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Data communications:

Data communications are the exchange of data between two devices via some 
form of transmission medium such as a wire cable.

The effectiveness of a data communications system depends on four fundamental 
characteristics: delivery, accuracy, timeliness, and jitter.

1. Delivery. The system must deliver data to the correct destination.

2. Accuracy. The system must deliver the data accurately.

3. Timeliness. The system must deliver data in a timely manner. Data delivered late are 
useless. In the case of video and audio, timely delivery means delivering data as 
they are produced, in the same order that they are produced, and without 
significant delay. This kind of delivery is called real-time transmission.

4. Jitter. Jitter refers to the variation in the packet arrival time. It is the uneven delay in 
the delivery of audio or video packets. For example, let us assume that video packets 
are sent every 30 ms. If some of the packets arrive with 30-ms delay and others with 
40-ms delay, an uneven quality in the video is the result.

Components:  A data communications system has five components:

1. Message: The message is the information (data) to be communicated. Popular 
forms of information include text, numbers, pictures, audio, and video.

2. Sender: The sender is the device that sends the data message. It can be a 
computer, workstation, telephone handset, video camera, and so on.

3. Receiver: The receiver is the device that receives the message. It can be a 
computer, workstation, telephone handset, television, and so on.

4. Transmission medium:  The transmission medium is the physical path by which a 
message travels from sender to receiver. Some examples of transmission media 
include twisted-pair wire, coaxial cable, fiber-optic cable, and radio waves.
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5. Protocol: A protocol is a set of rules that govern data communications. It 
represents an agreement between the communicating devices. Without a protocol, 
two devices may be connected but not communicating, just as a person speaking 
French cannot be understood by a person who speaks only Japanese.

Data Flow

Communication between two devices can be simplex, half-duplex, or full-
duplex.

In simplex mode, the communication is unidirectional, as on a one-way street. 
Only one of the two devices on a link can transmit; the other can only receive. 
Keyboards and traditional monitors are examples of simplex devices. The 
key- board can only introduce input; the monitor can only accept output.

In half-duplex mode, each station can both transmit and receive, but not at the 
same time. :
When one device is sending, the other can only receive, and vice versa.
Example: Walkie-talkies

In full-duplex mode (also called duplex), both stations can transmit and receive 
simultaneously.
Example: telephone network
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Physical Structures:

Types of Connections: A network is two or more devices connected through links. A link is a 
communications pathway that transfers data from one device to another. There are two possible 
types of connections: point-to-point and multipoint.

Point-to-Point: A point-to-point connection provides a dedicated link between two devices. The 
entire capacity of the link is reserved for transmission between those two devices.

Multipoint: A multipoint (also called multidrop)  connection is one in which more than two 
specific devices share a single link.

Physical Topology:

The term physical topology refers to the way in which a network is laid out physically. Two or 
more devices connect to a link; two or more links form a topology. The topology of a network 
is the geometric representation of the relationship of all the links and linking devices 
(usually called nodes) to one another. There are four basic topologies possible: mesh, star, 
bus, and ring.

1. Mesh:  In a mesh topology, every device has a dedicated point-to-point link to every 
other device. The term dedicated means that the link carries traffic only between the 
two devices it connects. In  a mesh topology, we need n (n-1)/2 duplex mode links for 
n nodes.
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A mesh offers several advantages over other network topologies. 

First, the use of dedicated links guarantees that each connection can carry its own data load, thus 
eliminating the traffic problems that can occur when links must be shared by multiple devices. 

Second, a mesh topology is robust. If one link becomes unusable, it does not incapacitate the entire 
system. 
Third, there is the advantage of privacy or security. When every message travels along a dedicated 
line, only the intended recipient sees it. 

The main disadvantages of a mesh are related to the amount of cabling and the number of I /O 
ports required. 

First, because every device must be connected to every other device, installation and reconnection 
are difficult. 
Second, the sheer bulk of the wiring can be greater than the available space (in walls, ceilings, or 
floors) can accommodate. Finally, the hardware required to connect each link  can be expensive.

Star Topology:  In a star topology, each device has a dedicated point-to-point link only to a 
central controller, usually called a hub. The devices are not directly linked to one another. 
Unlike a mesh topology, a star topology does not allow direct traffic between devices. The 
controller acts as an exchange: If one device wants to send data to another, it sends the data to 
the controller, which then relays the data to the other connected device.

A star topology is less expensive than a mesh topology. In a star, each device needs only one link and 
one I/O port to connect it to any number of others.
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Hub

Other advantages include robustness. If one link fails, only that link is affected. All other links 
remain active.

One big disadvantage of a star topology is the dependency of the whole topology on one single 
point, the hub. If the hub goes down, the whole system is dead.

Bus Topology:  A bus topology, is multipoint. One long cable acts as a backbone to link all 
the devices in a network.
Nodes are connected to the bus cable by drop lines and taps. A drop line is a connection 
running between the device and the main cable. 
As a signal travels along the backbone, some of its energy is transformed into heat. Therefore, it 
becomes weaker and weaker as it travels farther and farther.

Advantages of a bus topology include ease of installation. Backbone cable can be laid along the 
most efficient path, then connected to the nodes by drop lines of various lengths. In this way, a 
bus uses less cabling than mesh or star topologies.

Disadvantages include difficult reconnection and fault isolation. A bus is usually designed 
to be optimally efficient at installation. It can therefore be difficult to add new devices.

Ring Topology:  In a ring topology, each device has a dedicated point-to-point 
connection with only the two devices on either side of it. A signal is passed along the ring in 
one direction, from device to device, until it reaches its destination. Each device in the ring 
incorporates a repeater. When a device receives a signal intended for another device, its 
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repeater regenerates the bits and passes them along.

A ring is relatively easy to install and reconfigure. Each device is linked to only its immediate 
neighbors (either physically or logically). To add or delete a device requires changing only 
two connections.
Generally in a ring, a signal is circulating at all times. If one device does not receive a 
signal within a specified period, it can issue an alarm. The alarm alerts the network 
operator to the problem and its location.

Unidirectional traffic can be a disadvantage. In a simple ring, a break in the ring (such as a 
disabled station) can disable the entire network. This weakness can be solved by using a 
dual ring or a switch capable of closing off the break.

Hybrid Topology: A network can be hybrid. For example, we can have a main star 
topology with each branch connecting several stations in a bus topology.
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Question: For n devices in a network, what is the no of cable link required for a 
mesh, ring, bus and star topology?

Solution:

Mesh: n(n-1)/2
Ring: n
Bus: one backbone cable and n drop line.
Star: n

Network Models:

A network is a combination of hardware and software that sends data from one location to 
another.

THE OSI MODEL:

An ISO standard that covers all aspects of network communications is the Open Systems 
Interconnection model. It was first introduced in the late 1970s. An open system is a set of 
protocols that allows any two different systems to communicate regardless of their 
underlying archi- tecture. The purpose of the OSI model  is to show how to facilitate 
communication between different systems without requiring changes to the logic of the 
underlying hard- ware and software. The OSI model is not a protocol; it is a model for 
understanding and designing a network architecture that is flexible, robust, and 
interoperable.

ISO is the organization. OSI is the model.
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1. The physical layer is responsible for movements of individual bits from one hop 
(node) to the next.

2. The data link layer is responsible for moving frames from one hop (node) 
to the next.

3. The Network Layer is responsible  for the delivery of individual packets from 
the source host to the destination host.

4. The Transport layer is responsible for the delivery of a message from one 
process to another.

5. The Session Layer is responsible for dialog control and synchronization. It 
allows two applications to establish, use & disconnect a connection between 
them called a session.
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Dialog Control: The session layer allows two systems to enter into a dialog. It allows 
the communication between two processes to take place in either half duplex or full 
duplex mode.

Synchronization: The session layer allows a process to add checkpoints or 
synchronization points to a stream of data.

6. The Presentation Layer is responsible for translation, compression and 
encryption.

Translation: The Processes ( running programs) of two systems are usually 
exchange information in the form of character strings, numbers and so on. The 
information must be changed to bit streams before being transmitted.

The presentation layer at the sender changes the information from sender 
dependent format into a comman format.

The presentation layer at receving machine changes the comman fromat into its 
receiver dependent fromat.

7. The Application Layer is responsible for providing services to the user. 

Summary of layers:
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Exchange Using the OSI Model:

TCP/IP Protocol Suite:

Layers In TCP /IP

1. Host to Network
2. Internet
3. Transport
4. Application

TCP / IP protocol suite is made of five layers:

1. Physical
2. Data link 
3. Network
4. Transport
5. Application
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Physical and Data Link Layers

At the physical and data link layers, TCP/IP does not define any specific protocol. It 
supports all the standard and proprietary protocols. 

Network Layer
At the network layer (or, more accurately, the internetwork layer), TCP/IP supports the 
Internetworking Protocol. IP, in turn, uses four supporting protocols: ARP, RARP, ICMP, and 
IGMP.

Intenrnetworking Protocol (IP)

The Internetworking Protocol (IP) is the transmission mechanism used by the TCP/IP 
protocols. It is an unreliable and connectionless protocol-a best-effort delivery service. The term 
best effort means that IP provides no error checking or tracking. IP assumes the unreliability of 
the underlying layers and does its best to get a transmission through to its destination, but with 
no guarantees.
IP transports data in packets called datagrams, each of which is transported separately. 
Datagrams can travel along different routes and can arrive out of sequence or be duplicated. IP 
does not keep track of the routes and has no facility for reordering datagrams once they arrive 
at their destination.
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Address Resolution Protocol
The Address Resolution Protocol (ARP) is used to associate a logical address with a physical 
address. On a typical physical network, such as a LAN, each device on a link is identified by a 
physical or station address, usually imprinted on the network interface card (NIC). ARP is used 
to find the physical address of the node when its Internet address is known.

Reverse Address Resolution Protocol

The Reverse Address Resolution Protocol (RARP) allows a host to discover its Internet 
address when it knows only its physical address. It is used when a computer is connected to a 
network for the first time or when a diskless computer is booted.

Internet Control M essage Protocol

The Internet Control Message Protocol (ICMP) is a mechanism used by hosts and gateways to 
send notification of datagram problems back to the sender. ICMP sends query and error 
reporting messages.

Internet Group M essage Protocol

The Internet Group Message Protocol (IGMP) is used to facilitate the simultaneous 
transmission of a message to a group of recipients.

Transport Layer

Traditionally the transport layer was represented in TCP/IP by two protocols: TCP and UDP. IP 
is a host-to-host protocol, meaning that it can deliver a packet from one physical device to 
another. UDP and TCP are transport level protocols  responsible for delivery of a message from 
a process (running program) to another process. A new transport layer protocol, SCTP, has 
been devised to meet the needs of some newer applications.

User Datagram Protocol

The User Datagram Protocol (UDP) is the simpler of the two standard TCP/IP transport protocols. 
It is a process-to-process protocol that adds only port addresses, checksum error control, and 
length information to the data from the upper layer.

Transmission Control Protocol

The Transmission Control Protocol (TCP) provides full transport-layer services to applications. 
TCP is a reliable stream transport protocol. The term stream, in this con- text, means 
connection-oriented: A connection must be established between both ends of a transmission 
before either can transmit data.
At the sending end of each transmission, TCP divides a stream of data into smaller units called 
segments. Each segment includes a sequence number for reordering after receipt, together with 
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an acknowledgment number for the segments received. Segments are carried across the internet 
inside of IP datagrams. At the receiving end, TCP col- lects each datagram as it comes in and 
reorders the transmission based on sequence numbers.

Stream Control Transmission Protocol
The Stream Control Transmission Protocol (SCTP) provides support for newer 
applications such as voice over the Internet. It is a transport layer protocol that combines the 
best features of UDP and TCP.

Application Layer
The application layer in TCP/IP is equivalent to the combined session, presentation, and 
application layers in the OSI model.

ADDRESSING:

Four levels of addresses are used in an internet employing the TCP/IP protocols: physical 
(link) addresses, logical (IP) addresses, port addresses, and specific addresses.
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Physical Addresses:

Logical Addresses:

The physical addresses will change from hop to hop, but the logical addresses usually remain the 
same.
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Port Addresses
The physical addresses change from hop to hop, but the logical and port addresses usually 

remain the same. 
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Specific Addresses: Examples include the e-mail address (for example, forouzan@thda.edu) and 
the Universal Resource Locator (URL) (for example, www.mhhe.com).

Why Layered architecture? 
1. To make the design process easy by breaking unmanageable tasks into several smaller and 
manageable tasks (by divide-and-conquer approach). 
2. Modularity and clear interfaces, so as to provide comparability between the different providers' 
components. 
3. Ensure independence of layers, so that implementation of each layer can be changed or 
modified without affecting other layers. 
4. Each layer can be analyzed and tested independently of all other layers.

Connection Oriented Services
There is a sequence of operation to be followed by the users of connection oriented service. These 
are:

1. Connection is established.
2. Information is sent.
3. Connection is released.

In connection oriented service we have to establish a connection before starting the 
communication. When connection is established, we send the message or the information and 
then we release the connection.
Connection oriented service is more reliable than connectionless service. We can send the 
message in connection oriented service if there is an error at the receivers end. Example of 
connection oriented is TCP (Transmission Control Protocol) protocol.

Connection Less Services
It is similar to the postal services, as it carries the full address where the message (letter) is to be 
carried. Each message is routed independently from source to destination. The order of message 
sent can be different from the order received.
In connectionless the data is transferred in one direction from source to destination without 
checking that destination is still there or not or if it prepared to accept the message. 
Authentication is not needed in this. Example of Connectionless service is UDP (User Datagram 
Protocol) protocol.
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Difference: Connection oriented and Connectionless service

1. In connection oriented service authentication is needed, while connectionless service does not 
need any authentication.

2. Connection oriented protocol makes a connection and checks whether message is received or 
not and sends again if an error occurs, while connectionless service protocol does not 
guarantees a message delivery.

3. Connection oriented service is more reliable than connectionless service.
4. Connection oriented service interface is stream based and connectionless is message based.

Connectionless Versus Connection-Oriented Service

A transport layer protocol can either be connectionless or connection-oriented.

Connectionless Service
In a connectionless service, the packets are sent from one party to another with no need for 
connection establishment or connection release. The packets are not numbered; they may be 
delayed or lost or may arrive out of sequence. There is no acknowledgment either. The transport 
layer protocols in the Internet model, UDP, is connectionless.

Connection Oriented Service
In a connection-oriented service, a connection is first established between the sender and the 
receiver. Data are transferred. At the end, the connection is released.TCP and SCTP are 
connection-oriented protocols. 
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Switching Techniques:

When there are many devices, it is necessary to develop suitable mechanism for communication 
between any two devices. One alternative is to establish point-to-point communication between 
each pair of devices using mesh topology. However, mesh topology is impractical for large 
number of devices, because the number of links increases exponentially ( n(n-1)/2, where n is the 
number of devices) with the number of devices. A better alternative is to use switching techniques 
leading to switched communication network.

In the switched network methodology, the network consists of a set of interconnected nodes, 
among which information is transmitted from source to destination via different routes, which is 
controlled by the switching mechanism.
The end devices that wish to communicate with each other are called stations. The switching 
devices are called nodes. Some nodes connect to other nodes and some are to connected to some 
stations.

Key features of a switched communication network are given below: 

Network Topology is not regular.  
There exist multiple paths between a source-destination pair for better network reliability. 
The switching nodes are not concerned with the contents of data. 
Their purpose is to provide a switching facility that will move data from node to node until 
they reach the destination. 

The switching performed by different nodes can be categorized into the following three types: 
Circuit Switching 
Packet Switching 
Message Switching 
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Fig: switched communication network
Circuit switching Technique: 

Communication via circuit switching implies that there is a dedicated communication path 
between the two stations. The path is a connected through a sequence of links between network 
nodes. On each physical link, a logical channel is dedicated to the connection. Circuit switching is 
commonly used technique in telephony, where the caller sends a special message with the address 
of the callee (i.e. by dialing a number) to state its destination. It involved the following three 
distinct steps.

Circuit Establishment: To establish an end-to-end connection before any transfer of data. Some 
segments of the circuit may be a dedicated link, while some other segments may be shared.

Data transfer:
Transfer data is from the source to the destination.
The data may be analog or digital, depending on the nature of the network.
The connection is generally full-duplex.

Circuit disconnect:
Terminate connection at the end of data transfer.
Signals must be propagated to deallocate the dedicated resources.



20

Thus the actual physical electrical path or circuit between the source and destination host must be 
established before the message is transmitted. This connection, once established, remains exclusive 
and continuous for the complete duration of information exchange and the circuit becomes 
disconnected only when the source wants to do so.

Message Switching:

In this switching method, a different strategy is used, where instead of establishing a dedicated 
physical line between the sender and the receiver, the message is sent to the nearest directly 
connected switching node. This node stores the message, checks for errors, selects the best 
available route and forwards the message to the next intermediate node.

The line becomes free again for other messages, while the process is being continued in some 
other nodes. Due to the mode of action, this method is also known as store-and-forward technology 
where the message hops from node to node to its final destination. Each node stores the full 
message, checks for errors and forwards it. 
In this switching technique, more devices can share the network bandwidth, as compared with 
circuit switching technique. Temporary storage of message reduces traffic congestion to some 
extent. Higher priority can be given to urgent messages, so that the low priority messages are 
delayed while the urgent ones are forwarded faster.
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However, since the message blocks may be quite large in size, considerable amount of storage 
space is required at each node to buffer the messages. A message might occupy the buffers for 
minutes, thus blocking the inter-nodal traffic.

Packet Switching:

The basic approach is not much different from message switching. It is also based on the same 
‘store-and-forward’ approach. However, to overcome the limitations of message switching, 
messages are divided into subsets of equal length called packets. This approach was developed for 
long-distance data communication (1970) and it has evolved over time. In packet switching 
approach, data are transmitted in short packets (few Kbytes). A long message is broken up into a 
series of packets as shown in Fig. 4.2.2. Every packet contains some control information in its 
header, which is required for routing and other purposes.
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Main difference between Packet switching and Circuit Switching is that the communication lines 
are not dedicated to passing messages from the source to the destination. In Packet Switching, 
different messages (and even different packets) can pass through different routes, and when there 
is a "dead time" in the communication between the source and the destination, the lines can be 
used by other sources.

There are two basic approaches commonly used to packet Switching: virtual-circuit packet 
switching and datagram packet switching. In virtual-circuit packet switching a virtual circuit is 
made before actual data is transmitted, but it is different from circuit switching in a sense that in 
circuit switching the call accept signal comes only from the final destination to the source while in 
case of virtual-packet switching this call accept signal is transmitted between each adjacent 
intermediate node.

Virtual Circuit Packet Switching Networks 
An initial setup phase is used to set up a route between the intermediate nodes for all the packets 
passed during the session between the two end nodes. In each intermediate node, an entry is 
registered in a table to indicate the route for the connection that has been set up. Thus, packets 
passed through this route, can have short headers, containing only a virtual circuit identifier (VCI), 
and not their destination. Each intermediate node passes the packets according to the information 
that was stored in it, in the setup phase. In this way, packets arrive at the destination in the correct 
sequence, and it is guaranteed that essentially there will not be errors. This approach is slower 
than Circuit Switching, since different virtual circuits may compete over the same resources, and 
an initial setup phase is needed to initiate the circuit. As in Circuit Switching, if an intermediate 
node fails, all virtual circuits that pass through it are lost.
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The most common forms of Virtual Circuit networks are X.25 and Frame Relay, which are 
commonly used for public data networks (PDN).

Datagram Packet Switching Networks 
This approach uses a different, more dynamic scheme, to determine the route through the 
network links. Each packet is treated as an independent entity, and its header contains full 
information about the destination of the packet. The intermediate nodes examine the header of 
the packet, and decide to which node to send the packet so that it will reach its destination. In the 
decision two factors are taken into account: 

The shortest ways to pass the packet to its destination - protocols such as RIP/OSPF are 
used to determine the shortest path to the destination. 
Finding a free node to pass the packet to - in this way, bottlenecks are eliminated, since 
packets can reach the destination in alternate routes. 

Thus, in this method, the packets don't follow a pre-established route, and the intermediate nodes 
(the routers) don't have pre-defined knowledge of the routes that the packets should be passed 
through. 

Packets can follow different routes to the destination, and delivery is not guaranteed (although 
packets usually do follow the same route, and are reliably sent). Due to the nature of this method, 
the packets can reach the destination in a different order than they were sent, thus they must be 
sorted at the destination to form the original message. This approach is time consuming since 
every router has to decide where to send each packet. The main implementation of Datagram 
Switching network is the Internet, which uses the IP network protocol.
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TRANSMISSION IMPAIRMENT

Signals travel through transmission media, which are not perfect. The imperfection causes signal impairment. 
This means that the signal at the beginning of the medium is not the same as the signal at the end of the 
medium. What is sent is not what is received. Three causes of impairment are attenuation, distortion, and 
noise.

Attenuation
Attenuation means a loss of energy. When a signal, simple or composite, travels through a 
medium, it loses some of its energy in overcoming the resistance of the medium. That is why a 
wire carrying electric signals gets warm, if not hot, after a while. Some of the electrical energy in 
the signal is converted to heat. To compensate for this loss, amplifiers are used to amplify the 
signal.
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Decibel
To show that a signal has lost or gained strength, use the unit of the decibel. The decibel (dB) measures 
the relative strengths of two signals or one signal at two different points. Note that the decibel is 
negative if a signal is attenuated and positive if a signal is amplified.

Variables P1 and P2 are the powers of a signal at points 1 and 2, respectively.

We can define the decibel in terms of voltage instead of power. In this case, because power is 
proportional to the square of the voltage, the formula is dB = 20 log 10 (V2IV1). In this text, we express 
dB in terms of power.

Distortion

Distortion means that the signal changes its form or shape. Distortion can occur in a composite 
signal made of different frequencies. Each signal component has its own propagation speed 
through a medium and, therefore, its own delay in arriving at the final destination. Differences in 
delay may create a difference in phase if the delay is not exactly the same as the period duration. 
In other words, signal components at the receiver have phases different from what they had at the 
sender. The shape of the composite signal is therefore not the same.
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Noise
Noise is another cause of impairment. Several types of noise, such as thermal noise, induced noise, 
crosstalk, and impulse noise, may corrupt the signal. Thermal noise is the random motion of 
electrons in a wire which creates an extra signal not originally sent by the transmitter. Induced 
noise comes from sources such as motors and appliances. These devices act as a sending antenna, 
and the transmission medium acts as the receiving antenna. Crosstalk is the effect of one wire on 
the other. One wire acts as a sending antenna and the other as the receiving antenna. Impulse 
noise is a spike (a signal with high energy in a very short time) that comes from power lines, 
lightning, and so on. 

Signal-to-Noise Ratio (SNR)
To find the theoretical bit rate limit, we need to know the ratio of the signal power to the noise power. The 
signal-to-noise ratio is defined as
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SNR is actually the ratio of what is wanted (signal) to what is not wanted (noise). A high SNR 
means the signal is less corrupted by noise; a low SNR means the signal is more corrupted by 
noise. Because SNR is the ratio of two powers, it is often described in decibel units, SNRdB, defined 
as

DATA RATE LIMITS
A very important consideration in data communications is how fast we can send data, in bits per 
second  over a channel. Data rate depends on three factors:

1. The bandwidth available
2. The level of the signals we use
3. The quality of the channel (the level of noise)
Two theoretical formulas were developed to calculate the data rate: one by Nyquist for
a noiseless channel:  another by Shannon for a noisy channel.

Noiseless Channel: Nyquist Bit Rate

For a noiseless channel, the Nyquist bit rate formula defines the theoretical maximum bit rate

In this formula, bandwidth is the bandwidth of the channel, L is the number of signal levels used to 
represent data, and Bit Rate is the bit rate in bits per second.

According to the formula, we might think that, given a specific bandwidth, we can have any bit rate 
we want by increasing the number of signal levels. Although the idea is theoretically correct, 
practically there is a limit. When we increase the number of signal levels, we impose a burden on 
the receiver. If the number of levels in a signal is just 2, the receiver can easily distinguish between 
a 0 and a 1. If the level of a signal is 64, the receiver must be very sophisticated to distinguish 
between 64 different levels. In other words, increasing the levels of a signal reduces the reliability 
of the system.

Increasing the levels of a signal may reduce the reliability of the system.
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Noisy Channel: Shannon Capacity

In reality, we cannot have a noiseless channel; the channel is always noisy. In 1944,
Claude Shannon introduced a formula, called the Shannon capacity, to determine the
theoretical highest data rate for a noisy channel:

Capacity =bandwidth x log2 (1 +SNR)

In this formula, bandwidth is the bandwidth of the channel, SNR is the signal-to-noise ratio, and 
capacity is the capacity of the channel in bits per second. Note that in the Shannon formula there is 
no indication of the signal level, which means that no matter how many levels we have, we cannot 
achieve a data rate higher than the capacity of the channel. In other words, the formula defines a 
characteristic of the channel, not the method of transmission.

The Shannon capacity gives us the upper limit; the Nyquist formula tells us how many signal levels we 
need.
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DIGITAL  TO DIGITAL CONVERSION

Digital-to-digital conversion techniques, methods which convert digital data to digital signals.

Analog-to-digital conversion techniques, methods which change an analog signal to a digital signal.

The conversion involves three techniques: line coding, block coding, and scrambling.

Line Coding:
Line coding is the process of converting digital data to digital signals. Line coding converts a 
sequence of bits to a digital signal. At the sender, digital data are encoded into a digital signal; at 
the receiver, the digital data are recreated by decoding the digital signal.

Characteristics:
Signal Element Versus Data Element: 

In data communications, our goal is to send data elements. A data element is the smallest entity 

that can represent a piece of information: this is the bit. In digital data communications, a signal 

element carries data elements. A signal element is the shortest unit (timewise) of a digital signal. 

In other words, data elements are what we need to send; signal elements are what we can send. 

Data elements are being carried; signal elements are the carriers. A ratio r  which is the number of 

data elements carried by each signal element.
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Data Rate Versus Signal Rate:  The data rate defines the number of data elements (bits) sent in 
1s. The unit is bits per second (bps). The signal rate is the number of signal elements sent in 1s. 
The unit is the baud. The data rate is sometimes called the bit rate; the signal rate is sometimes 
called the pulse rate, the modulation rate, or the baud rate. 

One goal in data communications is to increase the data rate while decreasing the signal rate. 
Increasing the data rate increases the speed of transmission; decreasing the signal rate decreases 
the bandwidth requirement. We can formulate the relationship between data rate and signal rate 
as

where N is the data rate (bps); c is the case factor, which varies for each case; S is the number of 
signal elements;
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Line Coding Schemes:

Unipolar Scheme:
In a unipolar scheme, all the signal levels are on one side of the time axis, either above or below.

NRZ (Non-Return-to-Zero):  Traditionally, a unipolar scheme was designed as a non-return-to-

zero (NRZ) scheme in which the positive voltage defines bit 1 and the zero voltage defines bit 0. It 

is called NRZ because the signal does not return to zero at the middle of the bit.

Polar Schemes
In polar schemes, the voltages are on the both sides of the time axis. For example, the voltage level 
for 0 can be positive and the voltage level for 1 can be negative.

Non-Return-to-Zero (NRZ): In polar NRZ encoding, we use two levels of voltage amplitude. We 
can have two versions of polar NRZ: NRZ-L and NRZ-I.

In the first variation, NRZ-L (NRZ-Level), the level of the voltage determines the value of the bit. 
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In the second variation, NRZ-I (NRZ-Invert), the change or lack of change in the level of the voltage 
determines the value of the bit. If there is no change, the bit is 0; if there is a change, the bit is 1.

In NRZ-L the level of the voltage determines the value of the bit. In NRZ-I the inversion or 
the lack of inversion determines the value of the bit.

NRZ-L and NRZ-I both have an average signal rate of NI2 Bd.
NRZ-L and NRZ-I both have a DC component problem.

Return to Zero (RZ): The main problem with NRZ encoding occurs when the sender and 
receiver clocks are not synchronized. The receiver does not know when one bit has ended and the 
next bit is starting. One solution is the return-to-zero (RZ) scheme, which uses three values: 
positive, negative, and zero. In RZ, the signal changes not between bits but during the bit.
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The signal goes to 0 in the middle of each bit. It remains there until the beginning of the next bit. 
The main disadvantage of RZ encoding is that it requires two signal changes to encode a bit and 
therefore occupies greater bandwidth. Another problem is the complexity: RZ uses three levels of 
voltage, which is more complex to create. As a result of all these deficiencies, the scheme is not 
used today. Instead, it has been replaced by the better-performing Manchester and differential 
Manchester schemes.

Biphase: Manchester and Differential Manchester 
The idea of RZ (transition at the middle of the bit) and the idea of NRZ-L are combined into the 
Manchester scheme. 
In Manchester encoding, the duration of the bit is divided into two halves. The voltage remains at 
one level during the first half and moves to the other level in the second half. The transition at the 
middle of the bit provides synchronization. 
Differential Manchester, on the other hand, combines the ideas of RZ and NRZ-I. There is always a 
transition at the middle of the bit, but the bit values are determined at the beginning of the bit. If 
the next bit is 0, there is a transition; if the next bit is 1, there is none.

In Manchester and differential Manchester encoding, the transition at the middle of the bit 
is used for synchronization.
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Performance:

Throughput:

The throughput is a measure of how fast we can actually send data through a network.

A link may have a bandwidth of B bps, but we can only send T bps through this link with T 
always less than B. In other words, the bandwidth is a potential measurement of a link; the 
throughput is an actual measurement of how fast we can send data. For example, we may 
have a link with a bandwidth of 1 Mbps, but the devices connected to the end of the link 
may handle only 200 kbps. This means that we cannot send more than 200 kbps through 
this link.

Question: A network with bandwidth of 10 Mbps can pass only an average of 12,000 
frames per minute with each frame carrying an average of 10,000 bits. What is the 
throughput of this network?

Latency (Delay)
The latency or delay defines how long it takes for an entire message to completely arrive at 
the destination from the time the first bit is sent out from the source. We can say that 
latency is made of four components: propagation time, transmission time, queuing time 
and processing delay.

Latency =propagation time +transmission time +queuing time + processing delay

Propagation Time
Propagation time measures the time required for a bit to travel from the source to the 
destination. The propagation time is calculated by dividing the distance by the propagation
speed.
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Question: What is the propagation time if the distance between the two points is 12,000 
km? Assume the propagation speed to be 2.4 x 108 m/s in cable.

Tranmission Time: The time required for transmission of a message depends on the 
size of the message and the bandwidth of the channel.

Question: What are the propagation time and the transmission time for a 2.5-kbyte 
message (an e-mail) if the bandwidth of the network is 1 Gbps? Assume that the distance 
between the sender and the receiver is 12,000 km and that light travels at 2.4 x 108 m/s.

Question: What are the propagation time and the transmission time for a 5-Mbyte message 
(an image) if the bandwidth of the network is 1 Mbps? Assume that the distance between 
the sender and the receiver is 12,000 km and that light travels at 2.4 x 108 m/s.



37

Queuing Time
The third component in latency is the queuing time, the time needed for each intermediate 
or end device to hold the message before it can be processed. The queuing time is not a 
fixed factor; it changes with the load imposed on the network. When there is heavy traffic 
on the network, the queuing time increases. An intermediate device, such as a router, 
queues the arrived messages and processes them one by one. If there are many messages, 
each message will have to wait.

Assignment No 1

Question No. 1: Compare & Explain the following terms in detail:
1. Twisted pair Cable
2. Co-axial cable
3. Fiber-optic cable

Question No. 2: What do mean by Propagation Modes? Compare & explain  
1. Step index and graded index
2. Single mode & Multimode

Question No. 3: Write short notes on ISDN. Also classify and explain it.


