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SCHOOL OF ENGINEERING AND DESIGN

Electronics and Computer Engineering

Janurary 2006
Module Title – Multimedia Signal Processing 

Module Code- EE3052B

Mid-Session Test January 2006

Time allowed 3 Hours

Answer questions Answer five out of eight questions

School approved calculators are only allowed

Examiners:  Prof. Saeed Vaseghi

Special Stationery Requirements: None
1.
(a) With the aid of a block diagram express the relationships between the following forms of Fourier analysis: the complex Fourier series, the Foruier transform of continuous-time signals, the Fourier transform of discrete-time signals and the discrete Fourier transform (DFT).

[4 Marks]
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(b) With the aid of a block diagram, or otherwise, explain the relationship between the Laplace transform, the z-transfom and the discrete Fouriertransform (DFT).
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[4 Marks]

(c) Expalin how the frequency spectrum X(f) and the bandwidth of a signal x(t)  is affected by scaling the time axis by a factor of  i.e. from x(t) to x(t) for: (i)   >1 and (ii)   <1.
The signals x(t) and X(f) are Fourier Transform Pairs 
The signals x(t) and X(f/) are Fourier Transform Pairs 
If  > 1 then the sigbnal is compressed in time and expanded in frequency domain.

If  < then the signal is compressed in time and expanded in frequency domain.

[4 Marks]

(d) A signal has a triangular spectrum with a bandwidtgh of 4 kHz. Sketch the spectrum of the signal after it is sampled at the rates of (i) 8 kHz and (ii) 4 kHz.

For the case when the signal is sampled at 4 kHz, what frequency components of the original signal will be heard at 1kHz. What is the name of this type of distortion.
Answer: at 2Khz we ll head 1 khz plus aliased plus 3  kHz. Aliasing distortion.
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[8 Marks]
2.


The discrete Fourier transform (DFT) equation is given by
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Assume the signal x(m) is sampled at a rate of Fs=48 kHz.

(a) Calculate the sampling time interval Ts and the maximum allowable frequency content of the input signal x(m); Fmax.
The sampling interval Ts=1/48000=20.8333 s

The maximum allowable frequency content of the input x(m), Fmax=24000 Hz
[4 marks]

(b) Calculate the minimum value of the number of samples N required for a frequency resolution of f=50Hz. What is the time resolution  for this value of N?
Frequency Resolution = Fs/N=50   

Hence N=48000/50=960 samples
[4 marks]

(c) For the value of N=4 express the DFT equation in terms of a linear matrix transform with an N-element input vector and N-element output vector.
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[4 marks]

(d) Explain what is mean by the term ‘stationary’ as in the context of a stationary signal process. What is the implication of the stationarity assumption in the choice of DFT window length N? and what value of N is typically used in the DFT analysis of speech signals?
Stationary means that some (or all) of the signal statistics does not change with time.

The Fourier basis functins are stationary. Hence N has to be selected so that the signal statistics within the window of size N samples does not change aprreciably. NTs=25 ms for speech.
[4 marks]

3.  

(a)  Sketch the general form of the shape of the frequncy response of a 2nd order discrete-time filter assuming its z-transfer function is composed of: (i) A pair of complex zeros and (ii) a pair of complex poles. Explain the effect of the pole radius on the bandwidth of frequency filter response.
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[4 Marks]

(b) Using the inverse Fourier transform method design a quadrature mirror digital filter to divide the input signal into two equal bandwidth signals. Note, first design a digital lowpass filter; and then derive a digital highpass filter from the lowpass filter.
Assume the cutoff frequency for lowpass filter is fc=Fs. Using the window design technique the FIR impulse response is obtained from the inverse Fourier transform as
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we obtain the FIR filter response as
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by changing ethnsimng of the odd-indexed coefficients of  hHP(m)

[5 Marks]

(c)  With the aid of a sketch show how the low pass and high pass filters designed in (b) can be repeatedly used in a tree-like structure to divide a signal bandwidth into three subbands with the two lower bands having a bandwidth of half those of the upper band.
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4.      
(a) Explain why each of the following signals are considred important in the analysis and design of communication signal processing systems: 


(1) Sinousoidal signals,


(2) Impulse (also known as Delta or Dirac) function, 


(3) Rectangular signal, 


(4) White noise.

Give an example of the applications of each type of signal. 
(1) Sinousoids form the basis function of the Fourier transform and underly such concepts as bandwidth and frequency esponse. They are also used as carriers of information.

(2) Impulse function gives rise to the concept of impulse response. Any signal can be viewed as sum of scaled and shifted impulse functions.
(3) Recatngular functions are omnipresent, segmentation of signals can be considered as wndowing by a rectangular window, bandwidth required for signal ttransmission can be calculated from the andwidth of ectangulkar functions signalling binary digits.
(4) White noise can be use to test system or to model the effect of a class of random noise in communication systems.
[12 Marks]

(b) Explain what property of a signal is described by its phase.  

Describe the constraint on the coffcients of a linear phase finite impulse response filter 

      Assuming that a cosine wave x(t)=cos(2ft) is input to a linear filter with a frequency esponse of 
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[4 Marks]

(c) Explain how impulse functions and delay elments can be used to model the acoustics reflelctions from the six walls of a room with a linear filter, assume the time taken for the sound waves to reach the microphone via each reflected path is i  and the path attenunation is Ai
[4 Marks]

5.      
(a) State what is mean by the term ‘linear’ filter and explain the use of principle of superposition and its relation to convolution.

[4 Marks]

(b) State the three different methods of representation of a filter function.

[3 Marks]

(c) The Figure below shows two discrete-time input signals and the impulse response of a linear time invariant filter. Using the principles of linearity and superposition, obtain the outputs of the filter in response to the input discrete-time input signals shown in the Figure. Hence obtain the oupur of the filter in response to the sum of the input signals.
 [13 Marks]
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Illustration of the ‘conceptual evolution’ from Fourier series of a periodic signal to DFT of a sampled signal. The circle inside shows the in-phase and quadrature components of the basis function of Fourier transform.
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Illustration of the relationships between Laplace transform, z-transform and Fourier transform. For discrete-time signals Laplace transform becomes z-transform.
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