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UNIT I BOOLEAN ALGEBRA AND COMBINATIONAL CIRCUITS

BOOLEAN ALGEBRA AND MINIMIZATION

Introduction:

The English mathematician George Boole (1815-1864) sought to give symbolic form
to Aristotle‘s system of logic. Boole wrote a treatise on  the subject  in 1854, titled An
Investigation of the Laws of Thought, on Which Are Founded the Mathematical Theories of
Logic and Probabilities, which codified several rules of relationship between mathematical
quantities limited to one of two possible values: true or false, 1 or 0. His mathematical system
became known as Boolean algebra. All arithmetic operations performed with Boolean
quantities have but one of two possible

Outcomes: either 1 or 0. There is no such thing as ‖2‖ or ‖-1‖ or ‖1/2‖ in the Boolean world.
It is a world in which all other possibilities are invalid by fiat. As one might guess, this is not
the kind of math you want to use when balancing a check book or calculating current through
a resistor.

However, Claude Shannon of MIT fame recognized how Boolean algebra could be applied to
on-and-off circuits, where all signals are characterized as either ‖high‖ (1) or ‖low‖ (0).
His1938 thesis, titled A Symbolic Analysis of Relay and Switching Circuits, put Boole‘s
theoretical work to use in a way Boole never could have imagined, giving us a powerful
mathematical tool for designing and analyzing digital circuits.

Like ‖normal‖ algebra, Boolean algebra uses alphabetical letters to denote variables.
Unlike ‖normal‖ algebra, though, Boolean variables are always CAPITAL letters, never
lowercase.

Because they are allowed to possess only one of two possible values, either 1 or 0, each and
every variable has a complement: the opposite of its value. For example, if variable ‖A‖ has a
value of 0, then the complement of A has a value of 1. Boolean notation uses a bar above the
variable character to denote complementation, like this:

In written form, the complement of ‖A‖ denoted as ‖A-not‖ or ‖A-bar‖. Sometimes a ‖prime‖
symbol is used to represent complementation. For example, A‘ would be the complement of
A, much the same as using a prime symbol to denote differentiation in calculus rather than



the fractional notation dot. Usually, though, the ‖bar‖ symbol finds more widespread use than
the ‖prime‖ symbol, for reasons that will become more apparent later in this chapter.

Boolean Arithmetic:

Let us begin our exploration of Boolean algebra by adding numbers together:

0 + 0 = 0

0 + 1 = 1

1 + 0 = 1

1 + 1 = 1

The first three sums make perfect sense to anyone familiar with elementary addition. The

Last sum, though, is quite possibly responsible for more confusion than any other single
statement in digital electronics, because it seems to run contrary to the basic principles of
mathematics.

Well, it does contradict principles of addition for real numbers, but not for Boolean numbers.
Remember that in the world of Boolean algebra, there are only two possible values for any
quantity and for any arithmetic operation: 1 or 0. There is no such thing as ‖2‖ within the
scope of Boolean values. Since the sum ‖1 + 1‖ certainly isn‘t 0, it must be 1 by process of
elimination.

Addition – OR Gate Logic:

Boolean addition corresponds to the logical function of an ‖OR‖ gate,

as well as to parallel switch contacts:



There is no such thing as subtraction in the realm of Boolean mathematics. Subtraction

Implies the existence of negative numbers: 5 - 3 is the same thing as 5 + (-3), and in Boolean
algebra negative quantities are forbidden. There is no such thing as division in Boolean
mathematics, either, since division is really nothing more than compounded subtraction, in
the same way that multiplication is compounded addition.

Multiplication – AND Gate logic

Multiplication is valid in Boolean algebra, and thankfully it is the same as in real-
number algebra: anything multiplied by 0 is 0, and anything multiplied by 1 remains
unchanged:

0 × 0 = 0

0 × 1 = 0

1 × 0 = 0

1 × 1 = 1

This set of equations should also look familiar to you: it is the same pattern found in the truth
table for an AND gate. In other words, Boolean multiplication corresponds to the logical
function of an ‖AND‖ gate, as well as to series switch contacts:



Complementary Function – NOT gate Logic

Boolean complementation finds equivalency in the form of the NOT gate, or a normally
closed switch or relay contact:

Boolean Algebraic Identities



In mathematics, an identity is a statement true for all possible values of its variable or
variables. The algebraic identity of x + 0 = x tells us that anything (x) added to zero equals
the original ‖anything,‖ no matter what value that ‖anything‖ (x) may be. Like ordinary
algebra, Boolean algebra has its own unique identities based on the bivalent states of Boolean
variables.The first Boolean identity is that the sum of anything and zero is the same as the
original‖anything.‖ This identity is no different from its real-number algebraic equivalent:

No matter what the value of A, the output will always be the same: when A=1, the output

will also be 1; when A=0, the output will also be 0.

The next identity is most definitely different from any seen in normal algebra. Here we

discover that the sum of anything and one is one:

No matter what the value of A, the sum of A and 1 will always be 1. In a sense, the ‖1‖

signal overrides the effect of A on the logic circuit, leaving the output fixed at a logic level of
1.Next, we examine the effect of adding A and A together, which is the same as connecting

both inputs of an OR gate to each other and activating them with the same signal:

In real-number algebra, the sum of two identical variables is twice the original variable‘s



value (x + x = 2x), but remember that there is no concept of ‖2‖ in the world of Boolean
math, only 1 and 0, so we cannot say that A + A = 2A. Thus, when we add a Boolean
quantity to itself, the sum is equal to the original quantity: 0 + 0 = 0, and 1 + 1 = 1.

Introducing the uniquely Boolean concept of complementation into an additive identity, we
find an interesting effect. Since there must be one ‖1‖ value between any variable and its
complement, and since the sum of any Boolean quantity and 1 is 1, the sum of a variable and
its complement must be 1:

Four multiplicative identities: Ax0, Ax1, AxA, and AxA‘. Of these, the first two are no

different from their equivalent expressions in regular algebra:

The third multiplicative identity expresses the result of a Boolean quantity multiplied by

itself. In normal algebra, the product of a variable and itself is the square of that variable (3x
3 = 32 = 9). However, the concept of ‖square‖ implies a quantity of 2, which has no meaning



in Boolean algebra, so we cannot say that A x A = A2. Instead, we find that the product of a
Boolean quantity and itself is the original quantity, since 0 x 0 = 0 and

1 x 1 = 1:

The fourth multiplicative identity has no equivalent in regular algebra because it uses the

complement of a variable, a concept unique to Boolean mathematics. Since there must be

one ‖0‖ value between any variable and  its complement, and  since the product  of any
Boolean quantity and 0 is 0, the product of a variable and its complement must be 0:

Principle of Duality:

It states that every algebraic expression is deducible from the postulates of Boolean
algebra,and it remains valid if the operators & identity elements are interchanged. If the
inputs of a NOR gate are inverted we get a AND equivalent circuit. Similarly when the inputs
of a NAND gate are inverted, we get a OR equivalent circuit.This property is called
DUALITY.

Theorems of Boolean algebra:

The theorems of Boolean algebra can be used to simplify many a complex Boolean
expression and also to transform the given expression into a more useful and meaningful
equivalent expression. The theorems are presented as pairs, with the two theorems in a given
pair being the dual of each other. These theorems can be very easily verified by the method of
‗perfect induction‘. According to this method, the validity of the expression is tested for all
possible combinations of values of the variables involved. Also, since the validity of the



theorem is based on its being true for all possible combinations of values of variables, there is
no reason why a variable cannot be replaced with its complement, or vice versa, without
disturbing the validity. Another important point is that, if a given expression is valid, its dual
will also be valid

Theorem 1 (Operations with ‗0‘ and ‗1‘)

(a) 0.X = 0 and (b) 1+X= 1

Where X is not necessarily a single variable – it could be a term or even a large expression.

Theorem 1(a) can be proved by substituting all possible values of X, that is, 0 and 1, into the
given expression and checking whether the LHS equals the RHS:

• For X = 0, LHS = 0.X = 0.0 = 0 = RHS.

• For X= 1, LHS = 0.1 = 0 = RHS.

Thus, 0.X =0 irrespective of the value of X, and hence the proof.

Theorem 1(b) can be proved in a similar manner. In general, according to theorem 1,

0. (Boolean expression) = 0 and 1+ (Boolean expression) =1.

For example: 0. (A.B+B.C +C.D) = 0 and 1+ (A.B+B.C +C.D) = 1, where A, B and C are
Boolean variables.

Theorem 2 (Operations with ‗0‘ and ‗1‘)

(a) 1.X = X and (b) 0+X = X
where X could be a variable, a term or even a large expression. According to this theorem,
ANDing a Boolean expression to ‗1‘ or ORing ‗0‘ to it makes no difference to the expression:

• For X = 0, LHS = 1.0 = 0 = RHS.

• For X = 1, LHS = 1.1 = 1 = RHS.

Also,

1. (Boolean expression) = Boolean expression and 0 + (Boolean expression) = Boolean
expression.

For example,

1.(A+B.C +C.D) = 0+(A+B.C +C.D) = A+B.C +C.D

Theorem 3 (Idempotent or Identity Laws)

(a) X.X.X……X = X and (b) X+X+X +·· ·+X = X

Theorems 3(a) and (b) are known by the name of idempotent laws, also known as identity
laws.



Theorem 3(a) is a direct outcome of an AND gate operation, whereas theorem 3(b) represents
an OR gate operation when all the inputs of the gate have been tied together. The scope of
idempotent laws can be expanded further by considering X to be a term or an expression. For
example, let us apply idempotent laws to simplify the following Boolean expression:

Theorem 4 (Complementation Law)

(a) X_X = 0 and (b) X+X = 1

According to this theorem, in general, any Boolean expression when ANDed to its
complement yields a ‗0‘ and when ORed to its complement yields a ‗1‘, irrespective of the
complexity of the expression:

Hence, theorem 4(a) is proved. Since theorem 4(b) is the dual of theorem 4(a), its proof is
implied.

The example below further illustrates the application of complementation laws:

Theorem 5 (Commutative property)

Mathematical identity, called a ‖property‖ or a ‖law,‖ describes how differing

variables relate to each other in a system of numbers. One of these properties is known as

the commutative property, and it applies equally to addition and multiplication. In essence,
the commutative property tells us we can reverse the order of variables that are either added
together or multiplied together without changing the truth of the expression:

Commutative property of addition

A + B = B + A

Commutative property of multiplication

AB = BA

Theorem 6 (Associative Property)

The Associative Property, again applying equally well to addition and multiplication.
This property tells us we can associate groups of added or multiplied variables together with
parentheses without altering the truth of the equations.



Associative property of addition

A + (B + C) = (A + B) + C

Associative property of multiplication

A (BC) = (AB) C

Theorem 7 (Distributive Property)

The Distributive Property, illustrating how to expand a Boolean expression formed by
the product of a sum, and in reverse shows us how terms may be factored out of Boolean
sums-of-products:

Distributive property

A (B + C) = AB + AC

Theorem 8 (Absorption Law or Redundancy Law)

(a) X+X.Y = X and (b) X.(X+Y) = X

The proof of absorption law is straightforward:

X+X.Y = X. (1+Y) = X.1 = X

Theorem 8(b) is the dual of theorem 8(a) and hence stands proved.

The crux of this simplification theorem is that, if a smaller term appears in a larger term, then
the  larger  term  is  redundant. The following  examples further  illustrate  the  underlying
concept:

Demorgan‘s Theorem

De-Morgan was a great logician and mathematician. He had contributed much to
logic. Among his contribution the following two theorems are important

De-Morgan‘s First Theorem

It States that ―The complement of the sum of the variables is equal to the product of the
complement of each variable‖. This theorem may be expressed by the following Boolean
expression.



De-Morgan‘s Second Theorem

It states that the ―Complement of the product of variables is equal to the sum of complements
of each individual variables‖. Boolean expression for this theorem is

Boolean Function



Z=AB‘+A‘C+A‘B‘C‘

Canonical Form of Boolean Expressions

An expanded form of Boolean expression, where each term contains all Boolean variables in
their true or complemented form, is also known as the canonical form of the expression. As
an illustration, is a Boolean function of three variables
expressed in canonical form. This function after simplification reduces to and
loses its canonical form.

MIN TERMS AND MAX TERMS
Any boolean expression may be expressed in terms of either minterms or maxterms. To do
this we must first define the concept of a literal. A literal is a single variable within a term
which may or may not be complemented. For an expression with N variables, minterms and
maxterms are defined as follows :



• A minterm is the product of N distinct literals where each literal occurs exactly once.

• A maxterm is the sum of N distinct literals where each literal occurs exactly once.

Product-of-Sums Expressions

Standard Forms

A product-of-sums expression contains the product of different terms, with each term
being either a single literal or a sum of more than one literal. It can be obtained from the truth
table by considering those input combinations that produce a logic ‗0‘ at the output. Each
such input combination gives a term, and the product of all such terms gives the expression.
Different terms are obtained by taking the sum of the corresponding literals. Here, ‗0‘ and ‗1‘
respectively mean the uncomplemented and complemented variables, unlike sum-of-products
expressions where ‗0‘ and ‗1‘ respectively mean complemented and uncomplemented
variables.

Since each term in the case of the product-of-sums expression is going to be the sum of
literals, this implies that it is going to be implemented using an OR operation. Now, an OR
gate produces a logic ‗0‘ only when all its inputs are in the logic ‗0‘ state, which means that
the first term corresponding to the second row of the truth table will be A+B+C. The product-
of-sums Boolean expression for this truth table is given by Transforming the given product-
of-sums expression into an equivalent sum-of-products expression is a  straightforward
process. Multiplying out the given expression and carrying out the obvious simplification
provides the equivalent sum-of-products expression:

A given sum-of-products expression can be transformed into an equivalent product-of-sums
expression by (a) taking the dual of the given expression, (b) multiplying out different terms
to get the sum-of products form, (c) removing redundancy and (d) taking a dual to get the
equivalent product-of-sums expression. As an illustration, let us find the equivalent product-
of-sums expression of the sum-of products expression

The dual of the given expression =



Minimization Technique

The primary objective of all simplification procedures is to obtain an expression that
has the minimum number of terms. Obtaining an expression with the minimum number of
literals is usually the secondary objective. If there is more than one possible solution with the
same number of terms, the one having the minimum number of literals is the choice.

There are several methods for simplification of Boolean logic expressions. The process is
usually called logic minimization‖ and the goal is to form a result which is efficient. Two
methods we will discuss are algebraic minimization and Karnaugh maps. For very
complicated problems the former method can be done using special software analysis
programs. Karnaugh maps are also limited to problems with up to 4 binary inputs. The
Quine–McCluskey tabular method is used for more than 4 binary inputs.

Karnaugh Map Method

Maurice Karnaugh, a telecommunications engineer, developed the Karnaugh map at
Bell Labs in 1953 while designing digital logic based telephone switching circuits.Karnaugh
maps reduce logic functions more quickly and easily compared to Boolean algebra. By
reduce we mean simplify, reducing the number of gates and inputs. We like to simplify logic
to a lowest cost form to save costs by elimination of components. We define lowest cost as
being the lowest number of gates with the lowest number of inputs per gate.

A Karnaugh map is a graphical representation of the logic system. It can be drawn directly
from either minterm (sum-of-products) or maxterm (product-of-sums) Boolean expressions.
Drawing a Karnaugh map from the truth table involves an additional step of writing the
minterm or maxterm expression depending upon whether it is desired to have a minimized
sum-of-products or a minimized product of-sums expression

Construction of a Karnaugh Map

An n-variable Karnaugh map has 2n squares, and each possible input is allotted a
square. In the case of a minterm Karnaugh map, ‗1‘ is placed in all those squares for which
the output is ‗1‘, and ‗0‘ is placed in all those squares for which the output is ‗0‘. 0s are
omitted for simplicity. An ‗X‘ is placed in squares corresponding to ‗don‘t care‘ conditions.
In the case of a maxterm Karnaugh map, a ‗1‘ is placed in all those squares for which the
output is ‗0‘, and a ‗0‘ is placed for input entries corresponding to a ‗1‘ output. Again, 0s are
omitted for  simplicity, and an ‗X‘ is placed in squares corresponding to ‗don‘t care‘
conditions. The choice of terms identifying different rows and columns of a Karnaugh map is
not unique for a given number of variables. The only condition to be satisfied is that the
designation of adjacent rows and adjacent columns should be the same except for one of the
literals being complemented. Also, the extreme rows and extreme columns are considered
adjacent.

Some of the possible designation styles for two-, three- and four-variable minterm Karnaugh
maps are shown in the figure below.



The style of row identification need not be the same as that of column identification as long
as it meets the basic requirement with respect to adjacent terms. It is, however, accepted
practice to adopt a uniform style of row and column identification. Also, the style shown in
the figure below is more commonly used. A similar discussion applies for maxterm Karnaugh
maps. Having drawn the Karnaugh map, the next step is to form groups of 1s as per the
following guidelines:

1.   Each square containing a ‗1‘ must be considered at least once, although it can be
considered as often as desired.

2.   The objective should be to account for all the marked squares in the minimum number
of groups.

3.   The number of squares in a group must always be a power of 2, i.e. groups can have
1,2, 4_ 8, 16, squares.

4.   Each group should be as large as possible, which means that a square should not be
accounted for by itself if it can be accounted for by a group of two squares; a group of
two squares should not be made if the involved squares can be included in a group of
four squares and so on.

5. ‗Don‘t care‘ entries can be used in accounting for all of 1-squares to make optimum
groups. They are marked ‗X‘ in the corresponding squares. It is, however, not
necessary to account for all ‗don‘t care‘ entries. Only such entries that can be used to
advantage should be used.



Two variable K Map

Three variable K Map

Four variable K Map



Different Styles of row and column identification

Having accounted for groups with all 1s, the minimum ‗sum-of-products‘ or ‗product-of-
sums‘ expressions can be written directly from the Karnaugh map. Minterm Karnaugh map
and Maxterm Karnaugh map of the Boolean function of a two-input OR gate. The Minterm
and Maxterm Boolean expressions for the two-input OR gate are as follows:

Minterm Karnaugh map and Maxterm Karnaugh map of the three variable Boolean function

The truth table, Minterm Karnaugh map and Maxterm Karnaugh map of the four variable



Boolean function

To illustrate the process of forming groups and then writing the corresponding minimized
Boolean expression, The below figures respectively show minterm and maxterm Karnaugh
maps for the Boolean functions expressed by  the below equations. The minimized
expressions as deduced from Karnaugh maps in the two cases are given by Equation in the
case of the minterm Karnaugh map and Equation in the case of the maxterm Karnaugh map:



Quine–McCluskey Tabular Method

The Quine–McCluskey tabular method of simplification is based on the
complementation theorem, which says that

where X represents either a variable or a term or an expression and Y is a variable. This
theorem implies that, if a Boolean expression contains two terms that differ only in one
variable, then they can be combined together and replaced with a term that is smaller by one
literal. The same procedure is applied for the other pairs of terms wherever such a reduction
is possible. All these terms reduced by one literal are further examined to see if they can be
reduced further. The process continues until the terms become irreducible. The irreducible
terms are called prime implicants. An optimum set of prime implicants that can account for
all the original terms then constitutes the minimized expression. The technique can be applied
equally well for minimizing sum-of-products and product of-

sums expressions and is particularly useful for Boolean functions having more than six
variables as it can be mechanized and run on a computer. On the other hand, the Karnaugh
mapping method, to be discussed later, is a graphical method and becomes very cumbersome
when the number of variables exceeds six. The step-by-step procedure for application of the
tabular method for minimizing Boolean expressions,both sum-of-products and product-of-
sums, is outlined as follows:

1. The Boolean expression to be simplified is expanded if it is not in expanded form.

2. Different terms in the expression are divided into groups depending upon the number of 1s
they have.



True and complemented variables in a  sum-of-products expression mean ‗1‘ and ‗0‘
respectively.The reverse is true in the case of a product-of-sums expression. The groups are
then arranged, beginning with the group having the least number of 1s in its included terms.
Terms within the same group are arranged in ascending order of the decimal numbers
represented by these terms. As an illustration, consider the expression

As another illustration, consider a product-of-sums expression given by

The  formation of groups and the arrangement of terms within different groups for  the
product-of sums expression are as follows:

It may be mentioned here that the Boolean expressions that we have considered above did not
contain any optional terms. If there are any, they are also considered while forming groups.
This completes the first table.

3. The terms of the first group are successively matched with those in the next adjacent
higher order group to look for any possible matching and consequent reduction. The terms
are considered matched when all literals except for one match. The pairs of matched terms
are replaced with a single term where the position of the unmatched literals is replaced with a
dash (—). These new terms formed as a result of the matching process find a place in the



second table. The terms in the first table that do not find a match are called the prime
implicants and are marked with an asterisk (∗). The matched terms are ticked (_).

4. Terms in the second group are compared with those in the third group to look for a
possible match.Again, terms in the second group that do not find a match become the prime
implicants.

5. The process continues until we reach the last group. This completes the first round of
matching.The terms resulting from the matching in the first round are recorded in the second
table.

6. The next step is to perform matching operations in the second table. While comparing the
terms for a match, it is important that a dash (—) is also treated like any other literal, that is,
the dash signs also need to match. The process continues on to the third table, the fourth table
and so on until the terms become irreducible any further.

7. An optimum selection of prime implicants to account for all the original terms constitutes
the terms for the minimized expression. Although optional (also called ‗don‘t care‘) terms are
considered for matching, they do not have to be accounted for once prime implicants have
been identified.

Let us consider an example. Consider the following sum-of-products expression:



The second round of matching begins with the table shown on the previous page. Each term
in the first group is compared with every term in the second group. For instance, the first term
in the first group 00−1 matches with the second term in the second group 01−1 to yield 0−−1,
which is recorded in the table shown below. The process continues until all terms have been
compared for a possible match. Since this new table has only one group, the terms contained
therein are all prime implicants. In the present example, the terms in the first and second
tables have all found a match. But that is not always the case.

The next table is what is known as the prime implicant table. The prime implicant table
contains all the original terms in different columns and all the prime implicants recorded in
different rows as shown below:

Each prime implicant is identified by a letter. Each prime implicant is then examined one by
one and the terms it can account for are ticked as shown. The next step is to write a product-
of-sums expression using the prime implicants to account for all the terms. In the present
illustration, it is given as follows.

Obvious simplification reduces this expression to PQRS which can be interpreted to mean
that all prime implicants, that is, P, Q, R and S, are needed to account for all the original

terms. Therefore, the minimized expression =

What has been described above is the formal method of determining the optimum set of
prime implicants. In most of the cases where the prime implicant table is not too complex, the
exercise can be done even intuitively. The exercise begins with identification of those terms
that can be accounted for by only a single prime implicant. In the present example, 0011,
0110, 1001 and 1100 are such terms. As a result, P, Q, R and S become the essential prime
implicants. The next step is to find out if any terms have not been covered by the essential
prime implicants. In the present case, all terms have been covered by essential prime
implicants. In fact, all prime implicants are essential prime implicants in the present example.
As another illustration, let us consider a product-of-sums expression given by



The procedure is similar to that described for the case of simplification of sum-of-products
expressions.

The resulting tables leading to identification of prime implicants are as follows:

The prime implicant table is constructed after all prime implicants have been identified to
look for the optimum set of prime implicants needed to account for all the original terms. The
prime implicant table shows that both the prime implicants are the essential ones:

Universal Gates

OR, AND and NOT gates are the three basic logic gates as they together can be used
to construct the logic circuit for any given Boolean expression. NOR and NAND gates have
the property that they individually can be used to hardware-implement a logic circuit
corresponding to any given Boolean expression. That is, it is possible to use either only
NAND gates or only NOR gates to implement any Boolean expression. This is so because a
combination of  NAND gates or  a combination of  NOR gates can be  used  to perform
functions of any of the basic logic gates. It is for this reason that NAND and

NOR gates are universal gates. As an illustration, Fig. 4.24 shows how two-input NAND
gates can be used to construct a NOT circuit, a two-input AND gate and a two-input OR gate.
Figure shows the same using NOR gates. Understanding the conversion of NAND to OR and
NOR to AND requires the use of DeMorgan‘s theorem, which is discussed in Chapter 6 on
Boolean algebra.

These are gates where we need to connect an external resistor, called the pull-up resistor,
between the output and the DC power supply to make the logic gate perform the intended
logic function. Depending on the logic family used to construct the logic gate, they are
referred to as gates with open collector output (in the case of the TTL logic family) or open
drain output (in the case of the MOS logic family).



5. The advantage of using open collector/open drain gates lies in their capability of providing
an ANDing operation when outputs of several gates are tied together through a common pull-
up resistor,

Implementation of basic logic gates using only NAND gates.

without having to use an AND gate for the purpose. This connection is also referred to as
WIRE-AND connection. Figure shows such a connection for open collector NAND gates.
The output in this case would be



WIRE-AND connection with open collector/drain devices.

The disadvantage is that they are relatively slower and noisier. Open collector/drain devices
are therefore not recommended for applications where speed is an important consideration.

The Exclusive-OR function

One element conspicuously missing from the set of Boolean operations is that of Exclusive-
OR. Whereas the OR function  is equivalent to  Boolean addition,  the AND function  to
Boolean multiplication, and the NOT function (inverter) to Boolean complementation, there
is no direct Boolean equivalent for  Exclusive-OR. This hasn‘t stopped people from
developing a symbol to represent it, though:

This symbol is seldom used in Boolean expressions because the identities, laws, and rules

of simplification involving addition, multiplication, and complementation do not apply to it.
However, there is a way to represent the Exclusive-OR function in terms of OR and AND, as
has been shown in previous chapters: AB‘ + A‘B.

COMBINATIONAL LOGIC DESIGN

Introduction

The term ‖combinational‖ comes to us from mathematics. In mathematics a
combination is an unordered set, which is a formal way to say that nobody cares which order
the items came in. Most games work this way, if you rolled dice one at a time and get a 2
followed by a 3 it is the same as if you had rolled a 3 followed by a 2. With combinational



logic, the circuit producesthe same output regardless of the order the inputs are changed.
There are circuits which depend on the when the inputs change, these circuits are called
sequential logic. Even though you will not find the term ‖sequential logic‖ in the chapter
titles, the next several chapters will discuss sequential logic. Practical circuits will have a mix
of combinational and sequential logic, with sequential logic making sure everything happens
in order and combinational logic performing functions like arithmetic, logic, or conversion.

Design Using Gates

A combinational circuit is one where the output at any time depends only on the
present combination of inputs at that point of time with total disregard to the past state of the
inputs. The logic gate is the most basic building block of combinational logic. The logical
function performed by  a combinational circuit is fully  defined  by  a set of Boolean
expressions. The other category of logic circuits, called sequential logic circuits, comprises
both logic gates and memory elements such as flip-flops. Owing to the presence of memory
elements, the output in a sequential circuit depends upon not only the present but also the past
state of inputs.

The Fig shows the block schematic representation of a generalized combinational circuit
having n input variables and m output variables or simply outputs. Since the number of input
variables is

Generalized Combinational Circuit

n, there are 2n possible combinations of bits at the input. Each output can be expressed in
terms of input variables by a Boolean expression, with the result that the generalized system
of above fig can be expressed by m Boolean expressions. As an illustration, Boolean
expressions describing the function of a four-input OR/NOR gate are given as

….. Eq – 1

BCD Arithmetic Circuits

Addition and subtraction are the two most commonly used arithmetic operations, as
the other two, namely multiplication and division, are respectively the processes of repeated
addition and repeated subtraction, as was outlined in Chapter  2 dealing with binary
arithmetic. We will begin with the basic building blocks that form the basis of all hardware



used to perform the aforesaid arithmetic operations on binary numbers. These include half-
adder, full adder, half-subtractor, full subtractor and controlled inverter.

Binary Adder

Half-Adder

A half-adder is an arithmetic circuit block that can be used to add two bits. Such a circuit thus
has two inputs that represent the two bits to be added and two outputs, with one producing the
SUM output and the other producing the CARRY. Figure 3.2 shows the truth table of a half-
adder, showing all possible input combinations and the corresponding outputs.

The Boolean expressions for the SUM and CARRY outputs are given by the equations below

Truth Table of Half Adder

An examination of the two expressions tells that there is no scope for further simplification.
While the first one representing the SUM output is that of an EX-OR gate, the second one
representing the CARRY output is that of an AND gate. However, these two expressions can
certainly be represented in different forms using various laws and theorems of Boolean
algebra to illustrate the flexibility that the designer has in hardware-implementing as simple a
combinational function as that of a half-adder.

Logic Implementation of Half Adder

Although the simplest way to hardware-implement a half-adder would be to use a two-input
EX-OR gate for the SUM output and a two-input AND gate for the CARRY output, as shown
in Fig. 3.3, it could also be implemented by using an appropriate arrangement of either
NAND or NOR gates.



Full Adder

A full adder circuit is an arithmetic circuit block that can be used to add three bits to produce
a SUM and a CARRY output. Such a building block becomes a necessity when it comes to
adding binary numbers with a large number of bits. The full adder circuit overcomes the
limitation of the half-adder, which can be used to add two bits only. Let us  recall the
procedure for adding larger binary numbers. We begin with the addition of LSBs of the two
numbers. We record the sum under the LSB column and take the carry, if any, forward to the
next higher column bits. As a result, when we add the next adjacent higher column bits, we
would be required to add three bits if there were a carry from the previous addition. We have
a similar situation for the other higher column bits. Also until we reach the MSB. A full adder
is therefore essential for the hardware implementation of an adder circuit capable of adding
larger binary numbers. A half-adder can be used for addition of LSBs only.

Truth Table of Full Adder

Figure shows the truth table of a full adder circuit showing all possible input combinations
and corresponding outputs. In order to arrive at the logic circuit for hardware implementation
of a full adder, we will firstly write the Boolean expressions for the two output variables, that
is, the SUM and CARRY outputs, in terms of input variables. These expressions are then
simplified by using any of the simplification techniques described in the previous chapter.
The Boolean expressions for the two output variables are given in Equation below for the
SUM output (S) and in above Equation for the CARRY output (Cout):

The next step is to simplify the two expressions. We will do so with the help of the Karnaugh
mapping technique. Karnaugh maps for the two expressions are given in Fig. 3.5(a) for the
SUM output and Fig. 3.5(b) for the CARRY output. As is clear from the two maps, the
expression for the SUM (S) output cannot be simplified any further, whereas the simplified
Boolean expression for Cout is given by the equation



Figure shows the logic circuit diagram of the full adder. A full adder can also be seen to
comprise two half-adders and an OR gate. The expressions for SUM and CARRY outputs
can be rewritten as follows:

Similarly, the expression for CARRY output can be rewritten as follows:



Karnaugh Map for the sum and carry out of a full adder

Logic circuit diagram of full adder

Boolean expression above can be implemented with a two-input EX-OR gate provided that
one of the inputs is Cin and the other input is the output of another two-input EX-OR gate
with A and B as its inputs. Similarly, Boolean expression above can be implemented by
ORing two minterms. One of them is the AND output of A and B. The other is also the
output of an AND gate whose inputs are Cin and the output of an EX-OR operation on A and
B. The whole idea of writing the Boolean expressions in this modified form was to
demonstrate the use of a half-adder circuit in building a full adder. Figure 3.7(a) shows logic
implementation of Equations above. Figure 3.7(b) is nothing but Fig. 3.7(a) redrawn with the
portion of the circuit representing a half-adder replaced with a block. The full adder of the
type described above forms the basic building block of binary adders. However, a single full
adder circuit can be used to add one-bit binary numbers only. A cascade arrangement of these
adders can be used to construct adders capable of adding binary numbers with a larger
number of bits. For example, a four-bit binary adder would require four full adders of the



type shown in Fig. 3.7 to be connected in cascade. Figure 3.8 shows such an arrangement.
(A3A2A1A0) and (B3B2B1B0) are the two binary numbers to be added, with A0 and B0
representing LSBs and A3 and B3 representing MSBs of the two numbers.

Logic Implementation of a full adder with Half Adders

Four Bit Binary Adder

Half-Subtractor

We will study the use of adder circuits for subtraction operations in the following pages.
Before we do that, we will briefly look at the counterparts of half-adder and full adder
circuits in the half-subtractor and full subtractor for direct implementation of subtraction
operations using logic gates.

A half-subtractor is a combinational circuit that can be used to subtract one binary digit from
another to produce a DIFFERENCE output and a BORROW output. The BORROW output



here specifies whether a ‗1‘ has been borrowed to perform the subtraction. The truth table of
a half-subtractor, as shown in Fig. 3.9, explains this further. The Boolean expressions for the
two outputs are given by the equations

Half Subtractor

Logic Diagram of a Half Subtractor

It is obvious that there is no further scope for any simplification of the Boolean expressions
given by above equations. While the expression for the DIFFERENCE (D) output is that of

an EX-OR gate, the expression for the BORROW output (Bo) is that of an AND gate with
input A complemented before it is fed to  the gate. Figure 3.10 shows the logic
implementation of a half-subtractor. Comparing a half-subtractor with a half-adder, we find
that the expressions for the SUM and DIFFERENCE outputs are just the same. The
expression for BORROW in the case of the half-subtractor is also similar to what we have for
CARRY in the case of the half-adder. If the input A, that is, the minuend, is complemented,
an AND gate can be used to implement the BORROW output. Note the similarities between
the logic diagrams of Fig. 3.3 (half-adder) and Fig. 3.10 (half-subtractor).

Full Subtractor

A full subtractor performs subtraction operation on two bits, a minuend and a subtrahend, and
also  takes  into consideration  whether a ‗1‘ has already been  borrowed  by the previous
adjacent lower minuend bit or not. As a result, there are three bits to be handled at the input
of a full subtractor, namely the two bits to be subtracted and a borrow bit designated as Bin .
There are two outputs, namely the DIFFERENCE output D and the BORROW output Bo.



The BORROW output bit tells whether the minuend bit needs to borrow a ‗1‘ from the next
possible higher minuend bit. Figure 3.11 shows the truth table of a full subtractor.

The Boolean expressions for the two output variables are given by the equations

Truth Table of Full Subtractor

K Maps for Difference and Borrow outputs



The Karnaugh maps for the two expressions are given in Fig. 3.12(a) for DIFFERENCE
output D and in Fig. 3.12(b) for BORROW output Bo. As is clear from the two Karnaugh
maps, no simplification is possible for the difference output D. The simplified expression for
Bo is given by the equation

If we compare these expressions with those derived earlier in the case of a full adder, we find
that the expression for DIFFERENCE output D is the same as that for the SUM output. Also,
the expression for BORROW output Bo is similar to the expression for CARRY-OUT Co. In
the case of a half-subtractor, the A input is complemented. By a similar analysis it can be
shown that a full subtractor can be implemented with half-subtractors in the same way as a
full adder was constructed using half-adders. Relevant logic diagrams are shown in Figs
3.7(a) and (b) corresponding to Figs 3.7(a) and (b) respectively for a full adder. Again, more
than one full subtractor can be connected in cascade to perform subtraction on two larger
binary numbers. As an illustration, Fig. 3.13 shows a four-bit subtractor.

Four Bit Subtractor

Multipliers

Multiplication  of binary numbers  is  usually implemented in  microprocessors and
microcomputers by using repeated addition and shift operations. Since the binary adders are
designed to add only two binary numbers at a time, instead of adding all the partial products
at the end, they are added two at a time and their sum is accumulated in a register called the
accumulator register. Also, when the multiplier bit is ‗0‘, that very partial product is ignored,
as an all ‗0‘ line does not affect the final result. The basic hardware arrangement of such a
binary multiplier would comprise shift registers for the multiplicand and multiplier bits, an
accumulator register for storing partial products, a binary parallel adder and a clock pulse
generator to time various operations.

Binary multipliers are also available in IC form. Some of the popular type numbers in
the TTL family include 74261  which  is  a 2  × 4  bit  multiplier (a four-bit  multiplicand
designated as B0,B1,B2,B3 and B4, and a two-bit multiplier designated as M0, M1 and M2.



The MSBs B4 and M2 are used to represent signs. 74284 and 74285 are 4 × 4 bit multipliers.
They can be used together to perform high-speed multiplication of two four-bit numbers.
Figure 3.14 shows the arrangement. The result of multiplication is often required to be stored
in a register. The size of

this register (accumulator) depends upon the number of bits in the result, which at the most
can be equal to the sum of the number of bits in the multiplier and multiplicand. Some
multipliers ICs have an in-built register.

4 x 4 Multiplier

Many  microprocessors do not have in their ALU the hardware that can perform
multiplication or other complex arithmetic  operations such as division, determining the
square root, trigonometric functions, etc. These operations in these microprocessors are
executed through software. For example, a multiplication operation may be accomplished by
using a software program that does multiplication through repeated execution of addition and
shift instructions. Other complex operations mentioned above can also be executed with
similar programs. Although the use of software reduces the hardware needed in the
microprocessor, the computation time in general is higher in the case of software-executed
operations when compared with the use of hardware to perform those operations.



Design Using MSI devices

MULTIPLEXERS

Many tasks in communications, control, and computer systems can be performed by
combinational logic circuits. When a circuit has been designed to perform some task in one
application, it often finds use in a different application as well. In this way, it acquires
different names from its various uses. In this and the following sections, we will describe a
number of such circuits and their uses. We  will discuss their principles of operation,
specifying their MSI or LSI implementations. One common task is illustrated in Figure 12.
Data generated in one location is to be used in another location; A method is needed to
transmit it from one location to another through some communications channel. The data is
available, in parallel, on many different lines but must be transmitted over a single
communications link. A mechanism is needed to select which of the many data lines to
activate sequentially at any one time so that the data this line carries can be transmitted at that
time.This process is called multiplexing.An

example is the multiplexing of conversations on the telephone system. A number of telephone
conversations are alternately switched onto the telephone line many times per second.
Because of the nature of the human auditory system, listeners cannot detect that what they are
hearing is chopped up and that other people‘s conversations are interspersed with their own in
the transmission process.



Needed at the other end of the communications link is a device that will undo the
multiplexing: a demultiplexer. Such a device must accept the incoming serial data and direct
it in parallel to one of many  output lines. The interspersed snatches of telephone
conversations, for example, must be sent to the correct listeners.

A digital multiplexer is a circuit with 2n data input lines and one output line. It must also
have a way of determining the specific data input line to be selected at any one time. This is
done with n other input lines, called the select or selector inputs, whose function is to select
one of the 2n data inputs for connection to the output. A circuit for n = 3 is shown in Figure
13. The n selector lines have 2n = 8 combinations of values that constitute binary select
numbers

Multiplexer with eight data inputs



Multiplexers as General-Purpose Logic Circuits

It is clear from Figures 13 and 14 that the structure of a multiplexer is that of a two-
level AND-OR logic circuit, with each AND gate having n + 1 inputs, where n is the number
of select inputs. It appears that the multiplexer would constitute a canonic sum-of-products
implementation of a switching function if all the data lines together represent just one
switching variable (or its complement) and each of the select inputs represents a switching
variable.

Let‘s work backward from a specified function of m switching variables for which we have
written a canonic sum-of-products expression. The size of multiplexer needed (number of
select inputs) is not evident. Suppose we choose a multiplexer that has m − 1 select inputs,
leaving only one other variable to accommodate all the data inputs.We write an output
function of these select inputs and the 2m–1 data inputs Di. Now we plan to assign m − 1 of
these variables to the select inputs; but how to make the assignment?4 There are really no
restrictions, so it can be done arbitrarily. The next step is to write the multiplexer output after
replacing the select inputs

with m − 1 of the variables of the given function. By comparing the two expressions term by
term, the Di inputs can be determined in terms of the remaining variable.

Demultiplexers

The demultiplexer shown there is a single-input, multiple-output circuit. However, in
addition to the data input, there must be other inputs to control the transmission of the data to
the appropriate data output line at any given time. Such a demultiplexer circuit having eight
output lines is shown in Figure 16a. It is instructive to compare this demultiplexer circuit with
the multiplexer circuit in Figure 13. For the same number of control (select) inputs, there are
the same number of AND gates. But now each AND gate output is a circuit output. Rather
than each gate having its own separate data input, the single data line now forms one of the
inputs to each AND gate, the other AND inputs being control inputs.

When the word formed by the control inputs C2C1C0 is the binary equivalent of
decimal k, then the data input x is routed to output Dk. Viewed in another way, for a
demultiplexer with n control inputs, each AND gate output corresponds to a minterm of n
variables. For a given combination of control inputs, only one minterm can take on the value
1; the data input is routed to the AND gate corresponding to this minterm. For example, the
logical expression for the output D3 is xC2'C1C0. Hence, when C2C1C0 = 011, then D3 = x
and all other Di are 0. The complete truth table for the eight-output demultiplexer.



A demultiplexer circuit (a) and its truth table (b).

DECODERS AND ENCODERS

The previous section began by discussing an application: Given 2n data signals, the
problem is to select, under the control of n select inputs, sequences of these 2n data signals to
send out serially on a communications link. The reverse operation on the receiving end of the
communications link is to receive data serially on a single line and to convey it to one of 2n
output lines. This again is controlled by a set of control inputs. It is this application that needs
only one input line; other applications may require more than one.We will now investigate
such a generalized circuit.

Conceivably, there might be a combinational circuit that accepts n inputs (not necessarily 1,
but a small number) and causes data to be routed to one of many, say up to 2n, outputs. Such
circuits have the generic name decoder.

Semantically, at least, if something is to be decoded, it must have previously been encoded,
the reverse operation from decoding. Like a multiplexer, an encoding circuit must accept data
from a large number of input lines and convert it to data on a smaller number of output lines
(not



necessarily just one). This section will discuss a number of implementations of decoders and
encoders.

n-to-2n-Line Decoder

In the demultiplexer circuit in Figure 16, suppose the data input line is removed.
(Draw the circuit for yourself.) Each AND gate now has only n (in this case three) inputs, and
there are 2n (in this case eight) outputs. Since there isn‘t a data input line to control, what
used to be control inputs no longer serve that function. Instead, they are the data inputs to be
decoded. This circuit is an example of what is called an n-to-2n-line decoder. Each output
represents a minterm. Output k is 1 whenever the combination of the input variable values is
the binary equivalent of decimal k. Now suppose that the data input line from the
demultiplexer in Figure 16 is not removed but retained and viewed as an enable input. The
decoder now operates only when the enable x is 1. Viewed conversely, an n-to-2n-line
decoder with an enable input can also be used as a demultiplexer, where the enable becomes
the serial data input and the data inputs of the decoder become the control inputs of the
demultiplexer.7 Decoders of the type just described are available as integrated circuits (MSI);
n = 3 and n = 4 are quite common. There is no theoretical reason why n can‘t be increased to
higher values. Since, however, there will always be practical limitations on the fan-in (the
number of inputs  that a physical gate can  support),  decoders of higher order are  often
designed using lower-order decoders interconnected with a network of other gates.



ENCODER

An encoder  is a combinational circuit that performs the  inverse  operation of  a
decoder. If a device output code has fewer bits than the input code has, the device is usually
called an encoder. e.g. 2n-to-n, priority encoders.

The simplest encoder is a 2n-to-n binary encoder, where it has only one of 2n inputs =
1 and the output is the n-bit binary number corresponding to the active input.

Priority Encoder

A priority encoder is a practical form of an encoder. The encoders available in IC
form are all priority encoders. In this type of encoder, a priority is assigned to each input so
that, when more than one input is simultaneously active, the input with the highest priority is
encoded. We will illustrate the concept of priority encoding with the help of an example. Let
us assume that the octal to-binary encoder described in the previous paragraph has an input
priority for higher-order digits. Let us also assume that input lines D2, D4 and D7 are all
simultaneously in logic ‗1‘ state. In that case, only D7 will be encoded and the output will be
111. The truth table of such a priority



Octal to binary encoder

Truth table of encoder

encoder will then be modified to what is shown above in truth table. Looking at the last row
of the table, it implies that, if D7 = 1, then, irrespective of the logic status of other inputs, the
output is 111 as D7 will only be encoded. As another example, Fig. 8.16 shows the logic
symbol and truth table of a 10-line decimal to four-line BCD encoder providing priority
encoding for higher-order digits, with digit 9 having the highest priority. In the functional
table shown, the input line with highest priority having a LOW on it is encoded irrespective
of the logic status of the other input lines.



10 line decimal to four line BCD priority encoder

Some of the encoders available in IC form provide additional inputs and outputs to allow
expansion. IC 74148, which is an eight-line to three -line priority encoder, is an example.
ENABLE-IN (EI) and ENABLE-OUT (EO) terminals on this IC allow expansion. For
instance, two 74148s can be cascaded to build a 16-line to four-line priority encoder.

Magnitude Comparator

A magnitude comparator is a combinational circuit that compares two given numbers
and determines whether one is equal to, less than or greater than the other. The output is in
the form of three binary variables representing the conditions A = B_A>B and A<B, if A and
B are the two numbers being compared. Depending upon the relative magnitude of the two
numbers, the relevant output changes state. If the two numbers, let us say, are four-bit binary
numbers and are designated as (A3 A2 A1 A0) and (B3 B2 B1 B0), the two numbers will be
equal if all pairs of significant digits are equal, that is, A3= B3, A2 = B2, A1= B1 and A0 =
B0. In order to determine whether A is greater than or less than B we inspect the relative
magnitude of pairs of significant digits, starting from the most significant position. The
comparison is done by successively comparing the next adjacent lower pair of digits if the
digits of the pair under examination are equal. The comparison continues until a pair of
unequal digits is reached. In the pair of unequal digits, if Ai = 1 and Bi = 0, then A > B, and if
Ai = 0, Bi= 1 then A < B. If X, Y and Z are three variables respectively representing the A =
B, A > B and A < B conditions, then the Boolean expression representing these conditions
are given by the equations



Let us examine equation (7.25). x3 will be ‗1‘ only when both A3 and B3 are equal.
Similarly, conditions for x2, x1 and x0 to be ‗1‘ respectively are equal A2 and B2, equal
A1 and B1 and equal A0 and B0. ANDing of x3, x2, x1 and x0 ensures that X will be ‗1‘
when x3, x2, x1 and x0 are in the logic ‗1‘ state. Thus, X = 1 means that A = B. On
similar lines, it can be visualized that equations (7.26) and (7.27) respectively represent A
> B and A < B conditions. Figure 7.36 shows the logic diagram of a four-bit magnitude
comparator.

Magnitude comparators are available in IC form. For example, 7485 is a four-bit
magnitude comparator of the TTL logic family. IC 4585 is a similar device in the CMOS
family. 7485 and 4585 have the same pin connection diagram and functional table. The
logic circuit inside these devices determines whether one four-bit number, binary or BCD,
is less than, equal to or greater than a second four-bit number. It can perform comparison
of straight binary and straight BCD (8-4-2-1) codes. These devices can be cascaded
together to perform operations on larger bit numbers without the help of any external
gates. This is facilitated by three additional inputs called cascading or expansion inputs
available on the IC. These cascading inputs are also designated as A = B, A > B and A <
B inputs. Cascading of individual magnitude comparators of the type 7485 or 4585 is
discussed in the following paragraphs. IC 74AS885 is another common magnitude
comparator. The device is an eight bit magnitude comparator belonging to the advanced
Schottky TTL family. It can perform high-speed arithmetic or logic comparisons on two
eight-bit binary or 2‘s complement numbers and produces two fully decoded decisions at
the output about one number being either greater than or less than the other. More than
one of these devices can also be connected in a cascade arrangement to perform
comparison of numbers of longer lengths.



Four Bit Magnitude Comparator



Unit – I

PART-A (2 Marks)

1. What are Logic gates?

2. What are the basic digital logic gates?

3. What is BCD adder?

4. What is Magnitude Comparator?

5. What is code conversion?

6. Draw the logic circuit of full adder using half adder

7. What is code converter?

8. Define Combinational circuit.

9. Define sequential circuits.

10. What is Binary parallel adder?

PART-B

1. Design a combinational logic circuit to convert the Gray code into Binary
code (16)

2. Draw the truth table and logic diagram for full-Adder (16)

3. Draw the truth table and logic diagram for full-Subtractor (16)

4. Explain Binary parallel adder. (16)

5. Design a combinational logic circuit to convert the BCD to Binary code
(16)
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SYLLABUS :

 Flip flops – SR, D, JK and T
 Analysis of synchronous sequential circuits
 Design of synchronous sequential circuits
 Counters, state diagram
 State reduction
 State assignment.



UNIT II - SYNCHRONOUS SEQUENTIAL CIRCUITS :

SEQUENTIAL LOGIC DESIGN

5.1 Flip Flops and their conversion

The flip-flop is an important element of such circuits. It has the interesting property of An
SRFlip-flop has two inputs: S for setting and R for Resetting the flip- flop : It can be set to
a state which is retained until explicitly reset.

R-S Flip-Flop

A flip-flop, as stated earlier, is a bistable circuit. Both of its output states are
stable. The circuit remains in a particular output state indefinitely until something is done
to change that output status. Referring to the bistable multivibrator circuit discussed
earlier, these two states were those of the output transistor in saturation (representing a
LOW output) and in cut-off (representing a HIGH output). If the LOW and HIGH outputs
are respectively regarded as ‗0‘ and ‗1‘, then the output can either be a ‗0‘ or a ‗1‘. Since
either a ‗0‘ or a ‗1‘ can be held indefinitely until the circuit is appropriately triggered to
go to the other state, the circuit is said to have memory. It is capable of storing one binary
digit or one bit of digital information. Also, if we recall the functioning of the bistable
multivibrator circuit, we find that, when one of the transistors was in saturation, the other
was in cut-off. This implies that, if we had taken outputs from the collectors of both
transistors, then the two outputs would be complementary.

In the flip-flops of various types that are available in IC form, we will see that all these
devices offer complementary outputs usually designated as Q and Q‘ The R-S flip-flop is
the most basic of all flip-flops. The letters ‗R‘ and ‗S‘ here stand for RESET and SET.
When the flip-flop is SET, its Q output goes to a ‗1‘ state, and when it is RESET it goes
to a ‗0‘ state. The Q‘ output is the complement of the Q output at all times.

J-K Flip-Flop

A J-K flip-flop behaves in the same fashion as an R-S flip-flop except for one of
the entries in the function table. In the case of an R-S flip-flop, the input combination S =
R = 1 (in the case of a flip-flop with active HIGH inputs) and the input combination S = R
= 0 (in the case of a flip-flop with active LOW inputs) are prohibited. In the case of a J-K
flip-flop with active HIGH inputs, the output of the flip-flop toggles, that is, it goes to the
other state, for J = K = 1 . The output toggles for J = K = 0 in the case of the flip-flop
having active LOW inputs. Thus, a J-K flip-flop overcomes the problem of a forbidden
input combination of the R-S flip-flop. Figures below respectively  show the circuit
symbol of level-triggered J-K flip-flops with active HIGH and active LOW inputs, along
with their function tables.



The characteristic tables for a J-K flip-flop with active HIGH J and K inputs and a J-K
flip-flop with active LOW J and K inputs are respectively shown in Figs 10.28(a) and (b)_
The corresponding Karnaugh maps are shown in Fig below for the characteristics table of
Fig and in below for the characteristic table below. The characteristic equations for the
Karnaugh maps of below figure is shown next

FIG a. JK flip flop with active high inputs, b. JK flip flop with active low inputs

Toggle Flip-Flop (T Flip-Flop)

The output of a toggle flip-flop, also called a T flip-flop, changes state every time it is
triggered at its T input, called the toggle input. That is, the output becomes ‗1‘ if it was ‗0‘
and ‗0‘ if it was ‗1‘.

Positive edge-triggered and negative edge-triggered T flip-flops, along with their function
tables.

If we consider the T input as active when HIGH, the characteristic table of such a flip-flop
is shown in Fig. If the T input were active when LOW, then the characteristic table would
be as shown in Fig. The Karnaugh maps for the characteristic tables of Figs shown
respectively.  The characteristic equations as  written from  the Karnaugh  maps are as
follows:



J-K Flip-Flop as a Toggle Flip-Flop

If we recall the function table of a J-K flip-flop, we will see that, when both J and K
inputs of the flip-flop are tied to their active level (‗1‘ level if J and K are active when
HIGH, and ‗0‘ level when J and K are active when LOW), the flip-flop behaves like a
toggle flip-flop, with its clock input serving as the T input. In fact, the J-K flip-flop can be
used to construct any other flip-flop. That is why it is also sometimes referred to as a
universal flip-flop. Figure shows the use of a J-K flip-flop as a T flip-flop.



D Flip-Flop

A D flip-flop, also called a delay flip-flop, can be used to provide temporary storage of
one bit of information. Figure shows the circuit symbol and function table of a negative
edge-triggered D flip-flop. When the clock is active, the data bit (0 or 1) present at the D
input is transferred to the output. In the D flip-flop of Fig the data transfer from D input to
Q output occurs on the negative-going (HIGH-to-LOW) transition of the clock input. The
D input can acquire new status



D Type Flip Flop

J-K Flip-Flop as D Flip-Flop

Figure below shows how a J-K flip-flop can be used as a D flip-flop. When the D
input is a logic ‗1‘, the J and K inputs are a logic ‗1‘ and ‗0‘ respectively. According to
the function table of the J-K flip-flop, under these input conditions, the Q output will go
to the logic ‗1‘ state when clocked. Also, when the D input is a logic ‗0‘, the J and K
inputs are a logic ‗0‘ and ‗1‘ respectively. Again, according to the function table of the J-
K flip-flop, under these input conditions, the Q output will go to the logic ‗0‘ state when



clocked. Thus, in both cases, the D input is passed on to the output when the flip-flop is
clocked.

JK Flip Flop as D Flip Flop

Analysis and Synthesis of Synchronous Sequential Circuit





Design of synchronous sequential circuit



Counters :

In digital logic and computing, a counter is  a device which stores (and sometimes
displays) the number of times a particular event or process has occurred, often in
relationship to a clock signal. In practice, there are two types of counters:
 up counters which increase (increment) in value
 down counters which decrease (decrement) in value

Counters Types

In electronics, counters can be implemented quite easily using register-type circuits such
as the flip-flop, and a wide variety of designs exist, e.g:
 Asynchronous (ripple) counters
 Synchronous counters
 Johnson counters
 Decade counters
 Up-Down counters
 Ring counters
Each is useful for different applications. Usually, counter circuits are digital in nature, and
count in binary, or sometimes binary coded decimal. Many types of counter circuit are
available as digital building blocks, for example a number of chips in the 4000 series
implement different counters.
Asynchronous (ripple) counters
The simplest counter circuit is a single D-type flip flop, with its D (data) input fed from
its own inverted output. This circuit can store one bit, and hence can count from zero to
one before it overflows (starts over from 0). This counter will increment once for every
clock cycle and takes two clock cycles to overflow, so every cycle it  will alternate
between a transition from 0 to 1 and a transition from 1 to 0. Notice that this creates a new
clock with a 50% duty cycle at exactly half the frequency of the input clock. If this output
is then used as the clock signal for a similarly arranged D flip flop (remembering to invert
the output to the input), you will get another 1 bit counter that counts half as fast. Putting
them together yields a two bit counter:

cycle Q1 Q0 (Q1:Q0)dec

0 0 0 0

1 0 1 1

2 1 0 2

3 1 1 3

4 0 0 0
You can continue to add additional flip flops, always inverting the output to its own input,
and using the output from the previous flip flop as the clock signal. The result is called a
ripple counter, which can count to 2n-1 where n is the number of bits (flip flop stages) in
the counter. Ripple counters suffer from unstable outputs as the overflows "ripple" from
stage to stage, but they do find frequent application as dividers for clock signals, where
the instantaneous count is unimportant, but the division ratio overall is. (To clarify this, a
1-bit counter is exactly equivalent to a divide by two circuit - the output frequency is
exactly half that of the input when fed with a regular train of clock pulses).
Synchronous counters



Where a stable count value is important across several bits, which is the case in most
counter systems, synchronous counters are used. These also use flip-flops, either the D-
type or the more complex J-K type, but here, each stage is clocked simultaneously by a
common clock signal. Logic gates between each stage of the circuit control data flow
from stage to stage so that the desired count behavior is realized. Synchronous counters
can be designed to count up or down, or both according to a direction input, and may be
presetable via a set of parallel "jam" inputs. Most types of hardware-based counter are of
this type.
A simple way of implementing the logic for each bit of an ascending counter (which is
what is shown in the image to the right) is for each bit to toggle when all of the less
significant bits are at a logic high state. For example, bit 1 toggles when bit 0 is logic
high; bit 2 toggles when both bit 1 and bit 0 are logic high; bit 3 toggles when bit 2, bit 1
and bit 0 are all high; and so on.
Johnson counters
A Johnson counter is a special case of shift register, where the output from the last stage
is inverted and fed back as input to the first stage. A pattern of bits equal in length to the
shift register thus circulates indefinitely. These counters are sometimes called "walking
ring" counters, and find specialist applications, including those similar to the decade
counter, digital to analogue conversion, etc.

Decade counters
Decade counters are a kind of counter that counts in tens rather than having a binary
representation. Each output will go high in turn, starting over after ten outputs have
occurred. This type of circuit finds applications in multiplexers and demultiplexers, or
wherever a scanning type of behaviour is useful. Similar counters with different numbers
of outputs are also common.
Up-Down Counters
It is a combination of up counter and down counter, counting in straight binary sequence.
There is an up-down selector. If this value is kept high, counter increments binary value
and if the value is low, then counter starts decrementing the count. The Down counters are
made by using the complemented output to act as the clock for the next flip-flop in the
case of Asynchronous counters. An Up counter is constructed by linking the Q out of the
J-K Flip flop and putting it into a Negative Edge Triggered Clock input. A Down Counter
is constructed by taking the Q output and putting it into a Positive Edge Triggered input
Ring Counters
A ring counter is a counter that counts up and when it reaches the last number that is
designed to count up to, it will reset itself back to the first number. For example, a ring
counter that is designed using 3 JK Flip Flops will count starting from 001 to 010 to 100
and back to 001. It will repeat itself in a 'Ring' shape and thus the name Ring Counter is
given.

Shift register
In digital circuits a shift register is a group of flip flops set up in a linear fashion which have
their inputs and outputs connected together in such a way that the data is shifted down the
line when the circuit is activated
Types of shift register
Shift registers can have a combination of serial and parallel inputs and outputs, including
serial-in, parallel-out (SIPO) and parallel-in, serial-out (PISO) types. There are also types
that have both serial and parallel input and types with serial and parallel output. There are
also bi-directional shift registers which allow you to vary the direction of the shift register.
The serial input and outputs of a register can also be connected together to create a circular



shift register. One could also create multi-dimensional shift registers, which can perform
more complex computation.
Serial-in, serial-out
Destructive readout
These are the simplest kind of shift register. The data string is presented at 'Data In', and is
shifted right one stage each time 'Data Advance' is brought high. At each advance, the bit on
the far left (i.e. 'Data In') is shifted into the first flip-flop's output. The bit on the far right (i.e.
'Data Out') is shifted out and lost.
The data are stored after each flip-flop on the 'Q' output, so there are four storage 'slots'
available in this arrangement, hence it is a 4-Bit Register. To give an idea of the shifting
pattern, imagine that the register holds 0000 (so all storage slots are empty). As 'Data In'
presents 1,1,0,1,0,0,0,0 (in that order, with a pulse at 'Data Advance' each time. This is called
clocking or strobing) to the register, this is the result. The left hand column corresponds to
the left-most flip-flop's output pin, and so on.
So the serial output of the entire register is 11010000 (). As you can see if we were to
continue to input data, we would get exactly what was put in, but offset by four 'Data
Advance' cycles. This arrangement is the hardware equivalent of a queue. Also, at any time,
the whole register can be set to zero by bringing the reset (R) pins high.This arrangement
performs destructive readout - each datum is lost once it been shifted out of the right-most
bit.

Non-destructive readout
Non-destructive readout can be achieved using the configuration shown below. Another
input line is added - the Read/Write Control. When this is high (i.e. write) then the shift
register behaves as normal, advancing the input data one place for every clock cycle, and
data can be lost from the end of the register. However, when the R/W control is set low (i.e.
read), any data shifted out of the register at the right becomes the next input at the left, and is
kept in the system. Therefore, as long as the R/W control is set low, no data can be lost from
the system.

Serial-in, parallel-out
This configuration allows conversion from serial to parallel format. Data are input serially,
as described in the SISO section above. Once the data has been input, it may be either read
off at each output simultaneously, or it can be shifted out and replaced.

Parallel-in, serial-out
This configuration has the data input on lines D1 through D4 in parallel format. To write the
data to the register, the Write/Shift control line must be held LOW. To shift the data, the
W/S control line is brought HIGH and the registers are clocked. The arrangement now acts
as a SISO shift register, with D1 as the Data Input. However, as long as the number of clock
cycles is not more than the length of the data-string, the Data Output, Q, will be the parallel
data read off in order.



Synchronous and Asynchronous Operation

Sequential circuits are divided into two main types: synchronous and asynchronous. Their
classification depends on the timing of their signals.

Synchronous sequential circuits change their states and output values at discrete instants of
time, which are specified by the rising and falling edge of a free-running clock signal. The
clock signal is generally some form of square wave as shown in Figure 2 below.

Figure 2. Clock Signal

From the diagram you can see that the clock period is the time between successive transitions
in the same direction, that is, between two rising or two falling edges. State transitions in
synchronous sequential circuits are made to take place at times when the clock is making a
transition from 0 to 1 (rising edge) or from 1 to 0 (falling edge). Between successive clock
pulses there is no change in the information stored in memory.

The reciprocal of the clock period is referred to as the clock frequency. The clock width is
defined as the time during which the value of the clock signal is equal to 1. The ratio of the
clock width and clock period is referred to as the duty cycle. A clock signal is said to be
active high if the state changes occur at the clock's rising edge or during the clock width.
Otherwise, the clock is said to be active low. Synchronous sequential circuits are also known
as clocked sequential circuits.

The memory elements used in synchronous sequential circuits are usually flip-flops. These
circuits are binary cells capable of storing one bit of information. A flip-flop circuit has two
outputs, one for the normal value and one for the complement value of the bit stored in it.
Binary information can enter a flip-flop in a variety of ways, a fact which give rise to the
different types of flip-flops. For information on the different types of basic flip-flop circuits
and their logical properties, see the previous tutorial on flip-flops.

In asynchronous sequential circuits, the transition from one state to another is initiated by the
change in the primary inputs; there is no external synchronisation. The memory commonly
used in asynchronous sequential circuits are time-delayed devices, usually implemented by
feedback among logic gates. Thus, asynchronous sequential circuits may be regarded as
combinational circuits with feedback. Because of the feedback among logic gates,
asynchronous sequential circuits may, at times, become unstable due to transient conditions.
The instability problem imposes many difficulties on the designer. Hence, they are not as
commonly used as synchronous systems.



SR Q(next)

T Q(next)

0 Q

1 Q'

Summary of the Types of Flip-flop Behaviour

Since memory elements in sequential circuits are usually flip-flops, it is worth summarising
the behaviour of various flip-flop types before proceeding further.

All flip-flops can be divided into four basic types: SR, JK, D and T. They differ in the
number of inputs and in the response invoked by different value of input signals. The four
types of flip-flops are defined in Table 1.

Table 1. Flip-flop Types

FLIP-
FLIP-FLOP CHARACTERISTIC CHARACTERISTIC EXCITATION

FLOP
NAME

SR

SYMBOL TABLE

0 0 Q

0 1 0

EQUATION

Q(next) = S + R'Q

TABLE

Q Q(next) S R

0 0 0 X

0 1 1 0

1 1 ? 1 1 X 0

J K Q(next)

0 0 Q

JK 0 1 0

1 0 1

1 1 Q'

Q(next) = JQ' + K'Q

Q Q(next) J K

0 0 0 X

0 1 1 X

1 0 X 1

1 1 X 0

D Q(next)

D 0 0

1 1

Q(next) = D

Q Q(next) D

0 0 0

0 1 1

1 0 0

1 1 1

T Q(next) = TQ' + T'Q

Q Q(next) T

0 0 0

0 1 1

1 0 1

1 1 0

Each of these flip-flops can be uniquely described by its graphical symbol, its characteristic
table, its characteristic equation or excitation table. All flip-flops have output signals Q and
Q'.



The characteristic table in the third column of Table 1 defines the state of each flip-flop as a
function of its inputs and previous state. Q refers to the present state and Q(next) refers to the
next state after the occurrence of the clock pulse. The characteristic table for the RS flip-flop
shows that the next state is equal to the present state when both inputs S and R are equal to 0.
When R=1, the next clock pulse clears the flip-flop. When S=1, the flip-flop output Q is set
to 1. The equation mark (?) for the next state when S and R are both equal to 1 designates an
indeterminate next state.

The characteristic table for the JK flip-flop is the same as that of the RS when J and K are
replaced by S and R respectively, except for the indeterminate case. When both J and K are
equal to 1, the next state is equal to the complement of the present state, that is, Q(next) = Q'.

The next state of the D flip-flop is completely dependent on the input D and independent of
the present state.

The next state for the T flip-flop is the same as the present state Q if T=0 and complemented
if T=1.

The characteristic table is useful during the analysis of sequential circuits when the value of
flip-flop inputs are known and we want to find the value of the flip-flop output Q after the
rising edge of the clock signal. As with any other truth table, we can use the map method to
derive the characteristic equation for each flip-flop, which are shown in the third column of
Table 1.

During the design process we usually know the transition from present state to the next state
and wish to find the flip-flop input conditions that will cause the required transition. For this
reason we will need a table that lists the required inputs for a given change of state. Such a
list is called the excitation table, which is shown in the fourth column of Table 1. There are
four possible transitions from present state to the next state. The required input conditions are
derived from the information available in the characteristic table. The symbol X in the table
represents a "don't care" condition, that is, it does not matter whether the input is 1 or 0.

State Tables and State Diagrams

We have examined a general model for sequential circuits. In this model the effect of all
previous inputs on the outputs is represented by a state of the circuit. Thus, the output of the
circuit at any time depends upon its current state and the input. These also determine the next
state of the circuit. The relationship that exists among the inputs, outputs, present states and
next states can be specified by either the state table or the state diagram.

State Table

The state table representation of a sequential circuit consists of three sections labelled present
state, next state and output. The present state designates the state of flip-flops before the
occurrence of a clock pulse. The next state shows the states of flip-flops after the clock pulse,
and the output section lists the value of the output variables during the present state.



State Diagram

In addition to graphical symbols, tables or equations, flip-flops can also be represented
graphically by a state diagram. In this diagram, a state is represented by a circle, and the
transition between states is indicated by directed lines (or arcs) connecting the circles. An
example of a state diagram is shown in Figure 3 below.

Figure
3. State
Diagram

The binary number inside each circle identifies the state the circle represents. The directed
lines are labelled with two binary numbers separated by a slash (/). The input value that
causes the state transition is labelled first. The number after the slash symbol / gives the value
of the output. For example, the directed line from state 00 to 01 is labelled 1/0, meaning that,
if the sequential circuit is in a present state and the input is 1, then the next state is 01 and the
output is 0. If it is in a present state 00 and the input is 0, it will remain in that state. A
directed line connecting a circle with itself indicates that no change of state occurs. The state
diagram provides exactly the same information as the state table and is obtained directly from
the state table.

Example: This example is taken from P. K. Lala, Practical Digital Logic Design and Testing,
Prentice Hall, 1996, p.155.

Consider a sequential circuit shown in Figure 4. It has one input x, one output Z and two state
variables Q1Q2 (thus having four possible present states 00, 01, 10, 11).



Figure 4.
A

Sequential
Circuit

The behaviour of the circuit is determined by the following Boolean expressions:

Z = x*Q1

D1 = x' + Q1

D2 = x*Q2' + x'*Q1'

These equations can be used to form the state table. Suppose the present state (i.e. Q1Q2) =
00 and input x = 0. Under these conditions, we get Z = 0, D1 = 1, and D2 = 1. Thus the next
state of the circuit D1D2 = 11, and this will be the present state after the clock pulse has been
applied. The output of the circuit corresponding to the present state Q1Q2 = 00 and x = 1 is Z
= 0. This data is entered into the state table as shown in Table 2.

Present State Next State Output

Q1Q2 x = 0 x = 1 x = 0 x = 1

0 0 1 1 0 1 0 0
0 1 1 1 0 0 0 0

1 0 1 0 1 1 0 1

1 1 1 0 1 0 0 1

Table 2. State table for the sequential circuit in Figure 4.

The state diagram for the sequential circuit in Figure 4 is shown in Figure 5.



State Diagrams of Various Flip-flops

Figure
5. State
Diagram
of
circuit
in
Figure
4.

Table 3 shows the state diagrams of the four types of flip-flops.

NAME STATE DIAGRAM

SR

JK

D



T

Table 3. State diagrams of the four types of flip-flops.

You can see from the table that all four flip-flops have the same number of states and
transitions. Each flip-flop is in the set state when Q=1 and in the reset state when Q=0. Also,
each flip-flop can move from one state to another, or it can re-enter the same state. The only
difference between the four types lies in the values of input signals that cause these
transitions.

A state diagram is a very convenient way to visualise the operation of a flip-flop or even of
large sequential components.

Analysis of Sequential Circuits

The behaviour of a sequential circuit is determined from the inputs, the outputs and the states
of its flip-flops. Both the output and the next state are a function of the inputs and the present
state.



Derive the state table and state diagram for the sequential circuit shown in Figure 7.

Figure 7.
Logic
schematic
of a
sequential
circuit.

SOLUTION:

STEP 1: First we derive the Boolean expressions for the inputs of each flip-flops in the
schematic, in terms of external input Cnt and the flip-flop outputs Q1 and Q0. Since there are
two D flip-flops in this example, we derive two expressions for D1 and D0:

D0 = Cnt Q0 = Cnt'*Q0 + Cnt*Q0'

D1 = Cnt'*Q1 + Cnt*Q1'*Q0 + Cnt*Q1*Q0'

These Boolean expressions are called excitation equations since they represent the inputs to
the flip-flops of the sequential circuit in the next clock cycle.

STEP 2: Derive the next-state equations by converting these excitation equations into flip-
flop characteristic equations. In the case of D flip-flops, Q(next) = D. Therefore the next state
equal the excitation equations.

Q0(next) = D0 = Cnt'*Q0 + Cnt*Q0'

Q1(next) = D1 = Cnt'*Q1 + Cnt*Q1'*Q0 + Cnt*Q1*Q0'

STEP 3:     Now convert these next-state equations into tabular form called the next-state
table.

Present State Next State

Q1Q0 Cnt = 0 Cnt = 1

0 0 0 0 0 1
0 1 0 1 1 0

1 0 1 0 1 1

1 1 1 1 0 0



Each row is corresponding to a state of the sequential circuit and each column represents one
set of input values. Since we have two flip-flops, the number of possible states is four - that
is, Q1Q0 can be equal to 00, 01, 10, or 11. These are present states as shown in the table.

For the next state part of the table, each entry defines the value of the sequential circuit in the
next clock cycle after the rising edge of the Clk. Since this value depends on the present state
and the value of the input signals, the next state table will contain one column for each
assignment of binary values to the input signals. In this example, since there is only one input
signal, Cnt, the next-state table shown has only two columns, corresponding to Cnt = 0 and
Cnt = 1.

Note that each entry in the next-state table indicates the values of the flip-flops in the next
state if their value in the present state is in the row header and the input values in the column
header.

Each of these next-state values has been computed from the next-state equations in STEP 2.

STEP 4:     The state diagram is generated directly from the next-state table, shown in Figure
8.

Figure
8. State
diagram

Each arc is labelled with the values of the input signals that cause the transition from the
present state (the source of the arc) to the next state (the destination of the arc).

In general, the number of states in a next-state table or a state diagram will equal 2m , where
m is the number of flip-flops. Similarly, the number of arcs will equal 2m x 2k , where k is
the number of binary input signals. Therefore, in the state diagram, there must be four states
and eight transitions. Following these transition arcs, we can see that as long as Cnt = 1, the
sequential circuit goes through the states in the following sequence: 0, 1, 2, 3, 0, 1, 2, ....  On
the other hand, when Cnt = 0, the circuit stays in its present state until Cnt changes to 1, at
which the counting continues.

Since this sequence is characteristic of modulo-4 counting, we can conclude that the
sequential circuit in Figure 7 is a modulo-4 counter with one control signal, Cnt, which
enables counting when Cnt = 1 and disables it when Cnt = 0.



To see how the states changes corresponding to the input signals Cnt, click on this image.

Below, we show a timing diagram, representing four clock cycles, which enables us to
observe the behaviour of the counter in greater detail.

Figure
9.
Timing
Diagram

In this timing diagram we have assumed that Cnt is asserted in clock cycle 0 at t0 and is
disasserted in clock cycle 3 at time t4. We have also assumed that the counter is in state
Q1Q0 = 00 in the clock cycle 0. Note that on the clock's rising edge, at t1, the counter will go
to state Q1Q0 = 01 with a slight propagation delay; in cycle 2, after t2, to Q1Q0 = 10; and in
cycle 3, after t3 to Q1Q0 = 11. Since Cnt becomes 0 at t4, we know that the counter will stay
in state Q1Q0 = 11 in the next clock cycle. To see the timing behaviour of the circuit click on

this image .

In Example 1.1 we demonstrated the analysis of a sequential circuit that has no outputs by
developing a next-state table and state diagram which describes only the states and the
transitions from one state to the next. In the next example we complicate our analysis by
adding output signals, which means that we have to upgrade the next-state table and the state
diagram to identify the value of output signals in each state.



SOLUTION:

Figure
10. Logic
schematic
of a
sequential
circuit.

The input combinational logic in Figure 10 is the same as in Example 1.1, so the excitation
and the next-state equations will be the same as in Example 1.1.

Excitation equations:

D0 = Cnt Q0 = Cnt'*Q0 + Cnt*Q0'

D0 = Cnt'*Q1 + Cnt*Q1'*Q0 + Cnt*Q1*Q0'

Next-state equations:

Q0(next) = D0 = Cnt'*Q0 + Cnt*Q0'

Q1(next) = D0 = Cnt'*Q1 + Cnt*Q1'*Q0 + Cnt*Q1*Q0'

In addition, however, we have computed the output equation.

Output equation: Y = Q1Q0

As this equation shows, the output Y will equal to 1 when the counter is in state Q1Q0 = 11,
and it will stay 1 as long as the counter stays in that state.

Next-state and output table:

Present State Next State Output

Q1 Q0 Cnt=0 Cnt=1 Z

0 0 0 0 0 1 0
0 1 0 1 1 0 0

1 0 1 0 1 1 0

1 1 1 1 0 0 1



State diagram:

Figure 11.
State
diagram of
sequential
circuit in
Figure 10.

To see
how the
states
move from
one to
another
click on
the image.

Timing diagram:

Figure 12.
Timing
diagram of
sequential
circuit in
Figure 10.

Click on
the image
to see its
timing
behaviour.

Note that the counter will reach the state Q1Q0 = 11 only in the third clock cycle, so the
output Y will equal 1 after Q0 changes to 1. Since counting is disabled in the third clock
cycle, the counter will stay in the state Q1Q0 = 11 and Y will stay asserted in all succeeding
clock cycles until counting is enabled again.



Design of Sequential Circuits

The design of a synchronous sequential circuit starts from a set of specifications and
culminates in a logic diagram or a list of Boolean functions from which a logic diagram can
be obtained. In contrast to a combinational logic, which is fully specified by a truth table, a
sequential circuit requires a state table for its specification. The first step in the design of
sequential circuits is to obtain a state table or an equivalence representation, such as a state
diagram.

A synchronous sequential circuit is made up of flip-flops and combinational gates. The
design of the circuit consists of choosing the flip-flops and then finding the combinational
structure which, together with the flip-flops, produces a circuit that fulfils the required
specifications. The number of flip-flops is determined from the number of states needed in
the circuit.

The recommended steps for the design of sequential circuits are set out below.



Unit  II

PART-A (2 Marks)

1. What is sequential circuit?

2. List the classifications of sequential circuit.

3. What is Synchronous sequential circuit?

4. List different types of flip-flops.

5. What do you mean by triggering of flip-flop.

6. What is an excitation table?

7. Give the excitation table of a JK flip-flop

8. Give the excitation table of a SR flip-flop

9. Give the excitation table of a T flip-flop

PART-B

1. Design a counter with the following repeated binary sequence:0, 1, 2,3, 4,
5, 6. use JK Flip-flop. (16)

2. Describe the operation of SR flip-flop (16)

3. Design a sequential circuit using JK flip-flop for the following state table
[use state diagram] (16)

4. The count has a repeated sequence of six states, with flip flops B and C
repeating the binary count 00, 01, 10 while flip flop A alternates between 0
and 1 every three counts.Designs with JK flip-flop (16)

5. Design a 3-bit T flip-flop counter (16)



UNIT III ASYNCHRONOUS SEQUENCTIAL CIRCUIT

SYLLABUS :
 Analysis of asynchronous sequential machines
 State assignment
 Asynchronous design problem







STATE ASSIGNMENTS :











USING A ONE-HOT STATE ASSIGNMENT :









Unit-III

PART-A (2 Marks)

1.What is the use of state diagram?

2. What is state table?

3. What is a state equation?

4. Differentiate ASM chart and conventional flow chart?

5. What is flow table?

6. What is primitive flow table?

PART-B

1. Design an Asynchronous sequential circuit using SR latch with two inputs
A and B and one output y. B is the control input which, when equal to 1,
transfers the input A to output y. when B is 0, the output does not change, for
any change in input. (16)

2. Give hazard free relation for the following Boolean function.
F (A, B, C, D) =_m (0, 2, 6, 7, 8, 10, 12) (16)

3. Design T Flip flop from Asynchronous Sequential circuit? (16)

4.State with a neat example the method for the minimization of primitive
flow table.

Consider a state diagram

Obtain the flow table

Using implication table reduce the flow table

Using merger graph obtain maximal compatibles

Verify closed & covered conditions

Plot the reduced flow table
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SYLLABUS :
 Memories – ROM, PROM, EPROM, PLA, PLD, FPGA
 Digital logic families
 TTL, ECL,
 CMOS.



UNTI   IV  PROGRAMMABLE LOGIC DEVICES, MEMORY AND LOGIC

MEMORY DEVICES

Introduction:

The important common element of the memories we will study is that they are random access
memories, or RAM. This means that each bit of information can be individually stored or
retrieved | with a valid input address. This is to be contrasted with sequential memories in
which bits must be stored or retrieved in a particular sequence, for example with data storage
on magnetic tape. Unfortunately the term RAM has come to have a more specific meaning: A
memory for which bits can both be easily stored or retrieved (\written to" or \read from").

Classification of memories

RAM.

In general, refers to random access memory. All of the devices we are considering

to be \memories" (RAM, ROM, etc.) are random access. The term RAM has also

come to mean memory which can be both easily written to and read from. There are

two main technologies used for RAM:

1.) Static RAM.

These essentially are arrays of flip-flops. They can be fabricated in ICs as large arrays
of tint flip-flops.) \SRAM" is intrinsically somewhat faster than dynamic RAM.

2.) Dynamic RAM.

Uses capacitor arrays. Charge put on a capacitor will produce a HIGH bit if its voltage
V = Q=C exceeds the threshold for the logic standard in use. Since the charge will \leak" o_
through the resistance of the connections in times of order _ 1 msec, the stored information
must be continuously refreshed (hence the term \dynamic"). Dynamic RAM can be fabricated
with more bits per unit area in an IC than static RAM. Hence, it is usually the technology of
choice for most large-scale IC memories.

ROM. Read-only memory.

Information cannot be easily stored. The idea is that bits are initially de_ned and are
never changed thereafter. As an example, it is generally prudent for the instructions used to
initialize a computer upon initial power-up to be stored in ROM. The following terms refer to
versions of ROM for which the stored bits can be over-written, but not easily.



PROM Programmable ROM.

Bits can be set on a programming bench by burning fusible links, or equivalent. This
technology is also used for programmable array logic (PALs), which we will briefly discuss
in class.

EPROM.

ROM which can be erased using ultraviolet light.

EEPROM.

ROM which can be erased electronically.

A few other points of terminology:

As you know, a bit is a binary digit. It represents the smallest element of information.

A byte is 8 bits.

A  K of memory is 210 = 1024 bits (sometimes written KB). And a megabit (MB) is

1K _ 1K bits.

RAM is organized into many data \words" of some prescribed length. For example, a RAM
which has 8K = 8192 memory locations, with each location storing a data word of \width" 16
bits, would be referred to as a RAM of size 8K _ 16. The total storage capacity of this
memory would therefore be 128KB, or simply a \128K" memory. (With modern very large
scale integration (VLSI) technology, a typical RAM IC might be 16 MB. Besides the
memory \size," the other important specification for memory is the access time. This is the
time delay between when a valid request for stored data is sent to a memory and when the
corresponding bit of data appears at the output. A typical access time, depending upon the
technology of the memory, might be _ 10 ns.

ROM Organization

A circuit for  implementing one or more  switching functions of several variables was
described in the preceding section and illustrated in Figure 20. The components of the circuit
are

• An n × 2n decoder, with n input lines and 2n output lines

• One or more OR gates, whose outputs are the circuit outputs

• An interconnection network between decoder outputs and OR gate inputs

The decoder is an MSI circuit, consisting of 2n n-input AND gates, that produces all the
minterms of n variables. It achieves some economy of implementation, because the same



decoder can be used for any application involving the same number of variables.What is
special to any application is the number of OR gates and the specific outputs of the decoder
that become inputs to those OR gates. Whatever else can be done to result in a general-
purpose circuit would be most welcome. The most general-purpose approach is to include the
maximum number of OR gates, with provision to interconnect all 2n outputs of the decoder
with the inputs to every one of the OR gates. Then, for any given application, two things
would have to be done:

• The number of OR gates used would be fewer than the maximum number, the others
remaining unused.

• Not every decoder output would be connected to all OR gate inputs.This scheme would be
terribly wasteful and doesn‘t sound like a good idea. Instead, suppose a smaller number, m, is
selected for the number of OR gates to be included, and an interconnection network is set up
to interconnect the 2n decoder outputs to the m OR gate inputs. Such a structure is illustrated
in Figure 21. It is an LSI combinational circuit with n inputs and m outputs that, for reasons
that will become clear shortly, is called a read-only memory (ROM).

A ROM consists of two parts:

• An n × 2n decoder

• A 2n × m array of switching devices that form interconnections between the 2n lines from
the decoder and the m output lines The 2n output lines from the decoder are called the word
lines. Each of the 2n combinations that constitute the inputs to the interconnection array
corresponds to a minterm and specifies an address.The memory consists of those connections
that are actually made in the connection matrix between the word lines and the output lines.
Once made, the connections in the memory array are permanent.8 So this memory is not one
whose contents can be changed readily from time to time; we ―write‖ into this memory but
once.  However, it  is possible to ―read‖ the information already stored  (the connections
actually made) as often as desired, by applying input words and observing the output
words.That‘s why the circuit is called read-only memory. Before you continue reading, think
of two possible ways in which to fabricate a ROM so that one set of connections can be made
and another set left unconnected.

Continue reading after you have thought about it.

A ROM can be almost completely fabricated except that none of the connections are made.
Such a ROM is said to be blank. Forming the connections for a particular application is called
programming the ROM. In the process of programming the ROM, a mask is produced to
cover those connections that are not to be made. For this reason, the blank form of the ROM
is called mask programmable



Basic structure of a ROM.

A ROM truth table and its program.

Mask-programmed ROM

In the case of a mask-programmed ROM, the ROM is programmed at the
manufacturer‘s site according to the specifications of the customer. A photographic negative,
called a mask, is used to store the required data on the ROM chip. A different mask would be
needed for storing each different set



Typical timing diagram a ROM read operation of information. As preparation of a mask is an
expensive proposition, mask-programmed ROM is economical only when manufactured in
large quantities. The limitation of such a ROM is that, once programmed, it cannot be
reprogrammed. The  basic  storage element is an NPN bipolar  transistor, connected  in
common-collector configuration, or a MOSFET in common drain configuration. Figures
15.16(a) and (b) show a MOSFET-based basic cell connection when storing a ‗1‘ and ‗0‘
respectively. As is clear from the figure, the connection of the ‗row line‘ to the gate of the
MOSFET stores ‗1‘ at the location when the ‗row line‘ is set to level ‗1‘. A floating-gate
connection is used to store ‗0‘. The data programmed into the ROM are given in the
adjoining truth table. The transistors with an open base store a ‗0‘, whereas those with their
bases connected to the corresponding decoder output store a ‗1‘. As an illustration, transistors
Q30, Q20, Q10 and  Q00 in row  0 store ‗1‘, ‗0‘, ‗1‘ and ‗0‘ respectively. The stored
information in a given row is available at the output when the corresponding decoder is
enabled, and that ‗row line‘ is set to level ‗1‘. The output of the memory cells appears at the
column lines. For example, when the address input is ‗11‘, row 3 is enabled and the data item
at the output is 0110.



Basic cell connection of a mask programmed ROM

In the ROM architecture shown in Fig. 15.17,  the number of memory cells in a row
represents the word size. The four memory cells in a row here constitute a four-bit register.
There are four such registers in this ROM. In a 16×8 ROM of this type there will be 16 rows
of such transistor cells, with each row having eight memory cells. The decoder in that case
would be a 1-of-16 decoder.

Programmable ROM

In the case of PROMs, instead of being done at the manufacturer‘s premises during
the manufacturing process, the programming is done by the customer with the help of a
special gadget called a PROM programmer. Since the data, once programmed, cannot be
erased and  reprogrammed, these devices are also referred to as one-time programmable
ROMs. The basic memory cell of a PROM is similar to that of a mask-programmed ROM.
Above show a MOSFET-based memory cell and bipolar memory cell respectively. In the
case of a PROM, each of the connections that were left either intact or open in the case of a
mask-programmed ROM are made with a thin fusible link, as shown in Fig. 15.18. The
different interconnect technologies used in programmable logic devices are comprehensively
covered in Chapter 9. Basic fuse technologies used in PROMs are metal links, silicon links
and PN junctions. These fusible links can be selectively blown off to store desired data. A
sufficient current is injected through the fusible link to burn  it open to store ‗0‘. The
programming operation, as said earlier, is done with a PROM programmer. The PROM chip
is plugged into the socket meant for the purpose. The programmer circuitry selects each
address of the PROM one by one, burns in the required data and then verifies the correctness
of the data before proceeding to the next address. The data are fed to the programmer from a



keyboard or a disk drive or from a computer. PROM chips are available in various word sizes
and capacities. 27LS19, 27S21, 28L22, 27S15, 24S41, 27S35, 24S81, 27S45, 27S43 and
27S49 are respectively 32×8, 256×4, 256×8, 512×8, 1K×4, 1K×8, 2K×4, 2K×8, 4K×8 and
8K×8 PROMS. The typical access time in the case of these devices is in the range 50–70 ns.
MOS PROMs are available with much greater capacities than bipolar PROMs. Also, the
power dissipation is much lower in MOS PROMs than it is in the case of

bipolar PROMs with similar capacities



Internal structure of a 4 x 4 bipolar mask programmed ROM

Basic Memory Cell of a PROM

Erasable PROM

EPROM can be erased and reprogrammed as many times as desired. Once
programmed, it is nonvolatile, i.e. it holds the stored data indefinitely. There are two types of
EPROM,  namely the ultraviolet-erasable PROM  (UV EPROM) and electrically erasable
PROM (EEPROM). The memory cell in a UV EPROM is a MOS transistor with a floating
gate. In the normal condition,the MOS transistor is OFF. It can be turned ON by applying a
programming pulse (in the range 10–25 V) that injects electrons into the floating-gate region.
These electrons remain trapped in the gate region even after removal of the programming
pulse. This keeps the transistor ON once it is programmed to be in that state even after the
removal of power. The stored information can, however, be erased by exposing the chip to
ultraviolet radiation through a transparent window on the top of the chip meant for the
purpose. The photocurrent thus produced removes the stored charge in the floating-gate
region and brings the transistor back to the OFF state. The erasing operation takes around 15–
20 min, and the process erases information on all cells of the chip. It is not possible to carry
out any selective erasure of memory cells. Intel‘s 2732 is 4K×8 UV EPROM hardware
implemented with NMOS devices. Type numbers 2764, 27128, 27256 and 27512 have
capacities of 8K×8, 16K×8, 32K×8 and 64K×8 respectively. The access time is in the range
150–250 ns. UV EPROMs suffer from disadvantages such as the need to remove the chip
from the circuit if it is to be reprogrammed, the nonfeasibility of carrying out selective
erasure and the reprogramming process taking several tens of minutes. These are overcome in
the EEPROMs and flash memories discussed in the following paragraphs. The memory cell
of an EEPROM is also a floating-gate MOS structure with the slight modification that there is
a thin oxide layer above the drain of the MOS memory cell. Application of a high-voltage
programming pulse between gate and drain induces charge in the floating-gate region which
can be erased by reversing the polarity of the pulse. Since the charge transport mechanism
requires very low current, erasing and programming operations can be carried out without
removing the chip from the circuit. EEPROMs have another advantage – it is possible to
erase and rewrite data in the individual bytes in the memory array. The EEPROMs, however,
have lower density (bit capacity per square mm of silicon) and higher cost compared with UV
EPROMs.



Random Access Memory

RAM has three basic building blocks, namely an array of memory cells arranged in
rows and columns with each memory cell capable of storing either a ‗0‘ or a ‗1‘, an address
decoder and a read/write control logic. Depending upon the nature of the memory cell used,
there are two types of RAM, namely static RAM (SRAM) and dynamic RAM (DRAM). In
SRAM, the memory cell is essentially a latch and can store data indefinitely as long as the
DC power is supplied. DRAM on the other hand, has a memory cell that stores data in the
form of charge on a capacitor. Therefore, DRAM cannot retain data for long and hence needs
to be refreshed periodically. SRAM has a higher speed of operation than DRAM but has a

smaller storage capacity.

Memory Expansion

When a given application requires a RAM or ROM with a capacity that is larger than
what is available on a single chip, more than one such chip can be used to achieve the
objective. The required enhancement in capacity could be either in terms of increasing the
word size or increasing the number of memory locations.



Word Size Expansion

Let us take up the task of expanding the word size of an available 16×4 RAM chip
from four bits to eight bits. Below figure shows a diagram where two such RAM chips have
been used to achieve the desired effect. The arrangement is straightforward. Both chips are
selected or deselected together. Also, the input that determines whether it is a ‗read‘ or
‗write‘ operation is common to both chips. That is, both chips are selected for ‗read‘ or
‗write‘ operation together. The address inputs to the two chips are also common. The memory
locations corresponding to various address inputs store four higher-order bits in the case of
RAM-1 and four lower-order bits in the case of RAM-2. In essence, each of the RAM chips
stores half of the word. Since the address inputs are common, the same location in each chip
is accessed at the same time.

Word size expansion



Memory Location Expansion

Below shows how more than one memory chip can be used to expand the number of
memory locations. Let us consider the use of two 16×8 chips to get a 32×8 chip. A 32×8 chip
would need five address input lines. Four of the five address inputs, other than the MSB
address bit, are common to both 16×8 chips. The MSB bit feeds the input of one chip directly
and the input of the other chip after inversion. The inputs to the two chips are common. Now,
for first half of the memory locations corresponding to address inputs 00000 to 01111 (a total
of 16 locations), the MSB bit of the address is ‗0‘, with the result that RAM-1 is selected and
RAM-2 is deselected. For the remaining address inputs of 10000 to 11111 (again, a total of
16 locations), RAM-1 is deselected while RAM-2 is selected. Thus, the overall arrangement
offers a total of 32 locations, 16 provided by RAM-1 and 16 provided by RAM-2. The overall
capacity is thus 32×8.



VLSI Programmable Logic Devices
 Advantage of PLDs - can be programmed to incorporate a complex logic function within a

single IC but at MSI or LSI level.
 But for larger & more complex functions – VLSI is appropriate; it can contain thousands

to millions of gates within a single IC chip.
 Three ways of designing VLSI circuits:

1. Full Custom Design
2. Standard Cell Design
3.   Gate Array Design

 Full Custom Design: Entire design of the chip, down to the smallest detail of the layout is
performed
 Very expensive
 Suitable only for dense, fast ICs in bulk quantities

 Standard Cell Design: Large part of the design is performed ahead of time, used in
previous designs. Pre-designed parts are connected to form IC design. Like hierarchical
design procedure.
 Intermediate cost
 Lower density & lower performance than full custom

 Gate Array Design: Pattern of gates fabricated in Silicon that is repeated thousands of
times, so that the entire chip contains identical gates. It requires that the design specify
how the gates are interconnected. Many steps of fabrication process are common and
independent of final logic function. These steps are economical as they can be used for a
number of different designs. Additional fabrication steps are required to interconnect the
gates in order to customize the gate array to the particular design.

 New approaches of VLSI yield high capacity PLDs called Complex Programmable Logic
Devices (CPLDs) or Field  Programmable Gate  Arrays (FPGAs). These  have  the
following properties:

1. Substantial amounts of uncommitted combinational logic
2. Pre-implemented flip-flops
3. Programmable interconnections between the combinational logic, flip-flops, and

the chip input/outputs
 Aside from these properties, VLSI PLDs differ significantly from vendor to vendor. Some

are following:
 Altera MAX 7000 CPLDs based on EEPROM. It has:
 16 identical  logic array blocks, all  of whose outputs  fed  into  the programmable

interconnect array that also receives inputs from the I/O control blocks. These I/O
blocks control the input and output of the circuit.

 Each logic block contains 16 cells, each with a flip-flop in addition to basic PLD-like
combinational logic structure.

 Some of the AND gates in the cell are used for flip-flop control, such as Preset, Clear,
Clock, etc.

 Flip-flop itself can be programmed to act as a D, T, JK, or SR flip-flop.
Xilinx XC4000 FPGA is implemented in an array of programmable blocks of
logic called Configurable Logic Blocks (CLBs).

 Input to and output from the array is handled by Input/Output Blocks (IOBs) along the
edges of the array.

 IOBs & CLBs are interconnected by a variety of programmable interconnection
structures called switch matrices.



PROGRAMMABLE ARRAY LOGIC

The PAL device is a special case of PLA which has a programmable AND arrayand a
fixed OR array. The basic structure of Rom is same as PLA. It is cheap comparedto PLA as
only the AND array is programmable. It is also easy to program a PALcompared to PLA as
only AND must be programmed.

The figure 1 below shows a segment of an unprogrammed PAL. The input bufferwith
non inverted and inverted outputs is used, since each PAL must drive many ANDGates
inputs. When the PAL is programmed, the fusible links (F1, F2, F3…F8) areselectively
blown to leave the desired connections to the AND Gate inputs. Connectionsto the AND Gate
inputs in a PAL are represented byXs, as shown here:

Figure 1: segment of an unprogrammed and programmed PAL.

As an example, we will use the PAL segment of figure 1 to realize the function
I1I2‘+I1I2. theXs indicate that the I1 and I2‘ lines are connected to the first AND Gate, and
the I1‘ and I2 lines are connected to the other Gate.

Typical combinational PAL have 10 to 20 inputs and from 2 to 10 outputs with 2to 8
AND gates driving each OR gate. PALs are also available which contain D flip-flopswith
inputs driven from the programming array logic. Such PAL provides a convenientway of
realizing sequential networks. Figure 2 below shows a segment of a sequentialPAL. The D
flip-flop is driven from the OR gate, which is fed by two AND gates. Theflip-flop output is
fed back to the programmable AND array through a buffer. Thus theAND gate inputs can be



connected to A, A‘, B, B‘, Q, or Q‘. The Xs on the diagramshow the realization of the next-
state equation.

Q+ = D = A‘BQ‘ + AB‘Q

The flip-flop output is connected to an inverting tristate buffer, which is enabled when

EN = 1

Figure 2 Segment of a Sequential PAL

Figure 3 below shows a logic diagram for a typical sequential PAL, the 16R4.This
PAL has an AND gate array with 16 input variables, and it has 4 D flip-flops. Eachflip-flop
output goes through a tristate-inverting buffer (output pins 14-17). One input(pin 11) is used
to enable these buffers. The rising edge of a common clock (pin 1) causesthe flip-flops to
change the state. Each D flip-flop input is driven from an OR gate, andeach OR gate is fed
from 8 AND gates. The AND gate inputs can come from the externalPAL inputs (pins2-9) or
from the flip-flop outputs, which are  fed  back internally. Inaddition there are  four
input/output (i/o) terminals (pins 12,13,18 and 19), which can beused as either network
outputs or as inputs to the AND gates. Thus each AND gate canhave a maximum of 16 inputs
(8 external inputs, 4 inputs fed back from the flip-flopoutputs, and 4 inputs from the i/o
terminals). When used as an output, each I/O terminalis driven from an inverting tristate
buffer. Each of these buffers is fed from an OR gateand each OR gate is fed from 7 AND
gates. An eighth AND gate is used to enable the

What is Programmable Logic?

In the world of digital electronic systems, there are three basic kinds of devices: memory,
microprocessors, and logic. Memory devices store random information such as the contents
of a spreadsheet or database. Microprocessors execute software instructions to perform a
wide variety of tasks such as running a word processing program or video game. Logic



devices provide specific functions, including device-to-device interfacing, data
communication, signal processing, data display, timing and control operations, and almost
every other function a system must perform.

Fixed Logic Versus Programmable Logic

Logic devices can be classified into two broad categories - fixed and programmable. As the
name suggests, the circuits in a fixed logic device are permanent, they perform one function
or set of functions - once manufactured, they cannot be changed. On the other hand,
programmable logic devices (PLDs) are standard, off-the-shelf parts that offer customers a
wide range of logic capacity, features, speed, and voltage characteristics - and these devices
can be changed at any time to perform any number of functions.

With fixed logic devices, the time required to go from design, to prototypes, to a final
manufacturing run can take from several months to more than a year, depending on the
complexity of the device. And, if the device does not work properly, or if the requirements
change, a new design must be developed. The up-front work of designing and verifying fixed
logic devices involves substantial "non-recurring engineering" costs, or NRE. NRE represents
all the costs customers incur before the final fixed logic device emerges from a silicon
foundry, including engineering resources, expensive software design tools, expensive
photolithography mask sets for manufacturing the various metal layers of the chip, and the
cost of initial prototype devices. These NRE costs can run from a few hundred thousand to
several million dollars.

With programmable logic devices, designers use inexpensive software tools to quickly
develop, simulate, and test their designs. Then, a design can be quickly programmed into a
device, and immediately tested in a live circuit. The PLD that is used for this prototyping is
the exact same PLD that will be used in the final production of a piece of end equipment,
such as a network router, a DSL modem, a DVD player, or an automotive navigation system.
There are no NRE costs and the final design is completed much faster than that of a custom,
fixed logic device.

Another key benefit of using PLDs is that during the design phase customers can change the
circuitry as often as they want until the design operates to their satisfaction. That's because
PLDs are based on re-writable memory technology - to change the design, the device is
simply reprogrammed. Once the design is final, customers can go into immediate production
by simply programming as many PLDs as they need with the final software design file.

CPLDs and FPGAs

The two major types of programmable logic devices are field programmable gate arrays
(FPGAs) and complex programmable logic devices (CPLDs). Of the two, FPGAs offer the
highest amount of logic density, the most features, and the highest performance. The largest
FPGA now shipping, part of the Xilinx Virtex™ line of devices, provides eight million
"system gates" (the relative density of logic). These advanced devices also offer features such
as built-in hardwired processors (such as the IBM  Power PC),  substantial amounts of
memory, clock management systems, and support for many of the latest, very fast device-to-
device signaling technologies. FPGAs are used in a wide variety of applications ranging from
data processing and storage, to instrumentation, telecommunications, and digital signal
processing.



CPLDs, by contrast, offer much smaller amounts of logic - up to about 10,000 gates. But
CPLDs offer very predictable timing characteristics and are therefore ideal for critical control
applications. CPLDs such as the Xilinx CoolRunner™ series also require extremely low
amounts of power and are very inexpensive, making them ideal for cost-sensitive, battery-
operated, portable applications such as mobile phones and digital handheld assistants.

The PLD Market

Today the worldwide market for programmable logic devices is about $3.5 billion, according
the market researcher Gartner/Dataquest. The market for fixed logic devices is about $12
billion. However, in recent years, sales of PLDs have outpaced those of fixed logic devices
built with older gate array technology. And, high performance FPGAs are now beginning to
take market share from fixed logic devices made with the more advanced standard cell
technology.

According to the Semiconductor Industry Association, programmable logic is now one of the
fastest growing segments of the semiconductor business, and for the last few years, sales for
PLDs have increased at a greater pace than sales for the overall semiconductor industry.

Says EDN Magazine, a leading electronics design trade publication: "Programmable-logic
devices are the fastest growing segment of the logic-device family for two fundamental
reasons. Their ever-increasing logic gate count per device 'gathers up' functions that might
otherwise spread over a number of discrete-logic and memory chips, improving end-system
size, power consumption, performance, reliability, and cost. Equally important is the fact that
in a matter of seconds or minutes you can configure and, in many cases, reconfigure these
devices at your workstation or in the system-assembly line. This capability provides powerful
flexibility to react to last-minute design changes, to prototype ideas before implementation,
and to meet time-to-market deadlines driven by both customer need and competitive
pressures." (EDN, "Annual PLD Directory," August 17, 2000.)

The PLD Advantage

Fixed logic devices and PLDs both have their advantages. Fixed logic devices, for example,
are often more appropriate for large volume applications because they can be mass-produced
more economically. For certain applications where the very highest performance is required,
fixed logic devices may also be the best choice.

However, programmable logic devices offer a number of important advantages over fixed
logic devices, including:

 PLDs offer customers much more flexibility during the design cycle because design
iterations are simply a matter of changing the programming file, and the results of
design changes can be seen immediately in working parts.

 PLDs do not require long lead times for prototypes or production parts - the PLDs are
already on a distributor's shelf and ready for shipment.

 PLDs do not require customers to pay for large NRE costs and purchase expensive
mask sets - PLD suppliers incur those costs when they design their programmable
devices and are able to amortize those costs over the multi-year lifespan of a given
line of PLDs.



 PLDs allow customers to order just the number of parts they need, when they need
them, allowing them to control inventory. Customers who use fixed logic devices
often end up with excess inventory which must be scrapped, or if demand for their
product surges, they may be caught short of parts and face production delays.

 PLDs can be reprogrammed even after a piece of equipment is shipped to a customer.
In fact, thanks to programmable logic devices, a number of equipment manufacturers
now tout the ability to add new features or upgrade products that already are in the
field. To do this, they simply upload a new programming file to the PLD, via the
Internet, creating new hardware logic in the system.

Over the last few years programmable logic suppliers have made such phenomenal technical
advances that PLDs are now seen as the logic solution of choice from many designers. One
reasons for this is that PLD suppliers such as Xilinx are "fabless" companies; instead of
owning chip  manufacturing  foundries, Xilinx  out  sources  that  job to partners like IBM
Microelectronics and UMC, whose chief occupation is making chips. This strategy allows
Xilinx to focus on designing new product architectures, software tools, and intellectual
property cores while having access to the most advanced semiconductor process
technologies. Advanced process technologies help PLDs in a number of key areas: faster
performance,  integration of more features,  reduced  power consumption, and  lower cost.
Today Xilinx is producing programmable logic devices on a state-of-the-art 0.13-micron low-
k copper process - one of the best in the industry.

Just a few years ago, for example, the largest FPGA was measured in tens of thousands of
system gates and operated at 40 MHz. Older FPGAs also were relatively expensive, costing
often more than $150 for the most advanced parts at the time. Today, however, FPGAs with
advanced features offer millions of gates of logic capacity, operate at 300 MHz, can cost less
than $10, and offer a new level of integrated functions such as processors and memory.

Just as significant, PLDs now have a growing library of intellectual property (IP) or cores -
these are predefined and tested software modules that customer can use to create system
functions instantly inside the PLD. Cores include everything from complex digital signal
processing algorithms and memory controllers to bus interfaces and full-blown software-
based microprocessors. Such cores save customers a lot of time and expense --it would take
customers months to create these functions, further delaying a product introduction.

Complex programmable logic devices:

A complex programmable logic device (CPLD) is a programmable logic device with

complexity between that of PALs and FPGAs, and architectural features of both. The

building block of a CPLD is the macrocell, which contains logic implementing disjunctive

normal form expressions and more specialized logic operations.



Features in common with PALs:

 Non-volatile configuration memory. Unlike many FPGAs, an external

configuration ROM isn't required, and the CPLD can function immediately on system

start-up.

 For many legacy CPLD devices, routing constrains most logic blocks to have input and

output signals connected to external pins, reducing opportunities for internal state storage

and deeply layered logic. This is usually not a factor for larger CPLDs and newer CPLD

product families.

Features in common with FPGAs:

 Large number of gates available. CPLDs typically have the equivalent of thousands to

tens of thousands of logic gates, allowing implementation of moderately complicated data

processing devices. PALs typically have a few hundred gate equivalents at most, while

FPGAs typically range from tens of thousands to several million.

 Some provisions for logic more flexible than sum-of-product expressions, including

complicated feedback paths between macro cells, and specialized logic for implementing

various commonly-used functions, such as integer arithmetic.

The most noticeable difference between a large CPLD and a small FPGA is the presence of

on-chip non-volatile memory in the CPLD. This distinction is rapidly becoming less relevant,

as several of the latest FPGA products also offer models with embedded configuration

memory.

The characteristic of non-volatility makes the CPLD the device of choice in modern digital

designs to perform 'boot loader' functions before handing over control to other devices not

having this capability. A good example is where a CPLD is used to load configuration data

for an FPGA from non-volatile memory.

CPLDs were an evolutionary step from even smaller devices that preceded them, PLAs (first

shipped by Signetics), and PALs. These in turn were preceded by standard logic products,

that offered no programmability and were "programmed" by wiring several standard logic

chips together.

The main distinction between FPGA and CPLD device architectures is that FPGAs are

internally based on Look-up tables (LUTs) while CPLDs form the logic functions with sea-

of-gates (e.g. sum of products).



Unit IV

PART-A (2 Marks)

1.Define binary logic?

2. What are the basic digital logic gates?

3. What is a Logic gate?

4.Give the classification of logic families

5. Which gates are called as the universal gates? What are its advantages?

6.Classify the logic family by operation?

7.State the classifications of FET devices.

8.Mention the classification of saturated bipolar logic families.

9. Mention the important characteristics of digital IC‘s?

10. Define Fan-out?

PART B :

1. Explain with neat diagrams TTL.Disadvantages of other families.Diagram of TTL Theory
and Working principle.

2. Discuss all the characteristics of digital IC‘s,Fan out,Power dissipation,Propagation
Delay,Noise Margin,Fan In,Operating temperature,Power supply requirements.

3. Explain with neat diagram how an open collector TTL operates.Disadvantages of other
families,Diagram of open collector gate TTL,Theory,Working principle.

4. Explain the different applications of open collector TTL.Wired logic,Common bus
system,Drive a lamp or relay.

5. Explain in detail about schottky TTL.Disadvantages of other families,Diagram of schottky
TTL,Theory,Working principle,Advantages.

6.Explain in detail about three state gate.Disadvantages of other families.Explanation about
three state gate.Theory and Working principle.

7.Explain with necessary diagrams MOS & CMOS.

PMOS

NMOS



UNIT V VHDL

SYLLABUS :

 RTL Design
 Combinational logic
 Types – Operators – Packages
 Sequential circuit
 Sub programs – Test benches. (Examples: adders, counters, flipflops,

FSM, Multiplexers /
 Demltiplexers)



UNIT V   VHDL :

HDL

In electronics, a hardware description language or HDL is any language from a class
of computer languages and/or programming languages for formal description of digital logic
and electronic circuits. It can describe the circuit's operation, its design and organization, and
tests to verify its operation by means of simulation.

HDLs are standard text-based expressions of the spatial and temporal structure and behaviour
of electronic systems. In contrast to a software programming language, HDL syntax and
semantics include explicit notations for expressing time and concurrency, which are the
primary attributes of hardware. Languages whose only characteristic is to express circuit
connectivity between hierarchies of blocks are properly classified as netlist languages used on
electric computer-aided design (CAD).

HDLs are used to write executable specifications of some piece of hardware. A simulation
program, designed to implement the  underlying semantics  of the  language  statements,
coupled with simulating the progress of time, provides the hardware designer with the ability
to model a piece of hardware before it is created physically. It is this executability that gives
HDLs the illusion of being programming languages. Simulators capable of supporting
discrete-event (digital) and continuous-time (analog) modeling exist, and HDLs targeted for
each are available.

Design using HDL

The vast majority of modern digital circuit design revolves around an HDL description of the
desired circuit, device, or subsystem.

Most designs begin as a written set of requirements or a high-level architectural diagram. The
process of writing the HDL description is highly dependent on the designer's background and
the circuit's nature. The HDL is merely the 'capture language'—often begin with a high-level
algorithmic  description such as MATLAB  or a  C++  mathematical model. Control and
decision structures are often prototyped  in flowchart applications, or entered  in a state-
diagram editor. Designers even use scripting languages (such as Perl) to automatically
generate repetitive circuit structures in the HDL language. Advanced text editors (such as
Emacs) offer editor templates for automatic indentation, syntax-dependent coloration, and
macro-based expansion of entity/architecture/signal declaration.

As the design's implementation is fleshed out, the HDL code invariably must undergo code
review, or auditing. In preparation for synthesis, the HDL description is subject to an array of
automated checkers. The checkers enforce standardized code a guideline, identifying
ambiguous code constructs before they can cause misinterpretation by downstream synthesis,
and check for common logical coding errors, such as dangling ports or shorted outputs.In
industry parlance, HDL design generally ends at the synthesis stage. Once the synthesis tool
has mapped the HDL description into a gate netlist, this netlist is passed off to the back-end
stage. Depending on the physical technology (FPGA, ASIC gate-array, ASIC standard-cell),
HDLs may or may not play a significant role in the back-end flow. In general, as the design
flow progresses toward a physically realizable form, the design database becomes



progressively more laden with technology-specific information, which cannot be stored in a
generic HDL-description. Finally, a silicon chip is manufactured in a fab.

HDL and programming languages

A HDL is analogous to a software  programming language, but with major differences.
Programming languages are inherently procedural (single-threaded), with limited syntactical
and semantic support to handle concurrency. HDLs, on the other hand, can model multiple
parallel processes (such as flipflops, adders, etc.) that automatically execute independently of
one another. Any change  to the process's input automatically triggers an update in the
simulator's process stack. Both programming languages and HDLs are processed by a
compiler (usually called a synthesizer in the HDL case), but with different goals. For HDLs,
'compiler' refers to synthesis, a process of transforming the HDL code listing into a physically
realizable gate netlist. The netlist output can take any of many forms: a "simulation" netlist
with gate-delay information, a "handoff" netlist for post-synthesis place and  route, or a
generic industry-standard EDIF format (for subsequent conversion to a JEDEC-format file).

On the other hand, a   software compiler converts the source-code   listing into a
microprocessor-specific object-code, for execution on the target microprocessor. As HDLs
and programming languages borrow concepts and features from each other, the boundary
between them is becoming less distinct. However, pure HDLs are unsuitable for general
purpose software application development, just as general-purpose programming languages
are undesirable for modeling hardware. Yet as electronic systems grow increasingly complex,
and reconfigurable systems become increasingly mainstream, there is growing desire in the
industry for a single language that can perform some tasks of both hardware design and
software programming. SystemC is an example of such—embedded system hardware can be
modeled as non-detailed architectural blocks (blackboxes with modeled signal inputs and
output drivers). The target application is written in C/C++, and natively compiled for the
host-development system (as opposed to targeting the embedded CPU, which requires host-
simulation of the embedded CPU). The high level of abstraction of SystemC models is well
suited to early architecture exploration, as architectural modifications can be easily evaluated
with little concern for signal-level implementation issues.

In an attempt to reduce the complexity of designing in HDLs, which have been compared to
the equivalent of assembly languages, there are moves to raise the abstraction level of the
design. Companies such as Cadence, Synopsys and Agility Design Solutions are promoting
SystemC as a way to combine high level languages with concurrency models to allow faster
design cycles for FPGAs than is possible using traditional HDLs. Approaches based on
standard C or C++ (with libraries or other extensions allowing parallel programming) are
found in the Catapult C tools from Mentor Graphics, and in the Impulse C tools from Impulse
Accelerated Technologies. Annapolis Micro Systems, Inc.'s CoreFire Design Suite and
National Instruments LabVIEW FPGA provide a graphical dataflow approach to high-level
design entry. Languages such as SystemVerilog, SystemVHDL, and Handel-C seek to
accomplish the same goal, but are aimed at making existing hardware engineers more
productive versus making FPGAs more accessible to existing software engineers. Thus
SystemVerilog is more quickly and widely adopted than SystemC.     There is more
information on C to HDL and Flow to HDL in their respective articles.



Combinational logic

In digital circuit theory, combinational logic (sometimes also referred to as combinatorial
logic) is a type of digital logic which is implemented by boolean circuits, where the output is
a pure function of the present input only. This is in contrast to sequential logic, in which the
output depends not only on the present input but also on the history of the input. In other
words, sequential logic has memory while combinational logic does not.

Combinational logic is used in computer circuits to do this Boolean algebra on input signals
and on stored data. Practical computer circuits normally contain a mixture of combinational
and sequential logic. For example, the part of an arithmetic logic unit, or ALU, that does
mathematical calculations is constructed using combinational logic. Other circuits used in
computers, such as half adders, full adders, half subtractors, full subtractors, multiplexers,
demultiplexers, encoders and decoders are also made by using combinational logic.

Representation

Combinational logic is used for building circuits where certain outputs are desired, given
certain inputs. The construction of combinational logic is generally done using one of two
methods: a sum of products, or a product of sums. A sum of products can be easily visualized
by looking at a truth table:

A B C Result Logical equivalent

F F F F

F F T F

F T F F

F T T F

T F F T

T F T F

T T F F

T T T     T



Using sum of products, we take the sum of all logical statements which yield true results.
Thus, our result would be:

It could then be simplified using Boolean algebra to:

Logic formulas minimization

Minimization (simplification) of combinational logic formulas is produced on the basis of the
following rules:

Sequential logic

In digital circuit theory, sequential logic is a type of logic circuit whose output depends not
only on the present input but also on the history of the input. This is in contrast to
combinational logic, whose output is a function of, and only of, the present input. In other
words, sequential logic has storage (memory) while combinational logic does not.

Sequential logic is therefore used to construct some types of computer memory, other types
of delay and storage elements, and finite state machines. Most practical computer circuits are
a mixture of combinational and sequential logic.

There are two types of finite state machine that can be built from sequential logic circuits:

 Moore machine: the output depends only on the internal state. (Since the internal state
only changes on a clock edge, the output only changes on a clock edge too).

 Mealy machine: the output depends not only on the internal state, but also on the
inputs.

Depending on regulations of functioning, digital circuits are divided into synchronous and
asynchronous. In accordance with this, behavior of devices obeys synchronous or
asynchronous logic.



Synchronous sequential logic

Nearly all sequential logic today is 'clocked' or 'synchronous' logic: there is a 'clock' signal,
and all internal memory (the 'internal state') changes only on a clock edge. The basic storage
element in sequential logic is the flip-flop.

The main advantage of synchronous logic is its simplicity. Every operation in the circuit must
be completed inside a fixed interval of time between two clock pulses, called a 'clock cycle'.
As long as this condition is met (ignoring certain other details), the circuit is guaranteed to be
reliable. Synchronous logic also has two main disadvantages, as follows.

1. The clock signal must be distributed to every flip-flop in the circuit. As the clock is usually
a high-frequency signal, this distribution consumes a relatively large amount of power and
dissipates much heat. Even the flip-flops that are doing nothing consume a small amount of
power, thereby generating waste heat in the chip.

2. The maximum possible clock rate is determined by the slowest logic path in the circuit,
otherwise known as the critical path. This means that every logical calculation, from the
simplest to the most complex, must complete in one clock cycle. One way around this
limitation is to split complex operations into several simple operations, a technique known as
'pipelining'. This technique is prominent within microprocessor design, and helps to improve
the performance of modern processors.

Asynchronous sequential logic

Asynchronous sequential logic expresses memorizing effect by fixing moments of time, when
digital device changes its state. These moments are represented not in explicit form, but
taking into account principle ―before/after‖ in temporal relations of logical values.
For asynchronous logic it is sufficient to determine a sequence of switchings irrespective of
any connections of the corresponding moments with real or virtual time.
Theoretical apparatus of sequential logic consists of mathematical instruments of sequention
and venjunction as well as of logic-algebraic equations on their basis.

Sequention

Sequention (Latin: sequentia – sequence) is a sequence of propositional elements represented

by the ordered set, for example , where

. By means of sequention a binary function is realized so that

takes place in the case , and under such conditions that

for all . (Sign marks leading relation). Sequential function
turns into unity at unity values of arguments, whose setting occurs consecutively, starting by

and finishing with . All other cases give .



Venjunction

Venjunction is asymmetrical logic/dynamic operation , according to  which  logical
connective takes a unity value in the case under such conditions that at
the moment of setting equality already took place. True of venjunction is
caused by switching on the background . Logical indetermination is
expressed by means of venjunction: . Venjunction and minimal (two-element)
sequention are functionally identical:

.

Realization

Venjunctor is a basic operational memory element of sequential logic. It is realized on the

basis of equality , where formula

represents a function of SR flip-flop. Sequentor is constructed on the basis of
composition of venjunctors, which are connected in the definite way.

For example, formulae or

are applicable for realizing sequention .

[edit] Clocked sequential system

In digital electronics, a clocked sequential system is a system whose output depends only on
the current state, whose state changes only when a global clock signal changes, and whose
next-state depends only on the current state and the inputs.

Nearly all digital electronic devices (microprocessors, digital clocks, mobile phones, cordless
telephones, electronic calculators, etc.) are designed as clocked sequential systems. Notable
exceptions include digital asynchronous logic systems.

In particular, nearly all computers are designed as clocked sequential systems. Notable
exceptions include analog computers and clockless CPUs.

Typically each bit of the "state"  is contained in its own flip-flop. Combinational logic
decodes the state into the output signals. More combinational logic encodes the current state
and the inputs into the next-state signals. The next-state signals are latched into the flipflops
under the control of the global clock signal (a wire connected to every flip-flop).

A clocked sequential system is a kind of Moore machine.



Adder

In electronics, an adder or summer is a digital circuit that performs addition of numbers. In
modern computers adders reside in the arithmetic logic unit (ALU) where other operations
are performed. Although adders can be constructed for many numerical representations, such
as Binary-coded decimal or excess-3, the most common adders operate on binary numbers. In
cases where two's complement or one's complement is being used to represent negative
numbers, it is trivial to modify an adder into an adder-subtractor. Other signed number
representations require a more complex adder.

Half adder

Example half adder circuit diagram

A half adder adds two one-bit binary numbers A and B. It has two outputs, S and C (the value
theoretically carried on to the next addition); the final sum is 2C + S. The simplest half-adder
design, pictured on the right, incorporates an XOR gate for S and an AND gate for C. Half
adders cannot be used compositely, given their incapacity for a carry-in bit.

Full adder

Schematic symbol for a 1-bit full adder with Cin and Cout drawn on sides of block to
emphasize their use in a multi-bit adder

A full adder adds binary numbers and accounts for values carried in as well as out. A one-bit
full adder adds three one-bit numbers, often written as A, B, and Cin; A and B are the
operands, and Cin is a bit carried in (in theory from a past addition). The circuit produces a



two-bit output sum typically represented by the signals Cout and S, where
. The one-bit full adder's truth table is:

Inputs Outputs

A B Cin Cout S

0 0 0 0 0

1 0 0 0 1

0 1 0 0 1

1 1 0 1 0

0 0 1 0 1

1 0 1 1 0

0 1 1 1 0

1 1 1 1 1

Example full adder circuit diagram; the AND and OR gates can be replaced with NAND
gates for the same results

A full adder can be implemented in many different ways such as with a custom transistor-
level circuit or composed of other gates. One example   implementation is with

and .

In this implementation, the final OR gate before the carry-out output may be replaced by an
XOR gate without altering the resulting logic. Using only two types of gates is convenient if
the circuit is being implemented using simple IC chips which contain only one gate type per

chip. In this light, Cout can be implemented as
.[citation needed]

A full adder can be constructed from two half adders by connecting A and B to the input of
one half adder, connecting the sum from that to an input to the second adder, connecting Ci to
the other input and OR the two carry outputs. Equivalently, S could be made the three-bit



XOR of A, B, and Ci, and Co could be made the three-bit majority function of A, B, and Ci.

More complex adders

Ripple carry adder

4-bit adder with logic gates shown

It is possible to create a logical circuit using multiple full adders to add N-bit numbers. Each
full adder inputs a Cin, which is the Cout of the previous adder. This kind of adder is a ripple
carry adder, since each carry bit "ripples" to the next full adder. Note that the first (and only
the first) full adder may be replaced by a half adder.

The layout of ripple carry adder is simple, which allows for fast design time; however, the
ripple carry adder is relatively slow, since each full adder must wait for the carry bit to be
calculated from the previous full adder. The gate delay can easily be calculated by inspection
of the full adder circuit. Each full adder requires three levels of logic. In a 32-bit [ripple
carry] adder, there are 32 full adders, so the critical path (worst case) delay is 31 * 2(for carry
propagation) + 3(for sum) = 65 gate delays.

Carry look-ahead adders
Main article: Carry look-ahead adder

4-bit adder with Carry Look Ahead

To reduce the computation time, engineers devised faster ways to add two binary numbers by
using carry lookahead adders. They work by creating two signals (P and G) for each bit
position, based on whether a carry is propagated through from a less significant bit position
(at least one input is a '1'), a carry is generated in that bit position (both inputs are '1'), or if a
carry is killed in that bit position (both inputs are '0'). In most cases, P is simply the sum
output of a half-adder and G is the carry output of the same adder. After P and G are
generated the carries for every bit position are created. Some advanced carry look ahead
architectures are the Manchester carry chain, Brent-Kung adder, and the Kogge-Stone adder.



Some other multi-bit adder architectures break the adder into blocks. It is possible to vary the
length of these blocks based on the propagation delay of the circuits to optimize computation
time. These block based adders include the carry bypass adder which will determine P and G
values for each block rather than each bit, and the carry select adder which pre-generates sum
and carry values for either possible carry input to the block.

Other adder designs include the conditional sum adder, carry skip adder, and carry complete
adder.

Lookahead Carry Unit

A 64-bit adder

By combining multiple carry look-ahead adders even larger adders can be created. This can
be used at multiple levels to make even larger adders. For example, the following adder is a
64-bit adder that uses four 16-bit CLAs with two levels of LCUs.

compressors

We can view a full adder as a 3:2 compressor: it sums three one-bit inputs, and returns the
result as a single two-bit number. Thus, for example, an input of 101 results in an output of
1+0+1=10 (2). The carry-out represents bit one of the result, while the sum represents bit
zero. Likewise, a half adder can be used as a 2:2 compressor.

compressors can be used to speed up the summation of three or more addends. If the addends
are exactly three, the layout is known as the carry-save adder. If the addends are four or more,
more than one layer of compressors is necessary and there are various possible design for the
circuit: the most common are Dadda and Wallace trees. This kind of circuit is most notably
used in multipliers, which is why these circuits are also known as Dadda and Wallace
multipliers.



Multiplexer

In electronics, a multiplexer or mux (occasionally the terms muldex or muldem are also
found[1] for   a combination multiplexer-demultiplexer)   is a device that performs
multiplexing; it selects one of many analog or digital input signals and forwards the selected
input into a single line. A multiplexer of 2n inputs has n select lines, which are used to select
which input line to send to the output.

An electronic multiplexer makes it possible for several signals to share  one device or
resource, for example one A/D converter or one communication line, instead of having one
device per input signal.

On the other end, a demultiplexer (or demux) is a device taking a single input signal and
selecting one of many data-output-lines, which is connected to the single input. A multiplexer
is often used with a complementary demultiplexer on the receiving end.

An electronic multiplexer can be considered as a multiple-input, single-output switch, and a
demultiplexer as a single-input, multiple-output switch. The schematic symbol for a
multiplexer is an isosceles trapezoid with the longer parallel side containing the input pins
and the short parallel side containing the output pin. The schematic on the right shows a 2-to-
1 multiplexer on the left and an equivalent switch on the right. The sel wire connects the
desired input to the output.

In telecommunications, a multiplexer is a device that combines several input information
signals into one output signal, which carries several communication channels, by means of
some multiplex technique. A demultiplexer is in this context a device taking a single input
signal that carries many channels and separates those over multiple output signals.

In telecommunications and signal processing, an analog time division multiplexer (TDM)
may take several samples of separate analogue signals and combine them into one pulse
amplitude modulated (PAM) wide-band analogue signal. Alternatively, a digital TDM
multiplexer may combine a limited number of constant bit rate digital data streams into one
data stream of a higher data rate, by forming data frames consisting of one timeslot per
channel.

In telecommunications, computer networks and digital video, a statistical multiplexer may
combine  several variable  bit rate data streams into one constant bandwidth signal, for
example by means of packet mode communication. An inverse  multiplexer may utilize
several communication channels for transferring one signal.



Cost savings

The basic function of a multiplexer: combining multiple inputs into a single data stream. On
the receiving side, a demultiplexer splits the single data stream into the original multiple
signals.

One use for multiplexers is cost savings by connecting a multiplexer and a demultiplexer (or
demux) together over a single channel (by connecting the multiplexer's single output to the
demultiplexer's single input). The image to the right demonstrates this. In this case, the cost
of implementing separate channels for each data source is more expensive than the cost and
inconvenience of providing the multiplexing/demultiplexing functions. In a physical analogy,
consider the merging behaviour of commuters crossing a narrow bridge; vehicles will take
turns using the few available lanes. Upon reaching the end of the bridge they will separate
into separate routes to their destinations.

At the receiving end of the data link a complementary demultiplexer is normally required to
break single data stream back down into the original streams. In some cases, the far end
system may have more functionality than a simple demultiplexer and so, while the
demultiplexing still exists logically, it may never actually happen physically. This would be
typical where a multiplexer serves a number of IP network users and then feeds directly into a
router which immediately reads the content of the entire link into its routing processor and
then does the demultiplexing in memory from where it will be converted directly into IP
packets.

Often, a multiplexer and demultiplexer are combined together into a single piece of
equipment, which is usually referred to simply as a "multiplexer". Both pieces of equipment
are  needed at both ends of a  transmission link because most communications  systems
transmit in both directions.

A real world example is the creation of telemetry for transmission from the
computer/instrumentation system of a satellite, space craft or other remote vehicle to a
ground-based system.

In analog circuit design, a multiplexer is a special type of analog switch that connects one
signal selected from several inputs to a single output.

Digital multiplexers

In digital circuit design, the selector wires are of digital value. In the case of a 2-to-1
multiplexer, a logic value of 0 would connect to the output while a logic value of 1 would
connect to the output.  In larger multiplexers, the number of selector pins is equal to

where is the number of inputs.



For example, 9 to 16 inputs would require no fewer than 4 selector pins and 17 to 32 inputs
would require no fewer than 5 selector pins. The binary value expressed on these selector
pins determines the selected input pin.

A 2-to-1 multiplexer has a boolean equation where and are the two inputs, is the
selector input, and is the output:

A 2-to-1 mux

Which can be expressed as a truth table:

1 1 1

1

0

0

1

1

0

0 0 0

1 1 1

0

1
1

0

0

1

0

1

0 0 0

This truth table shows that when then but when then . A straightforward
realization of this 2-to-1 multiplexer would need 2 AND gates, an OR gate, and a NOT gate.



Larger multiplexers are also common and, as stated above, requires selector pins for
n inputs. Other common sizes are 4-to-1, 8-to-1, and 16-to-1. Since digital logic uses binary
values, powers of 2 are used (4, 8, 16) to maximally control a number of inputs for the given
number of selector inputs.

4-to-1 mux
8-to-1 mux

16-to-1 mux

The boolean equation for a 4-to-1 multiplexer is:

Two realizations for creating a 4-to-1 multiplexer are shown below:

These are two realizations of a 4-to-1 multiplexer:

 one realized from a decoder, AND gates, and an OR gate
 one realized from 3-state buffers and AND gates (the AND gates are acting as the

decoder)



Note that the subscripts on the inputs indicate the decimal value of the binary control
inputs at which that input is let through.

Chaining multiplexers

Larger multiplexers can be constructed by using  smaller multiplexers by chaining  them
together. For example, an 8-to-1 multiplexer can be made with two 4-to-1 and one 2-to-1
multiplexers. The two 4-to-1 multiplexer outputs are fed into the 2-to-1 with the selector pins
on the 4-to-1's put in parallel giving a total number of selector inputs to 3, which is equivalent
to an 8-to-1.

Digital demultiplexers

Demultiplexers take one data input and a number of selection inputs, and they have several
outputs. They forward the data input to one of the outputs depending on the values of the
selection inputs. Demultiplexers are sometimes convenient for designing general purpose
logic, because if the demultiplexer's input is always true, the demultiplexer acts as a decoder.
This means that any function of the selection bits can be constructed by logically OR-ing the
correct set of outputs.

Example: A Single Bit 1-to-4 Line Demultiplexer



Multiplexers as PLDs

Multiplexers can also be used as programmable logic devices. By specifying the logic
arrangement in the input signals, a custom logic circuit can be created. The selector inputs
then act as the logic inputs. This is especially useful in situations when cost is a factor and for
modularity.

Decoder

A decoder is a device which does the reverse of an encoder, undoing the encoding so that the
original information can be  retrieved. The  same  method used  to encode is usually just
reversed in order to decode.

In digital electronics, a decoder can take the form of a multiple-input, multiple-output logic
circuit that converts coded inputs into coded outputs, where the input and output codes are
different. e.g. n-to-2n, binary-coded decimal decoders. Enable inputs must be on for the
decoder to function, otherwise its outputs assume a single "disabled" output code word.
Decoding is necessary in applications such as data multiplexing, 7 segment display and
memory address decoding.

The example decoder circuit would be an AND gate because the output of an AND gate is
"High" (1) only when all its inputs are "High." Such output is called as "active High output".
If instead of AND gate, the NAND gate is connected the output will be "Low" (0) only when
all its inputs are "High". Such output is called as "active low output".

Example: A 2-to-4 Line Single Bit Decoder

A slightly more complex decoder would be the n-to-2n type binary decoders. These type of
decoders are combinational circuits that convert binary information from 'n' coded inputs to a
maximum of 2n unique outputs. We say a maximum of 2n outputs because in case the 'n' bit
coded information has unused bit combinations, the decoder may have less than 2n outputs.
We can have 2-to-4 decoder, 3-to-8 decoder or 4-to-16 decoder. We can form a 3-to-8
decoder from two 2-to-4 decoders (with enable signals).

Similarly, we can also form a 4-to-16 decoder by combining two 3-to-8 decoders. In this type
of circuit design, the enable inputs of both 3-to-8 decoders originate from a 4th input, which
acts as a selector between the two 3-to-8 decoders. This allows the 4th input to enable either
the top or bottom decoder, which produces outputs of D(0) through D(7) for the first decoder,
and D(8) through D(15) for the second decoder.



A decoder that contains enable inputs is also known as a decoder-demultiplexer. Thus, we
have a 4-to-16 decoder produced by adding a 4th input shared among both decoders,
producing 16 outputs.

Row select

Most kinds of random-access memory use a n-to-2n decoder to convert the selected address
on the address bus to one of the row address select lines. A decoder is a device which does
the reverse of an encoder, undoing the encoding so that the original information can be
retrieved. The same method used to encode is usually just reversed in order to decode.

In digital electronics, a decoder can take the form of a multiple-input, multiple-output logic
circuit that converts coded inputs into coded outputs, where the input and output codes are
different. e.g. n-to-2n, binary-coded decimal decoders. Enable inputs must be on for the
decoder to function, otherwise its outputs assume a single "disabled" output code word.
Decoding is necessary in applications such as data multiplexing, 7 segment display and
memory address decoding.

The example decoder circuit would be an AND gate because the output of an AND gate is
"High" (1) only when all its inputs are "High." Such output is called as "active High output".
If instead of AND gate, the NAND gate is connected the output will be "Low" (0) only when
all its inputs are "High". Such output is called as "active low output". Example: A 2-to-4 Line
Single Bit Decoder

A slightly more complex decoder would be the n-to-2n type binary decoders. These type of
decoders are combinational circuits that convert binary information from 'n' coded inputs to a
maximum of 2n unique outputs. We say a maximum of 2n outputs because in case the 'n' bit
coded information has unused bit combinations, the decoder may have less than 2n outputs.
We can have 2-to-4 decoder, 3-to-8 decoder or 4-to-16 decoder. We can form a 3-to-8
decoder from two 2-to-4 decoders (with enable signals).

Similarly, we can also form a 4-to-16 decoder by combining two 3-to-8 decoders. In this type
of circuit design, the enable inputs of both 3-to-8 decoders originate from a 4th input, which
acts as a selector between the two 3-to-8 decoders. This allows the 4th input to enable either
the top or bottom decoder, which produces outputs of D(0) through D(7) for the first decoder,
and D(8) through D(15) for the second decoder.

A decoder that contains enable inputs is also known as a decoder-demultiplexer. Thus, we
have a 4-to-16 decoder produced by adding a 4th input shared among both decoders,
producing 16 outputs. [edit] Row select

Instruction decoder

In CPU design, the instruction decoder is the part of the CPU that converts the bits stored in
the instruction register -- or, in CPUs that have microcode, the microinstruction -- into the
control signals that control the other parts of the CPU.

A simple CPU with 8 registers may use 3-to-8 logic decoders inside the instruction decoder
to select two source  registers of the register  file to feed into the ALU as  well as the



destination register to accept the output of the ALU. A typical CPU instruction decoder also
includes several other things.

VHDL Operators
Highest precedence first,
left to right within same precedence group,
use parenthesis to control order.
Unary operators take an operand on the right.
"result same" means the result is the same as the right operand.
Binary operators take an operand on the left and right.
"result same" means the result is the same as the left operand.

** exponentiation,  numeric ** integer, result numeric
abs absolute value, abs numeric, result numeric
not complement,      not logic or boolean, result same

*    multiplication,  numeric * numeric, result numeric
/    division,        numeric / numeric, result numeric
mod  modulo,          integer mod integer, result integer
rem  remainder, integer rem integer, result integer

+ unary plus, + numeric, result numeric
- unary minus, - numeric, result numeric

+ addition, numeric + numeric, result numeric
- subtraction, numeric - numeric, result numeric
& concatenation, array or element & array or element,

result array

sll shift left logical, logical array sll integer, result same srl
shift right logical, logical array srl integer,  result same sla
shift left arithmetic, logical array sla integer, result same sra
shift right arithmetic, logical array sra integer, result same rol
rotate left,            logical array rol integer, result same
ror rotate right,           logical array ror integer, result same

= test for equality, result is boolean
/= test for inequality, result is boolean
< test for less than, result is boolean
<= test for less than or equal, result is boolean
> test for greater than, result is boolean
>= test for greater than or equal, result is boolean

and  logical and, logical array or boolean,  result is same
or logical or, logical array or boolean, result is same
nand logical complement of and,  logical array or boolean,  result is same
nor logical complement of or, logical array or boolean,  result is same
xor logical exclusive or, logical array or boolean,  result is same
xnor logical complement of exclusive or,  logical array or boolean, result is same



VHDL for Serial Comparator

Things to observe:

1. Flip-flop implementation: reset priority, event, rising edge sensitive.
2. If and case -- sequential statements -- are valid only within a process.
3.   Concurrent assignment is a ``process.''
4. Semantics of a process: sensitivity list, assignments:
5.   b <= a;
6.   c <= b;

does not behave as it would in C.

7.   VHDL architecture broken into three processes:
1. State storage.
2.   Next state generation.
3.   Output generation.

Compare process inputs to sensitivity lists.

-- VHDL for serial comparator.  The inputs a and b are input lsb first.
-- The Mealy machine uses rising edge sensitive flip-flops and an
-- asynchronous active low reset.
--
-- The output is 1 if b > a, otherwise 0.

library ieee;
use ieee.std_logic_1164.all;

entity comparator is
port
(a, b, clk, reset : in std_logic;
o          : out std_logic
);

end comparator;



architecture process_defn of comparator is

-- Two states needed.
type state_type is (S0, S1);
-- State assignment.
attribute enum_encoding : string;
attribute enum_encoding of state_type :

type is "0 1";

signal state, next_state : state_type;

-- For convenience, concatenate a and b.
signal inputs : std_logic_vector (1 downto 0);

begin

-- Concurrent assignment executes the rhs changes.
-- Concatenate a and b into inputs.
inputs <= a & b;

-- Processes execute whenever something on their sensitivity list
-- changes.  All assignments take place when the process exits.
--
-- This process implements the D flip-flop.

state_register : process (clk, reset)
begin

-- If/else construct only valid within a process.
if (reset = '0') then

state <= S0;
elsif (clk'event AND clk = '1') then

state <= next_state;
end if;

end process;

-- This process computes the next state.

next_state_process : process (inputs, state)
begin

case state is

when S0 =>
if (inputs = "01") then

next_state <= S1;
else

next_state <= S0;
end if;



when S1 =>
if (inputs = "10") then

next_state <= S0;
else

next_state <= S1;
end if;

end case;
end process;

-- This process computes the output.

output_process : process (inputs, state)
begin

case state is

when S0 =>
if (inputs = "01") then

o <= '1';
else

o <= '0';
end if;

when S1 =>
if (inputs = "10") then

o <= '0';
else

o <= '1';
end if;

end case;
end process;

end process_defn;

A test bench is a virtual environment used to verify the correctness or soundness of a design
or model (e.g., a software product).

The term has its roots in the testing of electronic devices, where an engineer would sit at a lab
bench with tools of measurement and manipulation, such as oscilloscopes, multimeters,
soldering irons, wire cutters, and so on, and manually verify the correctness of the device
under test.

In the context of software or firmware or hardware engineering, a test bench refers to an
environment in which the product under development is tested with the aid of a collection of
testing tools. Often, though not always, the suite of testing tools is designed specifically for
the product under test.



A test bench or testing workbench has four components.

1.INPUT: The entrance criteria or deliverables needed to perform work

2.PROCEDURES TO DO: The tasks or processes that will transform the input into the output

3.PROCEDURES TO CHECK: The processes that determine that the output meets the
standards.

4.OUTPUT: The exit criteria or deliverables produced from the workbench

Free yourself from the time-consuming process of writing Verilog and VHDL test benches by
hand. Generate them graphically from timing diagrams using SynaptiCAD's TestBencher
Pro, WaveFormer Pro, DataSheet Pro, VeriLogger, and BugHunter Pro products. With 3
levels of test bench generation you can choose the product that meets the type and complexity
of your testing needs. For basic test benches, WaveFormer can import waveform data from
just about anywhere and generate stimulus vector test benches in a matter of minutes.
BugHunter and VeriLogger also support basic stimulus generation and also include a fast,
interactive unit-level testing environment. For more testbench flexibility, the Reactive Test
Bench generation Option can be added to generate single timing diagram based test benches
that react to the model under test. And for the most complex testing needs, TestBencher Pro
generates test benches that are complete bus-functional models that monitor and react during
runtime simulations.

 WaveFormer Pro and DataSheet Pro stimulus code example
 BugHunter Pro and VeriLogger Extreme interactive testing example

WaveFormer Pro, Data Sheet Pro, and BugHunter come with the basic stimulus test bench
generation features. Drawn waveforms are used to generate stimulus models. The BugHunter
features are tightly integrated into the simulation environment to allow quick interactive
testing of design models.



 Reactive Test Bench Option example

The Reactive Test Bench Generation Option is an option that can be added to WaveFormer
Pro, DataSheet Pro, and the BugHunter Pro products. This option allows users to create self-
testing test benches from a single timing diagram which generate error reports and react to
the model under test during simulation. It also enables generation of "clocked test benches"
that update stimulus based on one or more clock signals.

 TestBencher Pro code example

The highest level of testbench generation is provided by TestBencher Pro, which allows a
user to design bus functional models using multiple timing diagrams to define transactors and
a sequencer process to apply the diagram transactions. TestBencher can be added to
BugHunter or purchased as a standalone product.

Code Generation Examples

In the following examples we will show you how some of our customers have used each of
these products. We will also show some code samples so you can get an idea of exactly what
type of code is generated for each product.

WaveFormer Pro and DataSheet Pro Example Stimulus Code

WaveFormer Pro and DataSheet Pro generate VHDL and Verilog stimulus models from
waveforms that are displayed in the timing diagram window. Both of these products are
timing diagram editors with features that are described in WaveFormer Pro and DataSheet
Pro pages.

For generating quick and small test benches, the drawing environment can be used to develop
the stimulus vectors. This is much faster and accurate than attempting to hand-code a small
test bench, because the temporal relationships between edges are easier to see in a graphical
timing diagram then in raw VHDL or Verilog code.

For large test benches, the waveform data can be imported from an outside source like a logic



analyzer, simulator, or spreadsheet. For example, one customers designed an ASIC for use in
an existing communications system. He used a logic analyzer to capture stimulus vectors
from the communications system, then used WaveFormer to translate the data into a VHDL
test bench which he used to test the ASIC design.

Once a timing diagram is finished, code generation is simply a file save operation using the
Export > Export Timing Diagram menu option. WaveFormer generates either a Verilog
model or a VHDL entity/architecture model for the stimulus test bench. This test bench
model can then be instantiated in a user's project and compiled and simulated with the rest of
the design. Below is an example of a timing diagram and some of the VHDL code that was
generated from the timing diagram.

In the generated code, notice that the clock is a parameterized process. During simulation, a
user can easily modify the operation of the test bench by changing the values of the clock
variables.

WaveFormer also supports complex data types and user-defined types. Notice that SIG1 has a
VHDL type of integer. In WaveFormer, the VHDL and Verilog types of signals can be
changed using the Signals Properties dialog. VHDL user-defined types can also be entered
through the same interface.

-- Generated by WaveFormer Pro Version
library ieee, std;
use ieee.std_logic_1164.all;

entity stimulus is
port (
SIG0 : out std_logic := 'Z';
SIG1 : out std_logic_vector(3 downto 0) := "ZZZZ";
SIG2 : out integer;
SIG3 : out MyColor;
CLK0 : out std_logic := 'Z');

-- more entity code
end stimulus;

architecture STIMULATOR of stimulus is



-- some signal and parameter declarations

begin

-- clock and status setup code

-- Clock Process
CLK0_process : process
variable CLK0_low : real;
variable CLK0_high : real;
begin
tb_mainloop : loop
wait until (tb_status = TB_ONCE)

or (tb_status = TB_LOOPING);
CLK0_high := CLK0_Period * CLK0_Duty / 100.0;
CLK0_low := CLK0_Period - CLK0_high;

-- more clock code
end loop;

end process;

-- Sequence: Unclocked
Unclocked : process
begin
SIG0_driver <= '0';
SIG1_driver <= x"3";
SIG2_driver <= 1;
SIG3_driver <= Yellow;
wait for 45.0 ns;
SIG1_driver <= x"F";
wait for 5.0 ns;

-- more signal statements
wait;

end process;
end STIMULATOR;

BugHunter Pro and VeriLogger Extreme - Fast Unit-Level Testing

BugHunter Pro is the graphical debugging interface for VeriLogger Extreme and other
commercial VHDL and Verilog simulators. It is unique in that we have integrated our test
bench generation features very closely with the simulator engine. Model testing is so fast in
BugHunter Pro that you can perform true bottom-up testing of every model in your design, a
critical step often skipped in the verification process because it has traditionally been very
time consuming.

Once finish writing an HDL model for your design, BugHunter Pro will extract the signals or
the ports in the top-level module and automatically add them to the Diagram window. The
output ports are displayed as purple (simulated) signals and input ports are displayed as black
signals. Input signals waveforms can be graphically drawn, generated by equations, or copied
from existing signals. When a simulation is requested, BugHunter automatically wraps a test



bench around the top-level module and creates signals in this test bench to drive and watch
the top-level module.

BugHunter can also be put into an interactive simulation mode, so that each time an input
signal is changed, a new test bench is generated and a simulation is performed. This makes it
easy to quickly test small parts of a design before the design is complete. It also allows you to
quickly test ideas without being forced to generate a comprehensive test bench.

In the below example, we have hand coded a 4-bit Adder model and we wish to quickly test
the model. First we put the "add4.v" file into the Project window and press the yellow build
button. BugHunter then scans the model and checks for syntax errors and inserts the top-level
ports into the timing diagram window. At this point, the user can begin to draw waveforms on
the black input signals. Since BugHunter is in the "Sim Diagram & Project" mode, when the
user presses the green run button, BugHunter will generate a test bench from the drawn input
waveforms and perform the simulation. Outputs of the simulation will be displayed in the
same diagram as the input stimulus. In the interactive simulation mode, re-simuluations occur
automatically whenever the user changes the input stimulus, making it easy to test a small
change in the timing of an input signal. If the user wants to archive off a testbench and
associated simulation results, all he has to do is save the timing diagram file and reload it at a
later date. The completed test bench and wrapper code can be viewed in the report window.



BugHunter's automatic test bench generation features are perfectly suited for testing small
models. But as a design grows in complexity, more complex test benches are also needed to
ensure the functionality of the overall design. TestBencher Pro was designed to meet this
need. TestBencher enables the rapid creation of bus-functional models for transaction-level
testing of your complete system.

TestBencher Pro - Advanced Bus-Functional Models

TestBencher Pro generates VHDL and Verilog test benches directly from timing diagrams
using a bus functional approach to test bench designs. It is used to model complex test
benches like a microprocessor or bus interface. With TestBencher, users can generate a test
bench in a few hours that would normally take several weeks to test and code by hand.

Bus-functional models execute faster than complete functional models and can be created
from data contained in data sheets. A bus-functional model is also easier to maintain and
debug than raw test vector data. The code that is generated for each project is native VHDL
or Verilog. This allows the generated code to be compiled with the model under test and
simulated using all major VHDL and Verilog simulators. Debugging the resulting system is
easy since the test bench is structured into transactions and all of the generated code uses the
same language as the code being tested.

GraphicalRepresentationofTransactions
TestBencher Pro uses timing diagrams to represent the timing transactions of the test bench.
By using timing diagrams, the engineer can work with a higher level abstraction, free from
the tedious details of the underlying code. This graphical representation facilitates the
collaboration of many engineers on a single test bench by removing the need to interpret
source code. Any engineer familiar with the design specifications is able to look at a given
timing diagram and have an immediate understanding of what the transaction is doing. This
level of abstraction also provides a great aid in terms of maintainability.

In the example below, we have hand-coded a very simple timing transactor (a model that
generates or responds to transactions) to show how difficult it is to understand even a small
segment of code. Also shown  is the timing diagram that can be  used to generate  this
transactor. A glance at the timing diagram communicates the temporal relationships between
the edges of the signals. The code segment has to be studied and possibly drawn out by hand
to figure out the temporal relationships of the signals.

module testbench;
...
task write(addr,data,csb2dbus);



input [7:0] addr;
input [15:0] data;
input [1:0] csb2dbus;

begin
ABUS = addr;

@(posedge CLK0) //required abus2csb setup
CSB = 1'b0;

repeat (csb2dbus) @CLK0;
DBUS = data;

@(posedge CLK0)
CSB = 1'b1;
DBUS = 'hz;
ABUS = 'hz;

end
endtask
...
endmodule

Code complexity greatly increases when  response checking code and parallel execution
blocks are added to a transactor. In the previous example, only one process block is needed to
represent the transaction. However, if you wanted the transaction to sample the first edge
transition of CSB then do a conditional delay of the csb2dus, the transactor has to be coded
like a finite state-machine. This type of coding is very difficult to read, however the timing
diagram is still easy to interpret.

Automatic    Tracking of Signal and Port Code
One of the most tedious aspects of working with HDL languages is maintaining the signal
and port information between the test bench and the model under test. Signal information is
repeated at several levels of the test bench, so a change in the signal information requires a
tedious rewriting of the test bench code. Test bench code is more difficult to maintain than a
regular design model because the code is not broken apart into simple units. Each timing
transactor usually drives and monitors most of the input/output port signals of the model
under test. TestBencher solves this problem by maintaining the signal and port information
for all the timing transactions and the model under test. With TestBencher Pro, a signal
change is made in one place and then automatically propagated to all the places where that
code needs to be represented. Without this capability, port-connection errors can easily arise
leading to subtle, difficult to debug errors, similar to the problems that arise when pins are
misconnected        on a circuit board.Conceptual Modeling        Constructs
TestBencher is easy to use because we have taken great care to keep the number of constructs
down to a minimum. There are 5 basic constructs that are used to create a transaction. It is



easier to learn the functionality of these 5 graphical constructs than it is to figure out how to
out how to code manual equivalents into a transactor model.

 Drawn Waveforms - describes stimulus and expected response
 State Variables - parameterize state values
 Delays - parameterize time delays between edge transitions
 Samples - verify and react to output from model under test
 Markers - models looping contructs or to insert native HDL subroutine calls

These graphical constructs look and act the way that you expect a timing diagram to work,
making it very easy to create a timing diagram that generates code that you expect to be
generated. Normally an engineer must manually perform this conversion from data sheet
timing diagrams to HDL code.

Easier to Maintain Test Benches
TestBencher Pro's test benches are easier to maintain than hand coded test benches for
several reasons:

1.  Graphical representation of transactions facilitates the ability of a non-author to
understand the basic operation of the test bench.

2.   A project window contains all of the related test bench and model under test files so
that an engineer can quickly move through the test bench and MUT code.

3. Limited number of files generated (1+N transactions). One file is generated for the
top-level test bench, and one file is generated for each timing transaction.

4. Fast generation of code - each time a transaction is saved, the code for that transaction
is re-generated so that you can immediately assess the effects of changes in the timing
diagram.

5.   Generation of optimized test bench code for fast test bench execution.
6.   All generated code is well documented - both in comments and in naming constructs,

making the generated code easier to understand.
7.   The use of generated code guarantees consistent code architecture. This provides

readability from one transactor to the next, and from one project to the next.
8.   GUI environment isolates key parameters of the test bench for easy modification.
9.   Generated code automates the checking of simulation results, freeing the engineer

from needing to manually view waveform results to ensure proper operation of his
design.

TestBencher Pro abstracts coding details away from the user, and by doing so reduces the
amount of time needed for test bench generation. By automating the most tedious aspects of
test bench development, high paid engineers can focus on the design and operation of the test
bench rather than the painstaking aspects of code development.

Reactive Test Bench Option

The Reactive Test Bench Option is a sub-set of the TestBencher Pro product. It enables the
creation of self-testing testbenches using a single timing diagram, rather than the multi-
diagram bus-functional models created by TestBencher Pro. The Reactive test benches can
respond to the model under test during simulation and also generate reports that describe the
performance of the simulation. The Reactive Test Bench Generation Option can be added to
WaveFormer Pro, WaveFormer Lite, DataSheet Pro, and BugHunter Pro.



With Reactive Test Bench Option, the user draws both the stimulus waveforms (black) and
the expected output of the model under test (blue waveforms). Samples are added to the blue
expected waveforms to generate specific tests at those points in the diagram

Below is a picture of the generated code for the sample that is used to check the output of the
read cycle.



UNIT-V

PART A

1) What is VHDL?
2) What are the features of VHDL?
3) Define entity?
4) List out the different elements of entity declaration?
5) Give the syntax of entity declaration?
6) What do you meant by concurrent statement?
7) What are operates used in VDHL language?
8) Define VHDL package?
9) What do the acronyms VHDL and VHLSI stand for?
10) What are the advantages of using a hard ware description language?
11) Give short notes on logic simulation and logic synthesis
12) What do you mean by test bench

PART B
1) Write a HDL code for state machine to BCD to ex – 3 codes Converter (16)
2) Write a behavioral VHDL description of the 4 bit counter (16)
3) (I) Write VHDL code for a full sub tractor using logic Equation (8)

(II) Write a VHDL description of an S-R latch using a process (8)
4) Write a HDL code for 8:1 MUX using behavioral model (16)
5) Write the HDL description of the circuit specified by the Following Boolean

equations (16)
S = xy ‗+ x‘ y
C =xy

6) (I) Write an HDL data flow description of a 4 bit adder subtractor of Unsigned
numbers use the conditional operator (8)
(II) Write the HDL gate level description of the priority encoder (8)
















