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Abstract 
 
Traditional Internet protocols like TCP/IP and UDP/IP are not designed to perform 

efficiently in Delay Tolerant Networks (DTN) environments that operate in 

environments with high delays, significant losses, and intermittent connectivity. DTN 

uses the Bundle Protocol (BP) in the Bundle layer for storing and forwarding data units 

to deal with the absence of an end to end connection. Since BP is an overlay protocol 

that can be used above different transport layer protocols, the corresponding 

convergence layer protocol needs to be used to allow data flow from BP to the transport 

protocol and vice versa. The convergence layer enhances the underlying transport 

protocol by adding services like reliable delivery and message boundaries and some 

additional functionality to the transport layer protocol that makes it suitable to function 

in extreme environments.  

This Thesis work focuses on the performance evaluation of the Licklider Transmission 

Protocol (LTP) convergence layer running over Datagram Congestion Control Protocol 

(DCCP) under various realistic DTN conditions. The performance comparison of 

LTPCL/DCCP with other convergence Layers such as LTPCL/UDP and TCPCL/TCP 

is also performed. Tests are conducted enabling communication between Nodes using 

LTP over UDP and LTP over DCCP and TCPCL over TCP protocol. The discussion of 

different metrics, such as Throughput and File Delivery Time (FDT) of these 

convergence layer protocols under various Bit Error Rates (BER), propagation delays 

and link disruption are also examined.
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Chapter 1 

Introduction 

1.1 DTN Background 
 
The TCP/IP protocol suite routes the traffic with the assumption of an end to end 

connection between source to destination, traveling of the packet through best route, 

error control techniques to deal with error and minimal possible delay. However, 

DTN represents the wireless network with no to minimum infrastructure, sparsely 

distributed nodes and traffic forwarding at the point of contact. This challenging 

environment has the characteristics like high delay (in hours), significant error rate, 

intermittent connectivity, low and asymmetric bandwidth, limited processing power 

and storage. Designing protocols to be suitable for the environments possessing the 

above characteristics is challenging. 

 

Communication in Space Network is the best example of Delay/Disruption Tolerant 

Networks. The propagation delay from Earth to Moon is 1.3 seconds. However, Mars 

to Earth is not steady but changes with the change in location between the two planets, 

varying a delay between 9 minutes to 50 minutes. The change in location makes a 

point of contact intermittent, and the low signal strength over large distance causes 

loss of packets. 
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One of the architectures that implement DTN is DTNRG(DTN2) developed by 

InterPlanetary Networking Special Interest Group (IPNSIG) is mainly implemented 

to demonstrate basic functions and not for the operation. Another implementation 

IBR-DTN [2], is a lightweight delay tolerant networking package for networked 

consumer devices. However, the DTN architecture implemented by the NASA Jet 

Propulsion Lab is Interplanetary Overlay Network (ION), enables communication in 

an embedded system such as space flight mission systems can also be used to develop 

DTN protocols and test the performance of DTN protocols. 

1.2 Motivation 
 
The Convergence layer protocols those are used in DTN supports are TCPCL [ 9], 

LTPCL [10], Saratoga [12] and DGR. The TCP convergence layer (TCPCL) uses 

TCP, but the other convergence layers use UDP to send and receive bundles. TCP 

provides both reliable delivery with congestion control. However, slow start and 

retransmission in TCP make it unsuitable for DTN communications. UDP popularly 

used in DTN provides neither reliable delivery nor congestion control. 

 

DCCP is suitable for the applications for real-time transmission of voice and videos, 

where retransmission never takes place as old data has no importance. These 

applications typically use UDP with application-level congestion control. However, 

congestion control algorithms are difficult to design and implement correctly. DCCP 

provides congestion control automatically without any additional effort on the part of 

the application programmer. Moreover, DCCP utilizes a datagram model as UDP 

unlike stream of bytes as TCP.  
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There have been earlier works those evaluate the performance of TCPCL 

implemented by DTN2, LTP implemented by ION, and TCPCL-LTPCL hybrid for 

long-delay cislunar communication in [13], [14]. However, there is the absence of 

more works on LTP over DCCP in a DTN. The congestion control without 

retransmission features of DCCP motivated to do the tests in DTN by using LTP 

convergence layer and analyze its performance, comparing with LTP over UDP. 

 

1.3 Thesis organization 
 

1. Chapter 2 lists the objective of this work and methodology followed to 

accomplish this objective. 

2. In the first section of chapter 3, the foundations for this thesis work is 

established by describing the DTN architecture and the protocol stack. 

Furthermore, the working of core protocols of DTN such as BP, LTP, and 

DCCP are also discussed in detail. 

3. In Chapter 4 lists the literature of several works already done in evaluating the 

performance of LTP convergence layer over UDP and DCCP. 

4. Chapter 5 describes the experimental setup in this work. Specifically, the 

hardware configuration of the test bed, the ION software, NETEM tool, 

parameters used in ION configuration and the parameters used in conducting 

the tests. 

5. Chapter 6 presents the results of the tests and analyses the result of LTP over 

UDP, TCPCL/TCP, and LTP over DCCP. 

6. Chapter 7 concludes the thesis and discusses possible future work in this area. 
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Chapter 2 

Objective and Methodology 

2.1 Objective 
 
 
The objective of this Thesis work is to analyze the performance of the LTPCL/DCCP 

protocols in DTN. TCP convergence layer is used with TCP protocol, which 

retransmits the lost packets and provides congestion control. The LTP is popularly 

used with UDP, which is an unreliable protocol with the absence of congestion 

control. Using DCCP with LTP will provide congestion control in Delay Tolerant 

Networks and most importantly, no retransmission of lost packets. This Thesis work 

will provide an insight into the behavior of TCPCL over TCP, LTPCL over UDP and 

LTPCL over DCCP, when they will be used in space network conditions. Due to a 

long delay and huge packet loss, the Throughput and File Delivery Time are 

considered as two primary aspects of space communication. The experiments are 

conducted to measure above parameters with a 1000sec propagation delay, different 

file sizes ranging from 25KB to 1MB and with different packet loss rates ranging 

from 0.2% to 0.25 with each experiment of ten cycles. We also added different delays 

ranging from 1000ms to 3500ms with a step size 0f 500ms to evaluate the impact of 

delay on the performance. Additionally, the File Delivery Time is measured by 

adding a link disruption of one minute in between the file transfer. The result provides 

a comparative analysis of the protocols at different loss rates and each protocol with 
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increasing file size and loss rate. The analysis will also provide an insight of DCCP 

protocol and its implementation in ION. 

2.2 Contributions 
 
The contributions of this thesis work are 

• A brief overview of the literature of various performance analysis of 

convergence layer protocols carried out in DTN is discussed. 

• Experiments are conducted on the test bed, implementing NASA’s ION 

software and a delay loss emulator, NETEM, TCPDUMP, and Wireshark.  

• Performance analysis of TCP convergence layer over TCP and LTP 

convergence layer over UDP and DCCP is carried out with different file sizes 

under different loss rates and realistic propagation delay between moon and 

earth. The performance of all the protocols is also analyzed under different 

delays and a link disruption of one minute. 

 

2.3 Evaluation Metrics 
 
The performance evaluation metrics used in this Thesis are: 

1. Throughput: It is defined as the amount of effective bytes delivered to the 

receiver over a communication channel. 

𝑇𝑇ℎ𝑟𝑟𝑟𝑟𝑟𝑟𝑟𝑟ℎ𝑝𝑝𝑟𝑟𝑝𝑝 = 

𝑁𝑁𝑟𝑟𝑁𝑁𝑁𝑁𝑁𝑁𝑟𝑟 𝑟𝑟𝑜𝑜 𝐵𝐵𝐵𝐵𝑝𝑝𝑁𝑁𝐵𝐵 𝑟𝑟𝑁𝑁𝑟𝑟𝑁𝑁𝑟𝑟𝑟𝑟𝑁𝑁𝑟𝑟
𝑇𝑇𝑟𝑟𝑁𝑁𝑁𝑁 𝑤𝑤ℎ𝑁𝑁𝑒𝑒 𝑁𝑁𝑟𝑟𝑒𝑒𝑟𝑟𝑏𝑏𝑁𝑁 𝑟𝑟𝐵𝐵 𝑟𝑟𝑁𝑁𝑟𝑟𝑁𝑁𝑟𝑟𝑟𝑟𝑁𝑁𝑟𝑟 − 𝑇𝑇𝑟𝑟𝑁𝑁𝑁𝑁 𝑤𝑤ℎ𝑁𝑁𝑒𝑒 𝑁𝑁𝑟𝑟𝑒𝑒𝑟𝑟𝑏𝑏𝑁𝑁 𝑟𝑟𝐵𝐵 𝐵𝐵𝑁𝑁𝑒𝑒𝑝𝑝

 

2. File Delivery Time (FDT): It is defined as the duration that files experience 

when traveling from source to destination. 
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𝐹𝐹𝑟𝑟𝑏𝑏𝑁𝑁 𝐷𝐷𝑁𝑁𝑏𝑏𝑟𝑟𝑟𝑟𝑁𝑁𝑟𝑟𝐵𝐵 𝑇𝑇𝑟𝑟𝑁𝑁𝑁𝑁(𝐹𝐹𝐷𝐷𝑇𝑇) = 𝑇𝑇𝑟𝑟 − 𝑇𝑇𝐵𝐵 

               Ts is transmitting time of the specific file, while Tr is the reception time 

for the file. 

3. Average Packets per Second (PPS): It is defined as the average no of 

packets successfully received at the destination per second. 

𝑃𝑃𝑃𝑃𝑃𝑃 =
𝑁𝑁𝑟𝑟 𝑟𝑟𝑜𝑜 𝐵𝐵𝑟𝑟𝑟𝑟𝑟𝑟𝑁𝑁𝐵𝐵𝐵𝐵𝑜𝑜𝑟𝑟𝑏𝑏𝑏𝑏𝐵𝐵 𝑝𝑝𝑝𝑝𝑟𝑟𝑝𝑝𝑁𝑁𝑝𝑝𝐵𝐵 𝑝𝑝𝑟𝑟𝑝𝑝𝑒𝑒𝐵𝐵𝑁𝑁𝑟𝑟𝑝𝑝𝑝𝑝𝑁𝑁𝑟𝑟
𝐿𝐿𝑝𝑝𝐵𝐵𝑝𝑝𝑃𝑃𝑝𝑝𝑟𝑟𝑝𝑝𝑁𝑁𝑝𝑝 𝑃𝑃𝑁𝑁𝑒𝑒𝑝𝑝 −  𝐹𝐹𝑟𝑟𝑟𝑟𝐵𝐵𝑝𝑝𝑃𝑃𝑝𝑝𝑟𝑟𝑝𝑝𝑁𝑁𝑝𝑝𝑃𝑃𝑁𝑁𝑒𝑒𝑝𝑝
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Chapter 3  

Protocol and Architecture Overview  

3.1 DTN Architecture 
 
Burleigh et al. [1] clearly explain why the traditional internet protocols TCP and UDP 

are not suitable for interplanetary networks. Although TCP supports ARQ 

(Automatic Repeat-reQuest), however, not suited for DTN networks because of the 

three-way handshaking needed to establish the communication. A TCP connection 

establishment typically incurs at least one round-trip time before any application data 

can be sent. When transmission latency is more than the duration of the 

communication opportunity, no transmission will take place. Additionally, TCP 

delivers received data to the application only in transmission order. Hence, any data 

loss will need retransmission of all data subsequently transmitted on the same 

connection until the lost data have been retransmitted successfully. The way TCP 

handles its connection, congestion and error control makes it unsuitable for DTN 

communications. The absence of error control in TCP makes it unsuitable too. 

 

TCP Peach given by [4] addresses the issues of large bandwidth-delay product (BDP) 

and high Bit Error Rate over space networks. Instead of a slow start and fast recovery, 

it implements sudden start and rapid recovery by using low priority “dummy” packets 

to probe the availability of network resources. TCP Peach although improves TCP, 
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however, needs the capability to support priority drops in the routers, which is not 

available. In addition, by allowing fluctuation of congestion windows, leads to 

complicated implementations. 

 

Space Communication Protocol Standards-Transport Protocol (SCPSTP) proposed 

by Aryasomayajula [3] is a Rate-Based Transmission Mechanism aims at providing 

a reliable data transfer between end-to-end points in spacecraft communications. It 

implements three capabilities to address the problem of data loss due to bit errors: 

explicit corruption response, the SNACK option, and a loss-tolerant end-to-end 

header compression mechanism. However, the rate based controlled mechanism does 

not give the sender any chance to utilize the fully free advertised window, hence, 

does not allow any traffic bursts, which in turn leads to packet losses, especially in a 

network involving a long delay. The capabilities of SCPS-TP are lies in the 

combination of existing TCP algorithms, thus does not make it suitable for the 

satellite network. 

 

Other protocols like I-PEP [ 5], split-TCP [6], PETRA [7] tries to solve the high 

delays, losses, and asymmetric bandwidth problems to make it suitable for satellite 

networks. However, all these protocols are the improved version of TCP. 

 

3.2 Bundle Protocol (BP) 

The DTN architecture proposed by Burleigh et al. [1] is widely adopted. The core 

component of this architecture is the Bundle Protocol [8], designed to overcome the 

performance issues associated with the Delay Tolerant Networks. The bundle is the 

basic data unit of bundle layer, comprises of source node’s user data, control 
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information and a bundle header, essentially all information that the receiving node 

needs to operate on the data effectively, without requiring any additional data 

exchange (e.g., negotiation or database query) further. The custody transfer option 

allows DTN nodes to be as “custodians,” responsible for guaranteeing the reliable 

forwarding of data towards the destination. When a node receives custody of a 

bundle, the sender removes all the information regarding that bundle from its 

persistence storage. 

 

 
 

Figure 3.1 DTN architecture 

 

BP creates a store forward overlay to provide custody-based, message-oriented 

transmission and retransmission, coping with intermittent connectivity and taking 

advantages of opportunistic connectivity. Its reliably delivers message hop-by-hop 

with optional end-to-end acknowledgment. To perform its operation of BP needs the 

services of a convergence layer protocol (CLP) [Figure 3.1], to send and receive 

bundles using the underlying traditional internet protocols. The CLPs that are 
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currently available are TCP-based, UDP-based, or LTP [10]-based. 

 
3.3 Licklider Transmission Protocol (LTP) 
 
Like TCP, LTP [10] also acknowledges bundles that it receives and retransmits any 

lost bundles due to its own reliability. However, unlike TCP, LTP does not perform 

any 3-way handshaking for connection establishment. 

 

To utilize the intermittent link’s bandwidth efficiently, LTP uses the concept of 

sessions. Each LTP data block is sent using a session and LTP will open as many 

sessions as the link permits. This will allow multiple data blocks to be sent over the 

link in parallel. LTP retransmits unacknowledged data, which is what makes LTP a 

reliable protocol. LTP receiver uses report segments to let the sender know all the 

data segments the receiver received successfully. Unlike TCP, LTP connections are 

unidirectional; therefore, communication between nodes talking to each other on LTP 

will have two unidirectional connections open. 

 

Each time a node sends an LTP data block, it will use a different session number. The 

last data segment of a data block is a checkpoint/End of Block (EOB) segment. When 

the receiver receives a checkpoint, it will respond with a report segment. The reported 

segment is an acknowledgment of all the data segments of the data block that it 

received. If some of the data segments are lost during transmission, the receiver will 

report all the segments it received in its report segment. This will let the sender know 

which data segments it needs to retransmit. 
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The Four flag bits used to identify the type of packet plays a significant role in data 

transmission, each combination with special meaning, e.g., 0011/01111 represents 

EOB, 1000 represents Report Segment, and 1001 represents Report Ack. 

 

3.4 Datagram Congestion Control Protocol 
  

DCCP protocol provided congestion control without retransmission and guaranteed 

in-order delivery of packets. It offers a selection of congestion control mechanisms, 

among which CCID2 (TCP-Like Congestion Control) [15] and CCID3 (TCP-

Friendly Rate Control) [16] has been standardized. Each DCCP datagram is 

numbered with a 48-bit sequence number. The Acknowledgement packet also 

contains a sequence number, which helps to detect the reverse path congestion. 

Additionally, this sequence number informs the other side about the highest sequence 

number of the last received packet. DCCP acknowledgement numbers are not 

cumulative like TCP. Figure 3.2 represents the connection diagram for DCCP 

protocol. 

 

DCCP forms bi-directional connections between senders and receiver using a three-

way handshake like TCP. The handshake enables initial synchronization of sequence 

numbers as well as the selection of a congestion control mechanisms and other 

options. The corresponding states during this phase are shown in Figure 3.2. The 

sequence number field is initialized by a DCCP-Request, or DCCP-Response packet 

and increases by one with every packet sent [28]. The receiver uses this information 

to determine the packet losses.  Even packets containing no data also gets a sequence 

number. The Acknowledgement Number is the greatest valid sequence number 

received in a connection. TCP synchronization is achieved with the help of four 
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variables: GSS (Greatest Sequence number Sent), GSR (Greatest Sequence number 

Received), GAR (Greatest Acknowledgement number Received), SWL/SWR 

(Sequence Window Left/Right) and AWL/AWR (Acknowledgement Window Left 

and Right. 

 

 

Figure 3.2 Connection diagram of DCCP 

 

DCCP performs feature negotiation with the help of four options: Change L, Change 

R, Confirm L and confirm R. The feature is identified by F/E, where F represents the 

feature number that is owned by endpoint E. Example of one of such negotiation is 

listed in Figure 3.3. 
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A DCCP connection is terminated by a handshake of CLOSE and RESET packets. 

Close Request is always sent by the server, because, that the client will not be able to 

force the server to maintain a connection state after the connection is closed. The 

sender can initiate the connection closing by sending a close request. Whoever 

receives a connection Reset remains in Time Wait state, waits the Time Wait interval 

to enter the closed state. 

 

CCID2 congestion control implements slow start, congestion avoidance, is 

implemented in TCP, congestion window and cwnd, ssthresh, and pipe variables. 

Unlike TCP, where these variables which are measured in bytes, CCID2 measures 

these variables in packets. This is because each packet in DCCP is numbered not each 

byte like TCP. 

 

Figure 3.3 Feature negotiation in DCCP 
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Once the connection is established, DCCP starts transmission with a slow start and 

increases congestion window to one packet for each new acknowledgement, which 

acknowledges successful transmission of two packets. CCID 2 halves cwnd, sets 

ssthresh to this new value of cwnd, when a loss is detected, either by a Time Out (TO) 

or upon getting three acknowledgements, after which enters congestion avoidance 

phase. DCCP TO is set to twice the round-trip time instead of one second minimum 

in TCP. 

 

CCID 2 uses the ACK vector DCCP option on acknowledgement packets, which lists 

the state of all packets between the highest sequence packet received and the last 

sender side acknowledgement, very similar concept like TCP SACK option. It allows 

the sender to have an idea about exactly what packets were received, ECN-marked, 

or lost.  

 

Unlike SACK-based TCP, DCCP does not support fast recovery. As a result, 

congestion window can grow immediately after a loss of packet, where TCP 

artificially increases the window during retransmission following a triple duplicate 

acknowledgement.  

 

In compare to CCID 2, CCID 3 prefer smooth changes in sending rate over maximum 

throughput by avoids the halving of the congestion window in response to a single 

loss. Which in theory beneficial for VoIP traffic. As CCID 2 is more suitable for DTN 

application, ION provides the implementation of it and the experiments are conducted 

in this implementation. 
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Chapter 4 

Literature Review 

4.1 LTP over UDP 

 
Yu et al.  [17] have carried out the performance modeling of LTP convergence layer 

taking bundle size of 40000 bytes and different BERs ranging from 10-5 to 10-7. The 

result shows an increase in the expected number of transmission efforts both with 

increasing BER and with increasing file size at a specific BER. The increase is more 

prone to variation in BER than to variation in file size. However, the test is conducted 

only with segment size 1400 bytes. The effect of a change in segment size and number 

of sessions are not discussed in this paper.  

 

Bezirgiannidis et al. [18] have conducted the test with different segment size ranging 

from 600-1400 bytes and LTP block size ranging from 20KB to 500KB. The 

experiment shows Wasted Transmission Effort that includes the overhead along with 

retransmitted packets as a percentage of pure application data decreases with increase 

in both segment size and block size, however, more severe in case of segment size. 

However, the experiment is conducted only with a fixed file size of 10MB, that does 

not describe the effect of bundle size on Wasted Transmission Effort. 
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The test conducted by Wang et al.  [19] has considered file size of 5MB with 5ms 

delay, which is a typical LEO-satellite delay. Two packet loss rates 0% and 5% along 

with packet corruption rate from 0% to 20% are considered. It is noticed that the 

impact of channel-rate asymmetry (with a channel ratio around 800/1) on the goodput 

performance of LTP-based DTN decreases along with the increase in packet 

corruption rate (from 0% to 20%). However, the delay considered here is very low in 

comparison to cislunar or Mars-earth delay. 

 

Sun et al. in [20] has conducted the tests with fixed bundle size of 40KB and block 

size of 6 bundles. 6MB file is transmitted with 1280ms delay, which is a cislunar 

delay and with two BERs of 0 and 10-5. The experiments conclude, the better 

performance advantage of LTPCL over both TCPCL and the hybrid option over 

highly asymmetric channels.  

 

Wang et al.  [21] explore BP over LTP in Cislunar communication has implemented 

DTN over a test bed that has a core design descended from space link simulator (SLS) 

from [22]. The different link delay considered here ranges from 1280ms to 5000ms 

with BER 0,10-5, 10-6 OF 1MB. Combination of a very long delay and link disruption 

involved in the channel, the data transmission of LTP/UDP becomes difficult, 

especially with a high BER. However, only one disruption of the 5sec condition is 

tested. Table 2.1 lists the parameters considered in the above studies. 
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 Table 1. Comparison of parameters in various DTN implementations 

Authors Implementation Protocol File size  Segment size Block size Delay BER 

Yu  et al. Ion v3.2.1 BP/LTP/UDP/IP 600KB,6MB, 
60MB 

1400 244KB 3600ms 10
-5

 to 10
-7 

Bezirgiannidis  
et al. 

Real testbeds s with 
satellite interface 
offerd by HellasSat 

BP/LTP/UDP/IP 10MB 600,800,1000, 
1200,1400 

20KB,50KB, 
100KB,500KB 

3600ms 10
-5

, 10
-6

, 
10

-7 

Wang  et al. ION v2.2.1 BP/LTP/UDP/IP 5MB Not Specified Not Specified 5ms 0% and 
10%, 20% 

Sun et al. ION v3.0.2 BP/TCPCL/TCP
/IP, 
BP/LTP/UDP/IP, 
Hybrid 

6MB 1448 240KB 1280ms 0, 10
-5 

Wang et al. LTP/BP Reference 
Implementation from 
Ohio 
University 

BP/LTP/UDP/IP 
BP/TCPCL/TCP
/IP 

1MB Not Specified Not Specified 1280ms 
to 
5000ms 

0, 10
-5

, 10
-6  
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4.2  LTP over DCCP 
 

Choudhury et al. [23] have conducted the Performance evaluation of DCCP using a 

DCCP client machine and a DCCP server machine, connected using a layer2 switch. 

With varying loss rate, they conclude that TCP and Congestion Control Identifier 

(CCID 2) which is TCP like congestion control takes advantages of the available 

bandwidth in an environment. On the other hand, CCID 3 which is TCP-Friendly 

Rate Control does not use as much bandwidth as possible as it tries to minimize 

abrupt changes in bandwidth.  DTN use cases seem to fit more into TCP like 

congestion control as it wants to take advantage of available bandwidth in space 

network. 

 

Sarwar et al. [24] implement DCCP for voice communication in a testbed of satellite 

modem and gateway. The performance of selected voice codecs using the DCCP-

CCID4 congestion control mechanism over a satellite link is analyzed with both the 

constant and variable data rate speech codecs under different load conditions with 

10min duration. The proposed method to replace the measured packet size by the 

equivalent packet size (of 1460 bytes modified by the header correction factor) to the 

slow start phase shows similar performance as UDP and better performance than 

regular CCID 4. 

 

Khan et al. [25] have conducted the performance analysis of TCP, CCID2, and 

CCID3 in Mobile Adhoc Network (MANET). Considering Energy consumed, End 

to End Delay, Throughput, and packet loss, they conclude that DCCP is better in 

performance than the Transport Control Protocol (TCP).  
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The work presented by Jero in [26] shows DCCP CCIDs providing much more even 

video quality compare to UDP or RTP, Another work of Jero analyses DCCP in DTN 

using ION on Linux 2.6.36-rc3. This experiment reports numerous bugs in the Linux 

implementation results in random 200ms pauses in connections. However, this issue 

is fixed in Linux Kernel 3.2.0.  His thesis work on DCCP for Real-Time Streaming 

Media Applications reported better throughput of DCCP over UDP. 

 
Nor et al.  [27] has analyzed the performance of TCP, SCTP, DCCP and UDP 

protocol for multimedia streaming applications. The performance metrics used are 

delay, jitter, throughput, and packet loss, are evaluated at over the 4G-LTE networks. 

The work shows the DCCP protocol having best performance as compared to UDP, 

TCP, and SCTP due to the little delay time in comparison with other protocols. 

However, this analysis is performed in the Network Simulator NS2 and 4G network, 

which is less suitable to be considered for Delay Tolerant Networks.
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Chapter 5 

 Testbed 

5.1 Experimental Setup 
 
This section explains the hardware and software configuration of the test setup. 

Figure 5.1 shows the physical setup of the testbeds. The two testbeds are connected 

to each other using a 100Mbps Fast Ethernet Switch. The logical testbed setup for the 

tests is shown in Figure 5.2. Node1 is assigned as the source node, and Node2 is 

assigned as the destination node. All the nodes have host-specific routes. The routing 

information is present in the ION configuration files presented in Appendix A. 

 

 

 

 

 
 
 
 
 

Figure 5.1 Physical testbed 
 

 

 

 

Figure 5.2 Logical setup 
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Table 2 provides details about the individual testbeds. The tests are done on Linux 

machines, running Linux kernel version 4.4.0. All the testbeds are 64-bit machines 

which ensure that it doesn’t run out of small pool memory during the tests. 

 

Table 2. Node Configuration Detail 

Configuration Node1 Node2 

Operating System Ubuntu 16.04.3 Ubuntu 16.04.3 

Linux Kernel 
Version 

4.4.0-87-generic 4.4.0-87-generic 

CPU Intel(R) Xeon(R) 
E3-1270 v3 @ 
3.50GHz 

Intel(R) Xeon(R) E3-
1270 v3 @ 3.50GHz 

Memory 1GB 1GB 

Architecture 64-bit 64-bit 

DTN 
implementation 

ION Open Source ION Open Source 

 

 

All the testbeds run an opensource version of Interplanetary Overlay Network which 

is an implementation of DTN architecture from NASA’s Jet Propulsion Lab. The 

delay loss emulator used in the experiment is the netem and the rules for netem rules 

are set up such that the delay or loss are applied to Outgoing traffic on Node1 and 

Node2. When the network emulation rules are applied to outgoing traffic, the loss is 

reported to the higher layers, and as the higher layer protocols are UDP and DCCP, 

they will not retransmit the lost packets, and will not create any undesirable effect. 
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5.2 Discussion of DTN Parameters 
 

A node in ION has the “working memory,” which is a fixed-size pool of shared 

memory (dynamic RAM), allocated from system RAM when the BP agent starts 

operation. All temporary data structures like linked lists, red-black trees, transient 

buffers, volatile databases, that are not to be retained in the event of a system power 

cycle are written to working memory. The ION task is allocated working memory by 

the Personal Space Management (PSM) service. All the working memory is managed 

as a single PSM “partition,” for any single ION bundle protocol agent and the size of 

the partition is specified in the wmSize parameter of the ionconfig file. The wmSize 

used in our experiment is 10000000. 

 

The nonvolatile heap used by an ION node is basically used to queue bundles waiting 

for processing, blocks of LTP data waiting to be transmitted or reassembled. Hence, 

the heap for an ION node must be sufficient to hold the maximum volume of such 

data that the node will be required to retain during operations. Considering this, and 

to accommodate the file size of 1 MB in our experiment, the nodes in our test are 

allocated with a heap of 50000000words and represented as heapWords in ionconfig 

file. 

 

In addition, the simple data recorder (SDR) memory, which is a private working 

memory for an SDR system and a small and simple “persistent object” system is used. 

The memory is represented as sdrWmSize in ionconfig file and is allocated with a size 

of 500000000 bytes. 
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To control the transmission rate, LTP configuration file uses a command called span. 

The main parameters in a span that regulate transmission are aggregation size, LTP 

segment size, and the number of export sessions. Aggregation size is the amount of 

data that ION will aggregate into an LTP block before using an LTP session to 

transmit the data. As soon as ION accumulates data equal to or more than the 

aggregation size, ION will break the LTP block into LTP segments and hand it down 

to the UDP layer for transmission. However, if the internal clock within ION triggers 

before reaching the aggregation size, ION will segment the LTP block and send it 

anyway. Export session configuration is a method to do flow control in LTP.  

Increasing the number of export session increases the amount of data transmitted, but 

it also risks the chances of packets getting dropped because of buffer overflow.  

Additionally, using a higher LTP segment size will reduce the time ION spends 

segmenting an LTP block. In turn, the IP layer will segment the bigger LTP segment. 

The advantage of this approach is, IP segmentation takes less time than LTP 

segmentation, and hence throughput will be higher. On the other hand, losing one IP 

segment of the bigger LTP segment will mean LTP will have to resend the whole 

LTP segment again.  

 

The SDR parameters, Bundle size, and span parameters are as listed in Table 3. The 

Bundle Deliver Time (BDT) and Throughput are measured with different losses and 

a delay of 1000milisec, which is close to the minimum delay between moon to earth 

(1.25sec), with different bundle size and segment size between Node1-Node2. The 

considered loss rates ranges are taken considering BER 10-7 to 10-4. 
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Table 3. Experimental Parameters 

Parameters Values 
sdrWmSize (Bytes) 500000000 

wmSize (Bytes) 10000000 

heapWords 50000000 

Convergence layer protocols BP/TCPCL/TCP 
BP/LTPCL/UDP,  
BP/LTPCL/DCCP 

Bundle size (KB) 25,50, 100, 200, 500, 1000 
No of LTP session  10 
Segment size (Bytes) 1400 

Aggregation size (Bytes) 10000 

Aggregation time limit (sec) 1 

Delay (milisec) 1000 to 3500  

Packet loss rate 0.2%, 2%, 12%, 22% 

BER 10-6, 10-5 

Link Disruption(sec) 60 

No of cycles  10 
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Chapter 6 

Results and Analysis 

Three of the convergence layers are tested in the testbed at the Networking Lab, 

College of Technology, University of Houston. The tests use Bundle Protocol over 

TCP Convergence Layer over TCP/IP, LTP Convergence layer over UDP/IP and LTP 

Convergence layer over DCCP/IP.  The Bundle Delivery time for varying file sizes 

and loss rates are measured. The round-trip time between Node1 and Node2 is varied 

using netem scripts. The tests do not use the custody transfer option in BP. 

 

The experiment for each convergence layer is repeated for ten times varying the loss 

rate, file sizes, and propagation delay. In experiments, the Bit Error Rate ranging 

from 10-7 to 1.8 ×10-5 is translated into corresponding Packet Error Rate (PER) 

ranging from (0.2% to 22%).  After the loss and delay are introduced in the link, the 

Bundle sending time, Bundle receiving time and number of packets transmitted are 

captured.   

 

At first, the File Delivery Time (FDT) and then Throughput is calculated by dividing 

the size of the file with File Delivery Time for each experimental output. The average 

successful packet transmission (packets/second) is calculated by dividing the total 

number of packets with the total delivery time. Using experimental results, the FDT, 
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Throughput, and PPS graphs are plotted for corresponding protocols. The graphs 

present a comparative performance analysis of the protocols with respect to different 

file sizes, delays, loss rates and link disruption. 

 

6.1 Analysis of File Delivery Time  

Figures 6.1 and 6.2 show the File Delivery Time of each protocol when loss rate is 

0.2% and 2%, respectively. In these low loss rate, UDP performs better with small 

file sizes. However, TCP performs better when file size increases, especially when 

file size is greater than 500KB. UDP file delivery time increases significantly when 

file size increases 200KB. With the decrease in loss rates, the TCP retransmission is 

also decreased. Additionally, the TCP congestion window size will increase 

gradually with every RTT. The above two conditions lead TCP to give better 

performance. However, in case of DCCP with high delay and lower loss rate, it is 

noticed that packet transmission is stopped in between transmission when file size 

increased from 50KB to 100KB in case of loss rate of 0.2% and when file size is 

increased from 100KB to 200KB in case of 2% packet loss. 
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Figure 6.1 File Size vs. File Delivery Time with loss rate 0.2%  
 

 

 
 

Figure 6.2 File Size vs. File Delivery Time with loss rate 2% 
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Figures 6.3 and 6.4 show the File Delivery Time of each protocol when Loss rate is 

12% and 22%, respectively. In both of these cases, UDP outperforms TCP and 

DCCP. At 12% loss rate, LTP/UDP has a performance advantage over TCPCL/TCP 

for all file sizes, and the advantage becomes more and more as the loss rate increases 

to 22%, especially with the file size greater than 200KB. Due to the high loss and a 

long link delay, TCP faces more immediate retransmission as a result increases its 

File Delivery Time. 

 
 

 
 

 
Figure 6.3 File Size vs. File Delivery Time with loss rate 12% 
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Figure 6.4 File Size vs. File Delivery Time with loss rate 22% 
 

 

Figures 6.5, 6.6 and 6.7 present a performance of each individual protocols with 

different file sizes and loss rates. For any file size with increase in loss rate, UDP  

File Delivery Time increases steadily. However, for both TCP and DCCP increases 

sharply with high BER of more than 10-6   . This is because the no of packets increases 

with the increase in file size. Similarly, the number of packet drops increases with 

the increase in loss rates. As a result, in TCP, the more number of retransmission 

happens with increased file size. Hence, the File Delivery Time for TCP increases 

sharply. In DCCP, more packet loss decreases the congestion window more 

frequently into halve as per the Additive Increase and Multiplicative Decrease 

congestion control policy. As the transmission of file sizes greater than 200KB for 

loss rate less than 0.2 for LTPCL/DCCP was not successful, the values are taken as 

0 for better representation of the graph. 
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Figure 6.5 Loss Rates vs. File Delivery Time for LTPCL/UDP 

 

 

   

Figure 6.6 Loss Rates vs. File Delivery Time for TCPCL/TCP 
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Figure 6.7 Loss Rates vs. File Delivery Time for LTPCL/DCCP 

 
 

Figure 6.8 and 6.9 shows the File Delivery time of TCPCL/TCP, LTPCL/UDP, and 

LTPCL/DCCP under different delays ranging from 1000ms to 3500ms. When the 

BER is 10-6, TCP File Delivery Time is less than UDP. As the transmission of bundles 
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Figure 6.8 Delay vs. File Delivery Time at BER 10-6 

 

 

 

Figure 6.9 Delay vs. File Delivery Time at BER 10-5 
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6.2 Analysis of Throughput 

The Throughput calculated is presented in figure 6.10 to 6.12. TCPCL/TCP and has 

a performance advantage over LTP/UDP at a BER around 10-6 (Loss rate 2%) or 

lower. This  advantage becomes less as the BER increases. At a high BER  around of 

10-5 (Loss rate of 12% and more), LTP/UDP performs significantly better over  

TCPCL/TCP and LTPCL/DCCP for all file sizes, and the advantage becomes more 

significant with an increase in loss rates. In UDP, the deferred retransmission of 

corrupted bundles takes much less time, leading to higher throughput, in comparison 

with traditional immediate retransmission of TCP.  

 

 

Figure 6.10  File Size vs. Throughput with loss rate 0.2%  
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Figure 6.11 File Size vs. Throughput with loss rate 2% 

 

 

 

Figure 6.12 File Size vs. Throughput with loss rate 12% 
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Figure 6.13 File Size vs. Throughput with loss rate 22% 
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segment waits till the complete retransmission of the segment before it can be reused 

to send other LTP blocks, leads to prevent other LTP blocks from using the session. 

This underutilization of the session and retransmission of lost segments causes the 

drop in throughput with an increase in loss rate. 

 
 

 

Figure 6.14 Loss Rates vs. Throughput for LTPCL/UDP 
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Average number of  bundles transmitted in second 

 = 1/(64 × 1.06 + 149.38) 10-6 sec. 

 =4590 bundles 

 

Hence, bundle with higher size increases the throughput. However, this semop() 

function call advantage vanishes when the loss rate increases to 0.11. The 

retransmission time of lost packets dominates this time to a larger extent.  

 

 

 Figure 6.15 Loss Rates vs. Throughput for TCPCL/TCP 
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Figure 6.16 Loss Rates vs. Throughput for LTPCL/DCCP 
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Figure 6.17 File Size vs. Average Packets Per Second with loss rate 0.2% 

 

 

Figure 6.18 File Size vs. Average Packets Per Second with loss rate 2%
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Figure 6.19 File Size vs. Average Packets Per Second with loss rate 12% 

 

 

Figure 6.20 File Size vs. Average Packets Per Second with loss rate 22% 
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The average Packets per Second (PPS)  for various amounts of packet loss is shown 

in Figure 6.21 to 6.23 for different protocols respectively. In case of an  LTPCL/UDP, 

with an increase in file size, increase in throughput is resulted and with an increase 

in loss rate decrease in Throughput is resulted. This trend is also seen in case of 

TCPCL/TCP and LTPCL/ DCCP, however, the decrease in throughput with different 

loss rates are more intense than LTPCL/UDP. 

 

 

Figure 6.21 Loss Rates vs. Average Packets per Second (PPS) for LTPCL/UDP 
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Figure 6.22 Loss Rates vs. Average Packets per Second for TCPCL/TCP 

 

 

 

Figure 5.23 Loss Rates vs. Average Packets per Second for LTPCL/DCCP 

 

 

0

5

10

15

20

25

30

35

40

45

0 . 2 2 1 2 2 2

Th
ro

ug
hp

ut
 (P

PS
)

Loss Rates (%)

25KB 50KB 100KB 200KB 500KB 1MB

0

4

8

12

16

20

0 . 2 2 1 2 2 2

Th
ro

ug
hp

ut
 (P

PS
)

Loss Rates (%)

25KB 50KB 100KB 200KB 500KB 1MB



 
 
  
 
 

43  

6.3 Analysis of File Delivery Time with Disruption 

The Figure 6.24 represents the File Delivery Time with a change in delay. This 

experiment is conducted under a link disruption of 1 minute with 1MB file 

transmission and 10-5 loss rate. The combination of high loss and link disruption 

increases the File Delivery Time. However, the performance trend remains as 

previous tests, such as UDP performs better than TCP than DCCP. As the contact 

duration provided in the configuration file is one hour, the disruption did not cause 

any major performance change. All the file transmission was successful, as all the 

protocols maintained the connection for an hour.  

 

 

Figure 6.24 Delay vs. File Delivery Time at BER 10-5 with a link disruption  

of 1 minute 

 

0

200

400

600

800

1000

1200

1400

1600

1000 1500 2000 2500 3000 3500

Fi
le

 D
el

iv
er

y 
Ti

m
e 

(s
)

Delay (ms)

UDP TCP DCCP



 
 
  
 
 

44  

 

Chapter 7 

Conclusion and Future Work 

This thesis experimentally evaluates the performance of  LTPCL/UDP, TCPCL/TCP 

and LTPCL/DCCP by simulating extreme network conditions like high delay, high 

loss, and link disruption.  

 

As expected, TCP performs extremely well under conditions with minimal loss rate. 

From the graphs in the previous chapter, it is noticed that when loss rate is  0.2 %, 

TCPCL/TCP takes close to 54% less time with file size 500KB and 68% less time 

with a file size of 1MB than LTPCL/UDP. When loss rate increases to 2% this 

advantage becomes less and reduces to 13% and 35% respectively for the file sizes. 

TCP’s capability to controls its transmission rate under such conditions leads it to 

perform extremely well in such conditions. Although it works well in environments 

with the existence of end-to-end connectivity, low delay, and low loss rates, this is 

not the best approach when bandwidth and connectivity are a deficient resource. 

 

LTPCL/UDP incurs high File Delivery Time and low Throughput with lower packet 

loss rates than TCPCL/TCP when file size more than 200KB. However, it performed 

better than TCPCL in conditions with higher delays and losses. When loss rate is 

12%, LTPCL/UDP  takes  60% less time than TCP and 80%  than DCCP with a file 

size of 500KB. This advantage becomes more with an increase in file size as well as 
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loss rate. The absence of immediate transmission of lost packets and constant 

transmission rate in UDP provides better FDT and Throughput in higher loss rate 

conditions. LTP transmits data at a constant rate, as the number of session remains 

constant throughout the transmission. The number of sessions can be increased in the 

ION configuration file depending on the availability of memory.  

 

In [24], [25], [26]and [27], high Throughput of  DCCP is reported as compared to 

TCP. However, in this experimental evaluation, DCCP performs poor in comparison 

to other two protocols. This result seriously implicates the implementation of DCCP 

in Linux kernel as well as in ION, which may be limiting its usefulness.  Sjero in [26] 

has also reported the inconsistent response of DCCP  to packet loss that results in 

reducing congestion window, increasing congestion window and also doing nothing 

in the implementation.  

 

The performance of these convergence layers on a link with link disruption with high 

BER is also studied as a part of this thesis. In link disruption of 3600ms and BER of 

10-5, all the three protocols have increased File Delivery Time for different delays. 

In this condition, UDP takes around 50% less time than TCP and TCP takes around 

65% less time than DCCP.  As the contact time of all the protocol is set as one hour, 

they maintain the session at both sender and receiver side and resume transmission 

once the link is reestablished. 

 

Future work of this thesis will focus on the study of DCCP implementation in ION 

and the LINUX kernel. Afterward, the performance analysis of DCCP as a 

Convergence Layer will be great to work on. Additionally, in our experiment, we 
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have considered only one link disruption of 1-minute. However, this disruption may 

occur several times in between the transfer and exist for more than minutes. In future, 

it will be good to conduct the experiments with more disruption in combined with the 

loss rates and the delays. Furthermore, all the experiments are conducted without 

custody transfer. Conducting experiments with this option of bundle protocol will 

also be great to work on. Finally, a formal study of how the various LTP parameters 

- bundle size, number of sessions, aggregation size, aggregation time, and LTP 

segment size - affect the performance of LTP will also be an interesting experiment 

for future work. 
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List of abbreviations 
 

 
 
 
 
FDT File Delivery Time  

BER Bit Error Rate 

BP Bundle Protocol 

CCID Congestion Control Identifiers 

DCCP Datagram Congestion Control Protocol    

DTN Delay Tolerant Network 

ION Interplanetory Overlay Network 

LTP Licklider Transmission Protocol 

PPS Packets per Second 

UDP User Datagram Protocol 
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Appendix A 

A.1 ION configuration file 

A.1.1 TCP Convergence Layer configuration 
 
## File created by /usr/local/bin/ionscript 

## Sun Apr 22 14:05:51 CDT 2018 

## Run the following command to start ION node: 

## % ionstart -I "node1.rc" 

## begin ionadmin 

 

# ionrc configuration file for Node1-TCP 

# Initialization command (command 1). 

# Set this node to be node 1 (as in ipn:1). 

# Use sdr configuration file node1.ionconfig 

 

1 1 'node1.ionconfig' 

# start ion node 

s 

# Add a contact. 

# It will start at +1 seconds from now, ending +36000 seconds 

# from now. 
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# It will connect node 1 to itself 

# It will transmit 100000000 bytes/second. 

a contact +1 +3600 1 1 100000 

a contact +1 +3600 1 2 100000 

a contact +1 +3600 2 1 100000 

a contact +1 +3600 2 2 100000 

# Add a range. This is the physical distance between nodes. 

# It will start at +1 seconds from now, ending +36000 seconds 

# from now.It will connect node 1 to itself. 

# Data on the link is expected to take 1 second to 

# reach the other end (One Way Light Time). 

a range +1 +3600 1 1 1 

a range +1 +3600 1 2 1 

a range +1 +3600 2 2 1 

m production 1000000 

m consumption 1000000 

## end ionadmin 

 

## begin bpadmin 

1 

a scheme ipn 'ipnfw' 'ipnadminep' 

# Add endpoints. 

# Establish endpoints ipn:1.1 and ipn:1.2 on the local node. 

# The behavior for receiving a bundle when there is no 

# application currently accepting bundles, is to queue them 
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# ’q’, as opposed to immediately and silently discarding them 

# (use ’x’ instead of ’q’ to discard). 

 

a endpoint ipn:1.0 q 

a endpoint ipn:1.1 q 

a endpoint ipn:1.2 q 

# Add a protocol. 

# Add the protocol named tcp. 

# Estimate transmission capacity assuming 1400 bytes of each 

# frame (in this case, tcp on ethernet) for payload, and 100 

# bytes for overhead. 

a protocol tcp 1400 100 

# Add an induct. 

a induct tcp 10.0.10.15:4556 tcpcli 

# Add outduct. 

a outduct tcp 10.0.10.16:4556 tcpclo 

a outduct tcp 10.0.10.15:4556 tcpclo 

s 

## end bpadmin 

 

## begin ipnadmin 

# Add an egress plan. 

a plan 1 tcp/10.0.10.15:4556 

a plan 2 tcp/10.0.10.16:4556 

## end ipnadmin 
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# ionrc configuration file for Node2 

## File created by /usr/local/bin/ionscript 

## Sun Apr 22 14:05:42 CDT 2018 

## Run the following command to start ION node: 

##      % ionstart -I "node2.rc" 

 

## begin ionadmin 

1 2 'node2.ionconfig' 

s 

a contact +1 +3600 1 1 100000 

a contact +1 +3600 1 2 100000 

a contact +1 +3600 2 1 100000 

a contact +1 +3600 2 2 100000 

a range +1 +3600 1 1 1 

a range +1 +3600 1 2 1 

a range +1 +3600 2 2 1 

m production 1000000 

m consumption 1000000 

## end ionadmin 

 

## begin bpadmin 

1 

a scheme ipn 'ipnfw' 'ipnadminep' 

a endpoint ipn:2.0 q 
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a endpoint ipn:2.1 q 

a endpoint ipn:2.2 q 

a protocol tcp 1400 100 

a induct tcp 10.0.10.16:4556 tcpcli 

a outduct tcp 10.0.10.15:4556 tcpclo 

a outduct tcp 10.0.10.16:4556 tcpclo 

s 

## end bpadmin 

 

## begin ipnadmin 

a plan 1 tcp/10.0.10.15:4556 

a plan 2 tcp/10.0.10.16:4556 

## end ipnadmin 

 

A.1.2  LTP convergence layer configuration 

## File created by /usr/local/bin/ionscript 

## Sun Apr 22 23:06:12 CDT 2018 

## Run the following command to start ION node: 

## % ionstart -I "node1.rc" 

## begin ionadmin 

 

# ionrc configuration file for Node1-LTP 

# Initialization command (command 1). 

# Set this node to be node 1 (as in ipn:1). 

# Use sdr configuration file node1.ionconfig 
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1 1 'node1.ionconfig' 

s 

a contact +1 +3600 1 1 100000 

a contact +1 +3600 1 2 100000 

a contact +1 +3600 2 1 100000 

a contact +1 +3600 2 2 100000 

a range +1 +3600 1 1 1 

a range +1 +3600 1 2 1 

a range +1 +3600 2 2 1 

m production 1000000 

m consumption 1000000 

## end ionadmin 

 

## begin ltpadmin 

# Set total number estimated export session to 8 

# LTP space reservation is 13000000 

1 10 13000000 

a span 1 10 100000 10 100000 5600 10000 1 'udplso 10.0.10.13:1113' 

a span 2 10 100000 10 100000 1400 10000 1 'udplso 10.0.10.14:1113' 

 

s 'udplsi 10.0.10.13:1113' 

## end ltpadmin 

 

## begin bpadmin 
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1 

a scheme ipn 'ipnfw' 'ipnadminep' 

a endpoint ipn:1.0 q 

a endpoint ipn:1.1 q 

a endpoint ipn:1.2 q 

a protocol ltp 1400 100 

a induct ltp 1 ltpcli 

a outduct ltp 1 ltpclo 

a outduct ltp 2 ltpclo 

s 

## end bpadmin 

 

## begin ipnadmin 

a plan 1 ltp/1 

a plan 2 ltp/2 

## end ipnadmin 

# ionrc configuration file for Node2-LTP 

# Initialization command (command 1). 

# Set this node to be node 1 (as in ipn:1). 

# Use sdr configuration file node1.ionconfig 

## File created by /usr/local/bin/ionscript 

## Sun Apr 22 23:06:07 CDT 2018 

##  

Run the following command to start ION node: 

##      % ionstart -I "node2.rc" 
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## begin ionadmin 

1 2 'node2.ionconfig' 

s 

a contact +1 +3600 1 1 100000 

a contact +1 +3600 1 2 100000 

a contact +1 +3600 2 1 100000 

a contact +1 +3600 2 2 100000 

a range +1 +3600 1 1 1 

a range +1 +3600 1 2 1 

a range +1 +3600 2 2 1 

m production 1000000 

m consumption 1000000 

## end ionadmin 

 

## begin ltpadmin 

1 10 13000000 

a span 2 10 100000 10 100000 5600 10000 1 'udplso 10.0.10.14:1113' 

a span 1 10 100000 10 100000 1400 10000 1 'udplso 10.0.10.13:1113' 

 

s 'udplsi 10.0.10.14:1113' 

## end ltpadmin 

 

## begin bpadmin 

1 
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a scheme ipn 'ipnfw' 'ipnadminep' 

a endpoint ipn:2.0 q 

a endpoint ipn:2.1 q 

a endpoint ipn:2.2 q 

a protocol ltp 1400 100 

a induct ltp 2 ltpcli 

# a outduct ltp 2 ltpclo 

a outduct ltp 1 ltpclo 

s 

## end bpadmin 

 

## begin ipnadmin 

a plan 1 ltp/1 

a plan 2 ltp/2 

## end ipnadmin 

 

A.1.3 Network Emulator script 

#!/bin/bash 

# This is the delay / loss emulator script on Node1 

# This script takes 1 argument: Loss Percentage 

 

echo "Started Applying delay........." 

if [ $# -ne 1 ] 

then 

exit 1 
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fi 

interface=enpos3 

delay=1000ms 

loss=$3 

loss_ps="$3%" 

echo "Interface : " $interface 

echo "Delay : " $delay 

echo "Loss : " $loss 

 

sudo tc qdisc add dev $interface root handle 1: prio 

 

sudo tc qdisc add dev $interface parent 1:3 handle 30: \ 

netem delay $delay loss $loss_ps limit 10000  

 

sudo tc filter add dev $interface protocol ip parent 1:0 prio 1 \ 

u32 match ip dst 10.0.10.14 match ip dport 1113 0xffff flowid 1:3 

sudo tc filter add dev $interface protocol ip parent 1:0 prio 1 \ 

u32 match ip dst 10.0.10.14 match ip sport 1113 0xffff flowid 1:3 

sudo tc filter add dev $interface protocol ip parent 1:0 prio 1 \ 

u32 match ip dst 10.0.10.14 match ip dport 4556 0xffff flowid 1:3 

sudo tc filter add dev $interface protocol ip parent 1:0 prio 1 \ 

u32 match ip dst 10.0.10.14 match ip sport 4556 0xffff flowid 1:3 

sudo tc filter add dev $interface protocol ip parent 1:0 prio 1 \ 

 

u32 match ip src 10.0.10.13 match ip dport 1113 0xffff flowid 1:3 
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sudo tc filter add dev $interface protocol ip parent 1:0 prio 1 \ 

u32 match ip src 10.0.10.13 match ip sport 1113 0xffff flowid 1:3 

sudo tc filter add dev $interface protocol ip parent 1:0 prio 1 \ 

u32 match ip src 10.0.10.13 match ip dport 4556 0xffff flowid 1:3 

sudo tc filter add dev $interface protocol ip parent 1:0 prio 1 \ 

u32 match ip src 10.0.10.13 match ip sport 4556 0xffff flowid 1:3 

exit 0  
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	A.1.3 Network Emulator script
	#!/bin/bash
	# This is the delay / loss emulator script on Node1
	# This script takes 1 argument: Loss Percentage
	echo "Started Applying delay........."
	if [ $# -ne 1 ]
	then
	exit 1
	fi
	interface=enpos3
	delay=1000ms
	loss=$3
	loss_ps="$3%"
	echo "Interface : " $interface
	echo "Delay : " $delay
	echo "Loss : " $loss
	sudo tc qdisc add dev $interface root handle 1: prio
	sudo tc qdisc add dev $interface parent 1:3 handle 30: \
	netem delay $delay loss $loss_ps limit 10000
	sudo tc filter add dev $interface protocol ip parent 1:0 prio 1 \
	u32 match ip dst 10.0.10.14 match ip dport 1113 0xffff flowid 1:3
	sudo tc filter add dev $interface protocol ip parent 1:0 prio 1 \
	u32 match ip dst 10.0.10.14 match ip sport 1113 0xffff flowid 1:3
	sudo tc filter add dev $interface protocol ip parent 1:0 prio 1 \
	u32 match ip dst 10.0.10.14 match ip dport 4556 0xffff flowid 1:3
	sudo tc filter add dev $interface protocol ip parent 1:0 prio 1 \
	u32 match ip dst 10.0.10.14 match ip sport 4556 0xffff flowid 1:3
	sudo tc filter add dev $interface protocol ip parent 1:0 prio 1 \
	u32 match ip src 10.0.10.13 match ip dport 1113 0xffff flowid 1:3
	sudo tc filter add dev $interface protocol ip parent 1:0 prio 1 \
	u32 match ip src 10.0.10.13 match ip sport 1113 0xffff flowid 1:3
	sudo tc filter add dev $interface protocol ip parent 1:0 prio 1 \
	u32 match ip src 10.0.10.13 match ip dport 4556 0xffff flowid 1:3
	sudo tc filter add dev $interface protocol ip parent 1:0 prio 1 \
	u32 match ip src 10.0.10.13 match ip sport 4556 0xffff flowid 1:3
	exit 0


