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	Question No
	Question
	Marks

	1(a)

































	And a data rate of 4500 b/s at the input;
N = 2M  =  22  =  4 levels (phase shifts)
Phase shift  =  360/N  = 90°  = π/2 radians
M in this case is 2 bits (ie dibits)
S  =  D/2  =  4500/2  = 2250 levels /sec  =  2250 dibits /sec.
Also each phase shift is accompanied by a corresponding frequency shift [image: ]
(i.e. [image: ])
therefore [image: ]

therefore 

so 
Frequency spectrum of QPSK assuming a centre frequency of 4000Hz
From above 562.5Hz frequency shift corresponds to 90° phase shift;
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	Question 
No
	Question
	Marks

	
1(b)


































	
This set of coding techniques overcomes the limitations of NRZ codes. Two of these techniques, Manchester and Differential Manchester are in common use on LANs today - The more common Manchester code has been specified for the IEEE 802.3 standard for baseband coaxial cable and twisted pair CSMA/CD bus LANs. Differential Manchester has been specified for the IEEE 802.5 token ring LAN, using shielded twisted pair.

In the Manchester code, there is a transition at the middle of each bit period. The midbit transition serves as a clocking mechanism and also as data: a low to high transition represents a 1, and a high to low represents a zero. In Differential Manchester, the midbit transition is used only to provide clocking. The encoding of a 0 is represented by the presence of a transition at the beginning of a bit period, and a 1 by the absence of a transition at the beginning of the bit period. Differential Manchester has the advantage of employing differential encoding (change in current bit compared to prior bit as oppose to actual values)

All of the ‘biphase’ techniques require at least one transition per bit time and many have as many as two transitions. Thus the maximum modulation rate is twice that for NRZ; this means that the bandwidth required is correspondingly greater. On the other hand, the biphase schemes have several advantages:

· Synchronisation: because there is a predictable transition during each bit time, the receiver can synchronise on that transition. For this reason, the biphase codes are known as self-clocking codes.
· No dc component: Biphase codes have no dc component, yielding the benefits described earlier.
· Error detection: the absence of an expected transition can be used to detect errors. Noise on the line would have to invert both the signal before and after the expected transition to cause an undetected error.

The diagram below illustrates the Manchester and Differential Manchester waveforms
 (
Signal            0    1     0     0     1     1     0     0     0     1      1
)

[image: line%20code%20waveforms]
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	Question No
	Question
	Marks

	
1(b)
Cont.














2(a)
	
As can be seen from the spectral density graph below - the bandwidth for biphase codes is reasonably narrow and contains no dc component. However it has the disadvantage of being wider than the bandwidth for multilevel binary codes.


[image: encoding%20schemes%20spectral%20density]

The spread spectrum technique was developed initially for military and intelligence requirements. The essential idea (and one of the advantages) is to spread the information signal over a wider bandwidth to make jamming and interception more difficult. As far as wireless networking is concerned - the first type of spread spectrum developed is known as frequency hopping. A more recent version is direct sequence spread spectrum (DSSS). Both of these techniques are used in various wireless networking products. They also find use in other communications applications, such as cordless telephones.

Frequency Hopping

Under this scheme the signal is broadcast over seemingly random series of radio frequencies, hopping from frequency to frequency at split-second intervals. A receiver, hopping between frequencies in synchronisation with the transmitter, picks up the message. Would be eavesdroppers hear only unintelligible blips. Attempts to jam the signal only succeed in knocking out a few bits of it.

A typical block diagram for a frequency hopping system is shown in figure 2. For transmission binary data are fed into a modulator using some digital to analogue encoding scheme, such as frequency shift keying (FSK) or binary phase shift keying (BPSK). The resulting signal is centred around some base frequency. A pseudorandom number source serves as an index into a table of frequencies. At each successive interval, a new frequency is selected form the table. This frequency is then modulated by the signal produced from the initial modulator to produce a new signal with the same shape but centred on the frequency chosen from the table.

On reception, the spread spectrum signal is demodulated using the same sequence of table derived frequencies and then demodulated to produce the output data.

For example if FSK is employed, the modulator selects one of two frequencies, say f0 or f1, corresponding to the transmission of a binary 1 or 0. The resulting binary FSK signal is translated in frequency by an amount determined by the output sequence from the pseudorandom number generator. Thus, if the frequency selected at time i is fi, then the signal at time i is either fi + f0 of fi + f1.
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	Question No
	Question
	Marks

	
2(a)


































	

Figure 2
[image: frequency%20hopping%20diag]

Direct Sequence

Under this scheme, each bit in the original signal is represented by multiple bits in the transmitted signal, known as the chipping code. The chipping code spreads the signal across a wider frequency band in direct proportion to the number of bits used. Therefore a 10 bit chipping code spreads the signal across a frequency band that is 10 times greater than a 1 bit chipping code.

One technique with direct sequence spread spectrum is to combine the digital information stream with the pseudorandom bit stream using an exclusive OR. Figure 3 shows an example. Note that an information bit of 1 inverts the pseudorandom bits in the combination, while an information bit of zero causes the pseudorandom bits to be transmitted without inversion. The combination bit stream has the data rate of the original pseudorandom sequence, so it has a wider bandwidth than the information stream. In this example, the pseudorandom bit stream is clocked at four times the information rate.

Figure 03
[image: diect%20sequence%20ss]
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	Question No
	Question
	Marks

	
2(a)
Cont.













2(b)

















	


Advantages
All Types:
· Multiple users as each can be allocated different PN codes
· The PN code is needed to unlock the system, hence very secure
· Other SS signals are simply seen as noise and get rejected by the system
Frequency Hopping:
· Greater hop set, smaller dwell time and greater bandwidth means less interference from narrowband signals
Frequency Hopping and direct sequence:
· Output power is spread over large bandwidth
· Spectrum has low spectral density; 1W output power over an 8MHz band gives spectral density of 125nW/Hz




Signal: 01001100011 (must be ‘padded’ with P-1 zeroes)
Divisor P: x4 + x2 + 1 = 10101
At the transmitter:                                                  1 0 0 1 1 0 0 0
                                                       10101  1 0 1 1 0 1 1 1 0 0 0 0
                                                                   1 0 1 0 1
                                                                   0 0 0 1 1 1 1 1
                                                                            1 0 1 0 1
                                                                               1 0 1 0 0
                                                                               1 0 1 0 1
                                                                               0 0 0 0 1 0 0 0
                                                                                                        CRC Code R = 1 0 0 0

Signal: 01001100011 (must be ‘padded’ with P-1 zeroes)
Divisor P: x4 + x2 + 1 = 10101
At the receiver    :                                                  1 0 0 1 1 0 0 0
                                                       10101  1 0 1 1 0 1 1 1 1 0 0 0
                                                                   1 0 1 0 1
                                                                   0 0 0 1 1 1 1 1
                                                                            1 0 1 0 1
                                                                               1 0 1 0 1
                                                                               1 0 1 0 1
                                                                               0 0 0 0 0 0 0 0
                                                                                                       Remainder R = 0 0 0 (No errors)
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QUESTION THREE

(a) 
Figure Q3b shows the butterfly diagram of a radix 2, decimation in time (DIT) FFT, calculate the final equations for the spectral outputs, X(0) to X(3), in terms of the time domain inputs, x(0) to x(3). Find the spectrum of the input sequence  where there is no overlap between frames.






(10 marks)
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ANSWER


Calculate the twiddle factor




 2 marks

For frame 1: 
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2 marks


Calculate the magnitudes of each of the spectral points



2 marks
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For frame 2: 
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)
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2 marks


Calculate the magnitudes of each of the spectral points




2 marks
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3b) Design a low pass finite impulse response filter (FIR) using the impulse invariant method, that cuts off at =0.32. (Let N=9)
(10 marks)

Step 1:

Draw the sketch using normalised frequencies



 (
Magnitude
)

 (
1
)

 (
B=0.64
)

 (
Normalised Frequency
)


 (
0.32
) (
-0.32
) (
-0.5
) (
0.5
) (
0
)


1 mark
Step 2:

Calculate Alpha



1 mark
Step 3

Calculate the set of filter values




And substitute calculated values:



2 marks
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Step 4:

Create table of coefficients

	k
	


	0
	0.0782

	1
	-0.0264

	2
	-0.1226

	3
	0.2880

	4
	0.6400

	5
	0.2880

	6
	-0.1226

	7
	-0.0264

	8
	0.0782


6 marks
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QUESTION FOUR

a) 


For a linear time invariant system find and sketch the resultant output  for an input. The systems impulse response is given by.

(4 marks)


This is a convolution between the two functions:
For setting up the convolution correctly
0.5 marks


	x(k)
	
	
	
	2
	3
	2
	1
	
	
	
	y(k)
	

	
	3
	2
	1
	2
	
	
	
	
	
	
	
	0.5 marks
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	2
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	2
	
	
	
	
	
	
	0.5 marks
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	2
	1
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	0.5 marks

	
	
	
	
	3
	2
	1
	2
	
	
	
	
	0.5 marks
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	2
	1
	2
	
	
	
	0.5 marks

	
	
	
	
	
	
	3
	2
	1
	2
	
	
	0.5 marks

	
	
	
	
	
	
	
	3
	2
	1
	2
	
	0.5 marks
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4b) Design an N=7 finite impulse response (FIR) filter (use the frequency transformation method) that is band pass between  Hz and  Hz and has a sampling frequency of  Hz.  Use a Hamming window (equation Q4b) in your design.


     Equation Q4b
(16 marks)

Step 1:

Draw a sketch of the analogue filter response 

 (
Magnitude
)


 (
1
)



 (
Frequency (Hz)
)



 (
33
00Hz
) (
17
00Hz
)
1 marks
Step 2:

Convert any frequencies to normalised frequency






1 marks

Step 3:

Redraw the sketch using normalised frequencies
 (
Magnitude
)


 (
1
)


 (
Normalised Frequency
)




 (
-0.275
) (
-0.5
) (
0.5
) (
-0.1416
) (
0
) (
0.275
) (
0.1416
)


1 marks
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Step 4:

Refer to Frequency Transformation Method Tables and insert values for filter design

 (
l
0
1
u
-
u
-
0
-
l
)






Calculate the Low Pass Prototype response:



1 marks
Calculate the centre frequency:



1 marks
Calculate Alpha




1 marks
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Step 5:

Using data from step 4 draw a sketch of the prototype low pass filter

 (
Magnitude
)

 (
1
)

 (
B=0.1334
)

 (
Normalised Frequency
)


 (
0.0667
) (
-0.0667
) (
-0.5
) (
0.5
) (
0
)


Determine the filters total bandwidth B from the rectangle width

1 marks
Step 6

Calculate the set of filter values for the low pass prototype




Substitute calculated values:




	k
	


	0
	0.1009

	1
	0.1183

	2
	0.1295

	3
	0.1334

	4
	0.1295

	5
	0.1183

	6
	0.1009


3 marks
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Step 7

Calculate the transformation equation values and apply to the low pass prototype






	k
	

	

	


	0
	0.1009
	-1.4151
	-0.1428

	1
	0.1183
	-1.7316
	-0.2049

	2
	0.1295
	0.5180
	0.0671

	3
	0.1334
	2.0000
	0.2668

	4
	0.1295
	0.5180
	0.0671

	5
	0.1183
	-1.7316
	-0.2049

	6
	0.1009
	-1.4151
	-0.1428



3 marks
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Step 8

Calculate the window coefficients and apply to the filter by multiplying the window coefficient column with the filter column.







	k
	

	

	

	

	


	0
	0.1009
	-1.4151
	-0.1428
	0.1256
	-0.0179

	1
	0.1183
	-1.7316
	-0.2049
	0.4376
	-0.0897

	2
	0.1295
	0.5180
	0.0671
	0.8268
	0.0555

	3
	0.1334
	2.0000
	0.2668
	1.0000
	0.2668

	4
	0.1295
	0.5180
	0.0671
	0.8268
	0.0555

	5
	0.1183
	-1.7316
	-0.2049
	0.4376
	-0.0897

	6
	0.1009
	-1.4151
	-0.1428
	0.1256
	-0.0179



3 marks
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