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Digital Signal Processing 

General 
¶ Lecturer 

o Dr. Yash Shrivastava 

o EE 305 

o yash@ee.usyd.edu.au 

¶ Assessments 

o 30% Practical work 

o 70% Written exam 

¶ Reference Book 

o van de Vegte - Fundamentals of Digital Signal Processing 1st Ed 

Chapter 1 ɀ Digital  Signal Processing 

1.1 Signals and systems 
¶ Signals 

o Variations containing information 

Á 1D analog signal ς sound; 2D analog signal ς visual 

Á Takes any value from continuum of values and defined at every instant of time 

o Need to capture signals before processing 

Á Microphone, analog camera, digital camera 

Á Captured signals need to be sampled into digital form for processing 

o Digital signals: Finite levels, discrete instants of time 

Á Robust to component parameter variations 

Á Noise tolerance 

Á Digital systems are smaller, consumes less power 

Á System behaviour changed by program 

 

1.2 A/D conversion and D/A conversion  
¶ Analog-to-digital (A/D) conversion 

o Sample and hold 

Á Sample ς ƴƻǊƳŀƭƭȅ ǊŜƎǳƭŀǊ άǎŀƳǇƭƛƴƎ ǇŜǊƛƻŘέ; has acquisition time due to device capacitance 

Á Hold ς value held steady until next sampling point 

o Quantisation 

Á Converter approximates sample-and-hold value by selecting quantisation level 

Á Quantisation error due to this approximation 
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¶ Digital-to-analog (D/A) conversion 

o Zero order hold (ZOH) 

Á Convert digital code to analog signal, proportional to size of digital number 

Á Level held steady for duration of sampling period 

o Smoothing 

Á For better approximation of original signal 

Á Side-effect: time shift 

 

1.3 Spectrum 
¶ Approximate characterisation makes processing easier 

¶ Calculated by Fast Fourier Transform (FFT) 

¶ Each periodic signal has many harmonic frequencies, all multiples of fundamental frequency 

¶ Piano chord: 

 

1.4 Filtering  
¶ Conveniently changes the nature (mostly frequency) of a signal 

¶ Ideal flatness can never be achieved in filters 
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¶ Ideal low pass filter: Ideal high pass filter: 

  
 

¶ Ideal band pass filter: Ideal band stop (notch) filter: 

  

Chapter summary  
¶ An analog signal is defined at every point in time and may take any amplitude. A digital signal is defined only at 

sampling instants and may take only a finite number of amplitudes. 

¶ An analog signal is converted to a digital signal through sampling and quantisation. A digital signal is converted 

to an analog signal by converting digital codes to analog levels and smoothing. 

¶ A digital signal is said to lie in the time domain. Its spectrum, which describes its frequency content, lies in the 

frequency domain. 

¶ Filtering modifies the spectrum of a signal by eliminating one or more frequency elements from it. 
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Chapter 2 ɀ A/D and D/A Conversion  

2.2 Sampling of continuous -time signals  
¶ Sample and hold 
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¶ Sampled signals can be decomposed into pulses 
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¶ Impulse train sampling: ()
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¶ Fourier transform of the sampled signal 

o Sampled signal can be represented as () ()()tptxtxs =  where () ( )ä
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o Since p(t) is a periodic signal with period Ts, it has a Fourier series with ck = 1 for all k. So 
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¶ Illustration of impulse train sampling 

 
o This implicitly assumes that the sampling frequency must be at least twice the sampled bandwidth: 

Nyquist Rate: BS ww 2>  

¶ Reconstruction of signal from sampled signal 

o Apply low-pass anti-imaging filter 

 

o In time domain, this corresponds to () () ()thtxtx LPsr *=  
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o Perfect reconstruction is impossible if sampling frequency is less than twice the bandwidth (aliasing) 

 
o tŜǊŦŜŎǘ ǊŜŎƻƴǎǘǊǳŎǘƛƻƴ ƛǎ ƛƳǇƻǎǎƛōƭŜ ǎƛƴŎŜ ƛǘ ǊŜǉǳƛǊŜǎ ƛƴŦƛƴƛǘŜƭȅ Ƴŀƴȅ ǎŀƳǇƭŜǎΥ ƪ ʶ ό-қΣқύ 

o Approximation is best around the middle sample used in the sum 

¶ Aliasing in time domain 

o Anti-aliasing filter needs to be applied to the input to make it bandlimited. 

o When the signal is reconstructed, the frequency of the images extend into the frequency of the anti-

imaging filter, so that we get parts of other images rather than the original signal 
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o Signals above the Nyquist frequency are folded back and recovered as lower frequency signals 

Á Nyquist frequency ς frequency that is half the sampling rate of a system 

¶ Oversampling can make the requirements of the antialiasing filter less stringent 

o There is no ideal lowpass filter that can have a strict cutoff frequency of W Hz 

o Analog filtering before sampling 

 
o Aliased (overlapping) portions can be filtered out with digital filter (cheaper, easier to design) 

 

2.3 Quantisation  
¶ Quantisation step (Q) ς gap between levels 

¶ Want an ideal scheme that is neutral, with error on both sides of 0. 

¶ Basic scheme: quantisation error < 0  

 
o Mean squared value of error  is Q2/3 zero on ςQ/2 
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¶ Reduce quantisation error by making errors lie symmetrically around the diagonal 

  
o Mean squared value of error is Q2/12 centred at zero 

¶ Can easily be extended to bipolar values. 

o If we offset the values towards negative so that there is a quantisation level at 0: 

o The digital codes are can be ǊŜǇǊŜǎŜƴǘŜŘ ƛƴ нΩǎ ŎƻƳǇƭŜƳŜƴǘ 

¶ Minimise quantisation errors by: 

o Utilising the full range of converter 

o Increasing the number of bits for quantisation 

¶ The anti-imaging filter delays the reconstructed signal 

¶     

Chapter 3 ɀ Digital Signals  

3.1 Pictures of digital signals  

¶ Usually plot quantisation levels, rather than digital code 

¶ When stem plots become cluttered, plot envelope instead. 

3.2 Notation for digital signals  

¶ Convolution of continuous signals () () () ()( )ñ
¤

¤-
-=*= ttt dthxthtxty  

¶ Convolution of discrete signals  [] [] [] [][ ]ä
¤
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k

knhkxnhnxny  

¶ Right shift ][ knx -  

¶ Left shift [ ]knx +  

¶ Time scale []knx  used in decimation and wavelet transforms 

o Picks every k sample out of original samples 


