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Unit – I: Introduction to Discrete Time LTI Systems & Realization of Digital Filters 

 

Important Points / Definitions: 

 Digital signals are discrete in both time (the independent variable) and amplitude (the dependent 

variable). Signals that are discrete in time but continuous in amplitude are referred to as 

discrete-time signals. 

 A discrete-time system is one that processes a discrete-time input sequence to produce a 

discrete-time output sequence. There are many different kinds of such systems. One of the 

important kinds is Linear Shift Invariant (LSI) systems. 

 An important class of LTI systems consists of those systems for which the input x[n] and the 

output y[n] satisfy an Nth-order linear constant-coefficient difference equation of the form  

 

 Solving these difference equations indicate finding the response of the LTI systems for different 

inputs. 

 Given an LCCDE, the general solution is a sum of two parts,  

 

 where yh(n) is known as the homogeneous solution and yp(n) is the particular solution.  

 The homogeneous solution is the response of the system to the initial conditions, assuming that 

the input x(n) = 0. The particular solution is the response of the system to the input x(n), 

assuming zero initial conditions. 

 The Fourier representation of signals plays an extremely important role in both continuous-time 

and discrete-time signal processing. It provides a method for mapping signals into another 

"domain" in which to manipulate them.  

 The Fourier representation is useful particularly in the form of a property that the convolution 

operation is mapped to multiplication. In addition, the Fourier transform provides a different 

way to interpret signals and systems.  



 The DTFT maps convolution in the time domain into multiplication in the frequency domain, 

the DTFT provides an alternative to performing convolutions in the time domain 

 The DTFT may be used to solve difference equations in the "frequency domain" provided that 

the initial conditions are zero. The procedure is simply to transform the difference equation into 

the frequency domain by taking the DTFT of each term in the equation, solving for the desired 

term, and finding the inverse DTFT. 

 The z-transform is a useful tool in the analysis of discrete-time signals and systems and is the 

discrete-time counterpart of the Laplace transform for continuous-time signals and systems.  

 The z-transform may be used to solve constant coefficient difference equations, evaluate the 

response of a linear time-invariant system to a given input, and design linear filters. 

 To solve a linear constant coefficient difference equation, three steps are involved:  

o Replace each term in the difference equation by its z-transform and insert the initial 

condition(s).  

o Solve the resulting algebraic equation. (Thus gives the z-transform Y (z) of the solution 

sequence.)  

o Find the inverse z-transform of Y (z). 

 Given a linear shift-invariant system with a unit sample response h(n), the input and output are 

related by a convolution sum 

 

 The frequency response of a linear shift-invariant system is the discrete-time Fourier transform 

of the unit sample response, and the system function is the z-transform of the unit sample 

response 

 The basic elements used to construct block diagrams of IIR and FIR systems are Adder, 

Constant multiplier and Unit delay element 

 The different types of structures for realizing the IIR systems are Direct form-I, Direct form-II, 

cascade and parallel 

 The different types of structures for realizing the FIR systems are Direct form, cascade and 

Linear phase 

 

Questions  

1.Test the following systems for linearity 

a) y(n)=nx(n) b) y(n)=nx
2
(n) 

2.A causal system is represented by the following difference equation: 
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Find the system Transfer function and unit sample response.                                            

3.Determine the step response of an LTI system whose impulse response h(n) = 2
n
u(n)  

4.Determine the response of LTI system governed by the difference equation, 

)1(4.0)()2(03.0)1(2.0)(  nxnxnynyny   for the input, x(n)=0.2
n
u(n) 

and with initial conditions, y(-2)=0, y(-1)=0.5 

5.Realize the Direct Form – II structure for the second order filter given by  

)1(3)()2(3)1(2)(  nxnxnynyny
 



6.Draw the direct form structure of the FIR system described by the transfer function, 𝐻 𝑧 = 1 +
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Fill in the blanks / choose the Best:  

1.The ratio of z-transform of output to z-transform of input is called transfer function of the 

system 

2.For a stable LTI discrete time system poles should lie inside unit circle and unit circle should 

be included in ROC 

3.The Linear phase realization structure is used to represent FIR filters 

4.The number of memory locations required to realize the system, 𝐻 𝑧 =
1+𝑧−2+2𝑧−3

1+𝑧−2+𝑧−4  is 7 

5.The homogeneous solution is the response of the system when there is no input. 

6.The zero input response is also called free response or natural response 

7.The zero state response is the response of the system due to input signal and with zero initial 

conditions. 

8.The system y(n)=sin[x(n)] is stable 

9.An LTI system is causal if and only if , h(n)=0 for n<0 

10. Basic elements of structure realization of IIR and FIR filters are Adder, Constant 

Multiplier, Unit delay element  
 

 

Unit – II: Discrete Fourier Series (DFS), Discrete Fourier Transform (DFT) & Fast 

Fourier Transform (FFT) 

 

Important Points / Definitions:  

 DTFT may not be practical for analyzing because is a function of the continuous frequency 

variable and we cannot use a digital computer to calculate a continuum of functional values DFS 

is a frequency analysis tool for periodic infinite-duration discrete-time signals which is practical 

because it is discrete in frequency 

 The DFS analysis and synthesis pair can be written as: 

 
 Where WN is the twiddle factor given by WN=e

-j2πnk/N
 

 For discrete-time periodic signals due to the periodicity of the complex exponential we only 

need N exponentials for Discrete Fourier series 

  We have seen how to represent a sequence in terms of a linear combination of complex 

exponentials using the discrete-time Fourier transform (DTFT) and how the sequence values 

may be used as the coefficients in a power series expansion of a complex-valued function of z. 

 For finite-length sequences there is another representation, called the Discrete Fourier 

Transform (DFT). Unlike the DTFT, which is a continuous function of a continuous variable, ω, 

the DFT is a sequence that corresponds to samples of the DTFT. Such a representation is very 

useful for digital computations and for digital hardware implementations. 

 The DFT is an important decomposition for sequences that are finite in length. Whereas the 

DTFT is a mapping from a sequence to a function of a continuous variable, ω, 

 



 the DFT is a mapping from a sequence, x(n), to another sequence, X(k), 

 
  The DFT may be easily developed from the discrete Fourier series representation for periodic 

sequences. Let x(n) be a finite-length sequence of length N that is equal to zero outside the 

interval [0, N - 1]. A periodic sequence may be formed from x(n) as follows: 

 
 Linear Convolution using DFT  

 The DFT provides a convenient way to perform convolutions without having to evaluate the 

convolution sum. This process is based on convolution property of DFT. Specifically, if h(n) is 

M points long and x(n) is L points long, h(n) may be linearly convolved with x(n) as follows:  

o Pad the sequences h(n) and x(n) with zeros so that they are of length N = L + M - 1.  

o Find the N -point DFTs of h(n) and x(n).  

o Multiply the DFTs to form the product Y (k) = H (k)X ( k ) .  

o Find the inverse DFT of Y (k). 

  Circular Convolution using DFT  

 The DFT provides a convenient way to perform circular convolution. Specifically, if x1(n) is M 

points long and x2(n) is L points long, the circular convolution may be computed as follows:  

 Zero padding is performed to the sequence which is having lesser length, so that the     

 lengths of both the sequences is N = max(L,M)  

 Find the N -point DFTs of x1(n) and x2(n)  

 Multiply the DFTs to form the product Y(k) = X1(k)X2( k ) .  

 Find the inverse DFT of Y (k). 

 Inspite of its computational advantages, there are some difficulties with the DFT approach for 

finding linear convolution. For example, if x(n) is very long, we must commit a significant 

amount of time computing very long DFTs and in the process accept very long processing 

delays. In some cases, it may even be possible that x(n) is too long to compute the DFT.  

 The solution to these problems is to use block convolution, which involves segmenting the 

signal to be filtered, x(n), into sections. Each section is then filtered with the FIR filter h(n), and 

the filtered sections are pieced together to form the sequence y(n). There are two block 

convolution techniques. The first is overlap-add, and the second is overlap-save. 

 The Fast Fourier Transform (FFT) is simply a fast (computationally efficient) way to calculate 

the Discrete Fourier Transform (DFT). 

 Decimation in Time algorithm is used to calculate the DFT of an N-point sequence. The idea is 

to break the N-point sequence into two sequences, the DFTs of which can be obtained to give 

the DFT of the original N-point sequence.  

 In DITFFT, the DFT samples X(k) appear at the output in a sequential order while the input x(n) 

appear in a it-reversed order 

 In DIFFFT, X(k) is divided into smaller and smaller sub-sequences. Here the input is in natural 

order and the output is in bit-reversed order. 

 

Questions  

1.Test the periodicity of 𝑥 𝑛 = 𝑒
𝑗5𝜋𝑛

2  

2.Determine the fourier series representation of the following discrete time signal and sketch the 

frequency spectrum  𝑥 𝑛 =  … . ,1,2,−3,1,2,−3,1,2,−3  
 

 



3.Compute 4-point DFT and 8-point DFT of causal three sample sequence given by 

 𝑥 𝑛 =
1/3 ; 0 ≤ 𝑛 ≤ 2

0 ;𝑜𝑡ℎ𝑒𝑟𝑤𝑖𝑠𝑒
 

4.Compute the circular convolution of the following sequences using DFT 

x1(n)={0,1,0,1} and x2(n)={1,2,1,2} 

5.Compute the Linear convolution of the following sequences using DFT 

x1(n)={1,2} and x2(n)={2,1} 

6.Perform the linear convolution of the following sequences by  

a) Overlap add method and b) overlap save method 

x(n)={1,2,3,-1,-2,-3,4,5,6} and h(n)={2,1,-1} 

7.Find x(n) using inverse DFT if X(k)={12,1+j0.414,0, 1+j2.414,0, 1-j2.414,0, 1-j0.414} 

8.Find 8-point DFT of x(n)={1,2,3,4,-1,-2,-3,-4} using DITFFT and DIFFFT 

9.Compare DIT and DIF radix-2 FFT  

 

Fill in the blanks / choose the Best:  

1.The discrete time fourier series exists only for periodic discrete time signal 

2.The convolution by FFT is called Fast convolution 

3.In an N-point DFT of a finite duration sequence x(n) of length L, the value of N should be such 

that N>=L 

4.Appending zeros to a sequence in order to increase its length is called zero padding 

5.The N-point DFT of a sequence is given by z-transform of the sequence at N equally spaced 

points around the unit circle in z-plane 

6.In 8-point DFT by radix-2 FFT there are four stages of computations with four butterflies 

7.The length of linearly convoluted sequence is L+M-1if lengths of two sequences are L,M. 

8.The length of circular convoluted sequence is max(L,M) if lengths of two sequences are L,M. 

9.The complex valued phase factor or twiddle factor WN is defined as,𝑾𝑵 = 𝒆−
𝒋𝟐𝝅

𝑵  

10. The number of complex additions and multiplications in radix-2 FFT are 𝑵𝒍𝒐𝒈𝟐𝑵 and 
𝑵

𝟐
𝒍𝒐𝒈𝟐𝑵  

 

 

Unit – III: IIR Digital Filters 

 

Important Points / Definitions:  

1.IIR filters are one of two primary types of digital filters used in Digital Signal Processing (DSP) 

applications (the other type being FIR). “IIR” means “Infinite Impulse Response.” 

2.The impulse response is “infinite” because there is feedback in the filter; if you put in an 

impulse (a single “1” sample followed by many “0” samples), an infinite number of non-zero 

values will come out (theoretically.) 

3.The system function will be a rational function where in general both the zeros and the poles are 

at nonzero locations in the z-plane. 

4.Causal LTI IIR systems, initially at rest, are stable if all of the poles of the system function lie 

inside the unit circle 

5.The most common approach used to design IIR digital filters is to design an analog IIR filter 

and then map it into an equivalent digital filter because the art of analog filter design is highly 

advanced. 

6.The approximation techniques used for designing IIR analog filters are Butterworth and 

Chebyshev designs 



7.Butterworth design is called maximally flat design 

8.In type-1 chebyshev approximation, magnitude response is equiripple in passand and monotonic 

in stopband 

9.In type-2 chebyshev approximation, magnitude response is monotonic in passand andequiripple 

in stopband 

10. Step to Step design a digital filter using Impulse Invariant Transformation  

Step 1: For the given specification, compute the analog transfer Function Ha(s)  

Step 2: Compute the impulse response by taking L-1[Ha(s)] =h(t)  

Step 3: Apply the Sampling procedure by substituting t = nTs then h(nTs) = h(t)| t = nTs  

Step 4: Take Z.T on both sides of h(nTs) then we get H(z),which is the required digital transfer 

function 

11. In Impulse Invariant method, the relationship between analog and digital frequency is linear  

12. In Impulse Invariant method, distortion in the frequency response in introduced due to aliasing 

produced by this method 

13. This impulse invariant method can only be used for band limited filters 

14. Step to step design a digital filter using Bilinear transformation  method 

Step 1: From the given specification, find pre-warped analog frequency using  

 Ω =
2

𝑇
𝑡𝑎𝑛  

𝜔𝑇𝑠

2
  

Step 2: Compute analog transfer function Ha(s) 

Step 3: Substitute 𝑠 =
2

𝑇
 
𝑧−1

𝑧+1
  to obtain H(z) 

15. Using bilinear transformation method, there is no aliasing effect and can be used to design any 

filter 

16. Bilinear transformation method provide one to one mapping 

17. Using bilinear transformation method stable analog filters can be mapped into stable digital 

filters  

18. The effect of warping on amplitude response is called magnitude warping and can be 

eliminated by pre-warping the analog filter. 

19. The effect of warping on phase response is called phase warping 

20. Spectral transformations are used to convert lowpass to highpass, bandpass and bandpass 

filters 

 

Questions  

1.For the analog transfer function, 𝐻 𝑠 =
2

𝑠2+3𝑠+2
, determine H(z) using impulse invariant 

transformation if (a) T=1 sec and (b) T=0.1 sec 

2.For the analog transfer function, 𝐻 𝑠 =
2

𝑠2+3𝑠+2
,  determine Hz) using Bilinear transformation 

method if (a) T=1 sec and (b) T=0.1 sec 

3.Determine the poles of lowpass Butterworth filter for N=3. Sketch the location of poles on s-

plane and hence determine the normalized transfer function of lowpass filter. 

4.Design a Butterworth digital IIR lowpass filter using bilinear transformation by taking T=0.1 

sec, to satisfy the following specifications: 

0.6 ≤ |𝐻 𝑒𝑗𝑤 ) ≤ 1.0 ; 0 ≤ 𝑤 ≤ 0.35𝜋

|𝐻 𝑒𝑗𝑤 ) ≤ 0.1 ; 0.7𝜋 ≤ 𝑤 ≤ 𝜋 
 

5.Design a Butterworth digital IIR highpass filter using bilinear transformation by taking T=0.1 

sec, to satisfy the following specifications: 



0.6 ≤ |𝐻 𝑒𝑗𝑤 ) ≤ 1.0 ; 0.7𝜋 ≤ 𝑤 ≤ 𝜋 

|𝐻 𝑒𝑗𝑤 ) ≤ 0.1 ; 0 ≤ 𝑤 ≤ 0.35𝜋
 

6.Design a chebyshev digital IIR lowpass filter using impulse invariant transformation by taking 

T=1 sec, to satisfy the following specifications: 

0.9 ≤ |𝐻 𝑒𝑗𝑤 ) ≤ 1.0 ; 0 ≤ 𝑤 ≤ 0.25𝜋

|𝐻 𝑒𝑗𝑤 ) ≤ 0.24 ; 0.5𝜋 ≤ 𝑤 ≤ 𝜋 
 

 

Fill in the blanks / choose the Best:  

1.The two properties which are preserved in analog to digital transformation are stability and 

causality. 

2.In impulse invariant (or bilinear) mapping the left half poles of s-plane are mapped into interior 

of unit circle 

3.In impulse invariant transformation any strip of width 2π/T in s-plane is mapped into the entire 

z-plane 

4.The phenomenon of high frequency components acquiring the identity of low frequency 

components is aliasing 

5.The impulse invariant mapping is many-to-one  mapping whereas bilinear mapping is one-to-

one 
6.In Butterworth approximation the magnitude response is maximally flat at the origin 

7.At the cutoff frequency the magnitude of the Butterworth filter is 0.707 times the maximum 

value. 

8.In type-1 chebyshev approximation of the magnitude response is equiripple in passand and 

monotonic in stopband 

9.In type-2 chebyshev approximation of the magnitude response is monotonic in passand 

andequiripple in stopband 

10. The type-2 chebyshev magnitude response is also called inverse Chebyshev response 

 

 

Unit – IV: FIR Digital Filters 

 

Important Points / Definitions:  

1.FIR filters are one of two primary types of digital filters used in Digital Signal Processing (DSP) 

applications, the other type being IIR. 

2.“FIR” means “Finite Impulse Response.”  If you put in an impulse, that is, a single “1” sample 

followed by many “0” samples, zeroes will come out after the “1” sample has made its way 

through the delay line of the filter. 

3.In the common case, the impulse response is finite because there is no feedback in the FIR.    A 

lack of feedback guarantees that the impulse response will be finite.  Therefore, the term “finite 

impulse response” is nearly synonymous with “no feedback”. 

4.The DTFT of a filter whose impulse response is symmetric about the origin is purely real or 

purely imaginary. 

5.The phase of such a filter is thus piecewise constant 

6.If the symmetric sequence is shifted (to make it causal), the phase is augmented by a linear 

phase term and becomes piecewise linear 

7.Generally, a filter whose impulse response is symmetric about its midpoint is termed as Linear 

Phase Filter. 

8.Linearity in phase results in a pure time delay with no amplitude distortion. 

9.An FIR filter with an impulse response symmetric about the midpoint will have linear phase and 

provides constant delay. 



10. For the sequence h(n) to be of finite length, the poles must lie at the origin. 

11. Sequences that are symmetric about the origin also require ℎ(𝑛)=±ℎ(𝑛) , which implies 

𝐻(𝑧)=±𝐻(𝑧-1
) 

12. The zeros of a linear phase sequence must occur in reciprocal pairs(conjugate pairs if complex 

to ensure real coefficients) 

13. FIR filters are simple to implement. On most DSP microprocessors, the FIR calculation can be 

done by looping a single instruction. 

14. In Fourier method of FIR filter design, Gibbs phenomenon is occurred due to sudden 

truncation of impulse response. 

15. To have this minimal effect of Gibbs phenomenon, window design is used 

16. In window design, there is  a fundamental trade-off between main-lobe width and side-lobe 

amplitude 

17. As window is smoother, peak side-lobe decreases, but the main-lobe width increases. Hence 

need to increase window length to achieve same transition bandwidth. 

18. The frequency sampling method allows us to design recursive and non-recursive FIR filters 

for both standard frequency selective and filters with arbitrary frequency response. 

 

Questions  

1. Design an FIR lowpass filer with cutoff frequency of 1kHz and sampling frequency of 

4kHz with 11 samples using Fourier series method. Determine the frequency response 

and verify the design by sketching the magnitude response 

2. Design an FIR highpass filer with cutoff frequency of 1.5kHz and sampling frequency of 

5kHz with 7 samples using Fourier series method. Determine the frequency response and 

verify the design by sketching the magnitude response 

3. Design a linear phase FIR lowpass filter using Hamming window by taking 7 samples of 

window sequence and with a cutoff frequency ωc=0.2π radians 

4. Design a linear phase FIR bandpass filterto pass frequencies in the range 0.4π  to 0.65π  

by taking 7 samples of hanning window sequence 

5. Design a linear phase FIR lowpass filter for the desired frequency response as given  

below, by frequency sampling technique for N=7 

𝐻𝑑 𝑒
𝑗𝑤  = 𝑒−𝑗3𝑤   ;   0 ≤ 𝑤 ≤ 0.6𝜋 𝑎𝑛𝑑 1.4𝜋 ≤ 𝑤 ≤ 2𝜋 

= 0 ;  0.6𝜋 ≤ 𝑤 ≤ 1.4𝜋   
6. Compare IIR and FIR filters 

 

Fill in the blanks / choose the Best: (Minimum 10 to 15 with Answers) 

1.The filters designed by using finite number of samples of impulse response are called FIR 

filters 

2.In FIR filters phase function is a linear function of ω 

3.In Fir filters with constant phase delay the impulse response is symmetric 

4.In Fir filters with constant group and phase delay the impulse response is antisymmetric 

5.The oscillations developed due to truncation of impulse response is called Gibbs oscillation 

6.In rectangular window the width of main-lobe is equal to 4π/N 

7.In Kaiser window spectrum the side-lobe magnitude is variable 

8.The width of transition region of FIR filter directly depends on the width of main-lobe in 

window spectrum 

9.The width of main-lobe in window spectrum can be reduced by increasing the length of window 

sequence 

10. The condition for the impulse response to be symmetric is h(n)=h(N-1-n) 

 

 



 

Unit – V: Multirate Signal Processing and Finite Word – Length effects 

 

Important Points / Definitions:  

1.Digital representation of analog signals has a lot of advantages but the problems arise when the 

sample rate with which signal was recorded is different from the sample rate required for further 

processing. With a large number of sample rate standards available today such situation is quite 

common.  

2.A typical example is the CD (compact disc) to DAT (digital audio tape) conversion, when a 

signal sampled with the sample rate Fs, CD = 44.1 kHz needs to be converted into a signal with 

the sample rate Fs, DAT = 48 kHz. 

3.The increasing need of processing digital data at more than one sampling frequency has resulted 

in the development of a new area of digital signal processing known as multirate signal 

processing.  

4.A digital signal processing system that uses signals with different sampling frequencies is 

probably performing multirate digital signal processing. Multirate digital signal processing often 

uses sample rate conversion to convert from one sampling frequency to another sampling 

frequency. 

5.Fundamental Operations in multirate signal processing are Down Sampling and Up sampling  

6.Reducing the sampling rate of a discrete-time signal is called down sampling. The sampling rate 

of the discrete time signal can be reduced by a factor D by taking every Dth value of the signal, 

Mathematically, down sampling is represented by  

y(n) = x(Dn) 

7.Increasing the sampling rate of a discrete time signal is called up sampling. The sampling rate of 

a discrete time signal can be increased by a factor I by placing I – 1equally spaced zeros 

between each pair of samples. Mathematically, up sampling is represented by 

 
8.In single-rate DSP systems, all data is sampled at the same rate no change of rate within the 

system. In multirate DSP systems, sample rates are changed (or are different) within the system. 

Multirate can offer several advantages reduced computational complexity reduced transmission 

data rate. 

9.In multirate DSP systems, sample rates are changed (or are different) within the system 

Multirate can offer several advantages reduced computational complexity reduced transmission 

data rate. There exist two types of sampling rate alteration, namely decimation and interpolation. 

In the case of Decimation, the number of samples is reduced. This means that sampling period is 

increased and sampling rate is decreased. In the case of Interpolation, the number of samples is 

increased. This means that sampling period is reduced and sampling rate is increased. 

10. Block diagram of Interpolation: 

 
11. The low pass filter placed after the upsampler to remove the images created due to up 

sampling is called the anti-imaging filter 



12. Block diagram of Decimator: 

 
13. The lowpass filter placed before the downsampler to prevent aliasing effect is called anti-

aliasing filter 

14. Block diagram of Sampling rate conversion by a rational factor I/D 

 
 

15. The effects due to finite precision representation of number in a digital system are commonly 

referred to as Finite word length effects 

16. The truncation is the process of reducing the size of binary number (or reducing the number of 

bits in a binary number) by discarding all bits less significant than the least significant bit that 

is retained. 

17. Rounding is the process of reducing the size of a binary number to finite word size of b-bits 

such that the rounded b-bit number is closest to the original unquantized number. 

18. Quantization error is due to representation of the sampled signal by a fixed number of digital 

levels 

19. Saturation error occurs when the analog signal exceed the dynamic range of A/D converter 

20. The error due to quantization of the output of multiplier is referred to as product quantization 

error 

21. In recursive systems, when the input is zero or some nonzero constant value, the nonlinearities 

due to finite precision arithmetic operations may cause periodic oscillations in the output. 

Such oscillations are called limit cycles 

22. In recursive systems, if the system output enters a limit cycle, it will continue to remain in 

limit cycle even when the input is made zero. Hence these limit cycles are also called zero 

input limit cycles 

23. In a limit cycle the amplitudes of the output are confined to a range of values, which is called 

the dead band of the filter 

24. In fixed point addition of two binary numbers the overflow occurs when the sum exceeds the 

finite word length of the register used to store the sum. The overflow in addition may lead to 

oscillations in the output which is referred to as overflow limit cycles 

25. Two methods of preventing overflow are saturation arithmetic and scaling the input signal to 

the adder 



Questions  

1.Consider the discrete time signal x(n)={1,2,3,4} 

Determine the upsampled version of the signals for the sampling rate factor 

a) I=2  b) I=3  c) I=4 

2.Consider the discrete time signal x(n)={1,2,3,4,5,6,7,8,9,10,11,12} 

Determine the downsampled version of the signals for the sampling rate factor 

b) D=2  b) D=3  c) D=4 

3.Derive the time-domain relationship for I/D sampling rate converter. 

4.A signal, x(n), at a sampling frequency of 2.048kHz is to be decimated by a factor of 32 to yield 

a signal at a sampling frequency of 64Hz. The signal band of interest extends from 0 to 30 Hz. 

The anti-aliasing digital filter should satisfy the following specifications: 

Passband deviation 0.01dB 

Stopband deviation 80dB 

Passband  0-30Hz 

Stopband  32-64Hz 

   The signal components in the range from 30 to 32 Hz should be protected from aliasing. Design 

a suitable one-stage decimator. 

5.A digital audio system exploits oversampling techniques to relax the requirements of the analog 

annti-imaging filter. The overall filter specifications for the system is given below 

Baseband   0-20kHz 

Input sampling frequency 44.1kHz  

Output sampling frequency 176.4 kHz 

Stopband attenution  50dB 

Passband ripple   0.5dB 

Transition width  2kHz 

Stopband edge frequency 22.05kHz 

Design a suitable interpolator 

6.Explain the characteristics of a limit cycle oscillation with respect to the system described by the 

equation y(n)=0.95y(n-1)+x(n), when the product is quantized to 5-bits by rounding. The system 

is excited by an input x(n)=0.75 for n=0 and x(n)=0 for n≠0. 

   Also, determine the deadband of the filter 

 

 

Fill in the blanks / choose the Best:  

1.The processing of signal a different sampling rates is called multirate DSP 

2.The interpolation is the process of increasing the sampling rate 

3.The decimation is the process of decreasing the sampling rate 

4.To avoid aliasing of output spectrum of decimation for decimation by D, the input spectrum is 

bandlimited to π/D 

5.To eliminate multiple images in output spectrum of interpolator for interpolation by I, the output 

spectrum is bandlimited to π/I 

6.In sampling rate conversion by rational factor interpolation is performed first 

7.Two types of quantization are truncation and rounding 

8.In addition the overflow occurs when the sume exceeds the dynamic rnge of number system 

9.The overflow limite cycles are avoided by scaling the input signal  

10. The error due to the quantization of the output of multiplier iss called product quantization 

error 


