal.

The next step is to convert the time domain digital signal to frequency domain signal.

Then the signal is subjected to processing may be filtering.

The signal is converted back to the time domain.

Digital signal processing consists of sampling an analog signal, transforming it and then processing it.

Discrete Fourier Transform

Introduction:

A discrete time sysytem may be described by the convolution sum, the fourier representation and the z transform as seen in the previous chapter.

If the signal is periodic in the time domain DTFS representation can be used, in the frequency domain the spectrum is discrete and periodic.If the signal is non-periodic or of finite duration the frequency domain representation is periodic and continuous which is not convenient to implement on the computer. Exploiting the periodicity property of DTFS representation the finite duration sequence can also be represented in the frequency domain, which is referred to as Discrete Fourier Transform DFT.

 DFT is an important mathematical tool which can be used for the software implementation of certain digital signal processing algorithms .DFT gives a method to transform a given sequence to frequency domain and to represent the spectrum of the sequence  using  only k frequency values, where k is an integer that takes N values,


K=0,1,2,…..N-1.

The advantage of  DFT are :

1. It is computationally convenient.

2. The DFT of a finite length sequence makes the frequency domain analysis much simpler than continuous Fourier transform technique.

Discrete Fourier Transform:

The DTFT representation for a finite duration sequence is
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where x(n) is a finite duration sequence, X(jω) is peiodic with period 2π.It is convenient sample X(jω) with a sampling frequency equal an integer multiple of its period =m that is taking N uniformly spaced samples between 0 and 2π.

Let ωk= 2πk/n , 0​≤k≤N-1
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Therefore X(jω)= ∑
x(n) ℮
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Since X(jω) is sampled for one period and there are N samples X(jω) can be expressed as  
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Lesson 3

Matrix relation of DFT

The  DFT expression can be expressed as 

[X] = [x(n)] [WN]

                                                      T

where [X] = [X(0), X(1),……..]

[x] is the transpose of the input sequence. WN is a N x N matrix

WN =   1       1       1      1     ……1

              1       wn1  wn2     wn3….wn n-1

             1        wn2   wn4     wn6  …wn2(n-1)

             ……………………………………

              ……………………………

            …………………………………….

1 …………………………..wN (N-1)(N-1)

ex;

4 pt DFT of the sequence   0,1,2,3

X(0)                   1               1            1              1

X(1)                   1               -j           -1              j

X(2)        =         1               -1           1            -1

X(3)                    1                j           -1            -j

Solving the matrix X(K) =  6  ,  -2+2j,   -2 ,  -2-2j 

 Properties of DFT:

Linearity:    

    A x1 (n) + b x2 (n) ((  a X1(k) + b  X2(k)

Circular shift:

In linear shift, when a sequence is shifted the sequence gets extended. In circular shift the number of elements in a sequence remains the same. Given a sequence x (n) the shifted version x(n-m) indicates a shift of m. With dfts the sequences are defined for 0 to N-1.

If x(n) = x(0), x(1), x(2), x(3)

X(n-1) =   x(3), x(0),x(1).x(2)

X(n-2)  =   x(2), x(3), x(0), x(1)

Lesson 4

Time shift thm:

If  x(n) (( X(k)
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Frequency shift  
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Lesson 5

Symmetry: 

For a real sequence, if x(n)(( X(k)

                      X(N-K) = X* (k)

 For a complex sequence

 DFT(x*(n))  =  X*(N-K)

If x(n)                 then      X(k)

Real and even               (       real and even

Real and odd                 (       imaginary and odd

Odd and imaginary       (       real odd

Even and imaginary      (       imaginary and even   

Convolution theorem;

Circular convolution in time domain corresponds to multiplication of the DFTs

If y(n) = x(n) ( h(n) then Y(k) = X(k) H(k)

Ex let x(n) = 1,2,2,1  and  h(n) = 1,2,2,1

 Then y(n) = x(n) ( h(n)

Y(n) = 9,10,9,8

Lesson 6

2 N pt DFTs of 2 real sequences can be found using a single DFT

If g(n) & h(n) are two sequences then let x(n) = g(n) +j h(n)

G(k) = ½ (X(k) + X*(k))

H(k) = 1/2j (X(K) +X*(k))

2N pt DFT of a real sequence using a single N pt DFT

let x(n) be a real sequence of length 2N with y(n) and g(n) denoting its N pt dft

let y(n) = x(2n)  and g(2n+1)

                               k

X(k)  =  Y(k)  + WN  G(k)

Using DFT to find IDFT

The DFT expression can be used to find IDFT

X(n)  =  1/N [DFT(X*(k)]*

Lesson 7

Digital filtering using DFT

In a lti system the system response is got by convoluting the input with the impulse response. In the frequency domain their respective spectra are multiplied. These spectra are continuous and hence cannot be used for computations. The product of 2 DFT s is equivalent to the circular convolution of the corresponding time domain sequences. Circular convolution cannot be used to determine the output of a linear filter to a given input sequence. In this case a frequency domain methodology equivalent to linear convolution is required. Linear convolution can be implemented using circular convolution by taking the length of the convolution as N >= n1+n2-1 where n1 and n2 are the lengths of the 2 sequences.

Overlap and add

In order to convolve a short duration sequence with a long duration sequence x(n) ,x(n) is split into blocks of length N x(n) and h(n) are zero padded to length N+K-1 . circular convolution is performed to each block then the results are added.

Overlap and save method

In this method x(n) is divided into blocks of length N with an overlap of k-1 samples. the first block is zero padded with k-1 zeros at the beginning. H(n) is also zero padded to length N . circular convolution of each block is performed using the N length DFT .The output signal is obtained after discarding the first k-1 samples  The final result is obtained by adding the intermediate results.
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