[image: U:\UWTSD Logo.jpg]


	LOCATION: Swansea 
	LLEOLIAD:  abertawe

	LEVEL 6
	LEFEL 6

	EXAMINATION PERIOD
	CYFNOD ARHOLIADAU

	Jan 2025
	2025



MODULE CODE: ACDA6018
Advanced Digital Signal Processing



Marking Scheme

	AHEP Learning Outcomes 
(Students must demonstrate these in your work to pass the assessment)

	
B1: Apply knowledge of mathematics, statistics, natural science and engineering principles to broadly defined problems. Some of the knowledge will be informed by current developments in the subject of study
B2: Analyse broadly defined problems reaching substantiated conclusions using first principles of mathematics, statistics, natural science and engineering principles





QUESTION 1
(a) Apply the principle of mathematics to find the Fourier Transform of the signal shown below in the below Fig1.										[15 Marks]

[image: ]
Fig 1: Rectangular Pulse

SOLUTION
The Piecewise Rectangular Function could be written as
[image: ]
														[2 Marks]
The Fourier Transform could be written as 
[image: ]					[1 Mark]
[image: ]				
[image: ]
								          [Final Answer 3 Marks]
Multiply and divide by 2/2 we get,
[image: ]
										[1 Mark]

Rearrange the terms,
[image: ]
									[Final Answer 3 Marks]
We Know that, 
[image: ]
[image: ]				[Final Answer 3 Marks]
		
Substitute the formula,
[image: ]
[image: ]					[2 Mark]

(b) A certain function of the time  has the Fourier Transform 
Using the properties of the Fourier Transform, write the Fourier transforms of 
(i)  										[10 Marks]

SOLUTION
 			
		The time shifting property could be written as   
							[image: ]			[1 Mark]
		The frequency shifting property could be written as
[image: ]				[1 Mark]
		By applying the time shift in   we get
				[image: ]				[2 Marks]
		Substitute the given value of 𝐹(𝑗𝜔) in the above equation
[image: ]			[1 Mark]
		By applying the frequency shift property,
		[image: ](1)			[2 Marks]
		If  in the above equation by considering 
[image: ] (2)			[1 Mark]
		Substitute (2) in (1) we get,
		[image: ]		[2 Marks]

QUESTION 2
(a) Compute the Discrete Fourier Transform (DFT) for the below sequence to identify its frequency components

														[10 Marks]
	SOLUTION
	Given that,
	[image: A number and a number with a white background

Description automatically generated with medium confidence]
	We Know that,
[image: ]						[1 Mark]
	On Substituting the given  here,
[image: ]	             	             [Final Answer 4 Marks]
														
				Substitute the value of 
		[image: A math equation with numbers and symbols

Description automatically generated]			[1 Mark]
The Frequency components are 
														[1 Mark]
														[1 Mark]
														[1 Mark]	
			     The frequency components sequence is 			[1 Mark]
(b) Answer the following based on FIR Filtering.
(i) State the issues involved in the implementation of ideal FIR Filters and identify potential applications where such filters could be effectively utilized.			[3 Marks]
(ii) Consider the issue of spectral leakage in the input signal   
To reduce this leakage, apply a Hamming window and compute the output signal       
													[12 Marks]
SOLUTION
(i) There are two problems involved in the implementation of FIR filters using this technique. 
· The transfer function 𝐻(𝑒^𝑗𝜔) represents a non-causal digital filter of infinite duration. 
· A finite duration causal filter can be obtained by truncating the infinite duration impulse response.									[2 Marks]
Application: This modification does not affect the amplitude response of the filter; however, the abrupt truncation of the Fourier series results in oscillations in the passband and stopband. These FIR Filters could be used in applications such as Equalizers in Audio Processing.									[1 Mark]
(iii) Given that, 
The formula for Hamming Window is 

													[1 Mark]
		For the given  , the length  is 
		Substituting in the given 
		For ,
					 
												[1 Mark]
		For  

												[1 Mark]
		For  

												[1 Mark]
		For ,

										[1 Mark]			The Hamming Window for  is 
		0.77, 0.08}					[1 Mark]
		The output  is,
									[1 Mark]
Given that, 
Now for , 
		

												[1 Mark]
		for , 
		

												[1 Mark]
for , 
		

											[1 Mark]
for , 
		

												[1 Mark]
	The discrete output sequence 					[1 Mark]
QUESTION 3
An SDR receiver processes the RF signal S(t) with an amplitude of 3, a frequency of 1200 Hz, and a phase of  ​. The local oscillator generates a signal with an amplitude of 2 and a frequency of 1150Hz. This LO signal is used to down convert the RF signal into baseband components. The receiver generates a complex signal Z(t). The system also encounters a narrowband interference at 1230Hz, which must be removed using appropriate filtering techniques.
(a) Based on the SDR Receiver, answer the following,
(i) Using the given values for s(t) and the LO, specify the expressions for I(t), Q(t) and 
											[12 Marks]
(ii) [bookmark: _Hlk183295532]Draw the block diagram of the SDR receiver, labelling all components including the LO signal with its amplitude and frequency.					[4 Marks]
(iii) Briefly explain how the system converts the RF input into its baseband representation.
											[2 Marks]

(b) On Considering the impact of interference on the system, answer the following,
(i) An interference signal with a frequency of 1230Hz is mixed with a local oscillator operating at 1150Hz and derive the resulting frequencies from the mixing process. Explain which frequency should be retained in the baseband after applying a low-pass filter.
											[2 Marks]
(ii) Discuss how the addition of interference affects the output frequency compared to the output frequency without interference. 					[2 Marks]
(iii) What measures are recommended to recover the desired frequency effectively?
											[3 Marks]
SOLUTION
(i) Expressions for I(t) and Q(t)
	The RF Signal is given by, 
					 					[1 Mark]
	The In- Phase Local Oscillator signal is given by 
										[1 Mark]
	The Quadrature Local Oscillator signal is given by 
										[1 Mark]
	The Mixer Output for the In- phase is 
											 

											[Final Answer 2 Marks]
	The Mixer Output for the Quadrature- phase is 
											

											[Final Answer 2 Marks]
	The Low Pass Filter removes the higher frequency components.
										[1 Mark]
		and 						[1 Mark]
											[1 Mark]
									[Final Answer 2 Marks]
(ii) Block diagram of the SDR receiver
[image: ]
Key: The Marks for obtaining the equations are awarded on the previous section, Marks are awarded only for the structure & label [2 Marks] and the flow of the blocks [2 Marks]
(iii) RF input into its baseband
· Mixing produces two components: a sum frequency  and a difference frequency . 										[1 Mark]
· Low-pass filters remove the high-frequency components, retaining (50Hz). 	[1 Mark]

	3(b)(i) Interference Signal
	The Given Interference could be written as
					
		Sum frequency is 	and 
		Difference frequency is 		[1 Mark]
The mixing process shifts the interference signal to these two frequencies. After passing in LPF, the low frequency 80  remains at both I(t) and Q(t).				[1 Mark]
(ii) Impacts of interference at the output 
Without Interference: The output frequency contains only the desired 50Hz baseband signal, resulting in a clean representation with correct amplitude and phase.	[1 Mark]
With interference: The retained 80Hz component modifies the amplitude and phase of the 50Hz signal, creating a distorted baseband representation degrading the signal integrity at .										[1 Mark]
(iii) Measures to recover the desired frequency
· Cut-off frequency should be Slightly above  to retain the desired signal while suppressing 80Hz interference.					[1 Mark]
· High-order filters such as Butterworth, Chebyshev, and FIR filters, which ensure precise attenuation. 										[1 Mark]
· Filter order of  providing a steep roll-off to minimize interference leakage into the passband ensuring the desired  signal is preserved with minimal distortion.
												[1 Mark]

QUESTION 4
(a) For the discrete signal , Compute the Discrete Fourier Transform Y(K) using the Decimation-in-Time Fast Fourier Transform (DIT FFT) algorithm. Show the intermediate steps including 
(i)   Dividing the sequence into 4 even and 4 odd terms. 			[2 Marks]
(ii) Computing the Twiddle Factors						[2 Marks]
(b) Using the Decimation-in-Time Fast Fourier Transform (DIT FFT) with a butterfly diagram that clearly shows the stages of computation.						[21 Marks]
SOLUTIONS
Given that, 
(a) [bookmark: _Hlk183363837](i) Divide the sequence into 4 even and 4 odd terms.
	
	
													[1 Mark]
		On Further dividing the sequence it becomes, 




										[1 Mark]
(ii)  Find the Twiddle Factor using 



									            [2 Marks]
(b)  Butterfly Diagram to generate 
[image: ]
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