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BINARY NUMBER SYSTEM

Introduction

The number system that you are familiar with, that you use every day,
Is the decimal number system, also commonly referred to as the base-10
system. When you perform computations such as 3+ 2 =5, or 21 — 7 = 14,
you are using the decimal number system. This system, which you likely
learned in first or second grade, is ingrained into your subconscious; it’s the
natural way that you think about numbers. Evidence exists that Egyptians were
using a decimal number system five thousand years ago. The Roman numeral
system, predominant for hundreds of years, was also a decimal number system
(though organized differently from the Arabic base-10 number system that we
are most familiar with). Indeed, base-10 systems, in one form or another, have
been the most widely used number systems ever since civilization started
counting.

In dealing with the inner workings of a computer, though, you are going
to have to learn to think in a different number system, the binary number
system, also referred to as the base-2 system.

Consider a child counting a pile of pennies. He would begin: “One, two,
three, ..., eight, nine.” Upon reaching nine, the next penny counted makes the
total one single group of ten pennies. He then keeps counting: “One group of
ten pennies... two groups of ten pennies. .. three groups of ten pennies ... eight
groups of ten pennies ... nine groups of ten pennies...” Upon reaching nine
groups of ten pennies plus nine additional pennies, the next penny counted
makes the total thus far: one single group of one hundred pennies. Upon
completing the task, the child might find that he has three groups of one
hundred pennies, five groups of ten pennies, and two pennies left over: 352
pennies.

More formally, the base-10 system is a positional system, where the
rightmost digit is the ones position (the number of ones), the next digit to the
left is the tens position (the number of groups of 10), the next digit to the left
Is the hundreds position (the number of groups of 100), and so forth. The base-
10 number system has 10 distinct symbols, or digits (0, 1, 2, 3,...8, 9). In
decimal notation, we write a number as a string of symbols, where each
symbol is one of these ten digits, and to interpret a decimal number, we
multiply each digit by the power of 10 associated with that digit’s position.
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For example, consider the decimal number: 6349. This number is:
6349 =6-10°+3-10°+4 -10' +9 -10°

t11

10° 10” 10’ 10"
position position position position
(1.e., thousands position) (1.e., hundreds position) (i.e., tens position)  (i.e., ones position)

Consider: Computers are built from transistors, and an individual transistor
can only be ON or OFF (two options). Similarly, data storage devices can be
optical or magnetic. Optical storage devices store data in a specific location by
controlling whether light is reflected off that location or is not reflected off that
location (two options). Likewise, magnetic storage devices store data in a specific
location by magnetizing the particles in that location with a specific orientation.
We can have the north magnetic pole pointing in one direction, or the opposite
direction (two options).

Computers can most readily use two symbols, and therefore a base-2
system, or binary number system, is most appropriate. The base-10 number
system has 10 distinct symbols: 0, 1, 2, 3, 4, 5, 6, 7, 8 and 9. The base-2 system
has exactly two symbols: 0 and 1. The base-10 symbols are termed digits. The
base-2 symbols are termed binary digits, or bits for short. All base-10 numbers
are built as strings of digits (such as 6349). All binary numbers are built as strings
of bits (such as 1101). Just as we would say that the decimal number 12890 has
five digits, we would say that the binary number 11001 is a five-bit number.

2 The Binary Number System

Consider again the example of a child counting a pile of pennies, but this
time in binary.

He would begin with the first penny: “1.” The next penny counted makes the total
one single group of two pennies. What number is this?

When the base-10 child reached nine (the highest symbol in his scheme),
the next penny gave him “one group of ten”, denoted as 10, where the “1”
indicated one collection of ten.

Similarly, when the base-2 child reaches one (the highest symbol in his scheme),

the next penny gives him “one group of two”, denoted as 10, where the “1”
indicates one collection of two.
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Back to the base-2 child: The next penny makes one group of two pennies
and one additional penny: “11.” The next penny added makes two groups of two,
which is one group of 4: “100.” The “1” here indicates a collection of two groups
of two, just as the “1” in the base-10 number 100 indicates ten groups of ten.

Upon completing the counting task, base -2 child might find that he has
one group of four pennies, no groups of two pennies, and one penny left over:
101 pennies. The child counting the same pile of pennies in base-10 would
conclude that there were 5 pennies. So, 5 in base-10 is equivalent to1 01 in base-
2. To avoid confusion when the base in use if not clear from the context, or when
using multiple bases in a single expression, we append a subscript to the number
to indicate the base, and write:

510=101,

Just as with decimal notation, we write a binary number as a string of
symbols, but now each symbol isa 0 ora 1. To interpret a binary number, we
multiply each digit by the power of 2 associated with that digit’s position.

For example, consider the binary number 1101. This number is:

1101 =r2¥sr:2%+0: 2¥+1 2% =135

ik

l

I 0

3

5
2 2" 2 2
position position position position
(1.e., eights position) (1.e., fours position) (1.e., twos position) (1.e., ones position)

Since binary numbers can only contain the two symbols 0 and 1, numbers
such as 25 and 1114000 cannot be binary numbers.

We say that all data in a computer is stored in binary—that is, as 1’s and
0’s. It is important to keep in mind that values of 0 and 1 are logical values, not
the values of a physical quantity, such as a voltage. The actual physical binary
values used to store data internally within a computer might be, for instance, 5
volts and O volts, or perhaps 3.3 volts and 0.3 volts or perhaps reflection and no
reflection. The two values that are used to physically store data can differ within
different portions of the same computer. All that really matters is that there are
two different symbols, so we will always refer to themas 0 and 1.
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A string of eight bits (such as 11000110) is termed a byte. A collection of
four bits (such as 1011) is smaller than a byte, and is hence termed a nibble. (This
Is the sort of nerd-humor for which engineers are famous.)

The idea of describing numbers using a positional system, as we have illustrated
for base-10 and base-2, can be extended to any base. For example, the base-4
number 231 is:

231 =2-42+3-4"+1-4° =45,

i

l |

position position position
(1.e., sixteens position) (1.e., fours position) (1.e., ones position)

3 Converting Between Binary Numbers and Decimal
Numbers

We humans about numbers using the decimal number system, whereas computers
use the binary number system. We need to be able to readily shift between the
binary and decimal number representations.

Converting a Binary Number to a Decimal Number

To convert a binary number to a decimal number, we simply write the binary
number as a sum of powers of 2. For example, to convert the binary
number 1011 to a decimal number, we note that the rightmost position is the
ones position and the bit value in this position is a 1. So, this rightmost bit has
the decimal value of 1-2°. The next position to the left is the twos position, and
the bit value in this position is also a 1. So, this next bit has the decimal value of
1- 2. The next position to the left is the fours position, and the bit value in this
position is a 0. The leftmost position is the eights position, and the bit value in
this position is a 1. So, this leftmost bit has the decimal value of 1-23. Thus:

1011 =1+2+02%+1+2"+1+2% =g+2+1 =11

1. The binary number 110110 as a decimal number. Solution:
For example, to convert the binary number 10101 to decimal, we annotate
the position values below the bit values:
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16

o0 IO
(3 ] ()

1 01
4 1

Then we add the position values for those positions that have a bit value of
1:16 +4 +1=21. Thus

101012= 2110

You should “memorize” the binary representations of the decimal digits 0 through
15 shown below.

Decimal Number Binary Number Decimal Number Binary Number
0 0000 8 1000
1 0001 9 1001
2 0010 10 1010
3 0011 11 1011
4 0100 12 1100
5 0101 13 1101
6 0110 14 1110
7 0111 15 1111

You may be wondering about the leading zeros in the table above. For
example, the decimal number 5 is represented in the table as the binary number
0101. We could have represented the binary equivalent of 5 as 101, 00101,
0000000101, or with any other number of leading zeros. All answers are correct.

Sometimes, though, you will be given the size of a storage location. When you
are given the size of the storage location, include the leading zeros to show all
bits in the storage location. For example, if told to represent decimal 5 as an 8-bit
binary number, your answer should be 00000101.

Converting a Decimal Number to a Binary Number: Method 2
The second method of converting a decimal number to a binary number
entails repeatedly dividing the decimal number by 2, keeping track of the

remainder at each step. To convert the decimal number x to binary:

Step 1. Divide x by 2 to obtain a quotient and remainder. The remainder will
be 0 or 1.

Step 2. If the quotient is zero, you are finished: Proceed to Step 3. Otherwise,

go back to Step 1, assigning x to be the value of the most-recent
quotient from Step 1.
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Step 3. The sequence of remainders forms the binary representation of the
number.

4 Hexadecimal Numbers

In addition to binary, another number base that is commonly used in digital
systems is base 16. This number system is called hexadecimal, and each digit
position represents a power of 16. For any number base greater than ten, a
problem occurs because there are more than ten symbols needed to represent the
numerals for that number base. It is customary in these cases to use the ten
decimal numerals followed by the letters of the alphabet beginning with A to
provide the needed numerals. Since the hexadecimal system is base 16, there are
sixteen numerals required. The following are the hexadecimal numerals:

0,1,23,4,56,7,89 A B,C,D,EF
The following are some examples of hexadecimal numbers:
1016 4716 3 FA16 A03 F]_G

The reason for the common use of hexadecimal numbers is the relationship
between the numbers 2 and 16. Sixteen is a power of 2 (16 = 2¢). Because of this
relationship, four digits in a binary number can be represented with a single
hexadecimal digit. This makes conversion between binary and hexadecimal
numbers very easy, and hexadecimal can be used to write large binary numbers
with much fewer digits. When working with large digital systems, such as
computers, it is common to find binary numbers with 8, 16 and even 32 digits.
Writing a 16 or 32 bit binary number would be quite tedious and error prone. By
using hexadecimal, the numbers can be written with fewer digits and much less
likelihood of error.

To convert a binary number to hexadecimal, divide it into groups of four digits
starting with the rightmost digit. If the number of digits isn’t a multiple of 4,
prefix the number with 0’s so that each group contains 4 digits. For each four
digit group, convert the 4 bit binary number into an equivalent hexadecimal digit.
(See the Binary, BCD, and Hexadecimal Number Tables at the end of this
document for the correspondence between 4 bit binary patterns and hexadecimal
digits)

2. Convert the binary number 10110101 to a hexadecimal number
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Divide into groups for 4 digits 1011 0101
Convert each group to hex digit B 5
B5is

3. Convert the binary number 0110101110001100 to hexadecimal

Divide into groups of 4 digits 0110 1011 1000 1100
Convert each group to hex digit 6 B 8§ C

6B8C)4

To convert a hexadecimal number to a binary number, convert each
hexadecimal digit into a group of 4 binary digits.

4. Convert the hex number 374F into binary

3 7 4 F
Convert the hex digits to binary 001101110100 1111

0011011101001111;

There are several ways in common use to specify that a given number is in
hexadecimal representation rather than some other radix. In cases where the
context makes it absolutely clear that numbers are represented in hexadecimal,
no indicator is used. In much written material where the context doesn’t make it
clear what the radix is, the numeric subscript 16 following the hexadecimal
number is used. In most programming languages, this method isn’t really feasible,
so there are several conventions used depending on the language. In the C and
C++ languages, hexadecimal constants are represented with a ‘0x” preceding the
number, as in: 0x317F, or 0x1234, or OxAF. In assembler programming
languages that follow the Intel style, a hexadecimal constant begins with a
numeric character (so that the assembler can distinguish it from a variable name),
a leading ‘0’ being used if necessary. The letter ‘h’ is then suffixed onto the
number to inform the assembler that it is a hexadecimal constant. In Intel style
assembler format: 371Fh and

OFABCh are valid hexadecimal constants. Note that: A37h isn’t a valid
hexadecimal constant. It doesn’t begin with a numeric character, and so will be
taken by the assembler as a variable name. In assembler programming languages
that follow the Motorola style, hexadecimal constants begin with a ‘$’ character.
So in this case: $371F or $FABC or $01 are valid hexadecimal constants.

5 Binary Coded Decimal Numbers
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Another number system that is encountered occasionally is Binary Coded
Decimal. In this system, numbers are represented in a decimal form, however
each decimal digit is encoded using a four bit binary number.

The decimal number 136 would be represented in BCD as follows: 136 = 0001
0011 0110
1 3 6

Conversion of numbers between decimal and BCD is quite simple. To
convert from decimal to BCD, simply write down the four bit binary pattern for
each decimal digit. To convert from BCD to decimal, divide the number into
groups of 4 bits and write down the corresponding decimal digit for each 4 bit

group.

There are a couple of variations on the BCD representation, namely packed
and unpacked. An unpacked BCD number has only a single decimal digit stored
in each data byte. In this case, the decimal digit will be in the low four bits and
the upper 4 bits of the byte will be 0. In the packed BCD representation, two
decimal digits are placed in each byte. Generally, the high order bits of the data
byte contain the more significant decimal digit.

6. The following is a 16 bit number encoded in packed BCD format:
01010110 10010011
This is converted to a decimal number as follows: 0101 0110 1001 0011
569 3 The value is 5693 decimal
7. The same number in unpacked BCD (requires 32 bits)
00000101 00000110 00001001 00000011
5 6 9 3
The use of BCD to represent numbers isn’t as common as binary in most
computer systems, as it is not as space efficient. In packed BCD, only 10 of the
16 possible bit patterns in each 4 bit unit are used. In unpacked BCD, only 10 of
the 256 possible bit patterns in each byte are used. A 16 bit quantity can represent
the range 0-65535 in binary, 0-9999 in packed BCD and only 0-99 in unpacked
BCD.

Fixed Precision and Overflow
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we haven’t considered the maximum size of the number. We have assumed
that as many bits are available as needed to represent the number. In most
computer systems, this isn’t the case. Numbers in computers are typically
represented using a fixed number of bits. These sizes are typically 8 bits, 16 bits,
32 bits, 64 bits and 80 bits. These sizes are generally a multiple of 8, as most
computer memories are organized on an 8 bit byte basis. Numbers in which a
specific number of bits are used to represent the value are called fixed precision
numbers. When a specific number of bits are used to represent a number, that
determines the range of possible values that can be represented. For example,
there are 256 possible combinations of 8 bits, therefore an 8 bit number can
represent 256 distinct numeric values and the range is typically considered to be
0-255. Any number larger than 255 can’t be represented using 8 bits. Similarly,

16 bits allows a range of 0-65535.

When fixed precision numbers are used, (as they are in virtually all computer
calculations) the concept of overflow must be considered. An overflow occurs
when the result of a calculation can’t be represented with the number of bits
available. For example when adding the two eight bit quantities: 150 + 170, the
result is 320. This is outside the range 0-255, and so the result can’t be represented
using 8 bits. The result has overflowed the available range. When overflow
occurs, the low order bits of the result will remain valid, but the high order bits
will be lost. This results in a value that is significantly smaller than the correct
result.

When doing fixed precision arithmetic (which all computer arithmetic
involves) it is necessary to be conscious of the possibility of overflow in the
calculations.

Signed and Unsigned Numbers.

we have only considered positive values for binary numbers. When a fixed
precision binary number is used to hold only positive values, it is said to be
unsigned. In this case, the range of positive values that can be represented is 0 --
2"-1, where n is the number of bits used. It is also possible to represent signed
(negative as well as positive) numbers in binary. In this case, part of the total
range of values is used to represent positive values, and the rest of the range is
used to represent negative values.

There are several ways that signed numbers can be represented in binary,

but the most common representation used today is called two’s complement. The
term two’s complement is somewhat ambiguous, in that it is used in two different
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ways. First, as a representation, two’s complement is a way of interpreting and
assigning meaning to a bit pattern contained in a fixed precision binary quantity.
Second, the term two’s complement is also used to refer to an operation that can
be performed on the bits of a binary quantity. As an operation, the two’s
complement of a number is formed by inverting all of the bits and adding 1. In a
binary number being interpreted using the two’s complement representation, the
high order bit of the number indicates the sign. If the sign bit is 0, the number is
positive, and if the sign bit is 1, the number is negative. For positive numbers, the
rest of the bits hold the true magnitude of the number. For negative numbers, the
lower order bits hold the complement (or bitwise inverse) of the magnitude of the
number. It is important to note that two’s complement representation can only be
applied to fixed precision quantities, that is, quantities where there are a set
number of bits.

Two’s complement representation IS used because it reduces the
complexity of the hardware in the arithmetic-logic unit of a computer’s CPU.
Using a two’s complement representation, all of the arithmetic operations can be
performed by the same hardware whether the numbers are considered to be
unsigned or signed. The bit operations performed are identical, the difference
comes from the interpretation of the bits. The interpretation of the value will be
different depending on whether the value is considered to be unsigned or signed.

8. Find the 2’s complement of the following 8 bit number

00101001

11010110 First, invert the bits
+ 00000001 Then, add 1
= 11010111

The 2’s complement of 00101001 is 11010111
9. Find the 2’s complement of the following 8 bit number 10110101

01001010 Invert the bits
+ 00000001 then add 1
=01001011

The 2’s complement of 10110101 is 01001011

The counting sequence for an eight bit binary value using 2’s complement
representation appears as follows:
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largest magnitude  positive
O1111111 7Fh 127  number
01111110 7Eh 126
01111101 7Dh 125

00000011 03h
00000010 02h
00000001 01h
00000000 00h
IT111111 OFFh -1
11111110 OFEh -2
11111101 OFDh -3

10000010  82h  -126
10000001  81h  -127
10000000 80h  -128largest magnitude negative number

Counting up from 0, when 127 is reached, the next binary pattern in the
sequence corresponds to -128. The values jump from the greatest positive number
to the greatest negative number, but that the sequence is as expected after that.
(i.e. adding 1 to —128 yields —127, and so on.). When the count has progressed to
OFFh (or the largest unsigned magnitude possible) the count wraps around to O.
(i.e. adding 1 to —1 yields 0).

ASCII Character Encoding

The name ASCII is an acronym for: American Standard Code for Information
Interchange. It is a character encoding standard developed several decades ago to
provide a standard way for digital machines to encode characters. The ASCII
code provides a mechanism for encoding alphabetic characters, numeric digits,
and punctuation marks for use in representing text and numbers written using the
Roman alphabet. As originally designed, it was a seven bit code. The seven bits
allow the representation of 128 unique characters. All of the alphabet, numeric
digits and standard English punctuation marks are encoded. The ASCII standard
was later extended to an eight bit code (which allows 256 unique code patterns)
and various additional symbols were added, including characters with diacritical
marks (such as accents) used in European languages, which don’t appear in
English. There are also numerous non-standard extensions to ASCII giving
different encoding for the upper 128 character codes than the standard. For
example, The character set encoded into the display card for the original IBM PC
had a non-standard encoding for the upper character set. This is a non-standard
extension that is in very wide spread use, and could be considered a standard in
itself.
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important things to points about ASCII code:

The numeric digits, 0-9, are encoded in sequence starting at 30h The
upper case alphabetic characters are sequential beginning at 41h The
lower case alphabetic characters are sequential beginning at 61h

The first 32 characters (codes 0-1Fh) and 7Fh are control characters.
They do not have a standard symbol (glyph) associated with them. They
are used for carriage control, and protocol purposes. They include ODh
(CR or carriage return), 0Ah (LF or line feed), OCh (FF or form feed),
08h (BS or backspace).

Most keyboards generate the control characters by holding down a
control key (CTRL) and simultaneously pressing an alphabetic
character key. The control code will have the same value as the lower
five bits of the alphabetic key pressed. So, for example, the control
character ODh is carriage return. It can be generated by pressing CTRL-
M. To get the full 32 control characters a few at the upper end of the
range are generated by pressing CTRL and a punctuation key in
combination. For example, the ESC (escape) character is generated by
pressing CTRL-[ (left square bracket).

Conversions Between Upper and Lower Case ASCII Letters.

ASCII code chart that the uppercase letters start at 41h and that the lower

case letters begin at 61h. In each case, the rest of the letters are consecutive and
in alphabetic order. The difference between 41h and 61h is 20h. Therefore the
conversion between upper and lower case involves either adding or subtracting
20h to the character code. To convert a lower case letter to upper case, subtract
20h, and conversely to convert upper case to lower case, add 20h. It is important
to note that you need to first ensure that you do in fact have an alphabetic
character before performing the addition or subtraction. Ordinarily, a check
should be made that the character is in the range 41h-5Ah for upper case or 61h-
7Ah for lower case.

Conversion Between ASCII and BCD

ASCII code chart that the numeric characters are in the range 30h-39h.
Conversion between an ASCII encoded digit and an unpacked BCD digit can be
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accomplished by adding or subtracting 30h. Subtract 30h from an ASCII digit to
get BCD, or add 30h to a BCD digit to get ASCII. Again, as with upper and lower
case conversion for alphabetic characters, it is necessary to ensure that the
character is in fact a numeric digit before performing the subtraction. The digit
characters are in the range 30h-39h.

LOGIC GATES

All digital systems are made from a few basic digital circuits that we call
logic gates. These circuits perform the basic logic functions that we will describe
in this session. The physical realization of these logic gates has changed over the
years from mechanical relays to electronic vacuum tubes to transistors to
integrated circuits containing thousands of transistors.

In this appendix you will learn:
Definitions of the basic gates in terms of truth tables and logic equations
DeMorgan's Theorem

How gates defined in terms of positive and negative logic are related To
use multiple-input gates

How to perform a sum of products and a product of sums design from a
truth table specification

1 The Three Basic Logic Gates

Much of a computer’s hardware is comprised of digital logic circuits. Digital
logic circuits are built from just a handful of primitive elements, called logic
gates, combined in various ways.

In a digital logic circuit, only two values may be present. The values may be
—5 and + 5 volts. Or the values may be 0.5 and 3.5 volts. Or the values may be...
you get the picture. To allow consideration of all of these possibilities, we will
say that digital logic circuits allow the presence of two logical values: 0 and 1.

So, signals in a digital logic circuit take on the values of 0 or 1. Logic gates
are devices which compute functions of these binary signals.
The AND Gate

Consider the circuit below which consists of a battery, a light, and two switches
In series:
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Switch S1 Switch §2

Light

When will the light turn on? It should be clear that the light will turn on only
If both switch S1 and switch S2 are shut.

It is quite likely that you encounter the and operation in some shape or form
hundreds of times each day. Consider the simple action of withdrawing funds
from your checking account at an ATM. You will only be able to complete the
transaction if you have a checking account and you have money in it. The ATM
will only permit the transaction if you have your ATM card and you enter your
correct 4-digit PIN. To enter the correct PIN, you have to enter the first digit
correctly and enter the second digit correctly and enter the third digit correctly
and enter the fourth digit correctly.

Returning to the circuit above, we can represent the light's operation using a table:

S1 S2 Light
open | open off
open | closed off
closed | open off
closed| closed on

The switch is a binary device: it can be open or closed. Let’s represent these two
states as 0 and 1. Likewise, the light is a binary device with two states: off and
on, which we will represent as 0 and 1. Rewriting the table above with this
notation, we have:

S1 | s2 || Light
0 0 0
0 1 0
l 0 0
1 1 1

This table, which displays the output for all possible combinations of the input,
is termed the truth table for the AND operation. In a computer, this and
functionality is implemented with a circuit called an AND gate. The simplest
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AND gate has two inputs and one output and is represented pictorially by the

symbol:
a —
)_ c
b —

where the inputs have been labeled a and b, and the output has been
labeled c. If both inputs are 1 then the output is 1. Otherwise, the output is O.

We represent the and operation by using either the multiplication symbol
(i.e., “ - ) or by writing the inputs together. Thus, for the AND gate shown above,
we would write the output c as ¢ =a b or as ¢ = ab. This would be pronounced:
“c=aandb.”

The truth table for the AND gate is shown below. The output ¢ = ab is equal
to 1 if and only if (iff) ais 1 and b is 1. Otherwise, the output is 0.

a b c
0 0 0
0 1 0
1 0 0
1 1 1

AND gates can have more than one input (however, an AND gate always has just
a single output). Let’s consider a three-input AND gate:

w
X P4
Y

|11

w x ¥y z
0 0 0
0 0 1
0 1 0
0 1 I
1 0 0
1 0 1
1 1 0
1 1 1
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The OR Gate
Now consider the circuit shown below, that has 2 switches in parallel.
LN | Switch S1
" Switch 82 [+
Light

It is evident that the light will turn on when either switch S is shut
or switch S;is shut or both are shut.

It is quite likely that you encounter the or operation in some shape or form
hundreds of times each day. Consider the simple action of sitting on your couch
at home at two in the morning studying for your Digital Logic class. Your phone
will ring if you get a call from Alice or from Bob. Your home’s security alarm
will go off if the front door opens or the back door opens. You will drink a cup
of coffee if you are drowsy or you are thirsty.

We can represent the light's operation using a table

Sl S2 Light
open | open off
open | closed on
closed | open on
closed| closed on

Changing the words open and off to 0 and the words shut and on to 1 and the table
becomes:

I | S2| Light

S S L
0 0 0
0 1 1
1 0 1
1 1 1
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This is the truth table for the OR operation. This or functionality is implemented
with a circuit called an OR gate. The simplest OR gate has two inputs and one
output and is represented pictorially by the symbol:

C

bt A

If either or both inputs are 1, the output is 1. Otherwise, the output is O.

We represent the or operation by using the addition symbol. Thus, for the
OR gate above, we would write the output ¢ as ¢ = a + b. This would be
pronounced: “c =aorb.”

The truth table for the OR gate is shown below. The outputis 1 if ais
1 or b is 1; otherwise, the output is 0.

a b c

0 0
0 1
1 0
1 1

The NOT Gate

The last of our basic logic gates is the NOT gate. The NOT gate always has
one input and one output. If the input is 1, the output is 0. If the input is 0, the
output is 1. This operation— chaging the value of the binary input—is called
complementation, negation or inversion. The mathematical symbol for negation
Is an apostrophe. If the input to a NOT gate is P, the output, termed the
complement, is denoted as P .

The pictorial symbol for a NOT gate is intended to depict an amplifier

followed by a bubble, shown below. Sometimes the NOT operation is represented
by just the bubble, without the amplifier.
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The truth table for the NOT gate is shown below:

Three New Gates

Three new gates, NAND, NOR, and Exclusive-OR, can be formed from our three
basic gates: NOT, AND, and OR.

NAND Gate

The logic symbol for a NAND gate is like an AND gate with a small circle (or
bubble) on the output.we see that the output of a NAND gate is 0 (low) only if
both inputs are 1 (high) . The NAND gate is equivalent to an AND gate followed
by an inverter (NOT-AND).

NAND ;( ;I 12
=D
- amw 1 0 1
Z=~(X&Y) 1 10
NOT-AND ! ., e
W— W z 0 ofo1
Yo 0 1|01
1 00| 1
W=X&Y ¢ 9|l ql
Z=~W=~(X&Y) =
NOR Gate
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The logic symbol for a NOR gate is like an OR gate with a small circle (or bubble)
on the output. From the truth table .we see that the output of a NOR gate is 1
(high) only if both inputs are 0 (low). The NOR gate is equivalent to an OR gate
followed by an inverter (NOT-OR), as shown by the two truth tables.

o EAIES

0 0 ' 1
> T
v 10 0
Z=~(X|Y) 11 0
NOT-OR o | e
X W z 0001
Y o110
1 0|1]o0
W=X1Y 1 1]11]o0
Z=W =~X|Y)

Exclusive-OR Gate.

The XOR gate logic symbol is like an OR gate symbol with an extra curved
vertical line on the input. From the truth table .we see that the output Z of an XOR
gate is 1 (true or high) if either input, X orY, is 1 (true or high), but not both. The
output Z will be zero if both X and Y are the same (either both 1 or both 0).

The equation for the XOR gate is given as Z = X M Y. In this book we will use
the symbol ~ as the XOR operator. Sometimes the symbol or the dollar sign $ is
used to denote Exclusive-OR. We will use the symbol ” because that is the symbol
recognized by the Verilog software used to program a CPLD.
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< X

N
—‘—-‘OOX
- O = O] <
O = =0O|N

Z=X"Y
X
vy -
X Y| ~X~YFX&Y X&-~Y| Z
NoX& Y 0 0 1. F1 0 0 0
Z 0 1 1 9] 1 0 1
f ¢l & %9 1 1
1 X & ~Y ; 0 0| o 0 0
m}

X~X Y ~Y
Z=(~X&Y)|(X&~Y)

BOOLEAN ALGEBRA

Boolean algebra is an algebraic structure defined by a set of elements, B, together
with two binary operators, + and., provider that the following postulates are
satisfied.

T1: Commutative Law
(@A+B = B+A
(b) A B=BA

T2: Associative Law
(@) (A+B) +C = A+ (B+C)

(b) (AB)C=A (B C)

T3: Distributive Law
@AB+C)=AB+AC
(b) A+ (BC)=(A+B) (A+C)

T4: Identity Law
(@) A+tA =A
(b)A A=A

T5: Negative Law

(a) (A7) =A
(b) (A)=A
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T6: Redundant Law
(a) A+AB=A
(b)A (A +B) =A
T7: Null Law

@0+A=A
b1A=A

c©1+A=1
(dOA=0
T8: Double Negation Law
(@) A’ +A=1
(b) A” A=0
T9: Absorption Law
(@) A+A’B =A+B
(b)A (A’ +B)=AB

T10: De Morgan's Theorem
(a) (A+B)Y =A’ B’

(b) (AB)’ = A’+B’
Example 1:
Using theorems,
A+A’B=A1+A’B
=A(+B)+AB
=A+AB+ A’B
=A+B(A+A)

=A+B

Using Truth Table
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Using Truth Table
A B A+B A’B A+A'B
0 0 0 0 0

0 1 1 1 1
I 0 1 0 1
I 1 1 0 1

1 Verification Of De Morgan's Theorems:
» De Morgan's First Theorem states:

The complement of a product of variables is equal to the sum of the
complements of the individual variables

« De Morgan's Second Theorem states:

The complement of sum of variables is equal to the product of the
complements of the dividable variables
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* FIRSTLAW

A—5 — A s
ga 2 BB B:[::)*‘ A +B

Figure: De Morgan’s First Law
* SECONDLAW
A+B=AB

T>w  H)a

Figure: De Morgan’s Second Law

ADDER
1 Half Adder

Half adder is a circuit that will add two bits & produce a sum & a carry bit. It
needs two input bits & two output bits.Fig.4.1 shows the block diagram of a half

adder.
E— >
A HALF ADDER SUM
B » ' > CARRY

Figure: Block diagram of a Half Adder

Ex-OR gate will only produce an output "1" when "EITHER" input is at logic
"1", so we need an additional output to produce a carry output, "1" when "BOTH"
inputs "A" and "B" are at logic "1" and a standard AND Gate fits the bill nicely.
By combining the Ex-OR gate with the AND gate results in a simple digital binary
adder circuit known commonly as the "Half Adder" circuit.
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INPUTS OUTPUTS
A A B SUM | CARRY

B ) 5 S 0 0 0 0

0 1 1 0

} Carry 1 0 | 0

1 1 0 I

Figure: Logic diagram & Truth table for half adder
2 Full Adder

A half adder has only two inputs &there is no provision to add a carry coming
from the lower order bits when multi addition is performed. For this purpose, a

full adder is designed.

- -

A SUM

é‘ #
B FULLADDER
—Cin e CARRY

Figure: Block diagram of a Half Adder
The 1-bit Full Adder circuit is basically two half adders connected together and
consists of three Ex-OR gates, two AND gates and an OR gate, six logic gates in
total. The truth table for the full adder includes an additional column to take into
account the Carry-in input as well as the summed output and carry-output.
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A L
™3 4 6 AMB® C
7486H TR
= fﬂf/ 7@%j;/ SUM
1
3
74088 D— 4

6 1
5 _jga::AB+BC+AC
2

B 3 CARRY

Figure: Logic diagram of a Full adder using two Half Adders

Table: Truth Table for Full Adder
Table: Truth Table for Full Adder

INPUTS OUTPUTS
A B C CARRY SUM
(8] 0 0 0 Q
0 0 1 Q 1
Q 1 0 Q 1
0 1 1 1 0
1 8] (8] Q 1
1 0 1 1 0
1 1 (8] 1 0
1 1 1 1 1
FLIP FLOP
1 RS Flip Flop

RS Flip Flop have two inputs, S and R. S is called set and R is called reset. The
S input is used to produce HIGH on Q ( i.e. store binary 1 in flip-flop). The R
input is used to produce LOW on Q (i.e. store binary 0 in flip-flop). Q' is Q
complementary output, so it always holds the opposite value of Q. The output of
the S-R Flip Flop depends on current as well as previous inputs or state, and its
state (value stored) can change as soon as its inputs change. The circuit and the
truth table of RS Flip Flop is shown below.
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Figure : RS Flip Flop

Table: Truth table for RS Flip Flop

S R Q Q+
| 0 ] o Jo | 0 |

0 0 I 1

0 I X 0
|t Jo X ] 1 |
1 X

1 0

The operation has to be analyzed with the 4 inputs combinations together with

the 2 possible previous states.

WhenS=0and R =0: If we assume Q = 1 and Q' = 0 as initial condition,
then output Q after input is applied would be Q = (R+ Q’)'=1and Q'=(S
+ Q) = 0. Assuming Q = 0 and Q' = 1 as initial condition, then output Q
after the input applied wouldbe Q=(R+Q")'=0and Q'=(S+Q)'=1. So
it is clear that when both S and R inputs are LOW, the output is retained as
before the application of inputs. (i.e. there is no state change).

When S=1and R =0: If we assume Q = 1 and Q' = 0 as initial condition,
then output Q after input is applied wouldbe Q = (R+ Q’)'=1and Q'=(S
+ Q)'= 0. Assuming Q = 0 and Q' = 1 as initial condition, then output Q
after the input applied wouldbe Q=(R+Q")'=1and Q'=(S+ Q)'=0. So
in simple words when S is HIGH and R is LOW, output Q is HIGH.

WhenS=0and R = 1: If we assume Q = 1 and Q' = 0 as initial condition,
then output Q after input is applied wouldbe Q = (R+Q)'=0and Q' = (S
+ Q)' = 1. Assuming Q = 0 and Q' =1 as initial condition, then output Q
after the input applied wouldbe Q=(R+Q")'=0and Q'=(S+Q)'=1. So
in simple words when S is LOW and R is HIGH, output Q is LOW.

When S =1 and R =1 : No matter what state Q and Q' are in, application
of 1 at input of NOR gate always results in 0 at output of NOR gate, which
results in both Q and Q' setto LOW (i.e. Q = Q'). LOW in both the outputs
basically is wrong, so this case is invalid.

www.BrainKart.com


http://www.brainkart.com/subject/Basic-Electrical-and-Electronics-and-Measurement-Engineering_280/

Click Here for full study material.

It is possible to construct the RS Flip Flop using NAND gates (of course as
seen in Logic gates section). The only difference is that NAND is NOR gate dual
form (Did | say that in Logic gates section?). So in this casethe R=0and S=0
case becomes the invalid case. The circuit and Truth table of RS Flip Flop using
NAND is shown below.

)

s D o

Figure : S-R using NAND Gates
Table Truth table for SR Flip Flop

If you look closely, there is no control signal, so this kind of Flip Flopes
or flip-flops are called asynchronous logic elements. Since all the sequential
circuits are built around the RS Flip Flop, we will concentrate on synchronous
circuits and not on asynchronous circuits.

2 RS Flip Flop with Clock

We have seen this circuit earlier with two possible input configurations: one with
level sensitive input and one with edge sensitive input. The circuit below shows
the level sensitive RS Flip Flop. Control signal "Enable™ E is used to gate the
input S and R to the RS Flip Flop. When Enable E is HIGH, both the AND gates
act as buffers and thus R and S appears at the RS Flip Flop input and it functions
like a normal RS Flip Flop. When Enable E is LOW, it drives LOW to both inputs
of RS Flip Flop. As we saw in previous page, when both inputs of a NOR Flip
Flop are low, values are retained (i.e. the output does not change).
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Figure : S-R with Edge Sensitive and Level sensitive

Set up and Hold time

For synchronous flip-flops, we have special requirements for the inputs
with respect to clock signal input. They are

Setup Time: Minimum time period during which data must be stable
before the clock makes a valid transition. For example, for a posedge
triggered flip-flop, with a setup time of 2 ns, Input Data (i.e. R and S in the
case of RS flip-flop) should be stable for at least 2 ns before clock makes
transition from O to 1.

Hold Time: Minimum time period during which data must be stable after
the clock has made a valid transition. For example, for a posed triggered
flip-flop, with a hold time of 1 ns. Input Data (i.e. R and S in the case of
RS flip-flop) should be stable for at least 1 ns after clock has made
transition from 0O to 1.

If data makes transition within this setup window and before the hold window,
then the flip-flop output is not predictable, and flip-flop enters what is known as
meta stable state. In this state flip-flop output oscillates between 0 and 1. It takes
some time for the flip-flop to settle down. The whole process is called Meta
stability. You could refer to tidbits section to know more information on this
topic. The waveform below shows input S (R is not shown), and CLK and output
Q (Q'"is not shown) for a SR posed flip-flop.
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S =

CLK

Figure: Waveform for S-R and CLK

Figure: Waveform for S-R and CLK

3 D Flip Flop

The RS Flip Flop seen earlier contains ambiguous state; to eliminate this
condition we can ensure that S and R are never equal. This is done by connecting
S and R together with an inverter. Thus we have D Flip Flop: the same as the RS
Flip Flop, with the only difference that there is only one input, instead of two (R
and S). This input is called D or Data input. D Flip Flop is called D transparent
Flip Flop for the reasons explained earlier. Delay flip-flop or delay latch is
another name used. Below is the truth table and circuit of D Flip Flop.

In real world designs (ASIC/FPGA Designs) only D latches/Flip-Flops are

used.
A
E
B Q'
D

Figure 2.12: D Flip Flop with Edge Sensitive and Level sensitive
Table: Truth table for D Flip Flop

[ > 1 ©° |
1 * |
[ 1 * |

Below is the D Flip Flop waveform, which is similar to the RS Flip Flop one, but
with R removed.
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Figure: D Flip Flop waveform
Figure: D Flip Flop waveform

5 JK Flip Flop

The ambiguous state output in the RS Flip Flop was eliminated in the D Flip Flop
by joining the inputs with an inverter. But the D Flip Flop has a single input. JK
Flip Flop is similar to RS Flip Flop in that it has 2 inputs J and K as shown Figurer
below. The ambiguous state has been eliminated here: when both inputs are high,
output toggles. The only difference we see here is output feedback to inputs,
which is not there in the RS Flip Flop.

k U . eg
e_[ '

J ' Q'
TP

Figure: JK Flip Flop
Table: Truth table for JK Flip Flop
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4 T Flip Flop

When the two inputs of JK Flip Flop are shorted, a T Flip Flop is formed. It is
called T Flip Flop as, when input is held HIGH, output toggles.

- L

Q

lo

-

Figure : T Flip Flop
Table: T Flip Flop

T | Q Q+

6 JK Master Slave Flip-Flop

All sequential circuits that we have seen in the last few pages have a
problem (All level sensitive sequential circuits have this problem). Before the
enable input changes state from HIGH to LOW (assuming HIGH is ON and LOW
Is OFF state), if inputs changes, then another state transition occurs for the same
enable pulse. This sort of multiple transition problem is called racing.

If we make the sequential element sensitive to edges, instead of levels, we
can overcome this problem, as input is evaluated only during enable/clock edges.
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J J Q J Q 9
E E
K K Qo K Qq Q

CLK >o—

Figure: JK Master Slave Flip Flop
Figure: JK Master Slave Flip Flop

In the Figure above there are two Flip Flop, the first Flip Flop on the left is called
master Flip Flop and the one on the right is called slave Flip Flop. Master Flip
Flop is positively clocked and slave Flip Flop is negatively clocked.

«Y
= ’ s
| O
& o )
X
Figure : JK Master Slave Flip Flop
Figure : JK Master Slave Flip Flop
COUNTERS

+ Counters are a specific type of sequential circuit.

* Like registers, the state, or the flip-flop values themselves, serves as the
“output.”

+ The output value increases by one on each clock cycle.

* After the largest value, the output “wraps around” back to 0.

Benefits of counters

+ Counters can act as simple clocks to keep track of “time.”
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* You may need to record how many times something has happened.
- How many bits have been sent or received?
- How many steps have been performed in some computation?
+ All processors contain a program counter, or PC.

- Programs consist of a list of instructions that are to be executed one
after another (for the most part).

- The PC keeps track of the instruction currently being executed.
- The PC increments once on each clock cycle, and the next program
instruction is then executed.

Counter Types
Asynchronous Counter (Ripple or Serial Counter)

Each FF is triggered one at a time with output of one FF serving as clock
input of next FF in the chain.

Synchronous Counter (a.k.a. Parallel Counter)

All the FF™ s in the counter are clocked at the same time.
Up Counter

Counter counts from zero to a maximum count.
Down Counter

Counter counts from a maximum count down to zero.
BCD Counter

Counter counts from 0000 to 1001 before it recycles.

Pre-settable Counter
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Counter that can be preset to any starting count either synchronously or
asynchronously

Ring Counter

Shift register in which the output of the last FF is connected back to the
input of the first FF.

Johnson Counter

Shift register in which the inverted output of the last FF is connected to the input
of the first FF.

1 Synchronous Counter

There is a problem with the ripple counter just discussed. The output stages
of the flip-flops further down the line (from the first clocked flip-flop) take time
to respond to changes that occur due to the initial clock signal. This is a result of
the internal propagation delay that occurs within a given flip-flop.

A standard TTL flip-flop may have an internal propagation delay of 30 ns.

If you join four flip-flops to create a MOD-16 counter, the accumulative
propagation delay at the highest-order output will be 120 ns. When used in high-
precision synchronous systems, such large delays can lead to timing problems.

To avoid large delays, you can create what is called a synchronous counter.
Synchronous counters, unlike ripple (asynchronous) counters, contain flip-flops
whose clock inputs are driven at the same time by a common clock line. This
means that output transitions for each flip-flop will occur at the same time. Now,
unlike the ripple counter, you must use some additional logic circuitry placed
between various flip-flop inputs and outputs to give the desired count waveform.

For example, to create a 4-bit MOD-16 synchronous counter requires
adding two additional AND gates, as shown below. The AND gates act to keep
a flip-flop in hold mode (if both input of the gate are low) or toggle mode (if
both inputs of the gate are high). So, during the 0—1 count, the first flip-flop is
in toggle mode (and always is); all the rest are held in hold mode. When it is
time for the 2—4 count, the first and second flip-flops are placed in toggle mode;
the last two are held in hold mode.

When it is time for the 4-8 count, the first AND gate is enabled, allowing

the third flip-flop to toggle. When it is time for the 8-15 count, the second AND
gate is enabled, allowing the last flip-flop to toggle
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MOD-16 synchronous counter

- ! I i I I
PRE PRE FRE PRE
J Q0 J O+ J O1+¢ J 0l
g . > P> _ D> _
— Amo — KfuzQ — AQRQ = A(LRQ
CLK 9] o ]
T
LL drade-by-2 divide-by-4 divide-by-8 divide-by-16 .
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Q, 0, Q; Q3
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0000 | 0001 | 0010 | 0011 | 0100 | 0101 | 0110 [ O111 | 1000 | 1001 | 1010 | 1011 | 1100 | 1101 | 1110 | 1111 | 0000 | 0001
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Figure: Mod 16 Synchronous Counters and Cycle Diagram

The ripple (asynchronous) and synchronous counters discussed so far are
simple but hardly ever used. In practice, if you need a counter, be it ripple or
synchronous, you go out and purchase a counter IC. These ICs are often MOD-
16 or MOD-10 counters and usually come with many additional features. For
example, many ICs allow you to preset the count to a desired number via parallel
input lines.

Synchronous Up /Down Counter

The down counter counts in reverse from 1111 to 0000 and then goes to
1111. If we inspect the count cycle, we find that each flip-flop will complement
when the previous flip- flops are all 0 (this is the opposite of the up counter).
The down counter can be implemented similar to the up counter, except that the
AND gate input is taken from Q’ instead of Q. This is shown in the following
Figure of a 4-bit up-down counter using T flip-flops.
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Figure: Synchronous Up /Down Counter
Figure: Synchronous Up /Down Counter

2 Asynchronous Up /Down Counter:

In certain applications, a counter must be able to count both up and down.
The circuit below is a 3-bit up-down counter. It counts up or down depending on
the status of the control signals UP and DOWN. When the UP input is at 1 and
the DOWN input is at 0, the NAND network between FFO and FF1 will gate the
non-inverted output (Q) of FFO into the clock input of FF1. Similarly, Q of FF1
will be gated through the other NAND network into the clock input of FF2. Thus
the counter will count up.

Qy ' Qy @y
U °
1 9 L | 1

7
D > B>
Ko @ Ko D K
FFO FF1 FF2

Down —
CLK

Figure: Asynchronous Up /Down Counter

When the control input UP is at 0 and DOWN is at 1, the inverted outputs
of FF,and FF,are gated into the clock inputs of FF.and FF,respectively. If the
flip-flops are initially y reset to 0's, then the counter will go through the following
sequence as input pulses are applied
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Notice that an asynchronous up-down counter is slower than an up counter
or a down counter because of the additional propagation delay introduced by
the NAND networks.

Design of Synchronous Counters

This section begins our study of designing an important class of clocked
sequential logic circuits-synchronous fi ni t e -state machines. Like all sequential
circuits, a finite-state machine determines its outputs and its next state from its
current inputs and current state. A synchronous finite state machine changes state
only on the clocking event.

ANALOG TO DIGITAL CONVERSION

A comparator compares the unknown voltage with a known value of voltage and
then produces proportional output (i.e. it will produce either a 1 or a 0). This
principle is basically used in the above circuit. Here three comparators are used.
Each has two inputs. One input of each comparator is connected to analog input
voltage. The other input terminals are connected to fixed reference voltage like
+3/4V, +V/2 and +V/4. Now the circuit can convert analog voltage into
equivalent digital signal. Since the analog output voltage is connected in parallel
to all the comparators, the circuit is also called as parallel A/D converter.

3 C, o
0— 5
+3V/4 comparator o
o ¢ =
O
anolog 2 C, ~
O—
Mg /2 comparator s
- >
1 g
o_

+V/4 ¥ comparator

Figure: ADC Conversion
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Working — Here each comparator is connected to a reference voltage of +3/4V,
+V/2 and +V/4 with their outputs as C.C.C, respectively. Now suppose the analog
input voltage change from 0 — 4V, then the actual values of reference voltages
will be +3/4V = 3V, +V/2 =2V and +V/4 =1V. Now there will be following
conditions of outputs of the circuit

1) When input voltage is between 0 and 1V, the output will be C,C,C,= 000.

2) When input voltage > 1V £ 2V, the output will be C;C.C, =001.
3) When input voltage > 2V £ 3V, the output will be C,C,C, =011.
4) When input voltage > 3V £ 4V, the output will be C,C.C, =111.

In this way, the circuit can convert the analog input voltage into its
equivalent or proportional binary number in digital style.

1 Successive Approximation Technique

The basic drawback of counter method (given above) is that it has longer
conversion time. Because it always starts from 0000 at every measurement, until
the analog voltage is matched. This drawback is removed in successive
approximation method. In the adjacent figure, the method of successive
approximation technique is shown. When unknown voltage (V.) is applied, the
circuit starts up from 0000, as shown above. The output of SAR advances with
each MSB. The output of SAR does not increase step—by-step in BCD bus
pattern, but individual bit becomes high-starting from MSB. Then by
comparison, the bit is fixed or removed. Thus, it sets first MSB (1000), then the
second MSB (0100) and so on. Every time, the output of SAR is converted to
equivalent analog voltage by binary ladder. It is then compared with applied
unknown voltage (V.). The comparison process goes on, in binary search style,
until the binary equivalent of analog voltage is obtained. In this way following
steps are carried out during conversion.

SAR
>
[ » digital
comparator ¢—+—>» outputs
vy
analog ——&{ binary ladder
input

Figure: Successive Approximation Technique
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Figure: Successive Approximation Technique
Now refer the following figure and the given steps -

1) The unknown analog voltage (V.) is applied.
2) Starts up from 0000 and sets up first MSB 1000.
3) If V.>= 1000, the first MSB is fixed.

4) 1f V.< 1000, the first MSB is removed and second MSB is set
5) The fixing and removing the MSBs continues up to last bit (LSB), until
equivalent binary output is obtained.

_p 1111
111
1110

1110
\1101"'"01
1100
1100

1011
1011
\ P > 1010
1010
S 51001

‘00“1000
0000 1000
start 0111
0111
0110 Ei
‘0101"'0101
/ =»0100
0100 2
0011
0011
0010

—» 0001
1
o = 0000

0010

Figure 3.38 Equivalent Binary Output
Figure 3.38 Equivalent Binary Output

2 Flash ADC

Also called the parallel A/D converter, this circuit is the simplest to understand.
It is formed of a series of comparators, each one comparing the input signal to a
unique reference voltage. The comparator outputs connect to the inputs of a
priority encoder circuit, which then produces a binary output.
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Figure: Flash ADC

Figure: Flash ADC
The following illustration shows a 3-bit flash ADC circuit:

V.t 1S a stable reference voltage provided by a precision voltage regulator
as part of the converter circuit, not shown in the schematic. As the analog input
voltage exceeds the reference voltage at each comparator, the comparator outputs
will sequentially saturate to a high state. The priority encoder generates a binary
number based on the highest-order active input, ignoring all other active inputs.

When operated, the flash ADC produces an output that looks something like this

L‘_H_““—~—\_\__gg_,_,—r—

Time —
igure: Outputs

Digitaﬂlﬂ_‘_‘—~—\_\_\_ e

oulput

Time —»

DIGITAL TO ANALOG CONVERTER(DAC)

The process of converting digital signal into equivalent analog signal is
called D/A conversion. The electronics circuit, which does this process, is called
D/A converter. The circuit has ,,n” number of digital data inputs with only one
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output. Basically, there are two types of D/A converter circuits: Weighted
resistors D/A converter circuit and Binary ladder or R—2R ladder D/A converter
circuit.

1 Weighted resistors D/A converter

Here an OPAMP is used as summing amplifier. There are four resistors R, 2R,
4R and 8R at the input terminals of the OPAMP with R as feedback resistor. The
network of resistors at the input terminal of OPAMP is called as variable resistor
network. The four inputs of the circuit are D, C, B & A. Input D is at MSB and
A is at LSB. Here we shall connect 8V DC voltage as logic-1 level. So we shall
assume that 0 =0V and 1 = 8V.

MSB g
O AANA o R
D AN
Digital 2R

Inputs C o—"WN\——e

0=0V] Bo—auin
1=8V
8R OPAM Va
A o AN A ?
LSB analog

output voltage

©

v

Figure: Weighted resistors D/A converter

Figure: Weighted resistors D/A converter
Now the working of the circuit is as follows. Since the circuit is summing
amplifier, its output is given by the following equation

. & 8. 3 )

=R(—+—+—+—
Yo R 2R 4R " B8R

Working of the circuit

When input DCBA = 0000, then putting these value in above equation (1) we get

—R0+0 0+0‘-0V
weB Gt )
When digital input of the circuit DCBA = 0001, then putting these value in above
equation (1) we get
9. 0. @ . 03

=R(—+—+—+—)=ov
Yo R 2R 4R ' S8R
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When digital input of the circuit DCBA = 0010, then putting these value in above
equation (1) we get

(0+0+8V+0) Rsv 5
v= — —— —_— — ——Jr— — — —
9 R 2R 4R B8R 4R
............... so on.

In this way, when digital input changes from 0000 to 1111 (in BCD style),
output voltage (Vo) changes proportionally. This is given in the conversion chart.
There are some main disadvantages of the circuit.

They are

1) Each resistor in the circuit has different value.

2) So error in value of each resistor adds up.

3) The value of resistor at MSB is the lowest. Hence, it draws more current.

4) Also, its heat & power dissipation is very high.

5) There is the problem of impedance matching due to different values of
resistors.

2 R—2R Ladder D/A Converter

It is modern type of resistor network. It has only two values of resistors the R and
2R. These values repeat throughout in the circuit. The OPAMP is used at output
for scaling the output voltage. The working of the circuit can be understood as
follows. For simplicity, we ignore the OPAMP in the above circuit (this is
because its gain is unity). Now consider the circuit, without OPAMP. Suppose
the digital input is DCBA = 1000. Then the circuit is reduced to a small circuit.

V
2

output = ( ) X (+V) =

2R+ 2R

Its output is given by —

Reduced circuit of R-2R ladder, when we consider that all inputs=0

Now suppose digital input of the same circuit is changed to DCBA = 0100. Then
the output voltage will be /4, when DCBA = 0010, output voltage will be V/8,
for DCBA = 0001, output voltage will be /16 and so on. The general formula
for the above circuit of R—2R ladder, including the OPAMP also, will be —
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n.T. .85 8
vy = —R(—+—+—+—)
2R 4R B8R 16R
You can take (R) common from the above formula and simplify it. With the help
of this formula, we can calculate any combination of digital input into its

equivalent analog voltage at the output terminals.

Types of signal

Analog signal and digital signal

Definitions of Analog vs Digital signals

An Analog signal is any continuous signal for which the time varying feature
(variable) of the signal is a representation of some other time varying quantity,
I.e., analogous to another time varying signal. It differs from a digital signal in
terms of small fluctuations in the signal which are meaningful.

A digital signal uses discrete (discontinuous) values. By contrast, non-digital (or
analog) systems use a continuous range of values to represent information.
Although digital representations are discrete, the information represented can be
either discrete, such as numbers or letters, or continuous, such as sounds, images,
and other measurements of continuous systems.

Properties of Digital vs Analog signals

Digital information has certain properties that distinguish it from analog
communication methods. These include

Synchronization — digital communication uses specific synchronization
sequences for determining synchronization.

Language — digital communications requires a language which should be
possessed by both sender and receiver and should specify meaning of symbol
sequences.
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Errors — disturbances in analog communication causes errors in actual intended
communication but disturbances in digital communication does not cause errors
enabling error free communication. Errors should be able to substitute, insert or
delete symbols to be expressed.

Copying — analog communication copies are quality wise not as good as their
originals while due to error free digital communication, copies can be made
indefinitely.

Granularity — for a continuously variable analog value to be represented in
digital form there occur quantization error which is difference in actual analog
value and digital representation and this property of digital communication is
known as granularity.

Differences in Usage in Equipment

Many devices come with built in translation facilities from analog to digital.
Microphones and speaker are perfect examples of analog devices. Analog
technology is cheaper but there is a limitation of size of data that can be
transmitted at a given time.

Digital technology has revolutionized the way most of the equipments work.
Data is converted into binary code and then reassembled back into original form
at reception point. Since these can be easily manipulated, it offers a wider range
of options. Digital equipment is more expensive than analog equipment.

Comparison of Analog vs Digital Quality

Digital devices translate and reassemble data and in the process are more prone
to loss of quality as compared to analog devices. Computer advancement has
enabled use of error detection and error correction techniques to remove
disturbances artificially from digital signals and improve quality.

Differences in Applications
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Digital technology has been most efficient in cellular phone industry. Analog
phones have become redundant even though sound clarity and quality was good.

Analog technology comprises of natural signals like human speech. With digital
technology this human speech can be saved and stored in a computer. Thus digital
technology opens up the horizon for endless possible uses.

Comparison chart

Signal

Waves

Representation

Example

Technology

Data
transmissions

Response to
Noise

Flexibility

Uses

Applications

Analog

Analog signal 1s a continuous signal
which represents physical
measurements.

Denoted by sine waves

Uses continuous range of values to
represent information

Human wvoice in air, analog
electronic devices.
Analog technology records

waveforms as they are.

Subjected to deterioration by noise
during transmission and write/read
cycle.

More likely to get affected reducing
accuracy

Analog hardware is not flexible.

Can be used in analog devices only.
Best suited for audio and video
transmission.

Thermometer

Digital

Digital signals are discrete time signals
generated by digital modulation.

Denoted by square waves

Uses discrete or discontinuous values to
represent information

Computers, CDs, DVDs, and other digital
electronic devices.

Samples analog waveforms into a limited
set of numbers and records them.

Can be noise-immune without deterioration
during transmission and write/read cycle.

Less affected since noise response are
analog in nature

Digital  hardware is  flexible in

implementation.

Best suited for Computing and digital
electronics.

PCs, PDAs
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Analog Digital

Analog signal processing can be There i1s no guarantee that digital signal
done in real time and consumes less processing can be done in real time and

Handvideh bandwidth. consumes more bandwidth to carry out the
same information.
Memory Stored 1n the form of wave signal Stored in the form of binary bit
Peviéa Analog instrument draws large Digital instrument drawS only negligible
i power power
Cost Low cost and portable Cost 1s high and not easily portable
Impedance Low High order of 100 megaohm
Analog instruments usually have a Digital instruments are free from
isass scale which 1s cramped at lower end observational errors like parallax and

and give considerable observational approximation errors.
errors.

Principles of Amplitude modulation

Amplitude Modulation (AM) plus frequency division multiplexing (FDM) is one
way of solving above problem. Each conversation is shifted to a different part of
the frequency spectrum by using a high-frequency waveform to “carry" each
individual speech signal. These high frequencies are called carrier frequencies .

Amplitude modulation is the process of varying the amplitude of the sinusoidal
carrier wave by the amplitude of the modulating signal, and is illustrated in Fig.
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The unmodulated carrier wave has a constant peakvalueand a higher frequency
than the modulating signal , but, when the modulating signal is applied, the peak
value of the carrier varies in accordance with the instantaneous value of the
modulating signal, and the outline wave shape or "envelope" of the modulated
wave's peak values is the same as the original modulating signal wave shape. The
modulating signal waveform has been superimposed on the carrier wave.

When a sinusoidal carrier wave of frequency fc Hz is amplitude - modulated by
a sinusoidal modulating signal of frequency fm Hz , then the modulated carrier
wave contains three frequencies .

1) fc Hz : Original carrier frequency
2) (fc + fm) Hz : The sum of carrier and modulating signal frequencies

3) (fc - fm) Hz : The difference between carrier and modulating signal

This is illustrated in Fig

Modulating Amplitude modulated
signal Amplitude carrier wave,
lat ;
Frequency Hz | medulator containing frequencies
fm fc ’ (fc"";n) ’ (f;‘fm) Hz

Carrier wave,
frequency f. Hz

It should be noted that two of these frequencies are new, being produced by the
amplitude-modulation process, and are called side-frequencies. The sum of
carrier and modulating signal frequencies is called the upper side-frequency. The
difference between carrier and modulating signal frequency is called the lower
side-frequency. This is illustrated in the frequency spectrum diagram of Fig.

Banduwidth of
amplitute-modulated
camier wave

Single-frequenay
modulating signal Camer

Lower Upper
sidefrequency sidefrequency

Voltage of current

(fo-fm) £ (fs+fm) Fraquency Hz/

The bandwidth of the modulated carrier wave is

www.BrainKart.com


http://www.brainkart.com/subject/Basic-Electrical-and-Electronics-and-Measurement-Engineering_280/

Click Here for full study material.

(fc+fm)-(fc-fm)=2fm

I.e. double the modulating signal frequency

Modulated wave
handwidth = 6800 Hz

Camier

Lower Upper
sideband sideband &

(:-3400)  (f,-300) f, (f+300) (f;+3400)

Frequency Hz

he complete amplitude-modulated wave band of lower sideband plus carrier
plus upper sideband shown in Fig. 8 takes up more frequency bandwidth than is
really necessary to transmit the information signal since all the information is
carried by either one of the sidebands alone . The carrier component is of constant
amplitude and frequency so does not carry any of the information signal at all . It
Is possible by using special equipment to suppress both the carrier and one
sideband and to transmit just the other sideband with no loss of information. This
method of working is called single sideband working ( SSB ) . This method is not
used for domestic radio broadcasting , but it is used for some long-distance radio
telephony systems and for multi-channel carrier systems used in national
telephone networks.

Principle of frequency modulation

Frequency modulation uses the information signal, V.(t) to vary the carrier
frequency within some small range about its original value. Here are the three
signals in mathematical form:

Information: V(1)
Carrier: V(t) = Vosin (2 p ft + 1)
FM: Veu (t) = Veosin (2 p [fot+ (DI Vi) V(1) ] T+ 1)

We have replaced the carrier frequency term, with a time-varying frequency. We
have also introduced a new term: Df, the peak frequency deviation. In this form,
you should be able to see that the carrier frequency term: f.+ (Df/V o) Vn (t) nOW
varies between the extremes of f.- Df and f.+ Df. The interpretation of Df
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becomes clear: it is the farthest away from the original frequency that the FM
signal can be. Sometimes it is referred to as the "swing" in the frequency.

We can also define a modulation index for FM, analogous to AM: b = Df/f,,
where f,is the maximum modulating frequency used.

The simplest interpretation of the modulation index, b, is as a measure of the peak
frequency deviation, Df. In other words, b represents a way to express the peak
deviation frequency as a multiple of the maximum modulating frequency, f., i.e.
Df = b f,.

Example: suppose in FM radio that the audio signal to be transmitted ranges from
20 to 15,000 Hz (it does). If the FM system used a maximum modulating index,
b, of 5.0, then the frequency would "swing" by a maximum of 5 x 15 kHz = 75
kHz above and below the carrier frequency.

Here is a simple FM signal:

FM Signal

0.5

voltage

0 50 100 150 200 250

tine

Here, the carrier is at 30 Hz, and the modulating frequency is 5 Hz. The
modulation index is about 3, making the peak frequency deviation about 15 Hz.
That means the frequency will vary somewhere between 15 and 45 Hz. How fast
the cycle is completed is a function of the modulating frequency.

FM Spectrum
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A spectrum represents the relative amounts of different frequency components in
any signal. Its like the display on the graphic-equalizer in your stereo which has
leds showing the relative amounts of bass, midrange and treble. These correspond
directly to increasing frequencies (treble being the high frequency components).
It is a well-know fact of mathematics, that any function (signal) can be
decomposed into purely sinusoidal components (with a few pathological
exceptions) . In technical terms, the sines and cosines form a complete set of
functions, also known as a basis in the infinite-dimensional vector space of real-
valued functions (gag reflex). Given that any signal can be thought to be made up
of sinusoidal signals, the spectrum then represents the “recipe card” of how to
make the signal from sinusoids. Like: 1 part of 50 Hz and 2 parts of 200 Hz. Pure
sinusoids have the simplest spectrum of all, just one component:

Pure Sine Wawve Pure Sine Wave

SRR

4

auplit
[
fractic

o
"

o

=0.5 2

0 50 100 150 200 Z50 0 20 40 60 80 100120

time frequency

In this example, the carrier has 8 Hz and so the spectrum has a single component
with value 1.0 at 8 Hz

The FM spectrum is considerably more complicated. The spectrum of a simple
FM signal looks like:

w o
& FM Signal 9 FM Spectrum
I8 1 g
s M 0.2
RS
® 0.5
L |
0 | H \ |'| | || | | |
’ ‘ l | | || | ||| ‘ 0.1
-0.5 0.08
-1 LA 0
0 50 100 150 200 250 0 20 40 60 20 100120
time frequency

The carrier is now 65 Hz, the modulating signal is a pure 5 Hz tone, and the
modulation index is 2. What we see are multiple side-bands (spikes at other than
the carrier frequency) separated by the modulating frequency, 5 Hz. There are
roughly 3 side-bands on either side of the carrier. The shape of the spectrum may
be explained using a simple heterodyne argument: when you mix the three
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frequencies (f., fnand Df) together you get the sum and difference frequencies.
The largest combination is f.+ f,+ Df, and the smallest is f.- f.,- Df. Since Df =
b f.., the frequency varies (b + 1) f,above and below the carrier.

A more realistic example is to use an audio spectrum to provide the modulation:

FM Sigmal

w e
Eﬁ 3 FM Spectrunm
~ ‘ g 0.1
o -
4 0.08
IRl I 0.06
“ II ! Il l I l 0.04
0.0z
u}
u} 50 100 150 Z00 zS50 0 20 40 60 80 1l001z0
time frequency

In this example, the information signal varies between 1 and 11 Hz. The carrier
Is at 65 Hz and the modulation index is 2. The individual side-band spikes are
replaced by a more-or-less continuous spectrum. However, the extent of the side-
bands is limited (approximately) to (b + 1) f,,above and below. Here, that would
be 33 Hz above and below, making the bandwidth about 66 Hz. We see the side-
bands extend from 35 to 90 Hz, so out observed bandwidth is 65 Hz.

You may have wondered why we ignored the smooth humps at the extreme ends
of the spectrum. The truth is that they are in fact a by-product of frequency
modulation (there is no random noise in this example). However, they may be
safely ignored because they are have only a minute fraction of the total power. In
practice, the random noise would obscure them anyway.

Example: FM Radio

FM radio uses frequency modulation, of course. The frequency band for FM radio
Is about 88 to 108 MHz. The information signal is music and voice which falls in
the audio spectrum. The full audio spectrum ranges form 20 to 20,000 Hz, but
FM radio limits the upper modulating requency to 15 kHz (cf. AM radio which
limits the upper frequency to 5 kHz). Although, some of the signal may be lost
above 15 kHz, most people can't hear it anyway, so there is little loss of fidelity.
FM radio maybe appropriately referred to as "high-fidelity."
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If FM transmitters use a maximum modulation index of about 5.0, so the resulting
bandwidth is 180 kHz (roughly 0.2 MHz). The FCC assigns stations ) 0.2 MHz
apart to prevent overlapping signals (coincidence? | think not!). If you were to
fill up the FM band with stations, you could get 108 - 88 /.2 = 100 stations, about
the same number as AM radio (107). This sounds convincing, but is actually more
complicated (agh!).

FM radio is broadcast in stereo, meaning two channels of information. In practice,
they generate three signals prior to applying the modulation:

the L + R (left + right) signal in the range of 50 to 15,000 Hz. a 19 kHz pilot
carrier.

the L-R signal centered on a 38 kHz pilot carrier (which is suppressed) that ranges
from 23 to 53 kHz .

So, the information signal actually has a maximum modulating frequency of 53
kHz, requiring a reduction in the modulation index to about 1.0 to keep the total
signal bandwidth about 200 kHz.

FM Performance

Bandwidth

As we have already shown, the bandwidth of a FM signal may be predicted using:
BW=2((hb+1)f,

where b is the modulation index and

fmis the maximum modulating frequency used.

FM radio has a significantly larger bandwidth than AM radio, but the FM radio
band is also larger. The combination keeps the number of available channels
about the same.

The bandwidth of an FM signal has a more complicated dependency than in the
AM case (recall, the bandwidth of AM signals depend only on the maximum

www.BrainKart.com


http://www.brainkart.com/subject/Basic-Electrical-and-Electronics-and-Measurement-Engineering_280/

Click Here for full study material.

modulation frequency). In FM, both the modulation index and the modulating
frequency affect the bandwidth. As the information is made stronger, the
bandwidth also grows.

Efficiency

The efficiency of a signal is the power in the side-bands as a fraction of the total.
In FM signals, because of the considerable side-bands produced, the efficiency is
generally high. Recall that conventional AM is limited to about 33 % efficiency
to prevent distortion in the receiver when the modulation index was greater than
1. FM has no analogous problem.

The side-band structure is fairly complicated, but it is safe to say that the
efficiency is generally improved by making the modulation index larger (as it
should be). But if you make the modulation index larger, so make the bandwidth
larger (unlike AM) which has its disadvantages. As is typical in engineering, a
compromise between efficiency and performance is struck. The modulation index
is normally limited to a value between 1 and 5, depending on the application.

Noise

FM systems are far better at rejecting noise than AM systems. Noise generallyis
spread uniformly across the spectrum (the so-called white noise, meaning wide
spectrum). The amplitude of the noise varies randomly at these frequencies. The
change in amplitude can actually modulate the signal and be picked up in the AM
system. As a result, AM systems are very sensitive to random noise. An example
might be ignition system noise in your car. Special filters need to be installed to
keep the interference out of your car radio.

FM systems are inherently immune to random noise. In order for the noise to
interfere, it would have to modulate the frequency somehow. But the noise is
distributed uniformly in frequency and varies mostly in amplitude. As a result,
there is virtually no interference picked up in the FM receiver. FM is sometimes
called "static free, " referring to its superior immunity to random noise.
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Block diagram of radio

Posted On : 27.11.2016 01:19 am
In order to better understand the way the radio transmitter works, block - diagram of a simple

AM (amplitude modulated) signal transmitter is shown on Pic. The amplitude modulation is
being performed in a stage called the modulator.

Block diagram of radio
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AM Transmitter

In order to better understand the way the radio transmitter works, block - diagram
of a simple AM (amplitude modulated) signal transmitter is shown on Pic. The
amplitude modulation is being performed in a stage called the modulator. Two
signals are entering it: high frequency signal called the carrier (or the signal
carrier), being created into the HF oscillator and amplified in the HF amplifier to
the required signal level, and the low frequency (modulating) signal coming from
the microphone or some other LF signal source (cassette player, record player,
CD player etc.), being amplified in the LF amplifier. On modulator's output the
amplitude modulated signal UAM is acquired. This signal is then amplified in the
power amplifier, and then led to the emission antenna.
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Pic.2.2. AM TranzmitterBlock Diagram

The shape and characteristics of the AM carrier, being taken from the HF
amplifier into the modulator, are shown on Pic. As you can see, it is a HF voltage
of constant amplitude US and frequency fS. On Pic. the LF signal that appears at
the input of the modulator at the moment t0 is shown. With this signal the
modulation of the carrier's amplitude is being performed, therefore it is being
called the modulating signal. The shape of the AM signal exiting the modulator
Is shown on Pic. From the point t0 this voltage has the same shape as that on Pic.
From the moment t0 the amplitude of AM signal is being changed in accordance
with the current value of the modulating signal, in such a way that the signal
envelope (fictive line connecting the voltage peaks) has the same shape as the
modulating signal.

Let's take a look at a practical example. Let the LF signal on Pic. be, say, an
electrical image of the tone being created by some musical instrument, and that
the time gap between the points t0 and t2 is 1 ms. Suppose that carrier frequency
Is fS=1 MHz (approximately the frequency of radio Kladovo, exact value is 999
kHz). In that case, in period from tO till t2 signals us on Pic. and AM on should
make a thousand oscillations and not just eighteen, as shown in the picture. Then
It is clear that it isn't possible to draw a realistic picture, since all the lines would
connect into a dark spot. The true picture of AM signal from this example is given
on Pic. That is the picture that appears on screen of the oscilloscope, connected
on the output of the modulator: light coloured lines representing the AM signal
have interconnected, since they are thicker than the gap between them.
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Block - diagram on Pic is a simplified schematic of an AM transmitter. In reality
there are some additional stages in professional transmitters that provide the
necessary work stability, transmitter power supply, cooling for certain stages etc.
For simple use, however, even simpler block diagrams exist, making the
completion of an ordinary AM transmitter possible with just a few electronic

components.
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Block diagram of an FM (frequency modulated) transmitter is given on Pic.2.4.
Information being transferred, i.e. the modulating signal, is a signal from some
LF source. it is being amplified in LF amplifier and then led into the HF oscillator,
where the carrier signal is being created. The carrier is a HF voltage of constant
amplitude, whose frequency is, in the absence of modulating signal, equal to the
transmitter's carrier frequency fS. In the oscillatory circuit of the HF oscillator a
varicap (capacitive) diode is located. It is a diode whose capacitance depends
upon the voltage between its ends, so when being exposed to LF voltage, its
capacitance is changing in accordance with this voltage. Due to that frequency of
the oscillator is also changing, i.e. the frequency modulation is being obtained.
The FM signal from the HF oscillator is being proceeded to the power amplifier
that provides the necessary output power of the transmission signal. Voltage
shapes in FM transmitter are given on Pic.2.5. Pic.2.5-a shows the LF modulating
signal. The frequency modulation begins at moment t0 and the transmission
frequency begins to change, as shown on Pic.2.5-b: Whilst current value of the
LF signal is raising so is the trasmitter frequency, and when it is falling the
frequency is also falling. As seen on Pic.2.5-c, the information (LF signal) is
being implied in frequency change of the carrier.

The carrier frequencies of the radio difusion FM transmitters (that emmit the
program for "broad audience™) are placed in the waveband from 88 MHz til 108
MHz, the maximum frequency shift of the transmitter (during the modulation)
being £75 kHz. Because of that the FM signal should be drawn much "thicker",
but it would result in a black-square-shaped picture.
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AM broadcasting is the process of radio broadcasting using amplitude modulation
(AM). AM was the first method of impressing sound on a radio signal and is still
widely used today. Commercial and public AM broadcasting is authorized in the
medium wave band worldwide, and also in parts of the long wave and short wave
bands. Radio broadcasting was made possible by the invention of the amplifying
vacuum tube, the Audion(triode), by Lee de Forest in 1906, which led to the
development of inexpensive vacuum tube AM radio receivers and transmitters
during World War 1. Commercial AM broadcasting developed from amateur
broadcasts around 1920, and was the only commercially important form of radio
broadcasting until FM broadcasting began after World War Il. This period is
known as the "Golden Age of Radio". Today, AM competes with FM, as well as
with various digital radio broadcasting services distributed from terrestrial and
satellite transmitters. In many countries the higher levels of interference
experienced with AM transmission have caused AM broadcasters to specialize in
news, sports and talk radio, leaving transmission of music mainly to FM and
digital broadcasters.

AM radio technology is simpler than frequency modulated (FM) radio, Digital
Audio Broadcasting (DAB), satellite radio or HD (digital) radio. An AM receiver
detects amplitude variations in the radio waves at a particular frequency.

It then amplifies changes in the signal voltage to drive aloudspeaker or earphones.

The earliest crystal radio receivers used a crystal diode detector with no
amplification, and required no power source other than the radio signal itself.

In North American broadcasting practice, transmitter power input to the antenna
for commercial AM stations ranges from about 250 to 50,000watts. Experimental
licenses were issued for up to 500,000 watts radiated power, for stations intended
for wide-area communication during disasters. One such superstation was
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Cincinnati station WLW, which used such power on occasion before World War
I1. WLW's superpower transmitter still exists at the station's suburban transmitter
site, but it was decommissioned in the early 1940s and no current commercial
broadcaster in the U.S. or Canada is authorized for such power levels. Some other
countries do authorize higher power operation (for example the Mexican station
XERF formerly operated at 250,000 watts). Antenna design must consider the
coverage desired and stations may be required, based on the terms of their license,
to directionalize their transmitted signal to avoid interfering with other stations
operating on the same frequency.

Radio receiver
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Figure 1

In the early days of what is now known as early radio transmissions, say about
100 years ago, signals were generated by various means but only up to the L.F.
region.

Communication was by way of morse code much in the form that a short
transmission denoted a dot (dit) and a longer transmission was a dash (dah). This
was the only form of radio transmission until the 1920's and only of use to the
military, commercial telegraph companies and amateur experimenters.

Then it was discovered that if the amplitude (voltage levels - plus and minus about
zero) could be controlled or varied by a much lower frequency such as A.F. then
real intelligence could be conveyed e.g. speech and music. This process could be
easily reversed by simple means at the receiving end by using diode detectors.
This is called modulation and obviously in this case amplitude modulation or
AM.
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This discovery spawned whole new industries and revolutionized the world of
communications. Industries grew up manufacturing radio parts, receiver
manufacturers, radio stations, news agencies, recording industries etc.

Disadvantages to A.M. radio

Firstly because of the modulation process we generate at least two copies of the
intelligence plus the carrier. For example consider a local radio station
transmitting on say 900 Khz. This frequency will be very stable and held to a tight
tolerance. To suit our discussion and keep it as simple as possible we will have
the transmission modulated by a 1000 Hz or 1Khz tone.

At the receiving end 3 frequencies will be available. 900 Khz, 901 Khz and 899
Khz i.e. the original 900 Khz (the carrier) plus and minus the modulating
frequency which are called side bands. For very simple receivers such as a
cheap transistor radio we only require the original plus either one of the side
bands. The other one is a total waste. For sophisticated receivers one side band
can be eliminated.

The net effect is A.M. radio stations are spaced 10 Khz apart (9 kHz in Australia)
e.g. 530 Khz...540 Khz...550 Khz. This spacing could be reduced and nearly twice
as many stations accommodated by deleting one side band. Unfortunately the
increased cost of receiver complexity forbids this but it certainly is feasible.

Block diagram of television transmitter
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The basic television Broadcast transmitter block diagram is shown in figure (a).

The block diagram can be broadly divided into two separate section, viz., one that
- Generates an electronic signal (called video signal) corresponding to the actual
picture and then uses this video signal to modulate an R-F carrier so as to be
applied to the transmitting antenna for transmission, other that generates an
electronic signal (called audio signal) containing sound information and then uses
this signal to modulate another RF carrier and then applied to the transmitting
antenna for transmission.

However only one antenna is used for transmission of the video as well as audio
signals. Thus these modulated signals have to be combined together in some
appropriate network. In addition there are other accessories also. For instance,
video as well as audio signals have to be amplified to the desired degree before
they modulate their respective RF carriers.

This function is performed by video and audio amplifiers. The block picture
signal transmitter and audio signal transmitter shown in figure (a) may consist of
modulators as the essential component; Video signal transmitter employs an AM
transmitter as amplitude-modulation is used for video signals whereas audio
signal transmitter employs FM modulator as frequency modulation is used for
sound information. Scanning circuits are used to mike the electron beam scan the
actual picture to produce the corresponding video signal. The scanning by
electron beam is in the receiver too. The beam scans the picture tube to reproduce
the original picture from the video signal and this scanning at the receiver must
be matched properly to the scanning at the transmitter. It is for this reason that
synchronizing Circuits are used at the transmitter as well as receiver.
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Complete TV transmitter Block Diagram
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Figure (b) depicts the complete block diagram of a Television Broadcast
Transmitter. The important block have already been discussed individually in the
preceding sections. that makes understanding of the diagram shown here much
more simple. A brief explanation is given ahead. The block diagram can be
broadly divided into two -sections, viz., an amplitude modulated transmitter and
a frequency modulated transmitter. Former is used for video modulation whereas
latter is used for audio modulation.

Master oscillator in both generates an RF carrier frequency. Generally, a master
oscillator generates a sub multiple of carrier and then drives harmonic generators
(frequency multipliers) to achieve correct value carrier. Harmonic generators are
nothing but class C tuned amplifiers whose output tuned circuit is to tuned to
some harmonic of the input signal. In actual practice, master oscillator and
harmonic generator are s crated or isolated by a buffer stage to av214Joactrrig of
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the harmonic generator on the oscillator output. The carrier is then fed to an
amplitude modulator in video transmitter and a frequency modulator in audio
transmitter. Into-the modulator, the modulation signal is also fed with proper
amplitude. Since low-level modulation is employed, the modulating signal is
amplified by linear amplifiers up-to the desired degree required for transmission.
Video and audio signals on separate carriers are then combined together so as to
be fed to the transmitting antenna as on signal.

Block diagram of television receiver
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Television Receiver

A radio receiver designed to amplify and convert the video and audio radio-
frequency signals of a television broadcast that have been picked up by a
television antenna; the receiver reproduces the visual image broadcast and the
accompanying sound. Television receivers are designed for color or black-and-
white operation; both non portable and portable models are produced. Those
manufactured in the USSR are capable of receiving signals from television
stations transmitting in specifically assigned portions of thevery-high-frequency
(VHF) band (48.5-100 megahertz and 174— 230 megahertz; 12 channels) and
ultra high-frequency (UHF) band (470— 638 megahertz; several tens of channels).

Television receivers must simultaneously amplify and convert video and audio
radio- frequency signals. They are usually designed with a super heterodyne
circuit, and versions differ in the methods used to extract and amplify the audio
signal. The principal components of a television receiver are shown in Figurel.

The tuner selects the signals of the desired channel and converts them to a lower
frequency within the inter mediate-frequency pass band. The signal-processing
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circuits include an intermediate-frequency amplifier for the video signal, an
amplitude detector, a video amplifier for the brightness signal, and, incolor
receivers, a color- processing circuit for the chrominance signal. The processing
circuit produces a brightness signal and a color- difference signal, which are fed
to the control electrodes of a kinescope; an audio signal, which is fed to the audio
channel; and horizontal and vertical synchronizing pulses (or a composite
television signal), which are fed to a scanning generator. In the color television
system used in the USSR , the color-processing circuit for the chrominance signal
consists of a band- pass amplifier, in which the chrominance signal is extracted,
channels for the direct and delayed signals, an electronic switching device, two
frequency detectors for the color- difference signals, a matrix circuit, and
amplifiers for the three color-difference signals. The color processing circuit has
provisions for the extraction and decoding of the chrominance signal and for line
selection, as well as chrominance disconnect circuits that operate when black-
and-white transmissions are received.

The scanning generators include horizontal and vertical scanning circuits that
produce sawtooth ¢ urrentsin the horizontal and vertical scanning coils of the
deflection system.

The high voltage for feeding the second anode of the kinescope is derived from a
special high voltage winding of the line transformer or by rectifying pulses from
the transformer; the volt age for the focusing electrode is similarly derived.

The kinescope’s interface includes static and dynamic white balance controls,
switches for exting uishingthe electron guns, and regulators for focusing the
beams. The demagnetizing circuit for a color kinescopecreates a damped
alternating current in a demagnetizing loop that circles the kine scope screen. The
current demagnetizes the shadow mask and tube rim, which are made of steel.
The audio section consists of an amplifier for the difference frequency, which in
the USSR is 6.5 megahertz, a frequency detector for the audio signal, and a low-
frequency amplifier from which the audio signal is fed to a high- quality
acoustical system, usually composed of several loudspeakers. The power- supply
section converts mains voltage into the supply voltages for all components of the
television set, including the kinescope and vacuum tube heaters.

Microwave communication
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Microwave transmission refers to the technology of transmitting information or
energy by the use ofelectromagnetic waves whose wavelengths are conveniently
measured in small numbers of centimetre; these are called microwaves. This part
of the radio spectrum ranges across frequencies of roughly 1.0 gigahertz (GHz)
to 30 GHz. These correspond to wavelengths from 30 centimeters down to 1.0
cm.
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Microwaves are widely used for point-to-point communications because their
small wavelength allows conveniently-sized antennas to direct them in narrow
beams, which can be pointed directly at the receiving antenna. This allows nearby
microwave equipment to use the same frequencies without interfering with each
other, as lower frequency radio waves do. Another advantage is that the high
frequency of microwaves gives the microwave band a very large information-
carrying capacity; the microwave band has a bandwidth 30 times that of all the
rest of the radio spectrum below it. A disadvantage is that microwaves are limited
to line of sight propagation; they cannot pass around hills or mountains as lower
frequency radio waves can.

Microwave radio transmission is commonly used in point-to-point
communication systems on the surface of the Earth, in satellite communications,
and in deep space radio communications. Other parts of the microwave radio band
are used for radars, radio navigation systems, sensor systems, and radio
astronomy.

The next higher part of the radio electromagnetic spectrum, where the frequencies
are above 30 GHz and below 100 GHz, are called "millimeter waves" because
their wavelengths are conveniently measured in millimeters, and their
wavelengths range from 10 mm down to 3.0 mm. Radio waves in this band are
usually strongly attenuated by the Earthly atmosphere and particles contained in
it, especially during wet weather. Also, in wide band of frequencies around 60
GHz, the radio waves are strongly attenuated by molecular oxygen in the
atmosphere. The electronic technologies needed in the millimeter wave band are
also much more difficult to utilize than those of the microwave band.

Satellite communication
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A communications satellite or comsat is an artificial satellite sent to space for the
purpose oftelecommunications. Modern communications satellites use a variety
of orbits including geostationary orbits, Molniya orbits, elliptical orbits and low
(polar and non- polar) Earth orbits.

For fixed (point-to-point) services, communications satellites provide a
microwave radio relay technology complementary to that of communication
cables. They are also used for mobile applications such as communications to
ships, vehicles, planes and hand-held terminals, and for TV and radio
broadcasting.

Communications Satellites are usually composed of the following subsystems:
Communication Payload, normally composed of transponders, antenna, and
switching systems Engines used to bring the satellite to its desired orbit

Station Keeping Tracking and stabilization subsystem used to keep the satellite
in the right orbit, with its antennas pointed in the right direction, and its power
system pointed towards the sun Power subsystem, used to power the Satellite
systems, normally composed of solar cells, and batteries that maintain power
during solar eclipse

Command and Control subsystem, which maintains communications with ground
control stations. The ground control earth stations monitor the satellite
performance and control its functionality during various phases of its life-cycle.

The bandwidth available from a satellite depends upon the number of
transponders provided by the satellite. Each service (TV, Voice, Internet, radio)
requires a different amount of bandwidth for transmission. This is typically
known as link budgeting and a network simulator can be used to arrive at the
exact value.

Optical fiber communication
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Fiber-optic communication is a method of transmitting information from one
place to another by sending pulses of light through an optical fiber. The light
forms an electromagnetic carrier wave that ismodulated to carry information.
First developed in the 1970s, fiber- optic communication systems have
revolutionized the telecommunications industry and have played a major role in
the advent of thelnformation Age. Because of its advantages over electrical
transmission, optical fibers have largely replaced copper wire communications in
core networks in the developed world. Optical fiber is used by many
telecommunications companies to transmit telephone signals, Internet
communication, and cable television signals. Researchers at Bell Labs have
reached internet speeds of over 100 petabits per second using fiber-optic
communication.

The process of communicating using fiber-optics involves the following basic
steps: Creating the optical signal involving the use of a transmitter, relaying the
signal along the fiber, ensuring that the signal does not become too distorted or
weak, receiving the optical signal, and converting it into an electrical
signal.Optical fiber is used by many telecommunications companies to transmit
telephone signals, Internet communication, and cable television signals.

Due to much lower attenuation and interference, optical fiber has large
advantages over existing copper wire in long-distance and high-demand
applications. However, infrastructure development within cities was relatively
difficult and time-consuming, and fiber-optic systems were complex and
expensive to install and operate. Due to these difficulties, fiber-optic
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communication systems have primarily been installed in long-distance
applications, where they can be used to their full transmission capacity, offsetting
the increased cost. Since 2000, the prices for fiber-optic communications have
dropped considerably. The price for rolling out fiber to the home has currently
become more cost-effective than that of rolling out a copper based network.
Prices have dropped to $850 per subscriber in the US and lower in countries like
The Netherlands, where digging costs are low and housing density is high.
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