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DIGITAL SIGNAL PROCESSING

UNIT I

INTRODUTION TO DIGITAL SIGNAL PROCESSING-REALIZATION OF DIGITAL FILTERS
Part A

	1. What are the properties of convolution?
	Nov 2013


1. Commutative property x(n) * h(n) = h(n) * x(n)

2. Associative property [x(n) * h1(n)]*h2(n) = x(n)*[h1(n) * h2(n)]

3. Distributive property x(n) *[ h1(n)+h2(n)] = [x(n)*h1(n)]+[x(n) * h2(n)]

2. Define sampling theorem.
May 2011/Nov 2013/2012

A continuous time signal can be represented in its samples and recovered back if the sampling frequency Fs >2B. Here ‘Fs’ is the sampling frequency and ‘B’ is the maximum frequency present in the signal.

	3. List the properties of DT sinusoidal signals.
	May 2013


· A discrete time sinusoid is periodic only if its frequency is a rational number
The highest rate of oscillation in discrete time sinusoid is attained when 
 
	4. What is correlation? What are its types?
	May 2013

	It is a measure of similarity between two signals
	


· Cross correlation-similarity between different signals.
· Auto correlation-simpilrity between time shifted version of same signal.
	6. What is meant by radix 4FFT?
	May 2013

	FFT algorithm used to compute DFT when the number of data points N in the DFT is a Power of

	4
	

	5. What is an Energy and Power signal?
	Nov 2012


Energy signal: A finite energy signal is periodic sequence, which has a finite energy but zero average power.

Power signal: An Infinite energy signal with finite average power is called a power signal.

	6. Difference between linear and circular convolution.
	Nov 2011

	circular
	

	circular convolution is used for periodic and finite signals while
	


The same convolution is done but in circular pattern ,depending upon the samples of the signal linear

linear convolution is used for aperiodic and infinite signals.

In linear convolution we convolved one signal with another signal

	7.Define and express the transfer function of Nth order LTI system
	NOV2011


A system is said to be linear system if it satisfies Super position principle. Let us consider x1(n) & x2(n)

be the two input sequences & y1(n) & y2(n) are the responses respectively, T[ax1(n) + bx2(n)] = a y1(n)

+ by2(n)

8. Define periodic and aperiodic signal.

A signal x (n) is periodic in period N, if x (n+N) =x (n) for all n. If a signal does not satisfy this equation, the signal is called aperiodic signal.
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	9. Define Auto Correlation.
	May2011


1) The cross-correlation is not commutative. rxy(l) = ryx(-l)

2) The cross-correlation is equivalent to convolution of one sequence with folded version of another sequence. rxy(l) = x(l) * y(-l).

3) The autocorrelation sequence is an even function. rxx(l) = rxx(-l)

Part B

1. Compute convolution of y (n) of the signals.
MAY2013/2012 NOV2013
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2. Define the stability conditions for a linear time invarient system. Determine the range of values of ‘a’ for which the LTI system with impulse response h(n) as defined below is stable.
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MAY 2013/2012

Ans. LTl system is stable if its inpulse response is absolutely summable.

Consider a linear time invarient system having impulse response h(n). Let x(n) be input applied to this system. Now according to the definition of convolution, the output of such system is expressed as
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The input x(n) will be bounded if I x(n) is less than some finite number. Let us denote this finite number by Mx. Thus for input signal to be bounded
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Here Mx is finite number, so its values should be less than infinity. Thus eq. (2) can be written as
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Now taking absolute value of both sides of eq. (1)
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We will read R.H.S. of eq. (4) as absolute value of summation of terms. If we take sign outside then the term become
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This summation of absolute

Thus:

values of terms. Always absolute values of sum of terms is less than or equal to the sum of absolute value of terms.
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Here x(n — k) is delayed input signal. If input is bounded then its delayed version is also bounded. This is because delay or qlding is related to time shifting operations By performing these operations the magrjitu4e is not changed. Now for bounded input,
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We know that Mx is finite number. We want 0/P y(n) to be bounded. That means I y(n) should be finite. So eq. (8) to obtain finite output we have
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Here h(k)= h(n) is the impulse response of LTI system. Thus eq. (9) gives the conditions of stability in terms of impulse response of the system.
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From above, it is abvious that given system is stable if a <1.

3.
Determine
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linear
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response,

when the input is a unit step sequence x(n) = U(n).



NOV2012/2011 MAY2013

Ans. In this case bth h(n) and x (n) are infinite duration sequences. We use the form of the convolution formula
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4. An LTI system is described by

system for an input of x(n) = 10 cos (0.05 3m).



. Find the response of this MAY2013/2012

Ans. Given
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5. Determine the impulse response for the cascade of two linear time invariant systems having

impulse responses.
NOV2011/2013
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6. List various properties of z-transform.



MAY2013

1. Linearity
[image: image57.jpg]2l x () + ay x5 (M) =4y X,(2) + 3% (2)
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1. Shifting:
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1. Multiplication (by nm). [or differentiation in z-domain]
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4. Scaling in z-domain: [Multiplication by an ]

5.Time Reversal:
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6. Conjugation:

7. Convolution:

8. Initial value:

9. Final value:

10. Correlation of two sequence.

11. Parseval’s theorem:
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where the contour of integration must be overlap of the regions of convergence of

[image: image71.jpg]1
x; (v) and x,* (F)




7. Perform circular, convolution of two sequences Ans. Circular convolution is
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UNIT II

DISCRETE FOURIER SERIES & FAST FOURIER SERIES
1. Define DTFT. Nov 2013 Let us consider the discrete time signal x(n).Its DTFT is denoted as X(w).It is given as X(w)= x(n)e-jwn.

2. What is meant by radix 4FFT? May 2013 FFT algorithm used to compute DFT when the number of data points N in the DFT is a Power of

4.

3. Define Twiddle factor.

The Twiddle factor is defined as WN=e-j2 /N



Nov 2012/2011

4. State parseval’s theorem.

Consider the complex valued sequences x(n) and y(n).If x(n)y*(n)=1/N X(k)Y*(k)



May 2011

5. What is FFT?
May 2012

The Fast Fourier Transform is an algorithm used to compute the DFT. It makes use of the symmetry and periodicity properties of twiddle factor to effectively reduce the DFT computation time.It is based on the fundamental principle of decomposing the computation of DFT of a sequence of length N into successively smaller DFTs

	6. List the uses of FFT in linear filtering.
	Nov 2012


Correlation is the basic process of doing linear flitering using FFT.the correlation is nothing but the convolution with one of the sequences,folded.thus,by folding the sequence h(n),we can compare the linear filtering using FFT . FFT reduces the computation time required to compute discrete Fourier transform

	7.Give transform pair equation of DCT.
	May 2013/2012

	DFT is
	

	X(k) = Σ x (n) e –j2 Π kn / N
	

	IDFT is given as
	

	N-1 x(n) =1/N Σ X (k) e j2 Π kn / N
	

	8.
	Compute DFT of x(n) = {0,1,2,3}.
	May 2011

	
	x4=[6, -2+2j, -2, -2-2j ]
	

	9.
	What are the applications of FFT algorithm?
	Nov 2012


1) Linear filtering

2) Correlation

3) Spectrum analysis

	10. What are the differences and similarities between DIF and DIT algorithms?
	Nov2011


1)The input is bit reversed while the output is in natural order for DIT, whereas for DIF the output is bit reversed while the input is in natural order.

2) The DIF butterfly is slightly different from the DIT butterfly, the difference being that the complex
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multiplication takes place after the add-subtract operation in DIF.

Part B

1. Discuss various properties of DFT.

Ans. Properties of the DFT.



NOV 2012/2013

1.
Linearity : The DFT obeys the law of linearity. If
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then for any two constants a and b,
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2. Periodicity
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3. Circular shift of a sequence : This property is analogous to the time shiftingproperty of the DFT, but with some difference.

This shift is known as circular shift that can be represented as the index modulo N. Thus we can write,
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where x (n) is represented the circular shift of x (n). Or more generally we can define
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Equations (6.4) and (6.5) tell us how to construct x (n).
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4. Circular  convolution  and  multiplication  of  two  DFTs  :  Consider  two  finite  duration
sequences [image: image1.jpg]X1 (1) and x5 (1)



both of length, with their N - point DFTs [image: image2.jpg]Xy (k)



and [image: image3.jpg]X, (k)



i.e.,

[image: image85.jpg]2th '
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ﬂ
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5. Time reversal of a sequence:
[image: image86.jpg]If. x(m) <22 X(k)
then x (- )y = N =1y 2L X (=K = X (N - R).

or : x(N = n)«2s X(N - k).




Hence, when the N-point sequence is reverse in time, it is equivalent to reversing the DFT values.

2. State and prove Circular correlation and parsevals theorem

1. Circular correlation: For complex valued sequence x (n) and y (n).

[image: image87.jpg]If x(n) 2> X(K)
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where
is the circular cross-correlation sequence, given as,
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Proof.
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2. Parseval’s theorem:

For the complex-valued sequence x (n) and y (n), if
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2. Develop a Radix-2, 8-point DIF FFT algorithm with neat flow chart.
NOV2013/2012

Ans. Decimation in frequency stands for splitting the sequences in terms of frequency. That means we have split output sequences into smaller subsequences. This decimation is done as follows. First stage of decimation:

first stage of decimation as shown in fig. below.
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Second stage of decimation: In the first stage of decimation we have used 4-point DFT. We can further decimate the sequence by using 2 point DFT. The second stage of decimation is shown in fig below.
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Third stage of decimation : In the second stage of decimation we have used 2- point DFT. So further decimation is not possible. Now we will use a butterfly structure to obtain 2-point DFT. Thus the total flow graph of 8 point DIF-FFT is shown below.
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3. Draw a 8 point radius 2 FF1’ DIT flow graphs and obtain DF1’ of the following

sequence [image: image4.jpg]x(n) =(0,1,-1,0,0,2,-2,0)



                                     MAY 2011/2012

Ans.
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4. Compute 4-point DFT of causal three sample sequence given by.

[image: image101.jpg]
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Ans. By definition of N-point DFT, the kth is complex co-efficient of X (k) for [image: image5.jpg]< N-1



 is given by
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Here N = 4, therefore the 4-point DFF is
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The values of X (k) can be evaluated for k = 0, 1, 2, 3.
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The three sample sequence and its periodic extension are shown in Fig. below.
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5. An 8-point sequence is given by x(n); x(n) = (2, 2, 2, 2, 1, 1, 1, 1). Compute 8 point DFT of x(n) by radix -2 DIF-FFT.

Ans. For 8 point DFT by radix 2 FF1 we require 3-stages of computation with 4 butterfly computation in each stage.

The given sequence is the input to the first stage. For other stages of computation, the output of the

previous stage will be the input for the current stage.

First stage of computation

The input sequence = {2, 2, 2, 2, 1, 1, 1, 1)

[image: image112.jpg]
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The phase factors involved in first stage of computation are
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The output sequence of first stage of computation.

[image: image116.jpg]= {3, 3, 3, 3, 0.707,~j 0.707, -j, -0.707-j 0.707}




Second stage of computation The input sequence of 2nd stage

[image: image117.jpg]= {3, 3,3, 3, 0.707, -j 0.707, -j, -0.707-70.707}

B-3)H=0

1 14 =1-]

0.707 -j0.707 (0.707 - j 0.707) + (- 0.707 ~j 0.707)
=-j1414

- T-(h=1+]

-0.707 - 0.707 [©. 707 ] 0.707) - (0.707 - j0.707) (~j)

==}1
0 1
w4 & W}





The phase factors involved in 2nd stage of computation are
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The butterfly computation of second stage are shown above.
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6. Discuss Linear filtering approach for the computation of DFT.

The overlap-add and overlap-save methods are used for filtering a long data sequence with an FIR filter based on the use of the DFT

FFT algorithms can be used for computing DFT and IDFT

Comparison of overlap adds method and overlap save method in filtering

[image: image121.jpg]
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UNIT III

IIR FILTERS
1. What is bilinear transformation?
Nov2013

The bilinear transformation is conformal mapping that transforms the s-plane to z-plane. In this mapping the imaginary axis of s-plane is mapped into the unit circle in z-plane, The left half of s-plane is mapped into interior of unit circle in z-plane and the right half of s-plane is mapped into exterior of unit circle in z-plane

	2. List the properties of DFT.
	Nov 2011


Linearity, Periodicity, Circular symmetry, symmetry, Time shift, Frequency shift, complex conjugate, convolution, correlation and Parseval’s theorem

	3.What is meant by aliasing? How it can be avoided?
	Nov2012


When the sampling frequency is less than twice of the highest frequency content of the signal, then the aliasing is frequency domain takes place. In aliasing, the high frequencies of the signal mix with lower frequencies and create distortion in frequency spectrum.

	4.What are the characteristics of Chebyshev filter?
	May 2013


· The magnitude response of the chebyshev filter exhibits ripples either in pass band or in stop band according to type
· 2The poles of the filter lies on an ellipse
	5.
	What is impulse invariant transformation?
	May2012

	
	The transformation of analog filter to digital filter without modifying the impulse response of

	the filter is called impulse invariant transformation.
	

	6.
	What is the importance of poles in filter design?
	Nov 2011

	
	The stability of a filter is related to the location of the poles. For a stable analog filter the


poles should lie on the left half of s-plane. For a stable digital filter the poles should lie inside the unit circle in the z-plane

	7. Mention the properties of Butterworth filter?
	Nov 2013


· All pole design.
· The poles lie on a circle in s-plane.
· The magnitude response is maximally flat at the origin and monotonically decreasing function of Ω. The normalized magnitude response has a value of 1 / Ω2 at the cutoff frequency Ωc.
· Only few parameters have to be calculated to determine the transfer function.
	8.How linear filtering is done using FFT?
	Nov 2011


Correlation is the basic process of doing linear filtering using FFT. The correlation is nothing but the convolution with one of the sequence, folded. Thus, by folding the sequence h (n), we can compute the linear filtering using FFT.

	9. What is the main advantage of FFT?
	Nov 2012


[image: image123.jpg]
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FFT reduces the computation time required to compute discrete Fourier transform.

	10. What are the properties of bilinear transformation?
	May 2011


· The mapping for the bilinear transformation is a one-to-one mapping that is for every point Z, there is exactly one corresponding point S, and vice-versa.

· The j Ω-axis maps on to the unit circle |z|=1,the left half of the s-plane maps to the interior of the unit circle |z|=1 and the half of the s-plane maps on to the exterior of the unit circle |z|=1.

PART B

[image: image125.jpg]H(s) =
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1. For given analog filter system function
into digita IIR filter by means

of bilinear z-transformation. Digital filter is to have resonant frequency [image: image6.jpg]


 Nov2012/13

Ans. The given transfer function is:

[image: image126.jpg]s+0.1
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……….(1)

From eq. (1) we can say that f = 4
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The value of [image: image7.jpg]


 is given as

Now we will find out the value of sampling time (T5) using we relation.
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Using bilinear transformation H(z) can be obtained by puffing in the eq. of H (s).
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2. A chebyshev low pass filter has the following specifications:
Nov2013/2012

(a) Order of the filter = 3

(b) Ripple in pass-band = 1 db

(c) Cut off frequency = 100 Hz

(d) Sampling frequency = 1 kHz.

Determine H(z) of the corresponding hR digital filter using bilinear transformation technique.

Ans. First we will calculate the values of the edge frequency for analog filter.

Given : Order of filter = N= 3

[image: image133.jpg]F. =100 Hz.
F, = 10% samples/sec.




1. Calculation of required design specification of digital filter.
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Given

[image: image136.jpg]Ty = 1 rad/sec.




3. For normalized filter

4. Calculation of poles
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First we calculate parameter [image: image8.jpg]
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Now we will calculate the values of [image: image9.jpg]


 and R
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5. Calculate poles:
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6 Calculation of system function
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7 Calculation of transfer function of digital filter
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3. Convert the analog filter with system functions
May2013/Nov2013

[image: image148.jpg]o st2
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into the digital IIR filter by means of the impulse invariance method.

Ans. The partial fraction expansion of [image: image10.jpg]H_ (s)



 is given as:
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The corresponding digital filter is then
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It should be noted that zero of is not obtained by transforming the zero at s = -z into a zero at [image: image11.jpg]zZ=e




4. Design a chebyshev filter for the following specification using (a) bilinear transformation (b) Impulse invariance method.
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MAY2012/NOV2012
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Ans. Given
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Using bilinear transformation
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(b) Impulse Invariance Method:
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Taking Inverse Laplace transform we obtain
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Let

Taking z-Transform
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Assume T =1 sec.
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	UNIT IV
	

	
	FIR FILTERS
	

	
	PART A
	

	1.
	What is frequency warping?
	Nov 2011/may 2011

	
	Because of the non-linear mapping: the amplitude response of digital IIR filter is expand at lower

	frequencies and compressed at higher frequencies in comparsion to the analog filter.

	2.
	What is the frequency response of Butterworth filter?
	Nov 2011

	Butterworth filter has monotonically reducing frequency response
	

	3.
	What is Gibb’s phenomenon (or Gibb’s Oscillation)?
	Nov 2013/2012


[image: image167.jpg]



In FIR filter design by Fourier series method the infinite duration impulse response is truncated to finite duration impulse response. The abrupt truncation of impulse response introduces oscillations in the

	Pass band and stop band. This effect is known as Gibb’s phenomenon.
	

	4. What is impulse invariant transformation?
	Nov 2011

	The transformation of analog filter to digital filter without modifying the impulse response of

	the filter is called impulse invariant transformation.
	

	5. What is the importance of poles in filter design?
	May 2012


The stability of a filter is related to the location of the poles. For a stable analog filter the poles should lie on the left half of s-plane. For a stable digital filter the poles should lie inside the unit circle in the z-plane.

	6. What is the condition for linear phase of a digital filter?
	May 2012

	A FIR filter will have linear phase if, h (n) = h (M-1-N) for symmetric response.
	

	H (n) = -h (M-1-N) for antisymmetric response.
	

	Where ‘M’ is the length of unit sample response of the filter
	

	7.what are the different types of arithmetic in digital systems?
	Nov2011


There are three types of arithmetic used in digital systems. They are fixed point arithmetic, floating point ,block floating point arithmetic.

	8.What is meant by fixed point number?
	May2013


In fixed point number the position of a binary point is fixed. The bit to the right represent the fractional part and those to the left is integer part.

	9. what is zera input limit cycle oscillation?
	May2013


When a stable IIR filter is excited by a finite input sequence, the output will ideally decay to zero.but due to non linearities in the finite precision arithmetic operation cause 
periodic oscillation to occur in the output
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PART B

1. Design an ideal band pass filter with a frequency response.
NOV2011/MAY2012
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Find the values of h(n) for N 7. Find the realizable filter transfer function and magnitude function of [image: image13.jpg]H(/*)




Sol. Step 1. Draw the ideal desired frequency response of bandpass filter.
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Form the desired frequency response, we can find that the given response is symmetric N odd Step 2. To find
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Step 3. To find h(n).

For symmetry response
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Step 4. To find filter transfer function,
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Step 5. To find the realizable filter transfer function
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Therefore, the filter co-efficients of the causal filters are,
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Step 6. To find the magnitude response of
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2. Design an ideal highpass filter with a frequency response
MAY2013/MAY2011
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Find the value of h(n) for N = 11 using

(a) Hamming window

(b) Hanning window.

Sol. (a) Hamming Window

Step 1. Draw the desired frequency response of ideal highpass filter.

[image: image187.jpg]



From the desired frequency response, we can find that the given response is symmetric.

Step 2. To find [image: image14.jpg]



We know that,
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Step3. To find the Hamming window sequence.
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Step 4. To find the filter co-efficents

[image: image192.jpg]



Step 5. To find the filter co-efficients using Hamming window sequence.
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Step 6. To find the transfer function of the filter.
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Step 7. To find transfer function of the realizable filter
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The filter co-efficients of causal filters are,
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(b) Hanning Window

Step 1. The filter co-efficients can be obtained from part (a), step (2) and step (5)
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Step 2. To find the Hanning window sequence
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The Hanning window sequence is given by
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Step 3. To find the filter co-efficients using Hanning window.

The filter co-efficients using Hanning window are
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Step 4. To find the transfer function of the filter.

The transfer function of the filter is given by,
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Step 5. To find the transfer function of realizable filter.
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3. Design an ideal low pass filter with a frequency response
NOV 2011/NOV2013
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Find the values of h (n) for N 1. Also find the filter transfer and frequency magnitude frequency function.

Sol. Step 1. Draw the desired frequency response:

Given,

[image: image209.jpg]



From the frequency response, we can find that the given response is a symmetrical N odd response.

Step 2. To find [image: image15.jpg]hy (n) :




In general,
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Step 3. To find h(n):

For symmetric response,

[image: image211.jpg]: N-1
h(n) = h (n) for |n|< Z
b4
sin—n
h(n) = 2 ~for|n| € 5

=0 otherw1se

sin”n sin”n
_1. 2"
Am

an 200 aN/2

h(0) = Lim
n—>0




[image: image212.jpg]Forn=1

Lim
-0

sind
=1, therefore, h(0) =

N(.—A

L
sin-—
B = h=1)=—2=1 —03183

h(2) = (- 2)—5‘“”_0

- p—zy=Sind/2 1
h(3) = h(=3) T nas 1
h(d) = h{—4)= sm4n/2
(E) = h- 5)—51511:—/'2-“——006366

h(n) = {1/2, 0.3183, 0, ~ 0.106, 0, 0.06366}.

sint—sinn /4 4_

h(1) = h(-1)= —-0.225

n2) = h(_z)_—_s_‘“_zﬁi‘_sﬂ’_‘_E:_o_lsg
2

h@) = h(=3)= sin3x —sin3x/4 —-0.075

3 ;

h(4) = h(~4) =5£*’;_;§f£’£ =0



[image: image213.jpg]



So

But we know that
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Step 4. To find the filter transfer function.
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Step 5. To find the realizable filter transfer function.
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From the realizable filter transfer function, we have
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Step 6. To find the magnitude frequency response
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4. Design a low pass FIR filter using hamming window to meet the following specifications.
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NOV 2013/MAY2012

use 10 tap filter and obtain the impulse response of the desired filter.
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Ans. The filter co-efficients are given by :
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Given M = 10. The filter co-efficients are:
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The hamming window function is
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The filter co-efficients of the resultant filter are then
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Therefore
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The frequency response is given by
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	UNIT V
	

	MULTIRATE SIGNAL PROCESSING
	

	1. Define multi rate digital signal processing?
	NOV 2012


Digital signal processing system handles processing at multiple sampling rates and then it is called multi-rate signal processing.

	2. What are the two techniques of sampling rate conversion?
	NOV2012


i) D/A conversion and resampling at required rate.

ii) Sampling rate conversion in digital domain (multi-rate processing)

	3. What are the applications of sampling rate conversion?
	MAY 2013


i) Narrow band filters.

ii) Quadrature mirror filters.

iii) Digital filter banks.

	4. What is meant by decimation?
	MAY 2013


Decimation by a factor D, means to reduce the sampling rate by a factor D. It is also called down sampling.

5. What is meant by interpolation? Write the interpolation equation? MAY 2012 Interpolation by a factor I, means to increase the sampling rate by a factor I. It is also called as up sampling by I.

	6. Define speech compression and decompression.
	MAY2012


Speech analysis by a vocoder becomes the compression and synthesis by a vocoder becomes decompression.

Vocoder extracts the spectral envelope of speech and information regarding voicing and pitch.

This data is coded and transmitted. The synthesizer generates speech from the received data.

	7. Writ the principle of adaptive filters.
	NOV 2013


The coefficients of the filter are changed automatically according to the changes in input signal.This means the filtering characteristics of the adaptive filter are changed or adapted according to the changes in input signal.

	8. How the image enhancement is achieved using DSP?
	NOV 2013


i) Local neighbourhood operations as in convolution.

ii) Transform operations as in DFT.

iii) Mapping operations as in pseudo coloring and gray level mapping.
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	9. List the different methods of image enhancement.
	NOV 2011


i) Contrast and edge enhancement.

ii) Pseudo coloring.

iii) Noise filtering.

iv) Sharpening.

v) Magnifying.

	10. What are the applications of image enhancement?
	NOV 2011


i) Feature extraction in an image.

ii) Image analysis.

iii) Visual information display.

PART B

1.How the image enhancement is achieved using DSP?
NOV2013/2012

i) Local neighbourhood operations as in convolution.

ii) Transform operations as in DFT.

iii) Mapping operations as in pseudo coloring and gray level mapping.

different methods of image enhancement.

i) Contrast and edge enhancement.

ii) Pseudo coloring.

iii) Noise filtering.

iv) Sharpening.

v) Magnifying.

applications of image enhancement

i) Feature extraction in an image.

ii) Image analysis.

iii) Visual information display.

6. SUBBAND CODING OF SPEECH SIGNALS
NOV2012/2011

Speech signal is sampled at Fs samples per sec.

Consider an LTI system with a transfer function namely, the system for generating y(n) from x(n).
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· Traditionally, this structure has been called the system for digital interpolation since the rate of y(n) is M times higher than that of x(n).
· Filter H(z) is usually referred to as the interpolation filter [61]. Suppose the goal is to recover the signal x(n) from y(n).
· Conceptually the simplest way to achieve this is shown in Fig.1.5(a). Namely, y(n) is first passed through the inverse of the interpolation filter 1/H(z).
· This recovers the signal at the input of the M-fold expander.
· The M-fold decimator that follows simply discards the zeros inserted by the expander and the recovery of x(n) is complete.
· Notice, however, that this is not the only way to reconstruct x(n), simply because the inverse filter forces the discarded samples to be zero, while they can take arbitrary values.
· Indeed, any filter F(z) with the property that its output preserves the desired samples of x(n) in the appropriate locations, with arbitrary values in between x(n)
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3. Multirate applications in digital communications
NOV2013/MAY2012

The block diagram of the communication system that is the focus of this thesis is shown
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The message is to be transmitted to the single receiver, only after sustaining the perturbations introduced by the transmission medium.

· The goal of this block is to facilitate the signal reconstruction at the transmitter (more about this in the following subsection).
· The obtained signal x(n) with rate 1/T is converted to analog and sent through the medium to the receiver, only after the pulse-shaping.
· The combined effect of the pulse-shaping and the physical channel is often referred to as the equivalent channel and denoted by fc(t).
· At the receiver, the corrupted signal is first sampled and digitized, according to the sampling rate q/T.
· In this thesis we mostly focus on the case when q > 1 which corresponds to acquiring ‘more information than absolutely necessary’ about the signal and the channel.
· The corresponding digital equalizer works at the higher rate and that combined with its increased complexity is the price to pay for the improvement in performance achieved by oversampling.
· Finally, the signal rate needs to be reduced back to the rate of s(n). This is usually achieved after decimating by q and removing the redundancy.
	4. APPLICATIONS OF DSP
	MAY2013


1. In speech recognition system using microphone one can input speech or voice. The analog speech signal is converted to digital speech signal by speech digitizer. Such digital signal is called digitized speech.

2. The digitized speech is processed by DSP system. The significant features of speech such as its formats, energy, linear prediction coefficients are extracted. The template of this extracted features are compared with the standard 110 reference templates. The closed matched template is considered as the recognized word.

3. Voice operated consumer products like TV, VCR, Radio, lights, fans and voice operated telephone dialing are examples of DSP based speech recognized devices.
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5. ADAPTIVE NOISE CANCELLATION
NOV 2012/2011/2013 MAY 2011

· Linear Filtering will be optimal only if it is designed with some knowledge about the input data.
· If this information is not known,then adaptive filters are used.
· The adjustable parameters in the filter are assigned with values based on the estimated statistical nature of the signals.
· filters are adaptable to the changing environment.
· Adaptive filtering finds its application in adaptive noise cancelling,line enhancing,frequency tracking,channel equalizations, etc.


