
Department of Electronics & Computer Engineering

Mid-Session Test January 2005

EE3052B - MultiMedia Signal Processing

Time allowed 1 Hour Plus 10 minutes reading time

Answer only three out of five questions

Ensure that your registration number is written clearly on the front cover. 

ANSWERS

1.
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(a) Obtain the Fourier transform of a rectangular pulse with a duration of T seconds. 

Sketch the magnitude of the Fourier transform of this pulse. 

Find the main bandwidth of the spectrum of the rectangular pulse in terms of the pulse duration T. 

Explain why the rectangular pulse and its frequency spectrum are so important in communication signal processing.

[6 Marks]

(b) State the minimum number of samples per cycle required to convert a continuous-time sine wave to a discrete-time sine wave. 

Hence state the Nyquist-Shannon sampling theorem for sampling a continuous-time signal with a maximum frequency content of B Hz.

[2 Marks]

(c) Calculate the bit rate per second and the bandwidth required to transmit a digital music signal sampled at a rate of 44100 samples per second and with each sample represented with a 16-bit word. 

[2 Marks]

Answer to Question 1

1.a

The Fourier transform of a rectangular pulse Fig. 3.9.a of duration T seconds is obtained as
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[2 Marks]

where sinc(x)= sin(x)/x. 
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Fig. shows the spectrum of the rectangular pulse. Note that in the frequency domain most of the pulse energy is concentrated in the main lobe within a bandwidth of 2/Pulse_Duration i.e. BW=2/T. However, there is pulse energy in the side lobes that may interfere with other electronic devices operating at the side lobe frequencies. 

[2 Marks] 

The rectangular pulse is a particularly important signal in digital signal analysis and digital communication. A rectangular pulse is inherent whenever a signal is segmented and processed frame by fame, each frame is the result of multiplication of the signal and a rectangular window. Furthermore, the spectrum of a rectangular pulse can be used to calculate the bandwidth required by pulse radar systems or by digital communication systems that transmit pulses..

[2 Marks]

1.b

More than two samples  is required per cycle of a sinewave and hence for a signal with a bandwidth of B Hz the sampling rate need to be greater tan 2B.

[2 Marks]
1.c

Bit rate rb = 44100×16×2=1411200 bps

Bandwidth =2 rb = 2822400 Hz

[2 Marks]

2.


The discrete Fourier transform (DFT) equation is given by
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Eq (1)

(a) Write the N complex sinusoidal basis functions of the DFT of Equation (1)

[2 Marks]

(b) What is the physical interpretation of X(k) in terms of the vibrations of signal x(m). 

Explain why X(k) needs to be a complex variable. 

Express the discrete frequency variable k in terms of the actual frequency as a function of the sampling frequency Fs. 

How would you interpret X(k) as the outcome of a correlation operation.

[4 Marks]

(c) Express the DFT transform equation in terms of a combination of a cosine transform and a sine transform.

[2 Marks]

(d) A music signal is sampled at a rate of 44100 samples per second. Calculate the DFT length needed to obtain a frequency resolution of 40 Hz. What is the resulting time resolution?

[2 Marks]

Answer to Question 2

2.a The basis functions of the DFT are 


[image: image3.wmf]ú

ú

û

ù

ê

ê

ë

é

-

p

-

p

-

p

-

m

N

N

j

m

N

j

m

N

j

e

e

e

)

1

(

2

2

2

2

,

,

,

1

L


[2 Marks]

2.b The term X(k) gives the magnitude and phase of the complex sinusoidal vibration at frequency k.  

[1 Mark]

X(k) needs to be complex so that it can convey both magnitude and phase.

[1 Mark]

The discrete-frequency index k is equivalent to kFs/N Hz.

[1 Mark]

The term X(k) given can be viewed as correlation of the signal and the basis function 
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[1 Mark]

2.c
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   k = 0, . . ., N(1

[2 Marks]

2.d The frequency resolution     F=Fs/N      

40=44100/N

N >1103

Time-resolution = 1103*1000/44100= 25 ms.

[2 Marks]

3.  

(a)  Briefly list the signal processing steps required in the window design technique, using the inverse Fourier transform, to obtain the coefficients of a causal finite impulse response discrete-time filter given the desired frequency response of the filter H(f).

[2 Marks]

(b) Using the inverse Fourier transform method design two digital filters, a low-pass filter and a high-pass filter, to divide the input signal into two equal bandwidth signals.

[5 Marks]

(c)  With the aid of a sketch show how the low pass and high pass filters in (b) can be repeatedly used in a tree-like structure to divide a signal bandwidth into 3 sub band with the two lower bands having a width of half those of the upper band.


[3 Marks]

Answer to Question 3

3.a 

The FIR filter window design technique involves the following steps:

(1) Start with the desired frequency response Hd(f).

(2) Choose a filter order M.

(3) Obtain hd(m) the inverse Fourier transform of Hd(f).

(4) Window hd(m) to obtain M+1 FIR filter coefficients centred at m=0.

Shift the windowed impulse response by M/2 samples for causality.

[2 Marks]

3.b

Consider the design of a low-pass linear-phase digital FIR filter operating at a sampling rate of Fs Hz and with a cutoff frequency of Fc Hz. The frequency response of the filter is given by                
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The impulse response of this filter is obtained via the inverse Fourier integral as
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Clearly hd(m) is of infinite duration and non-causal as it is none-zero valued for m < 0. Note that in the FIR filter Equation negative index value of h(-m) such as h(-10) would require a future sample value x(m+10) hence it is non-causal. 

To obtain an FIR filter of order M we multiply hd(m) by a rectangular window sequence of length M+1 samples centered at m=0. To introduce causality (h(m)=0 for m < 0)  shift h(m) by M/2 samples 
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[3 Marks]

The high pass filter can be obtained by inverting the odd-indexed coefficients of h(m).

[2 Marks]

3.c Illustration of a tree-based filter bank.
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4.      

(a) State three different applications of filters. 

[1 Mark]

(b) Explain why the impulse response function can completely describe the characteristics of a linear time-invariant filter. 

[2 Marks]

(c) Write the relationship between the impulse response and the frequency response of a linear time-invariant filter.

[2 Marks]

(d) A first second order digital filter is given by
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Obtain the z-transfer function of this filter and write the z transfer function of this equation in polar form in terms of the radius and angular frequencies of its zeros.

Sketch the pole-zero diagram and the frequency response of the notch filter.

[5 Marks]

Answer to Question 4
4.a   Anti-aliasing low pass filter, sub-band signal processing in music processing, noise reduction in Dolby system.

[1 Mark]

4.b   An impulse contains all frequencies in equal amount hence impulse response contains the response of the system to all frequencies. Furthermore from principles of linearity and superposition the output of a filter is the convolution of the input and the impulse response.

[2 Marks]

4.c   Impulse response and frequency response are Fourier transform pairs


[image: image10.wmf]å

=

p

-

=

M

m

f

m

d

d

e

m

h

f

H

0

2

j

)

(

)

(













[image: image11.wmf]ò

-

p

=

2

/

1

2

/

1

2

j

)

(

)

(

df

e

f

H

m

h

f

m

d

d


[2 Marks]

4.d  The equation of the z-transfer function is 
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[1 Mark]

of a second order system in polar form is given by
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[1 Marks]

The pole radius rz, = 0.98
[image: image14.wmf]z
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 and the pole angle is
[image: image15.wmf]p
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 = 45.

 [2 Marks]

pole-zero diagram, 










[1 Mark]
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5.

(a) Explain the relationships between the Laplace transform, the z-transform and the Fourier transform. 

[2 marks]

(b) Show how z-transform can be derived from Laplace transform and how discrete Fourier transform (DFT) can be derived from z-transform of a signal.

[3 marks]

(c) The Figure below shows the discrete-time input signal and the impulse response of a linear time invariant filter. Using the principles of linearity and superposition, obtain the output of the filter in response to the input discrete-time input signal shown in the Figure.

 [5 Marks]
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Answer to Question 5
5.a   Laplace transform, z-transform and Fourier transform are frequency analysis methods. Laplace describes a continuous-time signal or a response of a continuous-time system in terms of sinusoids with exponential envelops. Z-transfer function is the discrete-time equivalent of the Laplace transform and Fourier transform is a specital case of Laplace when the envelops of sinusoids are constant. Similarly, the DFT is a special case of z-transform when the envelops of sinusoids are constant.

[2 Marks]

5.b   The Laplace transform X(s), of a continuous-time signal x(t), is given by the integral
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where the complex variable s=+j. 
The z-transform can be derived from sampling the continuous-time input signal x(t). For a sampled signal x(mTs), normally denoted as x(m), assuming the sampling period Ts=1, the Laplace transform becomes
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[3 marks]

Substituting the variable 
[image: image18.wmf]s

e

with the variable z, we obtain the one-sided z-transform equation as
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For DFT of N samples of a signal substitute 
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5.c  

[5 marks]
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Figure - A tree-based splitting into three sub-bands.
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Figure 3.9 A rectangular pulse and its spectrum.
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