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Chapter 1 z Digital Signal Processing

1.1 Signals and systems
1 Signals

0 Variations containing information
A 1Danalog signat sound 2D analog signa]visual
A Takes any value from continuum of values and defined at every instant of time

o0 Need to capture signals before processing
A Microphone,analog camera, digital camera
A Captured signals need to be sampled into digital form for processing

o Digital signalsFinite levels, discrete instants of time

A Robust to component parameter variations
A Noise tolerance
A Digital systems are smaller, consumes [esser
A System behaviour changed by program
A/D Conversion D/A Conversion
Prepare _ Digital Convert Zero
Analog Sample|_| Quantization k : Analog
Signal | [™|&Hold [ & Digitization ["] Signal [~ toAnalog = Order [7>| Smoothing =+
Sampling Processing Level Held
Digital Digital
Codes Codes

1.2 A/D conversion and D/A conversion
1 Analogto-digital (A/D) conversion

o Sample and hold
A Samplecy 2 N | £ £ & NI 3 dzf I; b acquisitioh dimé gud wekiSdapasittnée
A Hold¢ value held steady untitext sampling point

0 Quantisation
A Converterapproximates sampkand-hold valueby selecting quantisation level
A Quantisation error due to this approximation
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1 Digitatto-analog (D/A) conversion
0 Zero order hold (ZOH)
A Convert digital code to analog signalopportional to size of digital number

A Level held steady for duration of sampling period
0 Smoothing

A For better approximation of original signal

A Sideeffect: time shift

Recovered Analog
+~ Signal

|- Zero Order Hold
Signal

Voltage

|  Digital Signal

Time

1.3 Spectrum

1 Approximate characterisation makes processing easier
1 Calculated byrast Farier TransformEF)
i Each periodic signal has many harmonic frequencies, all multiples of fundamental frequency
i Piano chord:
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1.4 Filtering

1 Conveniently changes the natugemostly frequencydf a signal
1 Ideal flatness can never be achieved in filters
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9 Ideal low pass filter: Ideal high pass filter:
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1 |HHP((0)|
1
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9 Ideal band pass filter: Ideal band stop (notch) filter:
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0 0
-B, -B 0 B B, O— -B, -B 0 B B, O—

1

Chapter summary

1 An analog signal is defined at every point in time and may take any amplitude. A digital signal is defined only
sampling instarg and may take only a finite number of amplitudes.

1 An analog signal is converted to a digital signal through sampling and quantisation. A digital signal is converte
to an analog signal by converting digital codes to analog levels and smoothing.

1 A digitalsignal is said to lie in the time domain. Its spectrum, which describes its frequency content, lies in the
frequency domain.

1 Filtering modifies the spectrum of a signal by eliminating one or more frequency elements from it.
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Chapter 2 7 A/D and D/A Conversion

2.2 Sampling of continuous -time signals
I Sample and hold

FTTTrrTT X(t)

Xp(t) —
o

o x(t)= & Tx(kT)p. t- KT

k=- o
9 Sampled signals can be decomposed into pulses
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f  Impulse train sampling >fs(t) = a x(kT YT.alt- T.)}
samplegignal K=

9 Fourier trarsform of thesampled signal

o Sampled signal can be representedxat) = x(t) p(t) where p(t) = a Tso’(t - kTS)

k=- o

0 s0xX,()= o [X(w)* P(w]
0 Sincep(t) is a periodic signalith periodTs, it has a Fourier series with= 1for allk. So

P(W) = é 2p &W- kWS) where. is the sampling frequency in rad/s

k=io
o So XS(W) = é X(W)* a’(W- kWS) Convolution with an impulse functiontime shift:
k=- @

0 Xo(W)= & X(w- k)

k=- ©
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lllustration of impulse train sampling

1
* Time-domain description + Frequency-domain description
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o This implicitly assumes that the samplingguency must be at least twice the sampled bandwidth

Nyquist Ratewy > 21,

1 Reconstruction of signal from sampled signal
o Apply Iowpass antimaging filter
I I LP("’) I |

{t'ﬂ

In time domain, this corresponds tg, (t) = xs(t)* th( )
68 TocT o~ KT % it E= 5 “els (k)
- CP Al k=-=n P
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Interpolation formulaj X, (t) =
k=- o S
o Perfect reconstruction is impossible if sampling frequency is less than twice the bandwidth (aliasing)

o0 t SNFSOG NBO2yaiaNWzOGA2y Aa AYLRaaA iz vaa
0 Approximation is best around the middle sample used in the sum

i Aliasing in time domain
0 Anti-aliasing filtemeeds to beappliedto the inputto make itbandlimited

0 When the signal is reconstructed, the frequency of the images extend into the frequeticy afiti
imaging filter, so that we get parts of other images rather than the original signal
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0 Signals above the Nyquist frequency are folded back and recovered as lower frequency signals
A Nyquist frequency frequency that is half the sampling rate of ateys
1 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

o0 Analog filtering before sampling
Low Order Analog Filter

Information

0 W 2W 3w 4w Frequency

o Aliased (overlapping) portions can be filtered out wdigital filter (cheaper, easier to design)
High Order Digital Filter

Important
Signal
Information

$ S —
0 W 2W 3w 4w Frequency

2.3 Quantisation
1 Quantisation step (QQ gap between levels
M Want an ideal scheme that is neutral, with error on both sides of 0.

1 Basic scheme: quantisation error < 0
Digital Quantized

Code  Level
11 max
110
101
100
01
ol - pr—
001 —
Quantization

=]

oo 0 = L L L 1 L L E E
0 max  EmOr F \I\\I\ N \\I\\I\\I\ :
Analog Sample Value E S

0 Mean squared value of errois /3 zem on ¢Q/2
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1 Reduce quantisation error by making errors lie symmetricalhyind the diagonal
Digital Quantized

Code  Level
111 max - ’
110 H ]
1
101
3 |

100 F —t

'!l 1
011 A
010 s
0

Analog Sample Value

_;'. 4 1
| . 4
000 o L i L 3 L s L Quantization
o max Error 0
L L ' I L L

0 Mean squared value of error @/12 centred at zero
1 Can easily be extended to bipolar values.

o If we offset the values towards negative so that there dgiantisation level at O:

0 The digital codes arean beNB LINS A SY G SR Ay HQ&a O2YLX SYSy
1 Minimise quantisation errors by:

o Utilising the full range foconverter

o0 Increasing the number of bits for quantisation
1 The antiimaging filter delays the reconstructesignal

"ty

(a) Original Signal with F Signal in g (b) Sample-and-Hold Signal with Original Signal
1‘[ in Background

Amplitude
Amplitude

Time

Chapter 3 z Digital Signals

3.1 Pictures of digital signals
1 Usually plot quantisation levels, rather than digital code
1 When stem plots become cluttered, plot envelope instead.

3.2 Notation for digital signals
f Convolution of continuous sigral  y(t)=x{t)* h(t) =/ x(¢)nlt- £)az

f  Convolution of discrete signals y[n] = X[n]* h[n] =a x[k]h[n- k]
k=- @
Right shift Xn- K]
Left shift xn+Kk]
Time scale x[kn] used in decimation and wavelet transforms
0 Picks everk sample out of original sampde
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