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CO RBT 

1 

Illustrate the working mechanism of OSPF 

Ans: 

Hello Protocol: OSPF routers establish neighbor relationships using Hello packets. This helps 
routers discover each other and form adjacencies. 

Link-State Advertisements (LSAs): Each router collects information about its directly connected 
neighbors and the state of its links. It then generates LSAs that describe its local state. 

Link-State Database: All routers in the OSPF area maintain a synchronized link-state database. 
This database holds the LSAs received from all routers, allowing each router to have a complete 
view of the network topology. 

Shortest Path First (SPF) Algorithm: Using the link-state database, each router runs the Dijkstra 
SPF algorithm to compute the shortest path tree. This determines the best path to each 
network destination. 

Routing Table: After computing the shortest paths, each router updates its routing table with 
the best routes. This ensures efficient and loop-free routing. 

Periodic Updates: OSPF routers periodically send Hello packets to maintain neighbor 
relationships and LSAs to update the network topology as changes occur. 

 

10 4 L2 



 

 

2 

Explain the BGT algorithm in detail 

 

10 4 L2 

3 

Explain the step-by-step working of the Go-Back-N Automatic Repeat Request method. 

Go-Back-N ARQ (Automatic Repeat reQuest) is an error-control protocol used in data 
communication to ensure reliable delivery of packets/frames. 

1. Sliding Window Protocol 

●​ The sender can send multiple frames at a time without waiting for an ACK.​
 

10 2 L2 



●​ It uses a window of size N, meaning it can send N unacknowledged frames.​
 

2. Receiver Behavior 

●​ The receiver accepts only the next expected frame in order.​
 

●​ If a frame is missing or damaged, the receiver discards that frame and all subsequent 
frames.​
 

●​ Receiver sends ACKs for the last correctly received, in-order frame.​
 

3. Error Handling 

●​ If a frame is lost or corrupted:​
 

○​ The receiver does not send an ACK for that frame.​
 

○​ The sender waits until timeout.​
 

○​ Then the sender goes back and retransmits that frame + all frames after it, 
even if some were received correctly.​
 

4. Efficiency 

●​ More efficient than Stop-and-Wait because multiple frames are in flight.​
 

●​ Less efficient than Selective Repeat because it may retransmit many frames 
unnecessarily.​
 

5. Key Features 

●​ Sender window: size N​
 

●​ Receiver window: size 1​
 

●​ ACK type: Cumulative ACK​
 

●​ Retransmission: After timeout, retransmit from the missing frame onward 

 

4 Explain the fields and layout of HTTP request and response messages. 10 2 L2 



5 With Neat Sketch, Explain the TCP 3-Way Handshaking of Connection Establishment.   10 2 L2 



 

Step 1: SYN 
●​ Client → Server​

 
●​ Client sends a SYN (synchronize) segment.​

 
●​ Purpose:​

 
○​ To request a connection​

 
○​ To send the initial sequence number (ISN)​

 

Client state: SYN-SENT 

 

Step 2: SYN + ACK 
●​ Server → Client​

 
●​ Server receives SYN and responds with:​

 
○​ SYN (to synchronize with client)​

 
○​ ACK (to acknowledge client’s SYN)​

 

Server state: SYN-RECEIVED 

 

Step 3: ACK 
●​ Client → Server​

 
●​ Client sends an ACK to acknowledge server’s SYN.​

 



 

 

Client state: ESTABLISHED​
 Server state: ESTABLISHED 

Now the TCP connection is fully established. 

 

6 

Apply your understanding of TCP and UDP services to evaluate which protocol is more 
suitable for real-time applications like online gaming or video conferencing. Justify your 
answer with examples. 

Real-time applications such as online gaming and video conferencing require low latency, fast 
data transfer, and the ability to continue communication even if some packets are lost. Between 
TCP and UDP, UDP is more suitable for these applications. 

UDP provides faster data transmission because it is a connectionless protocol and does not 
use acknowledgments, retransmissions, or congestion control. This reduces delay and ensures 
that data reaches the receiver with minimal latency. In real-time applications, a small amount of 
packet loss is acceptable, but delays are not. For example, in video conferencing, if one video 
frame is lost, the next frame will still play smoothly. Delaying the video to retransmit the lost 
frame would cause freezing or lag. Similarly, in online gaming, movement and action updates 
must reach instantly; outdated packets are useless even if they are delivered correctly. 

On the other hand, TCP introduces significant delays because it uses acknowledgments, 
retransmissions, flow control, and congestion control to ensure reliable delivery. While TCP 
is ideal for applications where accuracy is important (such as file transfer or web browsing), it is 
not suitable for time-sensitive applications where speed is more important than perfection. 

Therefore, UDP is the preferred protocol for real-time applications like gaming and video 
conferencing because it offers minimal delay, lightweight communication, and continuous 
data flow even with packet loss. 

 

   10 2 L3 
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