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                                                       ABSTRACT 

 

In this research, the concept of piggybacking has been extended to concatenate 

Transmission Control Protocol (TCP) and User Datagram Protocol (UDP) packets. In any given 

network scenario, voice (UDP) is given priority over data (TCP) packet. During high traffic load, 

a UDP packet is processed at a higher priority, thus accumulating the TCP packets and leading to 

congestion and retransmission of TCP packets. Because it is challenging to integrate UDP and 

TCP packets an efficient queuing model has been proposed to concatenate the packets without 

causing a negative impact on UDP or voice traffic. In this paper, we propose the algorithm and 

model to concatenate UDP and TCP packets into a single packet and obtain better throughput for 

TCP traffic, efficient utilization of network bandwidth. The concatenation is performed based on 

parameters such as priority, destination and MTU size. The concept of discrete-time Markov 

chain has been leveraged to analyze the router utilization and efficiently handle the concatenated 

packets. The PCATTCP tool has been used to study the performances of UDP and TCP packets 

traversing a LAN between two end hosts. These values have been used for the simulation of the 

problem. Discrete Event Simulation has also been performed to determine the optimal values and 

associated system parameters. 

                                    

 



 

vi 

 

TABLE OF CONTENTS 

Chapter                                                                                                                                       Page 

1.          INTRODUCTION………………………………………………………………………..1 

1.1  QOS……………………………………………………………………………….2 

1.2 Contribution……………………………………………………………………….3 

2.         LITERATURE SURVEY ....................................................................................................5 

        2.1    Introduction to TCP/IP ................................................................................................5 

2.2     IPv4 Header………………………………………………………………………...6 

2.3    Transmission Control Protocol (TCP) ……………………………………………...9 

2.4    User Datagram Protocol (UDP) …………………………………………………...11 

2.5    Related Work………………………………………………………………………12 

 

3.         CONCEPT OF PIGGYBACKING ....................................................................................16 

        3.1    Problem Statement ....................................................................................................16 

        3.2    Key Assumptions ......................................................................................................17 
        3.3    Proposed Model ........................................................................................................18 

        3.4    Concatenation Process ............................................................................................. 19 

        3.5    De-Concatenation Process ....................................................................................... 21 

 

4.         MATHEMATICAL ANALYSIS ......................................................................................23 

        4.1    Key Assumptions ......................................................................................................23 
        4.2    Protocol Analysis ......................................................................................................23 

           4.2.1    State Space ..........................................................................................................24 

           4.2.2    Steady State Probability ......................................................................................26  

        4.3    Summary ...................................................................................................................27 

 

 5.        DISCRETE EVENT SIMULATION.…………………………………………………...28 

            

            5.1    M/M/1 Queue………………………………………………………………………28 

            5.2    Piggybacking……………………………………………………………………….30 

5.3    Network Setup Using GNS3….……………………………………………………31 

5.4    PCATTCP Tool………………………………………………….………………...32 

5.5    Results and Discussion…………………………………………………………….33 



 

vii 

 

TABLE OF CONTENTS (continued) 

Chapter                                                                                                                                       Page 

 

                  5.5.1   Average Delay vs Network Delay…………………………………………...33 

                  5.5.2   Throughput vs waitTime……………………………………………………..35 

                  5.5.3   Server Utilization and Average Waiting Time……………………………….36 

 

 6.        CONCLUSION AND FUTURE WORK ……………………………………………….37 

REFRENCES…………………………………………………………………………….39 

APPENDIX………………………………………………………………………………42 

         A.   Discrete Event Simulation…………………………………………………….43 

         B.   GNS3 Configurations…….…………………………………………………....55 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 



 

viii 

 

LIST OF TABLES 

Table                                                                                                                                           Page 

2.1 IP Presedence……………………………………………………………………………...7  

2.2 DiffServ Clasification..……………………………………………………………………7  

5.1 Average End-End Delay for PacketSize = 128…………………………………………..34 

5.2 Average End-End Delay for PacketSize = 256…………………………………………..34 

5.3 Average End-End Delay for PacketSize = 512…………………………………………..34 



 

ix 

 

LIST OF FIGURES 
 

Figure                                      Page 

1.1 QOS Classification………………………………………………………………………...2 

2.1 TCP/IP………………………………………………………………………………….....5 

2.2 IPv4 header format………………………………………………………………………..6 

2.3 Type-of-Service…………………………………………………………………………...6 

2.4 3-way Handshake...………………………………………………………………………..9 

2.5 TCP Packet Structure…………………………………………………………………….10 

2.6 4-way Handshake………………………………………………………………………...11 

2.7 UDP Packet Structure……………………………………………………………………12 

2.8 TCP Throughput vs Packet size………………………………………………………….14 

3.1 Queuing Model…………………………………………………………………………..16 

3.2 Throughput of three different priority classes…………………………………………...17 

3.3 Example of WAN network…..…………………………………………………………..18 

3.4 Routing process…………………………………………………………………………..19 

3.5 Packet Format……………………………………………………………………………20 

3.6 De-concatenation of Packet……………………………………………………………...22 

4.1 State Transition Diagram………………………………………………………………...26 

5.1 Network Topology for GNS3 simulation………………………………………………..32 

5.2 Throughput……………………………………………………………………………….35  

5.3 Server Utilization and Average waiting time…………………………………………….36    

    

 



 

x 

 

LIST OF ABBREVATIONS 

 

DES   Discrete Event Simulation 

DSCP   Differentiated Services Code Point 

FIFO   First In First Out 

FTP   File Transfer Protocol 

HTTP   Hypertext Transfer Protocol 

IP   Internet Protocol 

LAN   Local Area Network 

MTU   Maximum Transmission Unit 

PQ   Priority Queue 

QOS   Quality of Service 

SMTP   Simple Mail Transfer Protocol 

TCP   Transmission Control Protocol 

TDMA   Time Division Multiple Access 

UDP   User Datagram Protocol 

WAN   Wide Area Network 

WQ   Weighted-fair Queue 

 

 

 



1 

 

CHAPTER 1 

INTRODUCTION 

In the world of internetworking, the efficient utilization of network resources has been 

the paramount concern because of the wide range of usage. Internet is an interconnection of 

various computer networks. A network is comprised of numerous public and private networks 

which are connected using certain networking technologies. Internet offers a lot of services like 

Email (SMTP), Data transfer (FTP), and the latest to add to the list is VOIP (Voice over Internet 

Protocol). VOIP allows the voice traffic to traverse through the Internet. This results in simple 

technique and cheap calls as compared to the telephone. It uses UDP protocol as it is 

connectionless and requires less time to reach the destination, unlike the TCP. Data transfer (file 

transfer) uses TCP and is given lesser priority as compared to voice in queuing. This results in 

large files taking longer time to reach the destination. The two protocols are discussed in Chapter 

3. Some applications like HTTP, FTP, SMTP are not highly sensitive to delay, but traffic like 

video conferencing, voice calls are unusually sensitive to delay and loss of information. The 

Quality of Service (QOS) enabled network devices should be able to handle different types of 

traffic and serve them accordingly. Each router or the gateway should execute some queuing 

disciplines to decide which packet has to be processed first and which packet has to be stored in 

the buffer. The various types of queuing disciplines are First In First Out (FIFO), Priority Queue 

(PQ), Weighted-fair Queuing (WQ). With these queuing techniques, high priority traffic is 

always ensured quicker handling compared to low priority traffic [3]. 

QOS can be classified into two models, IntServ (Integrated services) and Diffserv 

(Differentiated services).  Intserv is used for real time applications like VOIP and video. It works 

based on RSVP (Resource Reservation Protocol), where network resources are reserved. Every 
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switch or router between the source and destination needs to have RSVP enabled. The 

disadvantage of this model is that once the bandwidth is reserved for a particular flow it cannot 

be used for any other application. 

Diffserv operates based on the principle of per-hop behavior. Queuing, marking and 

policing is applied by each device in this model. The IP headers are classified based on the QOS 

markings which enable classified end to end communication. The concept of Diffserv has been 

implemented in this research work, where packets are classified based on priority queuing. 

1.1 QOS 

 

Figure 1.1: QOS Classification 

Figure 1.1 illustrates a typical Quality Of Service (QOS) classifier. Below we discuss the 

different queuing techniques, [25].  
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• FIFO (First in First Out Queuing): This technique handles packets based on the way they 

are received (first come first serve method). This is the most basic queuing model, where 

all packets are treated equally. This queuing technique is not suitable for the proposed 

model since UDP packets and concatenated packets have to wait behind TCP packets in 

order for them to get processed by the router. 

• WQ (Weighted-Fair Queuing): This technique schedules low volume traffic over high 

volume traffic which utilizes the rest of the bandwidth. This is accomplished by adding 

weights to each flow, and the lower weight is the one to be serviced first. 

• PQ (Priority Queuing): Here multiple queues are assigned to a network interface. They 

are high, medium, normal and low. Each queue has a default capacity of 20, 40, 60 and 

80 packets. The queue with the highest priority is processed first when compared to 

the lower priority queue. In this research, priority queuing methodology has been 

considered in order to process the concatenated packets. 

1.2 Contribution 

Previous work performed on packet concatenation schemes involves IPAC [1], which 

merges the smaller packets to form a larger packet and this large packet is transmitted. By this 

approach, the network bandwidth could be used efficiently. The packet format has been looked 

into before concatenation. The packets belonging to the same destination have been merged 

together, and a concatenation header has been added.  Another work on packet concatenation 

schemes is Softspeak [4], to merge downstream VOIP packets and send them together. Referring 

to ideas proposed in IPAC and Softspeak an idea to combine voice traffic with data traffic, in 

order to improve the bandwidth efficiency, has been extended. Hence, low priority traffic (data) 
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also gets a better chance of utilizing the channel. As mentioned above, previous work dealt with 

combining only TCP or UDP packets. A model to piggyback TCP and UDP packets has been 

proposed such that the bandwidth is utilized efficiently, increasing the throughput of the 

concatenated packet.  

In a given network, UDP traffic is given priority over TCP traffic. The disadvantage with 

network prioritization is that lower priority traffic (data), accumulates for an indefinite period 

due to high traffic. When there is a high traffic load, the router buffer fills up which results in 

dropping of packets. If TCP (data) packets are dropped, retransmissions of packets occur, and 

this can lead to a lot of delay. This can be prevented to some extent if sufficient bandwidth is 

made available during high traffic. The proposed model to some extent helps the TCP traffic to 

reach its destination sooner as compared to the other models. The UDP and TCP packets are 

concatenated in such a way that the concatenated packet reaches the destination faster as 

compared to transmitting TCP traffic individually.  

In the following chapters the proposed model is discussed in-depth which is supported by 

mathematical analysis. Chapter 2 discusses TCP/IP stack, IP, TCP, and UDP headers in detail. 

The process of concatenation and de-concatenation is discussed in Chapter 3. Chapter 4 involves 

mathematical analysis using Discrete-Time Markov chain, and followed by a discussion in 

Chapter 5 about the tools used for simulation. Finally in Chapter 6, the future work and 

conclusion of this research work has been mentioned. 
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CHAPTER 2 

LITERATURE SURVEY 

2.1 Introduction to TCP/IP 

The internet uses the standard TCP/IP stack. Information is passed onto different layers 

before using the network media to reach the destination. Figure 2.1 explains the functionality of 

each layer. 

 

Figure 2.1: TCP/IP [20] 

Application layer is incorporated for user interaction. Transport layer is where the 

encapsulation of data takes place depending on the protocol used (TCP or UDP). Internet layer 

helps the IP datagram to reach their destination successfully. The Data Link Layer converts the 

IP datagram into a frame and sends it to the physical layer. The physical layer sends the frame in 

the form of bits on the network media. 
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2.2 IPv4 Header 

       The IPv4 header is as shown in Figure 2.2, and explained below. The IP precedence is a 3 

bit field which gives out 8 different values as seen in Figure 2.3. 

 

Figure 2.2: IPv4 header format 

 

 Version (4 bits): This field indicates the version of Internet Protocol, (v4 or v6). 

 Length: It indicates the length of the Internet Header (32 bit word). 

 Service Type: This field offers IP precedence and differentiated service.  

 
Figure 2.3: Type-of-Service 
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Table 2.1: IP Precedence 

 

 

Table 2.1, and Table 2.2 lists the associated IP Precedence and DiffServ values. DiffServ 

provides a class-based service where each packet is divided based on traffic class. This technique 

uses marking and classification to differentiate traffic.  

Table 2.2: DiffServ Classification 
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Each class of traffic can then be prioritized or managed appropriately. Therefore, each router 

differentiates the packets based on the class of traffic they belong to. The routers which utilize 

DiffServ follow Per Hop Behaviors (PHBs) which define certain forwarding properties like low 

latency, low loss, and best forwarding. All traffic going through the router belonging to the same 

class follows Behavior Aggregate (BA). Theoretically, using diverse marking techniques, a 

network can have up to 64 different traffic classes. 

 Total length: This field mentions the total length of the IP datagram in bytes. The 

maximum length is 65,535 bytes. 

 Identification: 16 bit field which specifies the fragments belonging to a particular 

message. This helps in the reassembling of the message at the destination without mixing 

other fragments belonging to a different message. 

 Flags: These are the control flag which help in managing the fragmentation. 

 Fragment offset: This field specifies the position of the fragment in the overall message. 

 TTL (Time to Live): Specifies the time the datagram spends in a network. Each router 

decrements this value as the datagram is transmitted to its respective destination. 

 Protocol: Specifies the protocol used e.g: UDP, TCP etc. 

 Checksum: This is used to check on the header for any corruptions during transmission. 

 Source Address: It is a 32 bit address datagram of a source. 

 Destination Address: It is a 32 bit address datagram of a destination. 

 Padding: ‗0‘ bits are used if the number of bits in the Option field is not a multiple of 32. 
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2.3 TCP                          

TCP is a connection oriented, reliable, transport layer protocol. First, a connection is 

established and then the segment is transmitted. The connection is established using a three-way 

handshake technique, and this is shown in Figure 2.4. 

 

Figure 2.4: 3-Way Handshake [21] 

 

 The Initiator sets the SYN bit by sending a packet with sequence number n. 

 The Responder replies by sending a packet with ACK bit set and sequence number 

n+1, SYN bit set, and sequence number X.  

 The Initiator sends a packet with ACK bit set and X+1 sequence number. 

 The Initiator transfers the data. 

The TCP header field contains fields such as source and destination ports, sequence numbers and 

other information as seen in the Figure 2.5 below. The TCP header with its data is encapsulated 

in an IP packet and is then transmitted.  
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Figure 2.5: TCP Packet Structure 

 

Source and destination ports (16 bit fields) are the sending and receiving ports. Sequence 

numbers is a 32 bit field where each packet is given a number such that the receiver using TCP 

service can segregate out of order packets and rearrange them in a correct sequence before 

transmitting them to their respective destination. An assumption is made from the proposed 

model that the packet is sent in sequence from the client side of Router 1. Acknowledgement 

number is a 32-bit field which indicates the next sequence number sent from the destination to 

the source. The data offset indicates the beginning of the data and is a 4-bit field. The reserved 

bit is a 6-bit field which is always set to 0. There are 6 control bits:  

 URG - Urgent. 

 ACK – Acknowledgement 

 PSH – Push 

 RST – Reset 

 SYN – Synchronize 
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 FIN – Final 

Window size is a 16 bit field, which indicates the number of packets that the receiver can 

handle. This feature is called flow control. Checksum is 16 bits and handles error detection. 

Urgent pointer is used when URG bit is set. Options field specifies the options for the sender of 

the TCP process. Similar to the 3-way handshake mechanism, TCP uses a 4-way handshake 

technique to close a connection. This is illustrated in Figure 2.6.  

 

Figure 2.6: 4-Way Handshake 

 

 The initiator sends a FIN segment to close the connection. 

 The responder sends an ACK, in response to the FIN. 

 The responder sends a FIN segment to closer the connection. 

 The Initiator sends an ACK, in response to the FIN. 

2.4 UDP 

User Datagram Protocol (UDP) is a connectionless protocol. It is not reliable since it does 

not support retransmission in case the packet gets corrupted. It takes less time for the packet to 

reach its destination as it does not initiate a connection before transmitting a packet. Usually 
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UDP protocol is used for voice traffic and the header is small in size. The source and destination 

ports are 16-bit fields, which is same as the TCP header. UDP length indicates the segment 

length. The checksum is used for error correction, and is an optional. The UDP packet structure 

is explained following Figure 2.7. 

 

Bits 0 – 15 16 – 31 

0 Source Port Number Destination Port Number 

32 Length Checksum 

64 

  

Data 

  

Figure 2.7:  UDP Packet Structure 

 

 Source port number: Port number of the sender. 

 Destination port number: Port number of the receiver. 

 Length: Indicates complete length of the datagram (header and data). 

 Checksum: This is used to check errors in the header and data fields. 

2.5 Related Work 

Previous work on packet concatenation schemes involves IPAC which merges smaller 

packets to form a large packet and then transmit this large packet. By this approach, the network 

bandwidth can be used efficiently. The packet format has to be looked into before concatenation. 

The packets belonging to the same destination have been merged together, and a concatenation 

header is added. Since the packet was merged at the Router 1 on the transmitter side, 

intermediate routers do not have anything to do with the packet. So there is no concatenation 
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delay introduced by the routers in between. There will be small processing delay taken for packet 

merging (concatenation delay) at router 1, but that would significantly help in improving 

bandwidth efficiency as intermediate routers will process just one packet in place of two packets. 

The size of the concatenated packet should not exceed the MTU size in order to prevent the 

packet loss. 

Another work on packet concatenation schemes is Softspeak, to merge downstream VOIP 

packets and send them together. TDMA technique is used to send upstream data, where each 

system is assigned with a time slot, downstream packets are merged and sent as a superframe. 

The intended host will receive the data from that superframe. Aggregator is used to combine the 

IP frames; therefore, it waits a certain period for voice packets to arrive. It then merges multiple 

voice packets and sends them across the channel, which results in increased throughput, medium 

utilization and a small amount of acceptable delay. Referring to ideas proposed in IPAC and 

Softspeak, an idea to combine voice traffic with data traffic, in order to improve the bandwidth 

efficiency, has been extended. This means that, low priority traffic (data) also gets a better 

chance of utilizing the channel. Concatenation takes place at gateway router 1, based on size and 

destination network. Concatenation adds little delay at router 1 which is acceptable for voice 

application. Moreover, intermediate router will process one packet, which is a combination of 

voice and data, will aid in processing, throughput and effective bandwidth utilization. These days 

network bandwidth has reached upto 10 Gbps, and hence a router needs to process each packet 

which comes at 10 Gbps speed. The above idea brings significant reduction in processing as the 

number of incoming packets is less, which leads to less route look-ups, less queuing overhead 

and ultimately less processing overhead. This approach will help in queuing as well because the 

router has to maintain a single queue, which is for the combination of voice and data packet. 
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The main objective of this thesis paper is to reduce the processing burden on the router. 

Some papers previously have discussed this issue. 85% of traffic on the internet comprises of 

TCP. TCP is known for its reliability factor due to the acknowledgement. These 

acknowledgments (40 bytes) are small packets between a sender and the receiver. According to 

research, maximum throughput is achieved when the TCP/IP datagram size is 1500 bytes 

(Maximum Transmission Unit) on Ethernet LANs. More than half the packets on the Internet are 

smaller than 100 bytes, far from being fixed at MTU [24]. Figure 2.8 shows the TCP throughput 

versus packet size for 802.11b. 

 

Figure 2.8: TCP throughput versus packet size for 802.11b 

This indicates that small packets have lesser throughput when compared to larger 

packets. As the size of the packet increases, the throughput also increases. Numerous solutions 

have been proposed with respect to data concatenation at the transport layer or link layers. One 

of the first algorithms was introduced by Nagle. It is called the Nagle‘s algorithm, which is 

aimed at reducing the number of small TCP-based packets like Telnet. The intention was to 

collect all the small packets at the sender instead of transmitting them independently. 
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As mentioned before, 85% of Internet traffic is TCP based. It is required to determine a 

suitable QOS policy which does not delay the UDP packets at the cost of TCP packets or vice 

versa. Also, TCP is not suitable for Multimedia traffic as they are sensitive to delay and jitter. If 

packets carrying video are dropped and retransmitted by TCP, overlapping of old traffic with 

new ones may occur and worsen the situation. Therefore multimedia has been divided into real-

time interactive applications and non-interactive applications. By using the proposed model, 

multimedia packets can be concatenated and be transmitted by setting the ECN bits during 

congestion. This will prevent the packet from being dropped. 

The ECN bits are represented in the two least significant bits of the Diffserv field in the IP 

header. The code-points are represented as follows: 

 00: Non ECN-Capable Transport — Non-ECT 

 10: ECN Capable Transport — ECT(0) 

 01: ECN Capable Transport — ECT(1) 

 11: Congestion Encountered — CE 

If the router is ECN capable then bits ECT(0) and ECT (1) are set. During congestion, the routers 

set the CE bit and prevent the packet from being dropped. This technique is referred as 'Marking' 

and receiving end point router is informed of the impending congestion. The receiving router 

informs the transmitting router about the congestion using the transport layer protocol. The 

transmitting router then reduces the rate of transmission to prevent dropping of packets due to 

congestion. 
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CHAPTER 3 

CONCEPT OF PIGGYBACKING 

The concept of Piggybacking means to ‗ride on the back of something‘. The concept is 

leveraged and a model is proposed in which the TCP packet rides on the back of a UDP packet. 

This chapter discusses this concept according to the proposed model. Section 3.1 introduces the 

problem statement followed by the key assumptions made for this research in Section 3.2. 

Section 3.3 discusses the proposed model. 

3.1 Problem Statement 

The classifier in the Figure 3.1 segregates the UDP and TCP traffic. UDP (voice) is 

always given priority, and it uses the high priority queue for the packet to be forwarded. A TCP 

(data) packet is sent over the lower priority queue. Therefore, voice is given preference over a 

data packet. The TCP packet is always delayed in case of high volume of voice traffic due to this 

scenario. 

                                                     Figure 3.1: Queuing model 
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A model has been proposed to solve this issue by way of concatenation of TCP and UDP 

packets. This concatenated packet is given the same preference as the other UDP packets. An 

experiment has been conducted by Voigt et.al [28], which showed that in priority queuing the 

lower queue starves with the increase in the traffic. As the load increases, the throughput for 

lower priority client decreases as the high priority queue is served first, as shown in Figure 3.2. 

The workaround for this issue, suggested in previous research [28], involves shortening of the 

high priority queue in order to control delay and prevent starvation of the lower priority clients. 

This will result in loss of packets when the queue is full. 

 

Figure 3.2: Throughput of three different priority classes with increase in number of clients 

3.2 Key Assumptions 

The main consideration is the proposed model is a WAN network interconnecting two 

LAN networks. The smaller packets of TCP and UDP are concatenated as they cause a lot of 

overhead while being transmitted on a WAN network. Three routers are considered to forma 

network between the sender and receiver. The model can be implemented when the sender 
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(client) is trying to transmit both UDP and TCP traffic to a receiver (client), in which case are 

forwarded to the same destination. 

 

Figure 3.3: Example of a WAN Network [27] 

The illustrated WAN network, Figure 3.3, has clients in a particular LAN connected to clients in 

a different LAN. 

3.3 Proposed Model 

In order to perform research on the concept of Piggybacking the proposed model has 

following features, 

 If a UDP packet occurs before a TCP packet at R1, it is immediately transmitted without 

adding any wait time. 

 TCP and UDP packets are concatenated if they are intended to the same destination  and 

have the total datagram size within the MTU limit. 

 If a TCP packet arrives first at router 1, a wait time is added, 

o If a UDP packet arrives within the wait time and if the above criteria are met, then 

concatenation takes place. A concatenated header is added to the concatenated 

packet at router 1. 
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o If any other TCP packet occurs at router 1, then TCP is transmitted immediately 

without concatenation. 

3.4 Concatenation Process 

Since the concatenated packet is transmitted based on DSCP priority, the protocol field of 

the added IP header may be TCP or UDP. The two packets are concatenated with a 

concatenation delay, the time taken by a UDP and TCP packet to be concatenated, at Router 1 as 

shown in Figure 3.4.  

 

Figure 3.4: Routing process 

This involves checking of the destination address and MTU size. Besides concatenation 

delay, network delay will also be added at router 1 and router2. Network delay comprises of 

queuing time, packet capture delay and switching/routing delay of IP routers. Queuing time is the 

time taken by a packet waiting in a queue. This usually can be seen at router1 and router2. Packet 

capture delay is the time taken to process and forward the entire packet through a router1 and 

router 2. Switching/Routing delay is the time taken by the routers to transmit the packet based on 

routing table, header and outgoing port. The proposed model describes the concatenation of 
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independently generated TCP and UDP packet in a WAN environment which takes place at layer 

3 of the OSI model. The concatenated packet has a concatenated header, and the packet format is 

as shown in Figure 3.5.  

 

TCP packet 

              

UDP packet 

 

              

                                                Concatenated packet      

WAN Header IP Header Concatenation Header 

TCP DATA 

 

UDP DATA 

 

   

                                                            

                                                 Header 

 

 

 

Figure 3.5: Packet format 

IP Header TCP Header DATA 

IP Header UDP Header DATA 

No of Packets 

(4 bits) 

Size of TCP 

(8bits) 

Size of UDP 

(8 bits) 
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The concatenation process at router 1 may be illustrated with the help of the below pseudo-code.  

if Destination Addresses of TCP and UDP packets are same; 

   then if Total MTU <= 1500; 

        then Strip IP header from both packets, and store in    

             temporary location; 

    Prepare the concatenation packet with the shown  

             packet structure; 

    Add the IP header from the temporary location  

             and send it to Data Link Layer; 

    end 

    end 

end 

 

The concatenation header is a 20 bit field which indicates the number of packets 

concatenated, size of TCP packet and UDP packet. This information is essential for the 

consecutive routers to analyze packets. This helps the destination router to transfer the packet to 

the appropriate host/client. The concatenation header may be a an extra addition to the existing 

packet structure, but smaller packets cause more overhead comparatively, as each of them has an 

IP header (32 bit word). ECN bits in the IP header can be used to indicate the concatenated 

packets. These bits can prevent dropping of packets during congestion by alerting the source 

routers. The source routers will then alter the transmission rate respectively [28]. 

3.5 De-concatenation Process 

De-concatenation takes place at the destination router. All the concatenated packets 

traverse the network with a certain DSCP value in the IP header. The destination router 

differentiates a concatenated packet from any other non-concatenated packet on the basis of the 

DSCP value. Typically, a layer-3 router reads the IP header and compares it with its routing table 

before making any routing decision. In our proposed algorithm the router behaves differently 

upon reading this DSCP field. Based on the set DSCP value the router knows about the presence 

of the concatenated packet and processes it accordingly.   
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Figure 3.6: De-concatenation of Packet 

The concatenation header helps the router to segregate the TCP and UDP packets. The 

newly reconstructed TCP and UDP packets are transmitted to the host identified by the 

destination address field in the IP header. The pseudo-code for the de-concatenation process, 

shown in Figure 3.6, at the end router, R3, is as follows, 
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CHAPTER 4 

MATHEMATICAL ANALYSIS 

This chapter discusses the techniques used in order to perform simulation and 

mathematically analyze the given problem. Discrete-event simulation of the entire problem has 

been done using C-programming language. The results are then tabulated and compared. Finally, 

the problem was modeled like a discrete-time Markov chain and analyzed with the available 

tools. Section 4.1 talks about the key assumptions made to conduct this research, followed by 

section 4.2 and 4.3 discussing the Markov chain analysis and simulation. 

 

4.1   Key Assumptions 

In the previous chapter, the key assumptions were made in order to perform this research. 

To summarize the assumptions, 

 In a WAN environment, the transmission of numerous small packets results in overhead 

and higher bandwidth consumption. 

 The interconnecting LAN comprises of two routers between the origin point and 

destination. 

 A TCP packet waits for a period of WaitTime, or the arrival of another packet before 

departing the router‘s egress interface.  

 

4.2   Protocol Analysis 

The entire piggy-backing model may be analyzed mathematically with the use of 

available Markov chain tools. The principle of discrete-time Markov chain has been leveraged to 



24 

 

study the model. The operation of the piggy-backing model may be modeled as a M/D/1 queue 

in which the arrival of each (TCP/UDP) packet is a stochastic process and follows an exponential 

distribution. The arrival of a TCP packet is totally independent of the arrival of a UDP packet. 

Hence, the arrival process of each packet is Markovian in nature and is exponentially distributed. 

The service time of each (TCP/UDP/concatenated) packet is deterministic since it is assumed 

that the packet sizes are fixed and the service time only depends on the packet size. However, the 

service time for a packet belonging to a certain class is independent of another packet from a 

different class. In other words, a TCP packet may have encounter higher service times, due to 

larger packet size, than a UDP packet. 

4.2.1 State Space 

The operation is modeled as a 4-tuple, and at any given time ‗t‘ the state of the system is 

represented as Xt=(RouterState,PacketType,WaitTime,TCPqueue) where 

 RouterState indicates the current state of the router as Idle/Busy (0/1) 

 PacketType refers to the type of packet being served by the router. This can take values 

such as, (i) ‗0‘ when router is idle, (ii) ‗1‘ for TCP, (iii) ‗2‘ for UDP, and (iv) ‗3‘ for a 

concatenated packet.  

 WaitTime is the pre-defined time for which a TCP packet waits for a UDP packet, before 

departing, in order perform concatenation.  

 TCPqueue is ‗1‘ if a new TCP packet arrives during the wait time of the previous TCP 

packet. A ‗0‘ indicates no new TCP packet has arrived and the current TCP packet will 

depart the system if and only if the wait time decrements to zero or another UDP/TCP 

packet arrives.  

Considering packet arrival as events the different probabilities can be numerically computed. 
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Probability of Packet Arrival, 2/1]Pr[ PA  

Probability of TCP Packet, 2/1]Pr[ TCP  

Probability of UDP Packet, 2/1]Pr[ UDP  

Probability of Concatenation, ]}Pr[|]{Pr[]}Pr[|]{Pr[]Pr[ PAUDPPATCPConcat   

(4.1) 

Since the events PacketArrival, Arrival of TCP and Arrival UDP packet are statistically 

independent the probability of concatenation is given by, 

Probability of Concatenation, ]Pr[|]Pr[]Pr[ UDPTCPConcat   

(4.2) 

The suitable state space for this model based on our assumption is as shown in Equation 4.3, 

X={(0,0,0,0),(1,2,0,0),(1,1,1,0),(1,1,0,0),(1,1,0,1),(1,3,0,0)}                                          

(4.3) 

Each of the states in the above state space is explained briefly below, 

 (0,0,0,0): Idle state, when the router is not serving any packet.  

 (1,2,0,0): With a probability of 0.5, a UDP packet arrives at the routers interface and 

starts getting served immediately.  

 (1,1,1,0): With a probability of 0.5, a TCP packet arrives at the routers interface, and the 

router gets busy. The packet waits for a time interval of ‗1‘ unit before deciding to depart 

the router.  

 (1,1,0,0): With a probability of 0.25, no packet arrives and the TCP packet has waited for 

‗1‘ time unit and decides to depart.  

 (1,1,0,1): With a probability of 0.25, before the TCP packet in the router has departed, 

another TCP packet arrives. Since TCPqueue = 1, the former TCP packet needs to depart.  

 (1,3,0,0): With a probability of 0.25, a UDP packet arrives and meets the requirements to 

get concatenated with the TCP packet.  
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4.2.2  Steady State Probability 

Based on the above discussion the possible state transition diagram which also illustrates 

the entire Markov chain is as shown in Figure 4.1. 

 

Fig 4.1: State Transition Diagram 

 

The steady-state probability of each state of the Markov chain in Figure 4.1 is denoted by i , 

where Xi  and i is the solution to the Markov chain. With the help of discrete time Markov 

chain analysis technique, the steady state probability of each state is represented as given in 

Equation 4.4.  
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The steady-state probability of finding the router idle is given by the value of )0,0,0,0(  

which may also be represented as o . In other words, it is the fraction of time the router (server) 

can be found idle once the system has reached a steady state. Hence, the router (server) 

utilization at steady state is given by Equation 4.5,  

Router/Server Utilization o1  

(4.5) 

This value means the fraction of time the router (server) can be found busy once the 

system has reached a steady state. By numerically solving the Markov chain with the help of 

discrete-time Markov chain techniques, the value of router (server) utilization at steady state is 

determined to be 0.53. In other words the proposed model ensures the router is busy for 53% of 

the time.  

4.3 Summary 

In this chapter, a Markovian model of the entire concept of piggybacking is developed, 

based on the principle of discrete-time Markov chains. Using the available tools to analyze a 

Markovian model the steady state probabilities are numerically computed and the value of router 

(server) utilization at steady state was determined. This value verifies and reinforces the results 

obtained through the discrete event simulation in the subsequent chapter. This also proves that 

the proposed M/D/1 model is stable. Hence, the Markov model of the entire problem proves the 

stability of the algorithm and the router utilization obtained matches the server utilization 

obtained with the help of Discrete Event Simulation in Chapter 5.  
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CHAPTER 5 

DISCRETE EVENT SIMULATION 

 

Simulation is defined as a process where the system is evaluated using available software 

tools, and the data obtained from this process is used to estimate various quantities of interest. 

The simulation of the entire operation of piggybacking has been done with the help of C-

programming language, by leveraging the concept of discrete event simulation. Similar to the 

analysis of a discrete event system, several components are identified and used for the simulation 

purposes: 

 State: list of state variables. 

 Time: variable holding the simulation time. 

 Scheduled Event List: list of scheduled events and their occurrence times. 

 Data Registers: Variables and/or lists to store observed data used for estimation and 

evaluation. 

5.1 M/M/1 Queue 

To be able to simulate the sensor system, it is necessary to be introduced to the working 

of a queuing model. For this, an M/M/1 queue using C programming and Matlab was simulated. 

The basic simulation was performed in C, and the results were plotted using Matlab. The M/M/1 

queuing system may be viewed as being comprised of entities (e.g., customers, jobs) undergoing 

service as they flow through the discrete event system. The flow process has a timed structure, 

which describes the occurrence of events in a sequence. At a given time instance, each entity is 

waiting for service or being served by the server. Each entity in this system undergoes the 

following process: 
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 The entity arrives into the system (the arrival of each entity is separated by a random 

fraction of time referred to as Inter-Arrival time). 

 The entity enters the Queue. 

 If the server is found idle, the entity requests service and reserves the necessary 

resources. If the server is not found to be idle, the entity remains in the queue and waits 

until the server is free to serve. 

 Each entity is served for a random interval of time referred to as Service Time. 

 The entity departs after it has been served completely by the server and the held resources 

are released. 

In a simple M/M/1 queue, the arrival and departure processes follow the Poisson 

distribution. In other words, the arrival of a job and the departure of a job is Markovian in nature 

since both events occur randomly in nature and are independent of past arrivals or departures. 

The arrival rate is denoted by jobs arriving per unit time, and the service rate is denoted by jobs 

departing per unit time. In this system, the queue capacity is considered to be infinite. Different 

data variables are used to store data for estimation purposes. The data essential for the estimation 

and evaluation are current time, arrival time, departure time, waiting time, and system time of the 

corresponding job, number of jobs in the system, queue length occupancy times, and the total 

number of jobs that entered the system throughout the simulation. With this information, it is 

then easy to evaluate the performance of the system by calculating the following required 

parameters: 

 Expected Average System Time 

 Average Waiting Time 
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 Throughput 

 Server Utilization 

 Mean Queue Length 

The simulation of this queuing system was performed using C-language which provided 

the function drand48() to generate random numbers used to determine the inter-arrival time 

between two jobs and the service time of a job. 

5.2 Piggybacking 

By extending the knowledge of a basic M/M/1 queuing system to our research model, it 

is easier to analyze the operation of the Piggybacking model as a discrete event system and hence 

evaluate the performance. The TCP/UDP packets arrive independently and follow an exponential 

distribution. Using the available data-structures, storing the arrival time of each packet are 

considered to serve the packet based on First-in-First-out (FIFO). Since the service time for each 

class of the packet is deterministic, the router takes deterministic service time to serve the packet. 

The algorithm followed for the simulation is recapped as given below: 

1. Initial State of System  

(a) Router is idle. 

2. Packet Arrivals at Routers interface 

(b) UDP packet arrives at a rate of λ1 

     TotalDelay += CoderDelay + PacketizationDelayVoice + TransmissionDelay; 

(c) TCP packet arrives at a rate of λ2 

     TotalDelay += PacketizationDelayData + TransmissionDelay; 

3. Router1 Queue 

(d) if TCP packet arrives first 

      if timer expires transmit TCP 

 TotalDelay += 1; 

      else if a packet arrives check, 
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     if it is a UDP packet 

check_for_destination() 

          else transmit first TCP packet.  

            TotalDelay += ArrivalTime (2nd TCP Packet - 1st TCP Packet) 

(e) if UDP packet arrives first transmit without waiting. 

        No additional delay added  

4. Check for Destination 

(f) if destination address is same for both UDP and TCP packets, 

        if the total datagram size <= 1500 

   concatenate the packets with common UDP header. 

     TotalDelay += ConcatenationDelay 

(g) else transmit UDP packet first then TCP packet 

 

5.3 Network Setup Using GNS3 

GNS3, an openly available network simulator, is made use of to simulate the WAN network 

for this research. In order to complete the simulation Dynamips has been used which is a 

program that allows emulation of Cisco IOS. The features of GNS3 are  

 Design of complex network topologies 

 Cisco IOS router, PIX and ASA, JunOS emulation 

 Ethernet, ATM and Frame relay switches simulation. 

 Wireshark is used for packet capture. 

 

The network was connected between two laptops and traffic was passed using PCATTCP 

tool, discussed in Section 5.3. The network diagram is as shown in Figure 5.1.  



32 

 

 

Figure 5.1: Network Topology for GNS3 simulation 

5.4 PCATTCP Tool 

PCATTCP tool was used to study the performance of TCP and UDP. The result of this 

study has been used in the simulation. This tool was developed earlier for BSD operating system. 

In PCATTCP, the packet is transmitted from a transmitter to a receiver and the information is 

analyzed. The user at the transmitting end can change the parameters like number of packets, 

size of packet etc. The advantages of using the PACTTCP tool are, 

 Easily available on the Internet. 

 Runs on all Windows platforms and on Unix systems. 

 It is free of cost. 

To use the tool, go to Command Prompt and change the folder which contains the 

PCATTCP.EXE application.  

1. Send TCP Packet/s:  
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To Setup a receiver, 

C:\PCATTCP > pcattcp –r (This command is used on the computer behaving as a receiver 

with IP address say 128.153.140.151)  

To Setup a transmitter, 

C:\PCATTCP > pcattcp –t 128.153.140.151 (This command is used on a random computer 

which is connected to the Internet) 

2. Send UDP Packet/s 

To setup a receiver, 

C:\PCATTCP > pcattcp –r –u 

To setup a transmitter, 

C:\PCATTCP > pcattcp –t –u 128.153.140.151 

 

5.5 Results and Discussion 

5.5.1 End-End Delay with/without Proposed Model 

TCP and UDP data was sent from the host machine to the receiver in order to measure 

the average delay faced by each type of packet. The chosen traffic arrival rates are λTCP = 0.5 and 

λUDP = 1. Different packet sizes were chosen for this experiment and the obtained results are 

tabulated in the following tables. Table 5.1 is obtained by transmitting TCP and UDP packets of 

size 100 Bytes each. Similarly, Table 5.2 and Table 5.3 are obtained for packet sizes 200, and 

512 respectively. Network Delay used for the discrete event simulation and obtained results are 

in the units of milliseconds and for each TCP, UDP and Concatenated packet is as shown below.  
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Table 5.1: Average End-End Delay for PacketSize = 128 

PacketType UDP (ms) TCP (ms) Concatenated (ms) 

For WaitTime = 0 1.56 3.3 0 

For WaitTime = 1 1.56 3.53 2.31 

 

Table 5.2: Average End-End Delay for PacketSize = 256 

PacketType UDP (ms) TCP (ms) Concatenated (ms) 

For WaitTime = 0 3.2 5.4 0 

For WaitTime = 1 3.2 5.7 4.24 

 

Table 5.3: Average End-End Delay for PacketSize = 512 

PacketType UDP (ms) TCP (ms) Concatenated (ms) 

For WaitTime = 0 6.4 10.8 0 

For WaitTime = 1 6.4 11.25 8.44 

 

 

From the above results, and the proposed algorithm it may be observed that the average 

delay for concatenated packets is slightly greater than that for the UDP packets and lower than 

TCP packets. Therefore, it is stated that the TCP packet which forms the concatenated packet, 

along with the corresponding UDP packet, faces lower delay and reaches the intended 

destination sooner than expected. Since, the considered network is a WAN environment; the 

probability of packet facing delay is higher. 
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5.5.2  Throughput vs waitTime 

The variation in throughput of each type of packet, TCP, UDP, and Concatenated packets 

is shown in this section. By observing the below plots, it is understood that as the waitTime is 

increased, the throughput of both TCP and UDP packet descents, but there is an increase in the 

throughput of the concatenated packets. This is because if waitTime is not equal to zero then, the 

TCP packet is subjected to wait for a definite period before it can depart. Within this brief wait 

period if a UDP packet is encountered then, both the packets are checked for the 

concatenation conditions, and if satisfied the individual packets depart in the form of a 

concatenated packet. This example suggests that by satisfying the conditions, there is zero 

number of UDP and TCP packets, but one concatenated packet leaving the router. 

 

Figure 5.2: Throughput (Packets/ms) 

Figure 5.2 suggests sthe optimum waitTime, for a given set of arrival rates of UDP and TCP 

packets, for which a healthy throughput can be obtained. 
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                                    Figure 5.3 - Server Utilization and Average Waiting Time. 

 

5.5.3 Server Utilization and Average Waiting Time 

It is observed the server utilization to increase with the increase in the waitTime. The 

router is much busier with greater values of waitTime since a TCP packet is forced to wait. The 

server utilization obtained for 2TCP and 2UDP  is 0.53 which matches the server utilization 

obtained with the help of numerical computation of the Markov model. This verifies both the 

Markov model as well as the Discrete Event Simulation. The average waiting time seems to 

increase gradually with the increase in the waitTime and then tends to become constant with 

further increase. This also provides us with the optimum waitTime. The average waiting time for 

a certain value of waitTime remains the same for any arrival rate. 
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CHAPTER 6 

CONCLUSION AND FUTURE WORK 

Optimization of network resource utilization has become a primary concern with the 

increase in demand and consumption of the available resources. Although advancements in 

technology has improved line-speeds, bandwidths and processing speeds, so there have also been 

advancements with the devices that consume these resources. Researchers and analysts are 

already aware and are in a race against time before the devices demand surpasses the resource 

availability. Hence, the demand for optimization of resource utilization has become one of the 

utmost concerns. This research mainly focused on the two Transport-layer protocols available 

and vastly used in real-time network. Transmission Control Protocol (TCP) and User Datagram 

Protocol (UDP) have always been under scanner in order to obtain better performance.  

Typical network prioritization has its share of pros and cons. Due to prioritization, lower 

priority traffic may face starvation and decline in throughput. In a high traffic network, the 

buffers may overflow resulting in drop of packets and in certain cases retransmission too. This 

affects the network resources like buffers, bandwidth, and server/router utilization. Hence, in this 

research the focus was towards the determination of a novel and intuitive solution to this 

problem. UDP (voice) is always given priority, and it uses the high priority queue for the packet 

to be forwarded. TCP (data) packet is sent over the lower priority queue. Therefore, UDP is 

given preference over a TCP packet. The TCP packet is always delayed in case of high volume 

of voice traffic, due to this scenario.  
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The proposed methodology was leveraged from the principle of Piggybacking. The 

concept of piggybacking means to ride on the back of something. In the proposed model a TCP 

packet rides on the back of a UDP packet, and this packet was considered to be a concatenated 

packet. This concatenated packet is given the same preference as the other UDP packets. This 

model of piggybacking both UDP and TCP traffic reduced processing and network overhead. 

Determining the criteria for piggybacking was the important factor in computing the 

performance of the proposed model.  

In this research a WAN environment was simulated and analyzed using the widely 

available open-source tools. With the help of these tools average-delay of UDP and TCP packets 

was analyzed and computed. Discrete Event Simulation (DES) was also performed in order to 

analyze our proposed model. The results were then plotted in graphical format with the help of 

Matlab. The idea and techniques of Discrete-Time Markov chain was leveraged to analyze the 

proposed model. Hence, the steady-state probabilities of the Markov-chain model was 

numerically computed and verified. 

Future work may involve forming a mathematical model considering a VPN scenario. 

Previous research work [26], mentions about the overhead experienced by small packets in 

IPSec. Each IP packet is encapsulated with IPSec header and tail. Small packets will receive an 

additional header and tail, which increases the overhead and affects the overall performance. 

Overhead can be decreased by concatenating small packets, so that multiple packets can be 

encapsulated with one IPSec header and tail. Also, with respect to VPN (IPSec in particular), the 

impact of encryption on performance can be analyzed. 
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APPENDIX A 

Discrete Event Simulation 
 

/* Encapsulating TCP in UDP. */  

#include <stdio.h> 

#include <stdlib.h> 

#include <math.h> 

#include <time.h> 

 

#define Lambda1 0.5 /* UDP packet arrival rate */ 

#define Lambda2 1 /* TCP packet arrival rate */ 

#define Miu 300 

 

#define PacketHeaderLength 160 /* Bits */ 

#define MACLENGTH 6 

 

#define UDPApplnPort 5000 

#define FTP 21 

#define SMTP 25 

#define HTTP 80 

 

#define PacketLength_UDP 700 

#define PacketLength_FTP 700 

#define PacketLength_SMTP 700 

#define PacketLength_HTTP 700 

 

#define NetworkDelay_UDP .0323 

//{0.0323 0.0325 0.0328 0.0330 0.0333} 

#define NetworkDelay_TCP .0423 

//{0.0423 0.0425 0.0428 0.0430 0.0433} 

#define NetworkDelay_ConcatPacket .0646 

//{0.0646 0.0650 0.0656 0.0660 0.0666} 

#define TransmissionDelay 0.1 

#define ConcatenationDelay 0.020 

//#define UDPPacketizationDelay 10 

//#define CodecDelay 50 

//#define TCPPacketizationDelay 20 

 

#define Delay_checkDestn 0.0 

#define Delay_checkTCPLength 0.0 

 

 

FILE *fp; 

 

int maxwaitingTime = 10; 

int count; 

int waitingTime; 

int waitTimeInterval = 1; 

int waitTime; 

double waitTimeTemp = 0.0; /* Used for data conversion. */ 

 

double SimulationTime = 50000.0; 

//double SimulationTime = 800.0; 
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struct UDPPacket 

{ 

double ArrivalTime; 

unsigned int length; // length of TCP 

unsigned long int source_port; 

unsigned int source_addr; 

unsigned int destn_addr; 

unsigned long int ucSource[MACLENGTH]; // source address 

unsigned long int ucDestination[MACLENGTH]; // destination address 

struct UDPPacket *next; 

} ; 

 

struct TCPPacket 

{ 

double ArrivalTime; 

unsigned int length; // length of TCP 

unsigned int source_port; 

unsigned int source_addr; 

unsigned int destn_addr; 

unsigned long int ucSource[MACLENGTH]; // source address 

unsigned long int ucDestination[MACLENGTH]; // destination address 

struct TCPPacket *next; 

} ; 

 

 

struct UDPPacket *head_UDP, *lead_UDP, *follow_UDP; 

struct TCPPacket *head_TCP, *lead_TCP, *follow_TCP; 

 

double Prob_sourcePort; 

 

unsigned int ConcatPacket_Port1; 

unsigned int ConcatPacket_Port2; 

 

 

int TCPpacket, UDPpacket; 

 

long int ArrivalNumber; /* ArrivalNumber is incremented with each Arrival. */ 

long int DepartingNumber ; /* DepartingNumber is incremented with each arrival. */ 

 

long int NumOfPacketsArriving; 

long int NumOfPacketsDeparting; 

double PacketsArrivalRate; 

double OverallThroughput, *TCPthroughput, *UDPthroughput, *ConcatPacketThroughput; 

double *ServerUtilization, *AvgWaitingTime; 

 

 

 

double ArrivalTime, DepartureTime; 

double ArrivalTime_UDP, ArrivalTime_TCP;  

/* ArrivalTime indicates the time at which the last arrival happened.  

   DepartureTime indicates the time when the job being served departs from the system. */ 

 

double Inter_Arrival_UDP, Inter_Arrival_TCP; 

 

double AvgDelay_UDP, AvgDelay_TCP, AvgDelay_Concat; 
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double AvgDelay_UDP_R1, AvgDelay_TCP_R1, AvgDelay_Concat_R1; 

double AvgDelay_UDP_R2, AvgDelay_TCP_R2, AvgDelay_Concat_R2; 

 

 

double PacketWaitingTime; 

 

double LastArrival; 

 

double CurrentTime, SystemTime, WaitingTime; 

/* CurrentTime is the current system time  

   SystemTime = WaitingTime(from arrival till it is accepted into the server)+ServiceTime(time spent in the 

server when being served)  

   WaitingTime is the time a job has waited in the queue for service. */ 

 

double TimeRouterFree; 

 

int RouterFree_1; 

 

double TotalDelay_UDP, TotalDelay_TCP, TotalDelay_ConcatPacket; 

double TotalDelay_UDP_R1, TotalDelay_TCP_R1, TotalDelay_ConcatPacket_R1; 

double TotalDelay_UDP_R2, TotalDelay_TCP_R2, TotalDelay_ConcatPacket_R2; 

double TotalDelay_TCP1, TotalDelay_TCP1_R1; 

 

long int UDPPackets, TCPPackets, ConcatPackets; 

 

int PacketConcatenated; 

int UDPPacketSent; 

int TCPPacketSent; 

 

void initialization(); 

void generateUDPArrival(struct UDPPacket *v); 

void generateTCPArrival(struct TCPPacket *d); 

void transmitPacket(); 

void checkForDestination(struct TCPPacket *d); 

void receivePacketRouter_2(); 

void generateReport(); 

void printReport(); 

 

/* This is the start of the program */ 

int main() 

{ 

struct UDPPacket  *v; 

struct TCPPacket  *d; 

 

 

fp=fopen("/usr/users/User16/axmadhve/Desktop/Pooja/Results1.txt","w+"); 

 

TCPthroughput = (double *) malloc ((maxwaitingTime+1) * sizeof(double)); 

UDPthroughput = (double *) malloc ((maxwaitingTime+1) * sizeof(double)); 

ConcatPacketThroughput = (double *) malloc ((maxwaitingTime+1) * sizeof(double)); 

ServerUtilization = (double *) malloc ((maxwaitingTime+1) * sizeof(double)); 

AvgWaitingTime = (double *) malloc ((maxwaitingTime+1) * sizeof(double)); 

for (count = 0; count <= maxwaitingTime ; count++ ) 

{ 

waitingTime = count; 

//fprintf(fp,"\n** waitingTime: %d **\n\n",waitingTime); 
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initialization();/* Call the initialization routine */ 

v = head_UDP; 

d = head_TCP; 

 

if (drand48() <= 0.5) 

{ 

generateUDPArrival(v); 

ArrivalTime_UDP = CurrentTime + v->ArrivalTime; 

UDPpacket = 1; 

TCPpacket = 0; 

} 

else 

{ 

generateTCPArrival(d);   

    ArrivalTime_TCP = CurrentTime + d->ArrivalTime; 

TCPpacket = 1; 

UDPpacket = 0; 

waitTime = 0.0; 

} 

 

 

do 

{ 

 

if (UDPpacket == 1) 

{ 

if (RouterFree_1 == 1) 

{ 

TimeRouterFree += ArrivalTime_UDP - CurrentTime; 

//fprintf(fp,"TimeRouterFree: %1.2f\n",TimeRouterFree); 

} 

//fprintf(fp,"** UDP Packet**\n"); 

CurrentTime = ArrivalTime_UDP; 

//fprintf(fp,"CurrentTime: %1.2f\n",CurrentTime); 

++UDPPackets; 

++NumOfPacketsArriving; 

RouterFree_1 = 0; 

TotalDelay_UDP_R1 += NetworkDelay_UDP; 

DepartureTime = CurrentTime + NetworkDelay_UDP; 

CurrentTime = DepartureTime; 

//fprintf(fp,"DepartureTime : %1.2f\n",DepartureTime); 

UDPPacketSent = 1; 

RouterFree_1 = 1; 

++NumOfPacketsDeparting; 

receivePacketRouter_2(); 

head_UDP = v->next; 

free(v); 

v = head_UDP; 

if (drand48() <= 0.5) 

{ 

generateUDPArrival(v); 

ArrivalTime_UDP = CurrentTime + v->ArrivalTime; 

UDPpacket = 1; 

TCPpacket = 0; 

} 

else 
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{ 

generateTCPArrival(d);   

ArrivalTime_TCP = CurrentTime + d->ArrivalTime; 

UDPpacket = 0; 

TCPpacket = 1; 

waitTime = 0.0; 

} 

} 

 

if (TCPpacket == 1) 

{ 

if (RouterFree_1 == 1) 

{ 

//fprintf(fp,"\n** TCP Packet **\n"); 

if (CurrentTime <= ArrivalTime_TCP) 

{ 

++TCPPackets; 

++NumOfPacketsArriving; 

TimeRouterFree += ArrivalTime_TCP - CurrentTime; 

CurrentTime = ArrivalTime_TCP; 

//fprintf(fp,"CurrentTime(<ArrivalTime_TCP): %1.2f\n",CurrentTime); 

RouterFree_1 = 0; 

} 

else  

{ 

//printf("Seems like an issue..\n"); 

exit(1); 

} 

} 

else 

{ 

PacketWaitingTime += CurrentTime - ArrivalTime_TCP; 

TotalDelay_TCP_R1 += CurrentTime - ArrivalTime_TCP; 

//fprintf(fp,"TotalDelay_TCP_R1 : %1.4f\n",TotalDelay_TCP_R1); 

 

if (waitTime < waitingTime) 

{ 

waitTime = waitTime + waitTimeInterval; 

waitTimeTemp = waitTime; 

if (waitTime > waitingTime) 

{ 

//printf("Error (1)\n"); 

exit(1); 

} 

if (drand48() <= 0.5) 

{ 

waitTimeTemp = waitTimeInterval; 

TimeRouterFree += (waitTimeTemp/10); 

//fprintf(fp,"No packet..TimeRouterFree: %1.2f\n",TimeRouterFree); 

} 

else 

{ 

if (drand48() <= 0.5) 

{ 

//fprintf(fp,"UDPpacket arrived\n"); 

++UDPPackets; 
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++NumOfPacketsArriving; 

TotalDelay_UDP_R1 += TransmissionDelay; 

ArrivalTime_UDP = CurrentTime + (waitTimeTemp/10); 

UDPpacket = 1; 

TCPpacket = 0; 

TotalDelay_TCP_R1 += ArrivalTime_UDP - ArrivalTime_TCP; 

//fprintf(fp,"TotalDelay_TCP_R1 : %1.4f\n",TotalDelay_TCP_R1); 

CurrentTime = ArrivalTime_UDP; 

//fprintf(fp,"CurrentTime : %1.2f\n",CurrentTime); 

checkForDestination(d); 

RouterFree_1 = 1; 

DepartureTime = CurrentTime + ConcatenationDelay + NetworkDelay_ConcatPacket; 

CurrentTime = DepartureTime; 

//fprintf(fp,"DepartureTime of concatenated packet : %1.2f\n",DepartureTime); 

receivePacketRouter_2(); 

head_TCP = d->next; 

free(d); 

d = head_TCP; 

if (drand48() <= 0.5) 

{ 

generateUDPArrival(v); 

ArrivalTime_UDP = CurrentTime + v->ArrivalTime; 

UDPpacket = 1; 

TCPpacket = 0; 

} 

else 

{ 

generateTCPArrival(d);   

ArrivalTime_TCP = CurrentTime + d->ArrivalTime; 

UDPpacket = 0; 

TCPpacket = 1; 

waitTime = 0.0; 

} 

} 

else  

{ 

//fprintf(fp,"TCPpacket arrived\n"); 

++TCPPackets; 

++NumOfPacketsArriving; 

ArrivalTime_TCP = CurrentTime + (double)(waitTimeTemp/10); 

CurrentTime = ArrivalTime_TCP; 

UDPpacket = 0; 

TCPpacket = 1; 

TotalDelay_TCP_R1 += (double) (waitTimeTemp/10) + NetworkDelay_TCP + TransmissionDelay; 

++NumOfPacketsDeparting; 

RouterFree_1 = 0; 

DepartureTime = CurrentTime + (double) (waitTimeTemp/10) + NetworkDelay_TCP + 

TransmissionDelay; 

CurrentTime = DepartureTime; 

//fprintf(fp,"DepartureTime of first TCP packet : %1.2f\n",DepartureTime); 

TCPPacketSent = 1; 

PacketWaitingTime += DepartureTime - ArrivalTime_TCP; 

receivePacketRouter_2(); 

waitTime = 0.0; 

} 

} 



49 

 

} 

else if (waitTime == waitingTime) 

{ 

waitTimeTemp = waitingTime; 

//fprintf(fp,"TCP packet waited long\n"); 

TotalDelay_TCP_R1 += (double) (waitTimeTemp/10) + NetworkDelay_TCP; 

DepartureTime = CurrentTime + (double) (waitTimeTemp/10) + NetworkDelay_TCP; 

CurrentTime = DepartureTime; 

//fprintf(fp,"Departed...CurrentTime : %1.2f\n",CurrentTime); 

TCPPacketSent = 1; 

RouterFree_1 = 1; 

++NumOfPacketsDeparting; 

receivePacketRouter_2(); 

head_TCP = d->next; 

free(d); 

d = head_TCP; 

if (drand48() <= 0.5) 

{ 

generateUDPArrival(v); 

ArrivalTime_UDP = CurrentTime + v->ArrivalTime; 

UDPpacket = 1; 

TCPpacket = 0; 

} 

else 

{ 

generateTCPArrival(d);   

ArrivalTime_TCP = CurrentTime + d->ArrivalTime; 

UDPpacket = 0; 

TCPpacket = 1; 

waitTime = 0.0; 

} 

} 

 

else {//printf("nothing...\n"); 

exit(1);} 

 

} 

} 

}while (CurrentTime < SimulationTime); 

 

free(v); 

free(d); 

generateReport(); 

} 

printReport(); 

fclose(fp); 

} 

 

void initialization() 

{ 

 

struct UDPPacket  *v; 

struct TCPPacket  *d; 

 

srand48(9); /* srand seeds the random number generator. */ 
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v = malloc(sizeof(struct UDPPacket));  /* Assign a memory location for the first UDPPacket */ 

head_UDP = v; 

lead_UDP = head_UDP; 

follow_UDP = head_UDP; 

v->next = NULL; 

 

d = malloc(sizeof(struct TCPPacket));  /* Assign a memory location for the first TCPPacket*/ 

head_TCP = d; 

lead_TCP = head_TCP; 

follow_TCP = head_TCP; 

d->next = NULL; 

 

 

TCPpacket = 0; 

UDPpacket = 0; 

RouterFree_1 = 1; 

TimeRouterFree = 0.0; 

CurrentTime = 0.0;  /* Initializing Current Simulation Time */ 

ArrivalTime = 0.0; 

DepartureTime = 0.0; 

ArrivalTime_UDP = 0.0; 

ArrivalTime_TCP = 0.0; 

LastArrival = 0.0; 

PacketConcatenated = 0; 

UDPPacketSent = 0; 

TCPPacketSent = 0; 

ConcatPacket_Port1 = 0; 

ConcatPacket_Port2 = 0; 

UDPPackets = 0; 

TCPPackets = 0; 

ConcatPackets = 0; 

 

/* The below variables help us study the system properties  */ 

NumOfPacketsArriving = 0; 

NumOfPacketsDeparting = 0; 

OverallThroughput = 0.0; 

 

//TCPthroughput[count] = 0.0; 

//UDPthroughput[count] = 0.0; 

//ConcatPacketThroughput[count] = 0.0; 

PacketsArrivalRate = 0.0; 

 

PacketWaitingTime = 0.0; 

 

TotalDelay_UDP_R1 = 0.0; 

TotalDelay_TCP_R1 = 0.0; 

TotalDelay_ConcatPacket_R1 = 0.0; 

TotalDelay_UDP_R2 = 0.0; 

TotalDelay_TCP_R2 = 0.0; 

TotalDelay_ConcatPacket_R2 = 0.0; 

 

AvgDelay_TCP_R1 = 0.0; 

AvgDelay_UDP_R1 = 0.0; 

AvgDelay_Concat_R1 = 0.0; 

AvgDelay_TCP_R2 = 0.0; 

AvgDelay_UDP_R2 = 0.0; 
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AvgDelay_Concat_R2 = 0.0; 

 

Inter_Arrival_UDP = 0.0; 

Inter_Arrival_TCP = 0.0; 

waitTime = 0; 

 

return; 

} 

 

 

 

void generateUDPArrival(struct UDPPacket *v) 

{ 

double RandomNumber, lnY; 

 

RandomNumber = drand48();  /* pseudorandom number generator between [0, 1.0) */ 

Inter_Arrival_UDP = (log(RandomNumber)/(-Lambda1)); 

v->ArrivalTime = Inter_Arrival_UDP + TransmissionDelay; 

v->source_port = UDPApplnPort; 

v->length = PacketLength_UDP; 

v->next = malloc(sizeof(struct UDPPacket)); /* Allocate memory for the next customer. */ 

v = v->next; 

v->next = NULL; 

return ; 

} 

 

void  generateTCPArrival(struct TCPPacket *d) 

{ 

double RandomNumber, lnY; 

 

RandomNumber = drand48();  /* pseudorandom number generator between [0, 1.0) */ 

Inter_Arrival_TCP = (log(RandomNumber)/(-Lambda2)); 

//d->ArrivalTime = Inter_Arrival_TCP + waitTime; 

d->ArrivalTime = Inter_Arrival_TCP + TransmissionDelay; 

Prob_sourcePort = drand48(); 

if (Prob_sourcePort <= 0.33) 

{ 

d->source_port = FTP; 

d->length = PacketLength_FTP; 

} 

else if (Prob_sourcePort > 0.33 && Prob_sourcePort <= 0.66) 

{ 

d->source_port = SMTP; 

d->length = PacketLength_SMTP; 

} 

else  

{ 

d->source_port = HTTP; 

d->length = PacketLength_HTTP; 

} 

d->next = malloc(sizeof(struct TCPPacket)); /* Allocate memory for the next customer. */ 

d = d->next; 

d->next = NULL; 

return; 

} 
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void checkForDestination(struct TCPPacket *d1) 

{ 

++ConcatPackets; 

ConcatPacket_Port1 = UDPApplnPort; 

ConcatPacket_Port2 = d1->source_port; 

PacketConcatenated = 1; 

//TotalDelay_ConcatPacket_R1 += ConcatenationDelay + NetworkDelay_ConcatPacket; 

TotalDelay_ConcatPacket_R1 += ConcatenationDelay + NetworkDelay_UDP + NetworkDelay_TCP; 

TotalDelay_UDP_R1 += NetworkDelay_UDP; 

TotalDelay_TCP_R1 += NetworkDelay_TCP; 

} 

 

void receivePacketRouter_2() 

{ 

if (PacketConcatenated == 1) 

{ 

PacketConcatenated = 0; 

TotalDelay_ConcatPacket_R2 += NetworkDelay_UDP + TransmissionDelay; 

//TotalDelay_ConcatPacket_R2 += NetworkDelay_ConcatPacket + TransmissionDelay; 

return; 

} 

else if (UDPPacketSent == 1) 

{ 

UDPPacketSent = 0; 

TotalDelay_UDP_R2 += NetworkDelay_UDP + TransmissionDelay; 

return; 

} 

TCPPacketSent = 0; 

TotalDelay_TCP_R2 += NetworkDelay_UDP + TransmissionDelay; 

//TotalDelay_TCP_R2 += NetworkDelay_TCP + TransmissionDelay; 

return; 

 

} 

 

void generateReport() 

{ 

 

/* Report after Router 1 */ 

AvgDelay_TCP_R1 = (double) (TotalDelay_TCP_R1 / TCPPackets); 

AvgDelay_UDP_R1 = (double) (TotalDelay_UDP_R1 / UDPPackets); 

if (ConcatPackets != 0) 

{ 

//AvgDelay_TCP_R1 += (double) (TotalDelay_TCP_R1/ConcatPackets); 

AvgDelay_Concat_R1 = (double) TotalDelay_ConcatPacket_R1 / ConcatPackets; 

} 

 

/* Report after Router 2 */ 

AvgDelay_TCP_R2 = (double) (TotalDelay_TCP_R2 / (TCPPackets - ConcatPackets)); 

AvgDelay_UDP_R2 = (double) TotalDelay_UDP_R2 / (UDPPackets - ConcatPackets); 

if (ConcatPackets != 0) 

{ 

//AvgDelay_TCP_R2 += (double) (TotalDelay_TCP_R2/ConcatPackets) ; 

AvgDelay_Concat_R2 = (double) TotalDelay_ConcatPacket_R2 / ConcatPackets; 

} 
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ServerUtilization[count] = (double) (1 - (TimeRouterFree/CurrentTime)); 

AvgWaitingTime[count] = (double) (PacketWaitingTime / NumOfPacketsArriving); 

 

//printf("UDP Packets : %ld\n",UDPPackets); 

//printf("TCP Packets : %ld\n",TCPPackets); 

//printf("Concatenated UDP Packets : %ld\n",ConcatPackets); 

 

 

printf("\nDelay at the end of router 1\n"); 

printf(" Avg Delay for %ld TCPPackets : %1.4f\n",TCPPackets,AvgDelay_TCP_R1); 

printf(" Avg Delay for %ld UDPPackets: %1.4f\n",UDPPackets,AvgDelay_UDP_R1); 

printf(" Avg Delay for %ld ConcatPacket: %1.4f\n",ConcatPackets, AvgDelay_Concat_R1); 

printf("\nDelay at the end of router 2\n"); 

printf(" Avg Delay for %ld TCPPackets : %1.4f\n",TCPPackets,AvgDelay_TCP_R2); 

printf(" Avg Delay for %ld UDPPackets: %1.4f\n",UDPPackets,AvgDelay_UDP_R2); 

printf(" Avg Delay for %ld ConcatPacket: %1.4f\n\n",ConcatPackets, AvgDelay_Concat_R2); 

 

//printf("Packets Arriving : %ld , and Packets Deparing Routers Interface : 

%ld\n",NumOfPacketsArriving,(NumOfPacketsDeparting+ConcatPackets)); 

 

//PacketsArrivalRate[count] = (double) NumOfPacketsArriving / CurrentTime; 

//OverallThroughput[count] = (double) (NumOfPacketsDeparting+ConcatPackets) / CurrentTime; 

TCPthroughput[count] = (double) (TCPPackets-ConcatPackets) / CurrentTime; 

UDPthroughput[count] = (double) (UDPPackets-ConcatPackets) / CurrentTime; 

ConcatPacketThroughput[count] = (double) ConcatPackets / CurrentTime; 

 

return; 

} 

 

void printReport() 

{ 

for (count=0;count<=maxwaitingTime ; count++) 

{ 

if (count == 0) 

{ 

fprintf(fp,"TCPthroughput = [ "); 

} 

fprintf(fp,"%1.2f\t",TCPthroughput[count]); 

if (count == maxwaitingTime) 

{ 

fprintf(fp," ];\n"); 

} 

} 

 

for (count=0;count<=maxwaitingTime ; count++) 

{ 

if (count == 0) 

{ 

fprintf(fp,"UDPthroughput = [ "); 

} 

fprintf(fp,"%1.2f\t",UDPthroughput[count]); 

if (count == maxwaitingTime) 

{ 

fprintf(fp,"];\n"); 

} 

} 
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for (count=0;count<=maxwaitingTime ; count++) 

{ 

if (count == 0) 

{ 

fprintf(fp,"ConcatThroughput = [ "); 

} 

fprintf(fp,"%1.2f\t",ConcatPacketThroughput[count]); 

if (count == maxwaitingTime) 

{ 

fprintf(fp,"];\n"); 

} 

} 

for (count=0;count<=maxwaitingTime ; count++) 

{ 

if (count == 0) 

{ 

fprintf(fp,"Server Utilization = [ "); 

} 

fprintf(fp,"%1.2f\t",ServerUtilization[count]); 

if (count == maxwaitingTime) 

{ 

fprintf(fp,"];\n"); 

} 

} 

for (count=0;count<=maxwaitingTime ; count++) 

{ 

if (count == 0) 

{ 

fprintf(fp,"Average Waiting Time = [ "); 

} 

fprintf(fp,"%1.2f\t",AvgWaitingTime[count]); 

if (count == maxwaitingTime) 

{ 

fprintf(fp,"];\n"); 

} 

} 

return; 

 

} 
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APPENDIX B 

GNS3 Configurations 

Router 1 
! 

! 

version 12.1 

no service single-slot-reload-enable 

service timestamps debug uptime 

service timestamps log uptime 

no service password-encryption 

! 

hostname Router1 

! 

logging rate-limit console 10 except errors 

enable secret 5 $1$P9nG$WQAzU/YbmmRb9V8FEzV7d0 

enable password test1 

! 

ip subnet-zero 

! 

! 

no ip finger 

ip name-server 192.168.1.254 

! 

! 

! 

! 

interface Loopback0 

 ip address 10.0.0.1 255.0.0.0 

! 

interface FastEthernet0/0 

 ip address 192.168.4.20 255.255.255.0 

 no ip mroute-cache 

 speed auto 

 half-duplex 

! 

interface FastEthernet0/1 

 ip address 192.168.2.11 255.255.255.0 

 no ip mroute-cache 

 duplex auto 

 speed auto 

! 

interface Serial1/0 

 ip address 192.168.1.10 255.255.255.0 

! 

interface Serial1/1 

 no ip address 

 shutdown 

 clockrate 2015232 

! 

interface Serial1/2 

 no ip address 

 shutdown 

 clockrate 2015232 
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! 

interface Serial1/3 

 no ip address 

 shutdown 

 clockrate 2015232 

! 

ip classless 

ip route 0.0.0.0 0.0.0.0 192.168.2.10 

ip route 192.168.137.0 255.255.255.0 192.168.1.11 

no ip http server 

! 

! 

line con 0 

 transport input none 

line aux 0 

line vty 0 4 

 password test1 

 login 

! 

end 

 

Router 2 
! 

! 

version 12.1 

no service single-slot-reload-enable 

service timestamps debug uptime 

service timestamps log uptime 

no service password-encryption 

! 

hostname Router2 

! 

logging rate-limit console 10 except errors 

enable secret 5 $1$1sgD$Q/LBcl5kp3srvlRS0SwJm/ 

enable password test1 

! 

ip subnet-zero 

! 

! 

no ip finger 

! 

! 

! 

! 

interface Loopback0 

 ip address 10.1.0.1 255.255.0.0 

! 

interface FastEthernet0/0 

 ip address 192.168.137.23 255.255.255.0 

 speed auto 

 half-duplex 

! 

interface FastEthernet0/1 

 no ip address 

 shutdown 
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 duplex auto 

 speed auto 

! 

interface Serial1/0 

 ip address 192.168.1.11 255.255.255.0 

! 

interface Serial1/1 

 no ip address 

 shutdown 

 clockrate 2015232 

! 

interface Serial1/2 

 no ip address 

 shutdown 

 clockrate 2015232 

! 

interface Serial1/3 

 no ip address 

 shutdown 

 clockrate 2015232 

! 

ip classless 

ip route 0.0.0.0 0.0.0.0 192.168.137.1 

ip route 192.168.2.0 255.255.255.0 192.168.1.10 

no ip http server 

! 

! 

line con 0 

 transport input none 

line aux 0 

line vty 0 4 

 password test1 

 login 

! 

End 

 

 

Static Routes on Host Laptop Running Windows 7 

route add 192.168.1.0 mask 255.255.255.0 192.168.2.11 

route add 192.168.137.0 mask 255.255.255.0 192.168.2.11 

 

Static Routes on Recepient Laptop Running Windows 7 

route add 192.168.2.0 mask 255.255.255.0 192.168.137.23 
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