Appendix A

Chapter Al - Digital Systems

In understanding digital systemsit is essential to understand the difference between a digital
and an analogue signal. The world around us is mostly an anal ogue world. When the sun risesin the
morning, the light intensity varies continuously from dark to light with time.Thisis an analogue
signa asit is continuously changing with time. On the other hand, operating the light switchin a
dark room will result in an instantaneous change from dark to light. There are thus only two states,
dark and light. Thisis called adigital signal because it is discontinuous with time.

The light-dark digital system illustrated above is called abinary system as at any given time
the light intensity can only assume one of two states:. light or dark. Most electronic systems use the
binary system because many physical systems are readily described by two state levels eg. switches
that are on or off, amark or no mark on a paper,etc. By using some form of coding, these two states
can be used to represent any number.

Number Systems

Any number system has two distinct characteristics. a set of symbols (digits or numerals)
and abase or radix. A number is a collection of these digits and the value of the number isa
weighted sum of the digits. The weight of adigit is determined by the base or radix of the system
and the position of the the digit with respect to the separator (decimal point).

Our decimal system, with which we are al familiar, is a base-10 system with ten symbols:
0,1,2,3,4,5,6,7,8,9. To count , we start at 0 and work our way up to the highest symbol, 9. To
represent the next number, after adding another one to this 9, we have to resort to our position value
or radix. In the decimal system the columns to the left of the separator or decimal point have
weights of 1, 10, 100, etc. and those to the right of the separator have weights of 1/10, 1/100,
1/1000, etc. In scientific notation we write:

1000 = 10
100 = 102
10 =100

1 =10°
SEPARATOR
/10 =10"
/100 = 107
1/1000 = 10°
(< (A

Thus the vaue of the number 438 is calculated as follows:
4x (10°) +3x(10% + 8(10°) =4x100 + 3x10 + 8x1 = 438
In the binary system we only have two symbols for which we traditionally use 0 and 1.

These symbols are known as bits which is a contraction of the words Binary digit With aradix or
base of two, our columns now have the following weights if weread from right to left:
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Thus the decimal value of the binary number 1011 is calculated as follows:
Ix(8)+0x(4)+1x(2+1x(1)=8+0+2+1=11

Asinthe decimal system, the left-most digit is called the most significant bit, MSB and the
right-most bit is called the least significant bit or LSB. When using binary systems, four bits are
called anibble and two nibbles or eight bits are called a byte. A word may consist of two or more
bytes.

Large numbers in binary tend to get rather long and other systems have been created to make
the numbers more human friendly and easier to work with. A system that is used extensively in
digital systems, such as computers, isthe hexadecimal system. Asthe nameimplies, it isabase-16
system and requires 16 symbols. Our decimal system only has ten symbols so we add alphabetic
letters to obtain the other. The binary, decimal and hexadecima values are then as follows:

BINARY DECIMAL HEXADECIMAL
0000 0 0
0001 1 1
0010 2 2
0011 3 3
0100 4 4
0101 5 5
0110 6 6
0111 7 7
1000 8 8
1001 9 9
1010 10 A
1011 11 B
1100 12 C
1101 13 D
1110 14 E
1111 15 F

When using the hexadecimal notation, it isusual to denote it by following the number by an
“H” asin 3FA4 H or asubscript asin 3FA4y.

Our familiarity with the decimal system and the need to have binary numbers for our
computers have led scientists to devise another number system which could ease the entering of
digital numbers into a machine. The most widely used system isthe Binary Coded Decimal system
or BCD for short. In this system each decimal digit is expressed as a 4-bit binary number therefore
the decimal numbers 0 to 9 are coded as 0000 to 1001. Note that thisincomplete binary coding
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causes the BCD notation to loose the mathematical relationship of the weighted sum. Direct binary
mathematical operations are therefore not possible with BCD numbers and specialized circuits are
used for this purpose

Physical Representation of Binary States.

In electronic systems, state levels are physically represented by voltages. A typical choice
for a system operating on 5V would be:

state 0 = O volt
state 1 = 5 volt

It is, however, unredlistic to obtain these precise voltages so amore practical choiceisa
range of values such that:

state0=0.0t0 0.5V
state1=2.41t05.0V
with the level between 0.5 and 2.4 V being undefined.

Over the years a number of digital or logic families have developed and they differ in their
defined levels of an 0 or 1 as well as their switching speeds, their drive capabilities and power
consumption. Prevalent today is the Complimentary Metal Oxide Semiconductor or CMOS family.
These devices operate over awide range of supply voltages and usualy define the state levelsas a
percentage of the supply voltage. They are also very fast in operation.

L ogic Operations

Digital circuits combine binary inputs to produce a required binary output or combination of
outputs. These range from simple combinations of 0's and 1's to sophisticated computations as used
in computers. The circuitsfal in two distinct categories namely combinational or sequential types.
In combinational circuits the output depends only on the present state of the inputs while in
sequential logic the outputs depend on the present inputs, the previous sequence of inputs and often
also on atiming or clock input.

1.Combinational Logic

Combinational circuits are composed of logical gates which perform binary operations.The
design of these circuits are based on Boolean algebra, named after George Boole, who devel oped
the system. Just as normal algebra has a set of basic operations such as addition, subtraction,
multiplication and division so Boolean algebra hasiits set of logical operations. They are AND, OR
and NOT and may be described by either a Boolean equation or atruth table. The basic Boolean or
logic operators are shown in the figure below. The logic symbols are shown in both their
conventional (top symbol) as well asthe IEEE symbol (bottom symbol) for each operator together
with the Boolean equation and atruth table.
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Looking at the truth table for the AND function we note that the output C will be high (or
true) if, and only if, both A and B are high (true). In the case of the OR function the output is true if
either A or B or both A and B are true. We will now add a further function which is called an
exclusive OR. The corresponding diagrams and truth table are shown below:

Logic Boolean Truth
Symboal Equation Table
L e
Boj /°C =5 o FOIG
2 C=AB+AB 0100
" 0|11
—E- C=A®B 101
B 1141|8
XOR (EXCLUSIVE OR)

In the above, note that the output, C, isonly trueif either A or B istrue and excludes the
case where both inputs are true. A further refinement in logic gates isto add an inverter after the
standard functions and create inverted outputs. The table below shows these functions:

AND + INVERTER = NAND
OR +INVERTER =NOR

The symbols for these functions are the same as the base function with the circle of the NOT
function attached to the output port and for the NAND function is as shown below with the Boolean
equation. The line above the inputs is used to indicate the inverted input..

ra C C . B
BoEa—r

I
>
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2.Sequential Logic

In sequential logic circuits the outputs depend on the present inputs, the previous sequence
of inputs aswell asatiming or clock signal. The basic building block of these circuitsis the flip-
flop of which there are a number of variations. Our main building block is the D-type flip-flop. This
iIsacircuit built up of gates and has two inputs and (mostly) two outputs. An example of such aflip-
flop is shown in the figure below and, in this case, is constructed using NAND gates.

PRESET =

CLEAF.» OUTPUT

\— OUTPUT

I)-Type edge-triggered Flip-flop

-
<
%

DATA

At switch-on, the state of the output is indetermined so a positive pulseis applied to the clear
input. This sets the output to a 0. If aclock pulseisnow applied, the rising edge of the clock will
transfer the level present at the Data input to the output. Note that the two outputs are compliments
of each other.

By connecting such, or other more complex flip-flops together and gating their outputs,
complex logic sub-systems may be constructed. These include counters, shift registers, arithmetic
logic units, memories and, ultimately, complete microcomputers.
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Chapter A2 - Digital Signal Processing

Signal processing is the action of modifying or enhancing one or more parameters of a
signal to improve and select a wanted parameter. In radio engineering this may entail any of the
familiar operations such as modulation, filtering, mixing, detection, etc. All these functions may
also be accomplished digitally with the aid of a computer. Although common microcomputers may
be used for this purpose, specialized digital signal processing micros have been devel oped that
execute the required operations much faster.

Sampling

Before any signal processing can take place, the analogue signal has to be converted to a
digital signal.Thisis done by taking periodic samples of the analogue signal and storing the
instantaneous value as a digital number. The process of sampling isillustrated in the figure below.

1 # § Analogue Signal
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Note that the sampling period “t” is much shorter than the period of the sampled wave —
eight samples have been taken during this single single cycle. Connecting the upper points of the
red lines produces afair representation of the original at the same frequency. The next diagram
shows what happens if we take less samples during asingle cycle.

|
UNDER SAMPLED SINE WAVE

The reconstructed wave is still a sine wave, but of a different and lower frequency and does
not represent the original signal. It is known as an alias frequency. In some applications deliberate
use is made of this lower frequency and it isthen called under sampling. In the general case the
sampling rate is governed by the Nyquist Sampling Theorem. This requires that at |east two samples
be taken during each cycle in order to faithfully reproduce the original signal. In the case of a
complex signal, it means that the sampling rate must be more than twice the highest frequency
contained in the signal. In order to avoid adiasing, alow pass or band pass filter isinserted ahead of
the sampling device. A practical example of thisisthe sound card in a computer. To be able to
adequately cover the audio frequency range of 20 Hz to 20 kHz, the sampling frequency is 42 kHz.

Analogueto Digital Conversion

The device used to convert the analogue signal to a sampled digital version is an analogue-
to- digital converter (ADC). For each sample the ADC produces a digital number that is directly
proportional to the input voltage. The number of bits available in the binary word limits the number
of discrete voltage levels that can be resolved. An 8-bit ADC can only resolve 256 levels (2°) while
a 12-bit unit can resolve 4096 (2*2) levels. Thislimits the resolution of the ADC asit can only
report the analogue value to the nearest discreet level. The difference between the actual and
reported value is called the quantitization error and for agood ADC is % the value of the LSB for
that converter. This error is pseudo-random and appears in the output as quantitization noise. A
further source of noise, especialy in VHF signals, is due to aperture jitter which is caused by small
variations in the sampling clock intervals. It is, however, much smaller than the quantitization noise.
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Y et another source of error is caused by the non-linearity of the conversion and thisistypicaly 1
or 2 bits over the entire range. The reporting process of anine bit analogue to digital converter is
illustrated in the diagram below:

A = 1 & -l
¥ L REPORTED WALUE
J : IS THE CLOSEST
_ - VALUE TO ONE OF
a : THESE 9 AVAILABLE
- LEVELS
n -]
2 4 B g0 o J
4 SAMPLE Mo | s
| |MEASURED LEVELS . L E :
ARE SHOWN THUS 5 i

Once the signal has been digitized a digital process can be implemented to perform various
functions amongst which are modulators, mixers, AGC systems and filters.

Digital to Analogue Conversion

After the digital processing has been completed, the resulting digital string of words have to
be converted back to an analogue value. Thisis accomplished by a digital-to-anal ogue converter
(DAC). Aswould be expected, the device accepts adigital word as input and, at the application of a
clock signa, outputs the corresponding analogue value. The discrete nature of the digital input
results in a stepped analogue output that may be smoothed by filtering.

Digital Filters

Most of the following information has been gleaned from “ Experimental Methods in RF
Design” by Wes Hayward,W7Z0lI, Rick Campbell, KK7B and Bob Larkin,W7PUA. The book has
been published by the ARRL and the material is reproduced here with the kind permission of the
ARRL who holds the copyright.

As mentioned previously, DSP can be used to implement a number of analogue functions
and the figures below show the alternate implementations of a band-passfilter.

RRCIDEE

‘Analogue Implementation.
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DSP I mplementation

Digital filters are implemented in one of two ways called IR and FIR filters. The difference
between them is that IR filtersinvolve results of previous calculations (feedback) while FIR filters
do not. 1IR stands for Infinite Impul se Response which refers to the response of the filter to an
impulse consisting of a single unity amplitude sample pulse. The name is somewhat of a misnomer
as it would indicate that the output of the filter will last forever while it actually gets smaller until it
falls below the resolution of the processor. The pulse also equates the filter response to its
frequency response viathe Fourier transform. In the discussions that follow, use will be made of the
following symbolsin order to explain the operation of digital filters.

® ©® =

Multiplication of Inputs Summation of Inputs One Sample Period Delay

IR Filters
The simplest IIR filter is the analog of the R-C low-pass filter shown in the figure below

E
— L .
& OUTPUT

IMPUT
e I o

The block diagram below shows the smple IR filter that has the same response as the R-C filter
above. If we cal the digital input sample x; and the filter output y;, then our filter consists of the
single calculation:

yi=KXi +(1—K)yi.1

where K is a constant between 0 and 1 but typically 0.001 or less.
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Using the above equation we can now calcul ate the operation of thisfilter for the first few
terms as the input rises from O to 1. Assume that the output is O when we start and choose K = 0.1 to

make things happen faster.

New Input, X;

0.0
1.0
1.0
1.0
1.0

K X; (1-K) yi1 New Output,
0.0 0.0 0.0

0.1 0.0 0.1

0.1 0.09 0.19
0.1 0.171 0.271
0.1 0.244 0.344

The calculation shows that the output is growing towards 1 but with a smaller step after each
new input. Thisis the same exponential growth asthat of an R-C circuit. The figure below shows
the charging characteristics of the R-C filter as well asthat of the digital circuit.
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FIR Filters

For more complex filtersit is often desirable to use the FIR filter, standing for Finite
Impulse Response. These filters never use the previous outputs of the filter computation, but do use
the current input along with many of the previous inputs.

DSP implementation of the FIR filter is very simple as shown in the block diagram below:

INPUT
SAMPLES

b0

FILTERED OUTPUT
SAMPLES

FIR FILTER

The input signal isavailablein digital format from the A/D converter. A delay line consists
of places in memory for some number of previous samples. Each time anew sample arrives, it is
placed in the beginning of the delay-line memory. Multiplying all the samples by constant numbers
and then adding them together form new outputs. The constant multiplier numbers (b1, b2, b3, etc.)
arereferred to as the FIR coefficients, or tap weights. The filter design consists of choosing these
coefficients to suit the particular application. As with analogue filters these are trade offs between
the number of coefficients, pass-band ripple and the out-of-band rejection.

The FIR structure can be used to form filters that are highly selective to the frequency of a
sine wave input signal. All of the response characteristics of L-C filters,such as Butterworth,
Chebyshev and others are possible with the FIR filter.

Direct Digital Synthesis

Direct Digital Synthesis ( DDS) isthe process of generating arbitrary waveforms by
means of digital methods. The word “direct” refers to the fact that no feedback is used in the basic
process. It is based on the fact that, for a sine wave, there exists a constant relationship between the
phase and the amplitude values of the wave. To understand this, visualize a point on the
circumference of arotating wheel. Each rotation of the wheel represents one cycle of the waveform
and the speed of rotation corresponds to the frequency (or cycles per second, Hz ). If the wheel
rotates at a constant speed, then a sine wave will be produced. The basic operation is shown in the
figure below. In this diagram the horizontal axis represents the phase or angular displacement of the
circle radius.The amplitude above ( or below ) the zero lineis transferred to the graph as well. From
maths the rel ationship between the angle @, the radius of the circle, r, and the amplitude ais given

by:
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Snd= alr

The amplitudeisthen givenby a=r Sin @ and hence the term “sine wave”.
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GENERATION OF A SINE WAVE

Note that the amplitude values start repeating after 90° eg. the amplitude at 120° is the same
asthat for 60°. After rotating through half of arevolution, the values again repeat but are inverted.

PHASE ACCUMULATOR
h-bit N-bit Sine Lowpass or | QUTRUT
™ frequency phase W jogkup [ DAC | bandpass -
register register table fiter
Freguency setting ward Foo

interms of Fo g/ 2"

BLOCK DIAGRAM OF DDS

The DDS shown above generates a sine wave a agiven frequency by digital integration of a
phase increment. The integration is not a continuous process as performed by op-amps, but is
stepwise. This phase increment acts as a frequency setting word since it determines the number of
clock cycles per complete cycle of the wanted frequency. The phase accumulator accepts an N-bit
binary frequency setting word and outputs a binary word describing the instantaneous phase to the
sine lookup table which in turn outputs the corresponding amplitude value for that phase location to
the digital to analogue converter. The phase accumulator is incremented with every clock pulse and,
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at the same time it transfers the digital amplitude value to the DAC. The output of the DAC isa
stepwise sine wave which is filtered by the output filter. If N bits are available to the phase
accumulator then the output is given by:

Four = (Frequency Setting Word) X Ferock / 2V

The lowest possible output frequency as well as the frequency increment is Feiock / 2V which
occurs when the FSW is 1. Using a clock frequency of 100 Mhz and N is athirty two bit word then
the frequency increment becomes 0.0232 Hz !

Asthe clock frequency isusually derived from a stable crystal oscillator, the DDS can
deliver output frequencies with avery high resolution.The maximum output frequency is usualy
limited to about half of the clock frequency and sometimes even lower. The stepwise output also
generates unwanted signals of which most may be eliminated by the judicious choice of the clock
frequency and output filters. The figure below shows the spectrum of the stepwise output before
filtering.

DDS OUTPUT SPECTRUM

TheFourier Transform

A Fourier transform is a mathematical technique for determining the frequency content of a
signal. It was originally developed by Joseph Fourier (1768-1830) for continuous signals. For
sampled signals, such as used in DSP, a varient of the transform called the discrete Fourier
transform (DFT) is used. Basically the DFT converts ablock of N input samplesinto ablock of N
output bins. As the transform makes use of complex sinusoids, it is very demanding on
computational processing. Using the direct method of computation requires N complex
multiplications and additions per bin and for N binsit means that the computation effort is
proportional to N* After realising that the complex sinusoid was periodic with N, mathematicians
(notably Carl Runge 1856-1927) further simplified the method and reduced the computational
effort. This method lay dormant until it was revived by Cooley and Tukey during the 1960's. It is
known as the Fast Fourier Transform or FFT and isin common use on many microcomputers.
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When using a system of blocks of datafor analysis, there exists discontinuities a both the
beginning and end of the blocks which cause unexpected spectral components to appear in the
output. One way of alleviating this problem is to increase the number of bins which, unfortunately,
complicates the decission as to which bin the result is to be allocated. To minimise that problem use
Is made of atechnique called windowing. The data block is multiplied by a window function which
removes the sharp transitions in the envelope after which it is processed in the normal way. The best
known and used window functions are the Triangular, Blackman, Hamming, Hanning and the
Rectangular. Using arectangular window isthe same as not using awindow at all whileal the
others have a shaping effect. The spectra of these windows all resemble that of alow-pass filter and
are often used to design such filters. The diagram below shows the shape of the Hanning window.

1.0

0.5

Hanning (or Cosine bell or Cos?) Window
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