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Que. 1 a) Explain classless interdomain routing.       05 
Ans.: -  Classless Interdomain Routing (CIDR): -  

Addressing by class has been superseded by a more flexible addressing method 

o Classless Interdomain Routing (CIDR)  

o The network and host demarcation can be made with any number of bits from 
beginning of address 

o E.g., a Class C address’s network section is 24 bits 

�  Using CIDR, an address registry can assign an address with a network section 
of 26 bits 

·  192.203.187.0/26 

o Subnetting divides network address in two or more subnetwork addresses (with 
fewer host IDs for each) 

�  Subnetting  

o Makes more efficient use of available IP addresses 

o Enables dividing networks into logical groups 

o Can make network communication more efficient 

Broadcast frames are sent to all computers on the same IP network 

o Hubs and switches forward broadcast frames; routers do not 

o Broadcast domain: extent to which a broadcast frame is forwarded without going 
through a router 

                    Subnetting reduces broadcast traffic 

�  Subnet Masks: - 

Subnet mask determines which part of address denotes network portion and which denotes 
host 

o 32-bit number  

o A binary 1 signifies that the corresponding bit in the IP address belongs to the 
network portion; a 0 signifies that bit in address belongs to host portion 

o Default subnet mask uses a 255 in each octet in address that corresponds to the 
network portion 

�  Class A: 255.0.0.0 
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�  Class B: 255.255.0.0 

�  Class C: 255.255.255.0  

�  Supernetting “borrows” bits from network portion of an IP address to “lend” those bits to 
host portion 

o Permits consecutive IP network addresses to be combined and viewed in a single 
logical network 

Combining two or more small networks into one larger network is only one reason to 
supernet  

o Supernetting can combine multiple routing table entries into a single entry, which 
can drastically decrease the table’s size on Internet routers 

o This reduction in routing table size increases the speed and efficiency of Internet 
routers.  

Que. 1 b) Explain ALOHA and Slotted ALOHA.       05 

Ans: - A radio transmitter is attached to the terminals, & messages are transmitted as soon as they 
become available, thus producing the smallest possible delay. From time to time frame transmissions 
will collide, but these can be treated as transmission errors, & recovery can takes place by 
retransmission. When traffic is light, the probability of collision is very small. & so retransmissions 
need to be carried out in frequently. Under the light traffic the frame transfer delay will be low.  

    There is asignificant differnce between normal transmission error & those that are due to 
frame collision. Transmission errors that due to noise affected only asingle station. In the frame 
collision more than one station is involved.& hence more than one retransmission is necessary. For 
example, if the station used by same time out value & schedule their retransmission in same 
way,then their future retransmission will collide. For this reason the ALOHA scheme requires station 
to use a backoff algorithm. Which typically chooses a random number in acertain retransmission 
time interval.  

 

Figure shows the basic operation of the ALOHA scheme. It can be seen that the first transmission is 
done without any scheduling. Information about outcome of the transmission is obtained at the 

earliest at the after the reaction time  is the maximum one way propagation time 
between two stations. If no acknowledgment is received after a time out period, a back off algorithm 
is used to select a random retransmission time.   

   It is clear that in the ALOHA scheme the network can swing between two modes. In the first mode 
frame transmission from the station transverse network successfully on the first try & collide only 
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from time to time. The second mode is entered through a snow ball effect that occurs when there is a 
surge of collisions. The increased number of backlogged stations, that is, stations waiting to 
retransmit a message, increase additional collisions.  

Abramson provided an approximate analysis of the ALOHA system that gives an insight into its 
behavior. Assume that frames are a constant length L & constant transmission time X=L/R. Consider 
a reference frame that is transmitted starting at time to & completed at time to+X, as shown in fig. 
This frame will successfully transmit if no other frame collides with it. Any frame that begins its 
transmission in the interval to - to+X will collide with reference frame. Thus the probability of a 
successful transmission is the probabilities that there are no additional frame transmissions in the 
vulnerable period to-X to to+X.  

The throughput S is equal to the total interval rate G times the probability of a successful 
transmission that is:  

  

SLOTTED ALOHA: 

   The performance of the ALOHA scheme can be improved by reducing the probability of  
collisions. The slotted ALOHA shown in figure re duces collisions by constraining the stations to 
transmit in synchronized fashion. All the station keep track of transmission time slots & are allowed 
to intiate transmissions only at the beginning of slot.Frames are assumed to be constant & to occupy 
one time slot. The frame that can colloide with our reference frame must now arrive in the period to-
X to to. The vulnerable period in the system is now X seconds long.  

  

We  have G arrivals in X seconds and we use the Poisson distribution for number of events in X 
seconds to obtain  
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Que. 1 c) Explain the working of selective repeat ARQ.       05 

 Ans: - Selective Repeat ARQ: -  
Selective repeat ARQ protocol is an extension of the Go-Back-N with two new features. They are: 

·  The receive window is made larger than one frame-capacity 
·  Retransmission mechanism is modified such that only the individual frames that are required 

are retransmitted. 

�
The protocol is explained as follows:  

Function of the transmitter: When the send window is empty, the transmitter is in the ready state, 
waiting for a request from a process in a higher layer. When the transmitter receives a request for 
transmission, it accepts a packet from the upper layer and prepares a frame for transmission; the 
sequence number (Srecent) is set to the lowest number available in the send window. Suitable error 
detection codes are also added. The frame is transmitted and a timer is started. If Srecent = WS – 1 then 
the send window is empty, and the transmitter goes back into the blocking state. Else the transmitter 
stays in the ready state. If an ACK frame is received with value of Rnext between Slast and Srecent, then 
the send window slides forward by setting Slast = Rnext and limit of send window number to Slast + WS 
– 1. If a NAK frame is received with value of Rnext between Slast and Srecent then, the frame with 
sequence number Rnext is retransmitted. The send window slides forward by setting Slast = Rnext and 
limit of send window number to Slast + WS – 1; else the frame is discarded. The transmitter is in the 
blocking state when the send window is empty. 

Function of the receiver: 

The receiver process is always in the ready state waiting for the arrival of a frame from the 
transmitter. On reception of the incoming frame, the frame is checked for errors. If there are no 
errors and if the sequence number of the frame is within the range of the send window, then the 
frame is accepted, buffered, and an acknowledgement is sent. If an arriving packet has no errors, but 
the sequence number is outside the range of the sending window, then the frame is discarded and a 
NAK frame is transmitted to the transmitter 

Maximum window size 

The maximum size of the send window is half the sequence number space, i.e.,  

Ws = Wr = 2m-1. 

 

ACK1 

f0 f1 f2 

ACK2 

f3 f4 f2 f6 

NAK2 ACK2 

f5 

ACK2 ACK6 

f7 f8 

ACK ACK8 ACK9 
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Efficiency of Selective Repeat ARQ 

It is said to be the most efficient of all the ARQ protocols that have been discussed.  

The probability of a frame being received in good order is 1-Pf. Thus the average number of times a 
frame has to be sent is the reciprocal of the probability, i.e.,  

 

 

 

Que. 1 d) What is Distance Vector routing?        05 

Ans : - In distance vector routing, the least cost route between any two nodes is the route with 
minimum distance. In this protocol each node maintains a vector (table) of minimum distances to 
every node.  

    ��� 
�,����#�'�	�� distance vector routing are: - 

·  Initialization  
·  Sharing  
·  Updating 

 
·   Step 1. Initialization of tables in distance vector routing. 
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·  Step 2. In distance vector routing, each node shares its routing table with its immediate 
neighbors periodically and when there is a change. 

·  Step 3. Sharing and Updating in distance vector routing.�

�

 

·  Step 4. Final Tables:  

 

 The Routing Information Protocol (RIP) is an intradomain routing protocol used inside an 
autonomous system. It is a very simple protocol based on distance vector routing.  

 
 
Que. 2 a) Draw the various network topologies and explain with advantages and disadvantages  
      of each.           10 
Ans.: - Network topology is the geometric representation of relationship of all the links connecting 
devices or nodes.��
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There are 5 basic network topologies:- 
- Bus topology 
- Ring topology 
- Star topology 
- Mesh topology 
- Tree topology 
01. BusTopology: - 
 

 
This topology used when network installation is small, simple or temporary. On a typical bus 
network the cable is just one or more wires, with no active electronics to amplify the signal pass it 
along computer to computer. Thus bus is active topology.   

One computer sends message while other computers on network receives information, but one whose 
address matches with address matches with the address encoded in message accepts information 
while other rejects. 

Speed of this is slow because only one comp. can send message at a time. a comp. must wait until the 
bus is free before it can transmit. 

The transmitted wave & reflected waves, if they are in phase add & if out of phase cancel. This is 
called standing wave.  
Advantages: - 

- Bus topology easy to understand, install & use in small N/w. 

- Cabling cost is less; repeater can be used to boost the signal. 

Disadvantages: 

- Heavy n/w traffic slows down the bus speed.   

02. RING TOPOLOGY:-��

�
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In this each comp connected to next comp, with last one connected to first. each retransmits what it 
receives from previous comp. 

Rings are used in high performance n/w where large b/w is required. 

Flow is one direction, the token is passed around ring until a comp wishes to send message to 
another comp. 

Advantages: 

- Every comp is given equal access to the token. 

- The fair sharing of n/w allows the n/w to continue the function in a useful, if slower manner 
rather than fail once capacity is exceeded as more users are added. 

Disadvantages:  

- Failure of one comp on the ring can affect whole n/w. 

- Difficult to troubleshoot. 

- Adding & removing the comp disturbs the n/w activity.  

03. STAR TOPOLOGY: -  

 

All cables run from the comp to central location where they are all connected by a device called hub. 
Stars used in concentrated n/ws, where endpoint directly reachable to central location.  Hub resends 
messages either to all comp in broadcast star n/w or only to destination comp in switched star n/w. A 
star n/w can be expanded by connecting another star hub which creates hybrid star n/w. 

Advantages: 

- Easy to modify & connecting another comp to n/w without disturbing rest arrangement.  

- Hub is best place to find n/w faults. 

- Single comp failure can’t bring down whole n/w. 
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Disadvantages: 

- If central hub fails, the whole n/w fails to operate. 

- Cabling cost is more. 

04. MESH TOPOLOGY: -  

 

Every device has a dedicated point to point link to every other device. 

Link carries traffic only between two devices it connects. 

A fully connected mesh n/w has n*(n-1)/2 physical channels to link n devices. 

Advantages: 

- Each connection carries its own data load, eliminating traffic problem. 

-  A mesh topology is robust. 

- Point to point links make fault diagnose easy. 

Disadvantages: 

- Cabling cast is more. 

- Hardware required for connection is expensive 

05. TREE TOPOLOGY: - 
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A tree topology is the variation of star. As in star, nodes in a tree linked to central hub that controls 
the traffic to the n/w. 

Repeaters in central hub amplify the signal & increase a distance a signal can travel. 

Advantages: 

- Allows more devices to connect to central hub. 

- It allows n/w to isolate & prioritise communications from different comp. 

Disadvantages: 

- If the central hub fails whole system fails down. 

- The cabling cost is more.  
 
Que. 2 b) Explain Sliding Window Flow control with the help of a neat diagram.   10 
Ans: -  

�  Defining Flow control: Flow control regulates the amount of data a source can send before 

receiving an acknowledgement from destination. 

�  Two Extreme cases for flow control:  

·  Case 1: Transport layer protocol could send 1 byte of data & wait for an 

acknowledgement before sending next byte. This may be a slow process where source is 

idle for long distance data transfer. 

·  Case 2: Transport layer protocol can send all data without worrying about 

acknowledgement. This speeds up the process but may overwhelm the receiver. Here if 

data is lost, corrupted, duplicated or received out of order, source will not know until all 

checked by destination. 

�  Advantage of TCP:  It offers solution to these extreme cases. Since, it defines a window that 

is imposed on the buffer of data delivered from the application program & ready to be sent. It 

sends an amount of data defined by sliding window protocol. 

�  Flow control using Sliding Window Protocol: 

·  Method used: Here a host uses a window for outband communication (sending data). 

The window spans portion of buffer containing bytes received from the process. Bytes 

inside the window can be in transit. i.e. can be sent without worrying about 

acknowledgement. 

·  Two Imaginary window used: One left & one right. 

Why called Sliding Window? Because right & left walls can be slide as shown in fig. below. 
The number shows bytes inside & outside the window.  
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Fig: Sliding Window: - 

 
·  Types of window: 

1. Open window  2. Closed window  3.Shrunk window 

¨  All three activites are in control of receiver depending on congestion in network, not 

the sender. Sender must obey commands of receiver in this matter. 

¨  Opening the window: It means moving right wall to right which allows new bytes in 

buffer that are eligible for sending. 

¨  Closing the window: It means moving the left wall to right such that some bytes have 

been acknowledged & the sender needs not worry about them anymore. 

¨  Shrinking the window: It means moving the right wall to the left. This is strongly 

discouraged & not allowed in some implementations because it means revoking the 

eligibility of some bytes for sending. 

·  Use of Sliding window: To make transmission more efficient & to control flow of data 

so that destination does not become overwhelmed with data. TCP’s sliding windows are 

byte oriented. 

·  Determining size of window: It is determined by lesser of two values: receiver window 

(rwnd) or congestion window (cwnd). 

·  Receiver window: It is number of bytes the other end can accept before its buffer 

overflows & data is discarded. 

·  Congestion window: It is value determined by network to avoid congestion. 

·  Example: 

Fig. below shows an unrealistic example of a sliding window. The sender has sent bytes 

up to 202. We assume that cwnd is 20 (in reality this value is thousands of bytes). The 

receiver has sent an acknowledgement number of 200 with an rwnd of 9 bytes (in reality 

this value is thousands of bytes). The size of the sender window is the minimum of rwnd 

and cwnd or 9 bytes. Bytes 200 to 202 are sent, but not acknowledged. Bytes 203 to 208 
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can be sent without worrying about acknowledgement. Bytes 209 and above cannot be 

sent. 

  

Que. 3 a) Explain the ISO-OSI network model in detail with the help of a neat diagram.  10 
Ans: -   The OSI model is a layered framework for the design of network systems that allows 
communication between all types of computer systems. It consist of seven separate but related layers, 
each of which defines a part of process of moving information across a network.  

 
1.Physical layer: 

 The physical layer coordinates the functions required to carry a bit stream over a physical 
medium. It deals with the mechanical and electrical specifications of the interface and transmission 
medium. It also defines the procedures and functions that physical devices and interfaces have to 
perform for transmission to occur. It is also concerned with the following: 

·  Physical characteristics of interfaces and medium: It defines the characteristics of the 
interface between the devices and the transmission medium. 

·  Representation of bits: It consists of a stream of bits (sequence of 0s or 1s) with no 
interpretation. 

·  Data rate: The transmission rate is also defined by physical layer. 
·  Synchronization of bits: The sender and receiver not only must use the same bit rate but 

also must be synchronized at the bit level. 
·  Line configuration: The physical layer  is concerned with the connection of devices to the 

media. 
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·  Physical topology: The devices can be connected by using a mesh topology,a star 
topology,a ring topology,a bus topology,or a hybrid topology. 

Transmission mode: It also defines the direction of transmission between two 
devices;simplex,half-duplex,or full duplex.  

2. Data link layer: 

 The data link layer transforms the physical layer,a raw transmission facility,to a reliable link. 
It makes the physical layer appear error-free to the upper layer(network layer).  

Other responsibilities of the data link layer include the following: 

·  Framing: The data link layer divides the stream of  bits received from the network layer 
into manageable data units called Frames. 

·  Physical addressing: Data link layer adds header to the frame to define the sender and/or 
receiver of the frame. If the frame is intended for a system outside the sender’s network,the 
receiver address is the address of  the device that connects the network to the next one. 

·  Flow control: Data link layer imposes a flow control mechanism to avoid overwhelming the 
receiver. 

·  Error control: Error control normally achieved through a trailer added to the end of the 
frame. 

Access control: When  two or more devices are connected to the same link,data link layer protocols 
are necessary to determine which device has control over the link at any given time.  

3. Network layer:  

 The network layer is responsible for the source-to-destination delivery of a packet,possibly 
across multiple networks(links). Whereas the data link layer oversees the delivery of the packet 
between two systems on the same network(links),the networklayer ensures that each packet gets 
fromits point of origin to the final destination.  

Network layer also performs following tasks: 

·  Logical addressing: The physical addressing implemented by the data link layer handles the 
addressing problem locally. If a packet passes the network boundary,we need another 
addressing system to help distinguish the source and destination systems. 

·  Routing: When packets are to be transmitted over a large network,it requires a path to the 
destination. Network layer provides this path.�

4. Transport layer: 

The transport layer is responsible for process-to-process delivery of the entire message. A 
process is an application program running on a host.  

It performs following operations: 

·  Service-point addressing: The transport layer header includes service-point address(or 
Port address). 

·  Segmentation and reassembly: A message is divided into transmittable segments,with 
each segment containing sequence number. These numbers enable the transport layer to 
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reassemble the message correctly upon arriving at the destination and to identify and 
replace packets that were lost in transmission. 

• Connection control: The transport layer can be connectionless or connection-oriented. �

5. Session layer: 

 The session layer is the network dialogue controller. It establishes, maintains, and 
synchronizes the interaction among communicating systems.  

6. Presentation layer: 

 The presentation layer is concerned with the syntax and semantics of the information 
exchanged between two systems. 

Specific responsibilities of the presentation layer include the following: 

·  Translation: The information in the form of character strings, numbers etc is 
converted into bit form. 

·  Encryption: For the sake of privacy the original signal is transformed to another 
form and is sent out over the network. 

Compression: Data compression reduces the number of bits contained in the information. It 
becomes particularly important in the transmission of multimedia such as text, audio, and 
video.  

7. Application layer: 

 Application layer enables the users, whether human or software, to access the network. It 
provides user interface and support for services such as electronic mail,remote file access and 
transfer, shared database management, and other types of distributed information services. 

�

Que. 3 b) Discuss the various scheduling methods used in medium access control.  10 
Ans: - SCHEDULING: -  

• Random access schemes are suitable for light traffic.  
• When traffic is heavy, random access schemes results in large variations of frame delays. 
• Scheduling schemes provide orderly access to transmission medium for stations. 
• Good for heavier traffic.   

Scheduling schemes: 
• Reservation systems (used in GPRS) 
• Polling systems (used in HDLC) 
• Token passing systems (used in IEEE 802.5) 

 

RESERVATION SYSTEMS 

• Stations take turns in transmitting its frame. 
• Transmissions from stations are organised into cycles that can be of variable length. 
• As shown in fig. below, reservation interval consists of M minislots, one minislot per station. 
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• Stations announce their interest in transmitting their frame by broadcasting reservation bit 
during their minislot. 

• Transmission takes place in the order specified in reservation interval.  
 

 
• Maximum achievable throughout 

Assume, 

• The propagation delay is negligible. 
• Frame transmission times are X = 1 unit times 
• Reservation minislots are v time units, v < 1. 
• One minislot used for one frame transmission. 
• Each frame transmission requires 1 + v time units. 
• Maximum throughput occurs when all stations are busy and is given by 

       

• If the propagation delay is not negligible, reservations would not take effect until some fixed 
number of cycles. 

• Length of the cycle corresponds to the number of stations having frame to transmit. 
• If the cycle length is greater than round-trip propagation delay, the reservation would take 

effect in second cycle as shown in fig. below.  
 

  
• Maximum achievable throughout  
• Stations can reserve more than one slot per frame transmission per minislot. 
• Suppose a minislot can reserve up to k frames.  
• Maximum cycle size occurs when all stations are busy and is given by Mv + Mk time units. 

Maximum throughput is given by 

 

 

• If M (number of stations) become very large, Mv would form a significant overhead. 
• This would become worst when stations transmit infrequently and simply reservation 

minislots are incurred every cycle. 
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• Do not allocate a minislot to each station, let stations contend for reservation minislot. 
• If slotted ALOHA is used, the each successful reservation require 1 / 0.368 = 2.71 minislot 

on average. 
• The maximum achievable throughput is 
 

 

 POLLING SYSTEMS 

• Stations take turns in accessing medium. 
• At any time in the system, only one station would transmit. 
• When a station completes it transmission, the turn is given to another station by some 

mechanism. 

  

• In fig. above, central station sends polling message to a particular station. 
• Station sends its inbound frame and indicates its completion using go-ahead message. 
• Polling may be round-robin or any other predetermined order.  

 

��
• Frequency-division duplex (FDD): one frequency band for transmission of outbound frames 

and another frequency band for transmission of inbound frames  
• Time-division duplex (TDD): same frequency band for transmission of both inbound and 

outbound frames but transmission alternates.   

 
• No central controller. 
• All stations can receive the transmission from all other stations. 
• All stations agree upon a polling order list using some protocol. 
• After a station completes its transmission, it polls next station using polling list. 

v71.21
1

max +
=r
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• Fig. above describes a polling system. 
• Walk time is the time that elapses while polling message propagates and until polled station 

begins transmission. 
• Total Walk time t ’ is the sums of the walk times in one cycle.  
• The walk time between two consecutive stations t’ depends on several factors: 

– propagation time for the signal to travel from one station to other. 
– time required for a station to begin transmitting after it has been polled. 
– time required to transmit the polling message. 

• Cycle time Tc is the total time that elapses between start of two consecutive polls of the same 
station. 

• It is equal to sum of the M walk times and the M station transmission times.  
• Average cycle time E[Tc] ? 
• Let l /M frames/sec be the average arrival rate of frames for transmission from a station. 
• Let E[Nc] be the average number of message arrivals to a station in one cycle time. 
• If we assume that all messages that arrive in a cycle time are transmitted E[Nc] = l /M E[Tc] 
• Assume that all stations have same frame transmission time, X. 
• Therefore, time spent at each station is E[Nc]X + t’ , where t’ is the walk time. 
• The average cycle time is M times the average time spent at each station. 

  E[Tc] = M {E[Nc]X + t’ } = M { l /M E[Tc]X + t’ } 

• Solving for E[Tc], 

 

• Under light load, no stations have message to transmit and cycle time is required only for 
polling. 

• Under high load, cycle time can increase without bound. 
TOKEN PASSING RINGS : -  
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•  A token ring system is shown in the fig. above. A station can transmit data only after it 
acquires a token. A token would be circulating round the ring. 

• If the time to circulate around the ring < time to transmit a frame, then the arriving 
information at the sender station corresponds to its own bits transmitted.  

• If the time to circulate around the ring > time to transmit a frame, then more than one frame 
may be present in the ring. 

• Frame inserted into the ring must be removed 
– Destination station would remove 
– Source station would remove (acts as acknowledgement) 

• Token ring systems differ based on token reinsertion approaches used. 
– Multitoken  
– Single token 
– Single frame 

• Ring latency: the number of bits that can be simultaneously in transit around the ring. 
• Multitoken: the free token is transmitted immediately after the last bit of the data frame.  
• Several frames may be in transit in the ring.  

 

 

 

 

• Single token: the free token is transmitted after the last bit of the busy token is received back 
and the last bit of the data frame transmitted.  

 
  

 

 

 

·  Single frame: the free token is inserted after the transmitting station has received the last bit 
of its frame.   

 
 
 
 
  
 
 
 

• Token ring systems limit on the time a station can transmit 
– Number of frames 
– Duration of transmission 

• The number of frames transmitted per token would affect the maximum achievable 
throughput.  
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Que. 4 a) Discuss the various modes, configurations and frame formats in HDLC.  10 
Ans.: - High-level data link control gives the set of standards for operating  a data link  over  bit 
synchronous physical layers.��
HDLC configurations and transfer modes: - 
The different HDLC configurations are explained as below:  

·  Balanced mode 

 
In the balanced mode, the primary station sends a command/response to the secondary station and 
the secondary responds to the primary station. In this case, interaction between the primary and each 
secondary station are unique.  

·  2�/"�"���'���'���

�
 In this configuration of HDLC, the command/responses are broadcasted by the primary station to all 
the secondary station on the same line. Similarly, the responses/requests are transmitted on the same 
line to the primary station.  

·  �0�����	�"����'���

�
 

In the symmetrical mode, the command from the primary station is sent to a specific secondary 
station. Only the specific secondary station for which the message is intended receives the command. 
The secondary station then analyses the command, performs the associated processing, and then 
sends a response to the primary station.  


3����"��� *+��*�,�-����*���-����.���- �'�,	��'�/0�456��"�'��3�0�"����7 �"	��'�"
�/���#(�

·  Normal Response Mode (NRM) 
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           This uses a command-response interaction, where primary stations query secondary stations 
with commands, and the secondary stations respond with response frames. 

·  Asynchronous Balanced Mode 
           This mode has been designed for full-duplex transmission of frames. 

/�0
�1��.�����.�*2���

� �

Two 8-bit flags delineate each frame. The frame has only one address field. The frame also has a 
field for either 8-bit or 16-bit control code. A 16-bit or 32-bit CRC is calculated and inserted. There 
are three types of control fields. 

·  Information frame  
A 0 in the first bit of the control field indicates an information frame (I-frame). 

  

 

 

 

 A 10 in the first two bits of the control frame indicates a supervisory frame.  

  

A 11 in the first two bits of the control field indicates an unnumbered frame  

 

The flag is nothing but a fixed pattern of bits. This pattern does not change, ever. The pattern of bits 
in the flag is kept fixed at least for the duration of a particular communication session.  

8�"� � 1''��

 � ��,���"�	�� �������� � 8�� � 8�"� �
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Addressing is another major issue in HDLC. Addressing can be done in the following ways: 
·  Using single-byte addresses 
·  Using multi-byte addresses  

 

Each control field has a poll/final bit(P/F). this always a poll when sent from primary to secondary 
and a final bit when it is sent from a secondary to a primary. The N(S) field in the I-frame provides 
the send sequence number of the I-frame. N(R) is the acknowledgements of all received frames and 
also indicates the sequence number of the next expected frame. There are four kinds of supervisory 
frames. A value of SS=00 denotes a receive ready(RR) frame. SS=01 denotes a reject(REJ) frame. 
SS=10 denotes a receive not ready(RNR) frame. SS=11 denotes a selective reject frame(SREJ). A 
combination of I-frames and supervisory frames allow the implementation of Stop-and-Wait, Go-
Back-N and Selective Repeat ARQs. Unnumbered frames are used to implement a variety of control 
functions. during call setup or release, unnumbered frames are use to denote and set the data transfer 
mode. It can be used to acknowledge frames. It can also be used to reject frames and also terminate a 
connection between two processes.   
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The primary station queries the secondary station with a poll bit(polling). As and when the secondary 
station is free to process the command/request of the primary station, it sends across the final bit to 
the primary station. This is the use of the poll/final bits.  

The use of the Information field is described as below:  

 

From the diagram shown above, the significance of the information field is clear. The points to be 
noted here are that: 

The information field carries the user data in an I-Frame. 
The information field is absent in an S-Frame. 
The information field carries the management information in an U-Frame. 
The use of the Frame- Check Sequence (FCS) is described below: 

The frame check sequence (FCS) is either a two-byte of four-byte CRC code. 

��

�

Que. 4 b) Explain the various networking and internetworking devices in detail with the help 
     of neat sketches.          10  
Ans: - Basic Networking Devices are:  

a) NIC – Network Interface Card 
b) Hub 
c) Bridge 
d) Switch 
e) Router 
f) Gateway 
g) Repeater  

 Along with these devices we have to use ‘networking cables’ as a media for data transmission, and 
‘Connectors’ for connecting these cables with transmission media.  

1) NIC Card : -  
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A network interface card, more commonly referred to as a NIC, is a device that allows 
computers to be joined together in a LAN, or local area network. Networked computers 
communicate with each other using a given protocol or agreed-upon language for transmitting data 
packets between the different machines, known as nodes. In computer networking, a NIC provides 
the hardware interface between a computer and a network. A NIC technically is network adapter 
hardware in the form factor of an add-in card such as a PCI or PCMCIA card.  

An Ethernet network interface card is installed in an available slot inside the computer. The 
NIC assigns a unique address called a MAC (media access control) to the machine. The MACs on 
the network are used to direct traffic between the computers. The back plate of the network interface 
card features a port that looks similar to a phone jack, but is slightly larger. This port accommodates 
an Ethernet cable, which resembles a thicker version of a standard telephone line. Ethernet cable 
must run from each network interface card to a central hub or switch. The hub or switch acts like a 
relay, passing information between computers using the MAC addresses and allowing resources like 
printers and scanners to be shared along with data. 

 
 
2) Hub: - 

- - Hubs refers to any connecting device or multipoint repeater. 

- - All n/w requires central location to bring media segment together. 

- - Hubs organizes the cables & relay signals to the media segment.  

a) Passive Hubs : 
·  A passive hub simply combines the signals of n/w segments. There is no signal processing. 
·  Passive hub reduces the cabling distance by half because it does not boost the signals & in 

fact absorbs some of the signals.                                                                                                                            
b) Active Hubs: 
·  They are like passive hubs but have electronics components for regeneration & amplification 

of signals. 
·  Main drawback of active hubs is - they amplify noise along with the signals. 
·  Much expensive than passive hubs. 
c) Intelligent Hubs: 
·  It performs some n/w management & intelligent path selection. 
·  This is all transmission media segment can be connected permanently because each segment 

will be used only when a signal is sent to device using that segment.  
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3) Bridge: - 

·  A bridge is a Layer 2 device used to divide, or segment, a network. 
·  A bridge is capable of collecting and selectively passing data frames between two network 

segments. 
·  Bridges do this by learning the MAC address of all devices on each connected segment. 

Using this information, the bridge builds a bridging table and forwards or blocks traffic based 
on that table.  

·  This results in smaller collision domains and greater network efficiency.    
·  Bridges do not restrict broadcast traffic. 
·  Bridge operates in physical layer as well as in data link layer 
·  It can regenerate the signal that it receive & as data link layer device. It can check the 

physical addresses of source & destination contained in the frame.  
·  Connect two similar LANs, such as two CSMA/CD LANs. 

Connect two closely similar LANs, such as a CSMA/CD LAN and a token ring LAN.  

 
 
4) Switch: - 

 It is physically similar to hubs, logically similar to bridges. It permits full duplex operation. 
Switches forward and filter frames based on LAN addresses. It’s not a bus   a router (although simple 
forwarding tables are maintained). It is very scalable with options for many interfaces, giving Full 
duplex operation (send/receive frames simultaneously) 

Switch is having higher link bandwidth & Collisions are completely avoided. The backplane 
of a switch is fast enough to support multiple data transfers at one time. A switch can allow 
simultaneous access to multiple servers, or multiple simultaneous connections to a single server. 

If a switch has the frame’s destination address in its CAM table (or Source Address Table) it will 
only send the frame out the appropriate port. If a switch does not have the frame’s destination MAC 
address in its CAM table, it floods (sends) it out all ports except for the incoming port (the port that 
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the frame came in on) known as an Unknown Unicast, or if the destination MAC address is a 
broadcast.  
5) Router: -  

Router - device that connects a LAN to a WAN or a WAN to a WAN. A router  is a device 
that interconnects two or more computer networks, and selectively interchanges packets of data 
between them. Each data packet contains address information that a router can use to determine if the 
source and destination are on the same network, or if the data packet must be transferred from one 
network to another. Where multiple routers are used in a large collection of interconnected networks, 
the routers exchange information about target system addresses, so that each router can build up a 
table showing the preferred paths between any two systems on the interconnected networks.  

A router is a networking device whose software and hardware are customized to the tasks of routing 
and forwarding information. A router has two or more network interfaces, which may be to different 
physical types of network (such as copper cables, fiber, or wireless) or different network standards. 
Each network interface is a small computer specialized to convert electric signals from one form to 
another.  

 
 
 
 
 
 
 
 
 
 
 
 

6) Gateway: -  
When network that must be connected are using completely different protocol from each other, 
powerful and intelligent devices called gateway are used.A gateway is a device that can interpret and 
translate the different protocols that are used on two distinct networks. Gateway comprise of 
software dedicated, hardware dedicated or a combination of both. Gateway can connect with the 
different communication protocols, languages and architectures. 

 

 

7) Repeater: - 
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�  All transmission media weaken the electromagnetic wave that travels through them 
�  Attenuation of signals limits the distance any medium can carry data. 
�  Devices that amplifies signal ensure data transmission are called repeaters. 
�  Repeaters receives signal and before it becomes too weak or corrupted regenerates original 

bit pattern. 
�  Repeater is not an amplifier because amplifier simply amplifies the entire incoming signal 

along with noise. 
�  Original signal is duplicated of incoming data by identifying it amongst the noise, 

reconstructing it and retransmitting only the desired information 
�  Original signal is duplicated, boosted to its original strength and sent. 
�  A repeater does not actually connect two LAN’s it connects only two segments of same LAN. 
�  It can’t connect two LAN’s of different protocol. 
�  A repeater forwards every frame it has no filtering capability. 

A repeater should be placed at precise point on the link such that the signal reaches to it before the 
noise has introduced an error in any of the transmitted bit. 

 

 Que. 5 a) Compare circuit switching, packet switching and message switching.   10 

Ans.: -  

 
 
1. Circuit switching: -  
A circuit switched network consists of a set of switches connected by physical links. A connection 
between two stations is a dedicated path made of one or more links. However, each connection uses 
only one dedicated channel on each link. 
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Figure below shows a trivial circuit-switched network with four switches and four links. Each link is 
divided into n (n is 3 in the figure) channels by using FDM or TDM.  

 
Circuit switching takes place at physical layer. Before starting communication, the station must make 
a reservation for the resources to be used during communication. Data transferred between the two 
stations are not packetized. The data are a continuous flow sent by the source station and received by 
the destination station.   
2. Packet switching: -  
In packet switching,the message divided number of packets. The size of  the packets is fixed or 
variable depending upon  the notwork protocol to be used.  

In packet switching, there is no resource allocation for a packet. This means there is no reserved 
bandwidth on the links, and there is no schedule processing time for each packet. Packet switching is 
further divided into two parts as: datagram and virtual circuit switching. 

a) Datagram switching:- 
In a datagram network, each packet is treated independently of all others. Even if a packet is a part of 
a multipacket transmission, the network treats it as though it existed alone. Packets in this approach 
is reffered as Datagrams. 

Datagram switching is normally done at the network layer. Figure below shows the datagram 
approach used to deliver four packets from station A to station X. The switches in a datagram 
network are traditionally referred to as routers.  

�
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In this example, all four packets belong to the same message, but may travel different paths to reach 
their destination. This is so because the links may be involved in carrying packets from other sources 
and do not have the necessary bandwidth available to carry all the packets from A to X. 

Datagram networks are sometimes referred as connectionless networks. 

b) Virtual-circuit switching:- 
A virtual-circuit network is a cross between a circuit-switched network and a datagram network. It 
has some characteristics of both. 

As in a circuit-switched network, there are setup and teardown phases in addition to the data transfer 
phase. Resources can be allocated during the setup phase, as in  a circuit-switched or on demand, as 
in datagram network. 

As in datagram network, data are packetized and each packet carries an address in the header. 
However, the address in the header has local jurisdiction, not end-to-end jurisdiction. The reader may 
ask how the intermediate switches know where to send the packet if there is no final destination 
address carried by a packet.   

The following figure shows a simple virtual-circuit network.��

 
 
3. Message switching: -  
Message switching does not establish a dedicated part between two communicating devices. In this 
each message treated as an independent unit & includes its own destination & source address. 

Each complete message is transmitted from devices to devices through internetwork. 

Each intermediate device receives the message, stores it, until next device ready to receive it & then 
forwards it to next device. For this reason, a message switching n/w is sometime called as a store & 
forward n/w. 

Message switches can be programmed with information about the most efficient routes as well as 
information regarding neighbouring switches that can be used to forward messages to their ultimate 
destination. 

Advantages: 

It provides efficient traffic management by assigning priorities to messages to be switched. 
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With message switching, the n/w devices share data channels. 

It provides asynchronous communication across time zones. 

It reduces n/w traffic congestion. 

Disadvantages: 

The storing & forwarding introduces delay hence cannot be used for real time applications. 
 
Que. 5 b) Draw the IP packet format and explain the function of each field in detail.  10 
Ans.: -  

 
 
A datagram is variable length packet consisting of two parts:header & data. The header is 20 to 60 
bytes in length & contains information related to routing & delivery. 

VERSION (VER):The 4 bit field defines version of the IPv4 protocol. The field tells the IPv4 
software running in the processing machine that the datagram has format of version 4.All field must 
be interpreted as specified in fourth version of protocol .If the machine is using some other version of 
IPv4,the datagram is discarded rather than interpreted incorrectly. 

HEADER LENGTH (HLEN) : The 4 bit field defines the total length of datagram header in 4 byte 
words. This field needed because the length of header is variable (20 to 60bytes).If there is no option 
then it is 20 bytes & if option then 60 bytes size. 

SERVICES: It is 8 bits & also called Differentiated services.  
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 1.Service type: First 3 bits are precedence & next 4 bits are called type of service(TOS). 

a)Precedence: it is 3 bits subfield ranging from 0(000) to 7(111).The precedence defines the priority 
of datagram in issues such as congestion. If router is congested & need to discard some datagram, 
those datagram with lowest precedence are discarded first. The precedence subfield is never be used 
in IPv4. 
b) TOS bits: It is 4 bits subfield with each bit having a special meaning. The bit patterns & 
interpretations are given below.  

 
Application programs can request a specific types of services.  
2.Differentiated Services:In this interpretation, the first 6 bits make up the code point subfield &last 
2 bits are not used. The codepoint subfield can be used in 2 types- 

a)When the 3 rightmost bits are 0’s,the 3 leftmost bits are interpreted same as the precedence bits in 
service type interpretation. 

b) When the 3 rightmost bits are not all 0’s,the 6 bits defines 64 services based on the priority 
assignment by the Internet or local authorities according to given table.  

 
TOTAL LENGTH : This is 16 bit field that defines the total length(header +data) of the IPv4 
datagram in bytes.To find the length of the data coming from the upper layer, subtract the header 
length from total length .The header length can be found by multiplying the value in HLEN field by 
4. 

Length of data=total length-header length 

Since the field length is 16 bits, the total length of IPv4 datagram is limited to 65535(2^16-1) 
bytes,of which 20 to 60 bytes are header &rest is data from upper layer. The total length field defines 
the total length of the datagram including the header.                                                   

IDENTIFICATION : The 16 bits field identifies a datagram originating from the source host.The 
combination of identification &source IPv4 address must uniquely defines datagram as it leaves ,the 
source host. The IPv4 protocol uses a counter to lebel the datagrams.The counter is initialized to a 
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positive number.When IPv4 protocol sends a datagram,it copies the current value of the counter  to 
identification field &increment counter by 1.Identification number helps the destination 
inreassembling datagram.  

FLAGS: This is 3 bit field. The first bit is reserved. The second bit is called d0 not fragment bit if 
it’s value is 1,machine must not fragment the datagram.  

 

The third bit is called the more fragment bit.If it’s value is 1,it means the datagram is not last 
fragment & if its 0,it means this is the last or only fragment.                                                              
FRAGMENTATION OFFSET : This 13 bits show the relative position of this fragment with 
respect to the whole datagram.It is the offset of the data in the original datagram measured in units of 
8 bytes.  

TIME TO LIVE :A datagram has a limited lifetime in its travel through an Internet. This field is 
originally designed to hold a timestamp ,which was decremented by each visited router.The 
datagram was discarded when the value become 0.However for this scheme, all the machine must 
have synchronized clock & must know how long it takes for datagram to go from one machine to 
another.This field is needed because routing tables in Internet can become corrupted. Another use of 
this is to intentionally limit the journey of the packet.  

PROTOCOL: This 8 bits field defines the higher level protocol that uses the services of the IPv4 
layer. An IPv4 datagram can encapsulate data from several higher level protocols such as 
TCP,UDP,ICMP & IGMP.This field specifies final destination protocol to which IPv4 datagram is 
delivered. Protocol values are given below  

 

HEADER CHECKSUM : First the value of checksum field is set to 0.Then entire header is divided 
into 16 bit sections & added together.The result is complemented & inserted into the checksum field. 
The checksum in IPv4 packet covers only the header,not the data because all higher level protocols 
that encapsulate data in IPv4 datagram have a checksum field that covers the whole packet.And 
second reason is the header of IPv4 packet changes with each visited router,but the data do not.  

SOURCE IP ADDRESS: It is 32 bit field defines the IPv4 address of source.This field must remain 
unchanged during the time IPv4 datagram travels from source host to destination host.  
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DESTINATION IP ADDRESS: It is 32 bit field defines t IPv4 address of destination. This field 
must remain unchanged during time IPv4 datagram travels from source host to destination host.  

OPTIONS: It can be used for testing & debugging . Although options are not require ed parts of the 
IPv4 header ,option processing is required of the IPv4 software.Taxonomy is given below.  

 

Que. 6 a) Compare TCP and UDP.         10 

Ans: - TCP:  

�  Transmission Control Protocol  

�  Reliable, in-order unicast delivery. 

�  Congestion control services are available.   

�  Flow control services are available. 

�  Connection Setup, Data transfer and connection Termination: 3 way handshaking service 

     between TCP sender and receiver is available.��

�  No loss for the TCP segments and delivered in order to applications. 

�  Both TCP and UDP use port (or socket) numbers to pass information to the upper layers.  

�  Retransmission in case of packet loss.  

�  Uses of TCP: Applications where reliable and lossless data transmission is required. 

�  Works along with ARQ for reliable byte stream service.  

�  TCP Datagram format:  
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UDP: 

�  User Datagram Protocol 

�  Unreliable (“best-effort”), unordered unicast or multicast delivery.  

�  Congestion control services are not available.   

�  Flow control services are not available. 

�  Connection Setup, Data transfer and connection Termination: 3 way handshaking service 

 between UDP sender and receiver is not available. 

�  UDP segments may be Lost or delivered out of order to applications. 

�  Both TCP and UDP use port (or socket) numbers to pass information to the upper layers. 

�  Retransmission in case of packet loss.   

�  Uses of UDP:   

Inward and Outward data collection/dissemination 
o SNMP for network management 
o RIP routing table updates 
o NFS remote file server 

Request-Response 
o Eg.  DNS uses UDP for name translation 

Real time application 
o Streaming multimedia and internet telephony 
o Video conferencing�

�  Works along with RTP protocol.  

�  UDP Datagram format:  
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Que. 6 b) Explain ARP and  RARP in detail.        10 

Ans.: - ARP: - A host can send a packet to the destination host by knowing the destination IP 

address. This means that the sender needs the physical address of the receiver. A mapping 

corresponds a logical address to physical address. 

This can be done either statically or dynamically. In static mapping, the associations between 

logical and physical addresses are stored in a table. The sender looks into the table and finds the 

physical address corresponding to a logical address. Every time a physical address is changed, the 

table must be updated. Updating tables on all machines at frequent intervals is a very demanding 

task.  

Therefore, mapping can be done dynamically, which means that the sender asks the receiver to 

announce its physical address when needed. ARP is design for this purpose. 

Suppose, a host or a router, needs to find the physical address of another host or router on its 

network, it sends an ARP query packet. The packet includes the physical and IP addresses of the 

sender and the IP address of the receiver. As the sender does not know the physical address of the 

receiver, the query is broadcast over the network.  

 

In fig. (a), the system on the left (A) has a packet that needs to be delivered to another system (B) 
with IP address 141.23.56.23. System A needs to pass the packet to its data link layer for the actual 
delivery, but it does not know the physical address of the recipient. It uses the services of ARP by 
asking the ARP protocol to send a broadcast ARP request packet to ask for the physical address of a 
system with an IP address of 141.23.56.23. 
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This packet is received by every system on the physical network, but only system B will 

answer it, as shown in fig. (b). System B sends an ARP reply packet that includes its physical 

address. Now system A can send all the packets it has for this destination using the physical address 

it received. 

ARP Packet Format:-  

Hardware Type Protocol Type 

Hardware Length Protocol Length 
Operation 

Request 1, Reply 2 

Sender hardware address 
(For example, 6 bytes for Ethernet) 

Sender protocol address 
(For example, 4 bytes for IP) 

Target hardware address 
(For example, 6 bytes for Ethernet) 

(It is not filled in a request) 
Target protocol address 

(For example, 4 bytes for IP) 
 

�  Hardware type: This is a 16-bit field defining the type of the network on which ARP is 

running. Each LAN has been assigned an integer based on its type. For example, Ethernet is 

given the type 1.  

�  Protocol type: This is a 16-bit field defining the protocol. For example, the value of this field 

for the IPv4 protocol is 080016. ARP can be used with any higher-level protocol. 

�  Hardware length: This is an 8-bit field defining the length of the physical address in bytes. 

For example, for Ethernet the value is 6. 

�  Protocol length: This is an 8-bit field defining the length of the logical address in bytes. For 

example, for the IPv4 protocol the value is 4. 



���������	����
����
�������
�������
�������������
� ���	��������������� !"#$ �
���������	
��

�����


��������	�
���
�����������������������������	������ �������������
���������������

��� !��������!�	�"�	������#��$
�

%�&���'�(�)
�**+*���������������������������������� &"��� &' ��,�-.��� &�� "��'�/0(�&��,��1��1��
"�!�"'���
������������������������������������������������������������������������������������������������������������

�  Operation: This is a 16-bit field defining the type of packet. Two packets types are defined, 

ARP request, ARP reply.  

�  Sender hardware address: This is a variable-length field defining the physical address of the 

sender. For example, for Ethernet this field is 6 bytes long. 

�  Sender protocol address: This is a variable-length field defining the logical (for example, IP) 

address of the sender. For the IP protocol, this field is 4 bytes long. 

�  Target hardware address: This is a variable-length field defining the physical address of the 

target. For example, for Ethernet this field is 6 bytes long. For an ARP request message, this 

field is all 0s because the sender does not know the physical address of the target. 

�  Target protocol address: This is a variable-length field defining the logical (for example, 
IP) address of the target. For the IPv4 protocol, this field is 4 bytes long. 

 

 

RARP: -  

RARP (Reverse Address Resolution Protocol) finds logical address for machine that only knows its 
physical address. Each host or router is assigned one or more logical (IP) address which are unique 
and independent of physical (hardware) address of machine .To create an IP datagram  a host or a 
router need to know its own IP address .The IP address of a machine is usually read from its 
configuration file stored on the disk file.  

The machine can get its physical address which is unique locally. It can then use the physical address 
to get the logical address using RARP protocol. A RARP request is created and broadcasted on the 
local network .Another machine in local network that knows all the IP address will respond with a 
RARP reply. The requesting machine must be running a RARP client program and responding 
machine must be running a RARP server program.  

NOTE: The RARP request packets are broadcast; the RARP reply packets are unicast.  
RARP operation: 
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In the fig.1(a) the diskless host on the left is booted. To get its IP address it broadcast RARP address 
to all system on the network. 

This packet is received by every host on the physical network but only RARP server on the right will 
answer it as shown in fig .1(b). The server send RARP reply packet that include the IP address of the 
requestor.  

Packet format: - 

 

�  Hardware type: This is a 16-bit field defining the type of network on which RARP is 
running. Each LAN has been assigned an integer based on its type. eg. Ethernet is given the 
type 1. 

�  Protocol type : This is a 16-bit field defining the protocol. Eg. the value of this field for the 
IP4 protocol is (0080). 
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�  Hardware length: This is an 8-bit field defining the length of the physical address in bytes. 
Eg. For Ethernet the value is 6. 

�  Protocol length:This is an 8-bit field defining the length of the logical address in bytes.Eg 
for the IPv4 protocol the value is 4. 

�  Operation:This is a 16-bit field defining the type of packet.Two packet type are defined: 
RARP request(3),RARP reply(4). 

�  Sender hardware address: This is a variable length field defining the physical address of 
the sender. Eg. For Ethernet this field is 6 bytes long. 

�  Sender protocol address: This is a variable length field defining the logical (IP) address of 
the sender .For the protocol it is 4 byte long. 

�  Target hardware address: This is a variable length field defining the physical address of the 
target. E.g. for Ethernet it is 6 bytes long. 

�  Target protocol address: This is variable length field defining logical address of the target. 
For the IPv4 protocol this field is 4 bytes long. 

Encapsulation:  

 
A RARP packet is directly encapsulated into a data link frame. Eg. In fig 2 shows a RARP packet 
encapsulated in an Ethernet frame. Note that the type of field shows that the data carried by the 
frame is a RARP packet. 

RARP Server: 

RARP server provides mapping from a physical address to a logical address. 

The mapping is stored in a disk file. Server is normally implemented at the application layer and files 
used by a server are accessed at that level. But the RARP server is implemented at the data link 
layer. To access a file a RARP server need the help of underlying operating system as UNIX.   

 

Que. 7. Write short notes on:  

Que. 7 a) Classful IP Addresses.         05 

Ans: - The identifier used in the IP layer of the TCP/IP protocol suite to identify each device 
connected to the Internet is called the Internet address or IP address. An IP address is a 32-bit 
address that uniquely and universally defines the connection of a host or a router to the Internet. IP 
addresses are unique. They are unique in the sense that each address defines one, and only one, 
connection to the Internet. Two devices on the Internet can never have the same address.���

·  The address space of IPv4 is 
232 or  4,294,967,296.  
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Logical addresses are 32 bits (4 bytes) long 

o Each byte is represented as an octet (decimal number from 0 to 255) 

o Usually represented in dotted decimal notation 

�  E.g., 172.24.208.192 

o Address has two parts: network and host ID 

�  E.g. 172.24.208.192 (172.24.0.0 and 208.192) 

o Categorized into ranges referred to as classes 

�  Class system provides basis for determining which part of address is the 
network and which is the host ID 

�  The first octet of an address denotes its class 

Classes 

o Class A: first octet between 1-127 

�  16,777,214 hosts per network address 

o Class B: first octet between 128-191 

�  65,534 hosts per network address 

o Class C: first octet between 192-223 

�  254 hosts per network address 

o Class D: first octet between 224-239 

�  Reserved for multicasting 

o Class E: first octet between 240-255 

�  Reserved for experimental use 

127.0.0.0 network is called the loopback address  

o localhost always corresponds to address 127.0.0.1 

o Finding the class in decimal notation: - 
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o Netid and hostid : -  

 

IETF reserved addresses for private networks 

o Class A addresses beginning with 10 

o Class B addresses from 172.16 to 172.31 

o Class C addresses from 192.168.0 to 192.168.255 

o These addresses can’t be routed across the Internet 

o To access the Internet, NAT is needed 

o IPv6 eliminates need for private addressing;  provides a 128-bit address (vs. IPv4’s 32 
bits) 

Que. 7 b) Bellman Ford Algorithm.         05 

Ans: - It is based on principle of node A, knows Shortest path .If  each neighbour  of  node A, knows 
as shortest path to node Z; then node A can determine its shortest  path to node Z by calculating cost 
or distance to node Z through each of its neighbours & picking the minimum.  

 

 

Example:-  
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 Suppose we want to find shortest path from node 2 to node 6 steps:- 

1) Now to reach the destination packets from node 2 must first go through    node 1 or node4 
or 5. 

2) Suppose that already node 1, node 2,node 4, and node 5 know  that node 6 is away from 
them by cost 3,3,&2 respectively by path. 

3) Then total cost or total dist. Through node 1 is 3+3=6. 

Through node 4 is 1+3=4 

Through node 5 is 4+2=6 

So shorted path from node 2 to destination is achieved if packet first goes through node 4. 

This idea is formalized in Bellmon Ford algorithm as  

1) Dj =available estimate of min cost from node /router j to destination node  

2) CIJ =link cost from node I to node j. 

3)Cik =link cost between node I and node k = � . 

If node I and node k are not directly connected es –C15 = C23 =�  

Then we will calculate with bellman Ford algorithm min cost from node 2 to destination node 
6 in terms of distant through node 1 or node 4 or 5 as  

D2 = min{C21 +D1,C24+D4,C25=D5} 

            = min{3+3,1+3,4+2} 

D2 = min{6,4,6) = 4 

Now in above explanation we assumed that min cost from nodes 1,2,5 to      destination  were 
known. But in fact these nodes have to perform similar calculation to know their min cost to 
destination. 

          e.g. Applying same principle to obtain cost node 1 to node 6. 
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          i.e. P1=min{C12+D21,C13+D3,C14+D4}            

So in short ,if we keep info & updating these equation ,the algorithm will coverage to 
current result.  

 

Que. 7. C) IEEE Project 802.          05 

Ans: - Various LAN standards: - 

��

IEEE has specified the following standards 
The Institute of Electrical and Electronic Engineers. 
LAN standards: 
802.1d: Spanning tree. 
802.2: LLC. 
802.3: MAC ~ Ethernet. 
802.5: MAC ~ Token ring. 
802.11: Wireless LAN. 

  

 

IEEE 802.3: 10Mbps specification (Ethernet): -  
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Giga bit Ethernet  

• 1000Base-SX (short wavelength fiber) 
– Short wavelength (770-860 nm) 
– support duplex links of  

• 220- 275 m using 62.5 mm multimode fiber 
• 500- 550 m using 50 mm multimode fiber 

• 1000Base-LX (long wavelength fiber) 
– Long wavelength (1270-1355 nm) 
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– support duplex links of 
• 550 m using 62.5 mm or 50 mm multimode fiber 
• 5000 m using 9 mm single-mode fiber 

• 1000Base-CX (short haul copper) 
– supports 1-Gbps links within a single room or equipment rack 
– uses copper jumpers , special  shielded twisted pair that spans no more than 25 m 

• 1000Base-T 
– uses 4 pairs of cat 5 UTP  
– support devices over a range of 100m 

• Encoding scheme for Gigabit Ethernet is 8B/10B 
 
Que. 7 d) Delay Analysis.          05 
Ans: - Delay Analysis:  

The long-term average number of customers in a stable system L is equal to the long-term 
average effective arrival rate, � , multiplied by the average time a customer spends in the 
system, W; or expressed algebraically:  
L = � W. 

In telecommunication and computer engineering, the queuing delay (or queueing delay) is the time 
a job waits in a queue until it can be executed. It is a key component of network delay. 

This term is most often used in reference to routers. When packets arrive at a router, they have to be 
processed and transmitted. A router can only process one packet at a time. If packets arrive faster 
than the router can process them (such as in a burst transmission) the router puts them into the queue 
(also called the buffer) until it can get around to transmitting them. 

The maximum queuing delay is proportional to buffer size. The longer the line of packets waiting to 
be transmitted, the longer the average waiting time is. However, this is much preferable to a shorter 
buffer, which would result in ignored ("dropped") packets, which in turn would result in much longer 
overall transmission times. 

During network congestion, queuing delays can be considered infinite when the packet is dropped. 
The retransmission of such packets causes significant overall delay because all forms of delay will be 
incurred more than once. If the network congestion continues, the packet may be dropped many 
times. Many protocols, such as TCP, will "throttle back" their sending and wait for the network to 
clear up. 

While taking about Queuing in wireless communication its an important tool for handoff as it 
decreases the probability of forced termination of a call due to unavailable voice channels in a base 
station.the basic theory is there is a time delay between the threshold level of signal required for 
handoff and minimum level of signal strength to maintain the call. the call in que in this mean time 
can be handed over to the free voice channel.    
 
 
 
 
 
Basic Model for Network Delay/Loss System: -  
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Assume a system at which customers/data arrive at rate a(t) 
Interested in 
- Time spent in the system: T 
- Average number of customers/packets in the system: N(t) 
- Fraction of arriving customers/packets that are lost or blocked: Pb 
- System throughput (# of customers/packets/cell that pass through 
the system) 
   

  

 

 

  


