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1 General Introduction

1.1 Project general introduction

In last years we could see a social revolution in the world of differents tech-
nologies which increase its importance in everywhere. Usually a technology is
more or less important according to the geographic place where we are talking
about. For instance, a system that suppose a high tecnhological jump for
move people in the sea will have more importance in the islands than in inside
of the continents. But there are technologies very important in everywhere
and they are improving continuately. One example are TICs(Information
and communicatios technologies). Inside of this group, there are a kind of
tools to send and share data in high scale. These are part of Internet.

Internet appeared 30 year before, but in the beginning its use was pro-
fessional. With the first ISP(Internet Service Providers) in the end of 80’s,
companies and families could use Internet too. It was revolution because all
the services offered(email, discussion groups, blogs, data exchange, etc...) In
90’s begun an exponencial grow up of users in all the world. Services has
been improving, networks are bigger and access systems are better.

In the history of the Internet there are turning points that define phases in
its evolution. On the field of usability features of the services offered can have
two turning points. The first is the emergence of the HTTP protocol and Web
servers, which revolutionized access to information stored on the Internet
making it easily presentable and accessible through browsers with graphical
user interface that neatly presented text and images on Web pages, which
are also linked together by hyperlinks. Second is the revolution of the last
decade, the applications and Internet services to be offered have regenerated
and used in a totally revolutionary. This concept has been called Web 2.0.

In Web 2.0 we have services that offer high multimedia pages, which also
allow a great interaction from users, both between users and the service and
(most important and entails the revolution) interaction and content sharing ,
ideas and opinions among users. Users become sources and consumers (part
of) their own content, it creates communities of users interact with each
other through specialized websites. This is a social concept of using Internet,
which has become known as the portals in the context of Web 2.0 and social
networks.
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Within the content contributors and users consume video highlights espe-
cially for the needs of processing, storage and resource consumption of band-
width of network. The increase in users, content and quality of presentation
of the contents themselves are leading Internet networks to a progressive
congestion. It is necessary to relieve this saturation in some way to prevent
future problems of availability of resources and reductions in the quality of
services offered. Among the possible solutions to improve the delivery of con-
tent, especially streaming media content (content scheduled live or recorded)
is multicast. In this project we will use unicast transmissions, but it would
be interesting to improve it in the future explore the multicast solution.

In this report we will explain the individual project about simulations in
Omnet++ platform in order to test different applications with the tool.

OMNeT++ is a discrete event simulator in development since 1992. Its
primary use is to simulate communication networks and other distributed
systems. It runs on both Unix and Windows. Other similar programs are
the widely used ns-2, which has extensive support for TCP, and OPNET.

OMNeT++ started with a programming assignment at the Technical Uni-
versity of Budapest (Hungary), to which two students applied. One of them,
Andrs Varga, still is the maintainer of this open source simulation package.
During the years several people contributed to OMNeT++, among which se-
veral students from the Technical University of Delft (The Netherlands) and
Budapest. Milestones in the development are the first public release in 1997
and the added animation functionality in 1998, which made the package even
more usable for education. We will talk more about this in next chapters.

Simulations here will be about a ping application with a simple network
and measurements of throughput, delay and jitter in the network, after that
we will make a ping application with a multiarea OSPF network, and another
test with TCP and UDP.

For the design of the networks we will use INETMANET framework which
have a wide catalog of routers, devices, hosts, etc... already implemented,
and elements to connnect them (ethernet, PPP, etc...). Also there are a lot
of examples about network protocols, routing, storage, etc...

Main objective is realize the broader data network based on the technology
Ethernet and also using the protocol family TCP/IP in the version of the
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protocol IPv4 in the simulation environment Omnet++. Use the dynamic
routing protocol OSPF with multiarea extension.

OSPF(Open Short Path First Version 2) is an internal routing protocol
based on link-state algorithm or Short Path First, Internet standard, which
has been developed by a working group of the Internet Engineering Task
Force, whose specification is contained in RFC 2328.

OSPF has been designed for the Internet environment and its protocol
stack TCP / IP as an internal routing protocol, ie, which distributes infor-
mation between routers belonging to the same Autonomous System.

Use this network for transmission of the multimedia content in the form
of the simulated video and voice data flow. Use the network also for the
simulation of the WEB and FTP service. Provide the analysis on this data
network. The created model of the network should enable to imagine its real
workload in the term of the data transmission rate, delay and jitter. In the
frame of the OSFP, demonstrate the use of the Load Balancing function and
Link Backup.

1.2 Memory structure

First, in chapter 2 is studied in depth the general context of collaborative
services in the context of Web 2.0 and the OSPF protocol. In the same
chapter is an introduction to key concepts and the operation mode of the
multicast network, and the peculiarities of operation of this inter-domain
network and its implementation in shades of IPv4 and IPv6. In chapter 3 a
study is made of the tool that we are going to use for simulate the project.
We study the characteristics of OMNET++ and INET framework. Based
on the above criteria are selected some protocols to tests(ICMP, TCP and
UDP).

In chapter 4 the study and modeling of simulation of the OSPF network
with the new modules to measure statistics is carried out. To perform these
simulations OMNeT + + was chosen , a discrete event simulator free, po-
werful and extensible. We will use a few scenarios with different protocols.
These scenarios are very realistic because they are modeled based on data
collected in real networks from the Internet. We will explain the modules
and we visualize the modules working.
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In chapter 5, once deployed OSPF network and its amendments in OM-
NeT++, define and model simulation scenarios and generated battery of
tests, simulations run sets and output data collected and results generated.
Data are collected and processed to analyze network performance figures
which are especially representative in watch the performance in OSPF net-
work of application protocols like UDP or TCP. These parameters are the
bandwidth, delay, jitter and throughput vs packet loss. In chapter 6 summa-
rizes the conclusions of the study, analysis of simulation results and suggests
interesting topics that can constitute future research.

2 VoIP and video in Internet. Introduction

to network unicast, multicast and OSPF

2.1 Introduction

The current Internet landscape has evolved a professional network for the
exchange of data between universities and organizations in a mixed model.
In this mixed model is as important implementation aspects of leisure and
professional and personal applications. This development has led to the
current Internet to a functional model for home users has been called Web
2.0. This term describes a model of usability and applications on the network
of networks that seeks to maximize user interaction and rich content, offering
an experience as close as possible to real-world interaction between people.

The concept of Web 2.0 has implications involving changes and improve-
ments in network structures to provide certain services, like video, with good
quality, reliability, speed and interactivity. The required changes need in-
vestment in network structures, control, planning, etc.., So you need to find
a motivation to carry out such investments. It is necessary to clearly define
the problems which do not upgrade existing infrastructure in the face of rich
new services and to justify the possible solutions to be adopted, its impact
on existing networks and complexity of implementation.

Within the new enriched services stand out for their impact on network
efficiency benefits of video services, high-bandwidth requirements, delay and
jitter. Problem arises by the growth of innovative applications and services
within the framework of Web 2.0 that make each time there is a greater
number of users who consume this content. Therefore there is an increase in
the consumption of bandwidth for Internet use in this area.
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The distribution of video content requires a bandwidth of medium / high
and a low delay and jitter. This project will treat the case of the distri-
bution of video streaming media services. These services distribute a single
media stream to multiple users simultaneously, whether direct or contents
contained in deferred previously stored on a server. Distribute a single me-
dia stream to a greater or lesser number of simultaneous users is given to
efficiency improvements in the diffusion mechanism. You can use the fact
of simultaneous delivery of multimedia stream, transmitted from a source of
content, and replicate it as it moves over the network to users. This method
is called multicast broadcast and is being studied in this project. In the
multicast there are different solutions implemented at different levels of the
protocol stack TCP/IP, with different ranges of improvement in efficiency,
resource consumption, complexity and cost of deployment and operation.

2.2 Network architecture

Open Shortest Path First (OSPF) is an adaptive routing protocol for In-
ternet Protocol (IP) networks. It uses a link state routing algorithm and falls
into the group of interior routing protocols, operating within a single auto-
nomous system (AS). It is defined as OSPF Version 2 in RFC 2328 (1998)
for IPv4. The updates for IPv6 are specified as OSPF Version 3 in RFC
5340 (2008). Research into the convergence time of OSPF can be found in
Stability Issues in OSPF Routing (2001).

OSPF is perhaps the most widely-used interior gateway protocol (IGP)
in large enterprise networks. IS-IS, another link-state routing protocol, is
more common in large service provider networks. The most widely-used ex-
terior gateway protocol is the Border Gateway Protocol (BGP), the principal
routing protocol between autonomous systems on the Internet.

OSPF is an interior gateway protocol that routes Internet Protocol (IP)
packets solely within a single routing domain (autonomous system). It gat-
hers link state information from available routers and constructs a topology
map of the network. The topology determines the routing table presented
to the Internet Layer which makes routing decisions based solely on the des-
tination IP address found in IP packets. OSPF was designed to support
variable-length subnet masking (VLSM) or Classless Inter-Domain Routing
(CIDR) addressing models.
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OSPF detects changes in the topology, such as link failures, very quickly
and converges on a new loop-free routing structure within seconds. It compu-
tes the shortest path tree for each route using a method based on Dijkstra’s
algorithm, a shortest path first algorithm.

The link-state information is maintained on each router as a link-state da-
tabase (LSDB) which is a tree-image of the entire network topology. Identical
copies of the LSDB are periodically updated through flooding on all OSPF
routers.

The OSPF routing policies to construct a route table are governed by link
cost factors (external metrics) associated with each routing interface. Cost
factors may be the distance of a router (round-trip time), network throughput
of a link, or link availability and reliability, expressed as simple unitless
numbers. This provides a dynamic process of traffic load balancing between
routes of equal cost. An OSPF network may be structured, or subdivided,
into routing areas to simplify administration and optimize traffic and resource
utilization. Areas are identified by 32-bit numbers, expressed either simply
in decimal, or often in octet-based dot-decimal notation, familiar from IPv4
address notation. By convention, area 0 (zero) or 0.0.0.0 represents the core
or backbone region of an OSPF network. The identifications of other areas
may be chosen at will; often, administrators select the IP address of a main
router in an area as the area’s identification. Each additional area must have
a direct or virtual connection to the backbone OSPF area. Such connections
are maintained by an interconnecting router, known as area border router
(ABR). An ABR maintains separate link state databases for each area it
serves and maintains summarized routes for all areas in the network.

OSPF does not use a TCP/IP transport protocol (UDP, TCP), but is
encapsulated directly in IP datagrams with protocol number 89. This is in
contrast to other routing protocols, such as the Routing Information Protocol
(RIP), or the Border Gateway Protocol (BGP). OSPF handles its own error
detection and correction functions. OSPF uses multicast addressing for route
flooding on a broadcast network link. For non-broadcast networks special
provisions for configuration facilitate neighbor discovery.[1] OSPF multicast
IP packets never traverse IP routers, they never travel more than one hop.
OSPF reserves the multicast addresses 224.0.0.5 for IPv4 or FF02::5 for IPv6
(all SPF/link state routers, also known as AllSPFRouters) and 224.0.0.6 for
IPv4 or FF02::6 for IPv6 (all Designated Routers, AllDRouters).
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For routing multicast IP traffic, OSPF supports the Multicast Open Shor-
test Path First protocol (MOSPF) as defined in RFC 1584.[6] Neither Cisco
nor Juniper Networks include MOSPF in their OSPF implementations. PIM
(Protocol Independent Multicast) in conjunction with OSPF or other IGPs,
(Interior Gateway Protocol), is widely deployed. The OSPF protocol, when
running on IPv4, can operate securely between routers, optionally using a
variety of authentication methods to allow only trusted routers to participate
in routing. OSPFv3, running on IPv6, no longer supports protocol-internal
authentication. Instead, it relies on IPv6 protocol security (IPsec). OSPF
version 3 introduces modifications to the IPv4 implementation of the pro-
tocol.[2] Except for virtual links, all neighbor exchanges use IPv6 link-local
addressing exclusively. The IPv6 protocol runs per link, rather than based on
the subnet. All IP prefix information has been removed from the link-state
advertisements and from the Hello discovery packet making OSPFv3 essen-
tially protocol-independent. Despite the expanded IP addressing to 128-bits
in IPv6, area and router identifications are still based on 32-bit values.

OSPF is the answer to the need for an internal routing protocol needs to
cover Internet routing protocol internal RIP version 1 showed:

• Slow response to changes occurring in the topology of the network.

• little background in the metrics used to measure the distance between
nodes.

• Inability to distribute traffic between two nodes in various ways if they
were the creation of loops that saturated the network.

• Inability to discern different types of services.

• Inability to distinguish between hosts, routers, different types of net-
works within a single Autonomous System.

Some of these issues have been resolved by RIP version 2 has a larger
number of metrics and supports CIRD, routing by subnet and multicast
transmission. But the development of OSPF by the IETF is largely based
on the introduction of a different from the algorithms used to date in the
internal routing protocols in standard TCP/IP for calculating the shortest
path between two nodes in a network, it uses Dijkstra’s algorithm:

• Assign to every node a tentative distance value: set it to zero for our
initial node and to infinity for all other nodes.
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• Mark all nodes except the initial node as unvisited. Set the initial node
as current. Create a set of the unvisited nodes called the unvisited set
consisting of all the nodes except the initial node.

• For the current node, consider all of its unvisited neighbors and cal-
culate their tentative distances. For example, if the current node A is
marked with a distance of 6, and the edge connecting it with a neighbor
B has length 2, then the distance to B (through A) will be 6+2=8. If
this distance is less than the previously recorded distance, then overw-
rite that distance. Even though a neighbor has been examined, it is
not marked as visited at this time, and it remains in the unvisited set.

• When we are done considering all of the neighbors of the current node,
mark the current node as visited and remove it from the unvisited set.
A visited node will never be checked again; its distance recorded now
is final and minimal.

• The next current node will be the node marked with the lowest (ten-
tative) distance in the unvisited set.

• If the unvisited set is empty, then stop. The algorithm has finished.
Otherwise, set the unvisited node marked with the smallest tentative
distance as the next “”’current node“”’ and go back to step 3.

Routers in the same broadcast domain or at each end of a point-to-point te-
lecommunications link form adjacencies when they have detected each other.
This detection occurs when a router identifies itself in a hello OSPF protocol
packet. This is called a two-way state and is the most basic relationship.
The routers in an Ethernet or frame relay network select a designated router
(DR) and a backup designated router (BDR) which act as a hub to reduce
traffic between routers. OSPF uses both unicast and multicast to send ”hello
packets” and link state updates. As a link state routing protocol, OSPF es-
tablishes and maintains neighbor relationships in order to exchange routing
updates with other routers. The neighbor relationship table is called an adja-
cency database in OSPF. Provided that OSPF is configured correctly, OSPF
forms neighbor relationships only with the routers directly connected to it.
In order to form a neighbor relationship between two routers, the interfaces
used to form the relationship must be in the same area. An interface can only
belong to a single area. (A neighbor state simulation shows how neighbor
state changes from Down to Full Adjacency progressively with exchanging
Hello, DD, Request, Update, and Ack packets).

8



An OSPF domain is divided into areas that are labeled with 32-bit area
identifiers. The area identifiers are commonly, but not always, written in
the dot-decimal notation of an IPv4 address. However, they are not IP
addresses and may duplicate, without conflict, any IPv4 address. The area
identifiers for IPv6 implementations of OSPF (OSPFv3) also use 32-bit iden-
tifiers written in the same notation. While most OSPF implementations will
right-justify an area number written in a format other than dotted decimal
format (e.g., area 1), it is wise to always use dotted-decimal formats. Most
implementations expand area 1 to the area identifier 0.0.0.1, but some have
been known to expand it as 1.0.0.0.

Areas are logical groupings of hosts and networks, including their routers
having interfaces connected to any of the included networks. Each area main-
tains a separate link state database whose information may be summarized
towards the rest of the network by the connecting router. Thus, the topo-
logy of an area is unknown outside of the area. This reduces the amount of
routing traffic between parts of an autonomous system.

There are different kind of areas, the most important is the backbone (also
known as area 0 or area 0.0.0.0) forms the core of an OSPF network. All
other areas are connected to it, and inter-area routing happens via routers
connected to the backbone area and to their own associated areas. It is the
logical and physical structure for the ’OSPF domain’ and is attached to all
nonzero areas in the OSPF domain. Note that in OSPF the term Autono-
mous System Boundary Router (ASBR) is historic, in the sense that many
OSPF domains can coexist in the same Internet-visible autonomous system,
RFC1996 (ASGuidelines 1996, p. 25).[7] The backbone area is responsible
for distributing routing information between nonbackbone areas. The back-
bone must be contiguous, but it does not need to be physically contiguous;
backbone connectivity can be established and maintained through the confi-
guration of virtual links.

All OSPF areas must connect to the backbone area. This connection,
however, can be through a virtual link. For example, assume area 0.0.0.1 has
a physical connection to area 0.0.0.0. Further assume that area 0.0.0.2 has
no direct connection to the backbone, but this area does have a connection
to area 0.0.0.1. Area 0.0.0.2 can use a virtual link through the transit area
0.0.0.1 to reach the backbone. To be a transit area, an area has to have the
transit attribute, so it cannot be stubby in any way.
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Another is the stub area, which is an area which does not receive route
advertisements external to the autonomous system (AS) and routing from
within the area is based entirely on a default route. A Stub Area simulation
shows how an ABR deletes type 4, 5 LSAs from internal routers, sends them
a default route of 0.0.0.0 and turns itself into a default gateway. This reduces
LSDB and routing table size for internal routers.

Finally, a not-so-stubby area (NSSA) is a type of stub area that can import
autonomous system external routes and send them to other areas, but still
cannot receive AS-external routes from other areas. NSSA is an extension of
the stub area feature that allows the injection of external routes in a limited
fashion into the stub area. A case study simulates an NSSA getting around
the Stub Area problem of not being able to import external addresses. It
visualizes the following activities: the ASBR imports external addresses with
a type 7 LSA, the ABR converts a type 7 LSA to type 5 and floods it to
other areas, the ABR acts as an “”’ASBR“”’ for other areas.

OSPF defines the following router types:

• Area border router (ABR), an area border router (ABR) is a router
that connects one or more areas to the main backbone network.

• Autonomous system boundary router (ASBR), is a router that is con-
nected to more than one Routing protocol and that exchanges routing
information with routers in other protocols. ASBRs typically also run
an exterior routing protocol (e.g., BGP), or use static routes, or both.
An ASBR is used to distribute routes received from other, external ASs
throughout its own autonomous system.

• Internal router (IR), is a router that has OSPF neighbor relationships
with interfaces in the same area. An internal router has all its interfaces
in a single area.

• Backbone router (BR), are all routers that are connected to the OSPF
backbone, irrespective of whether they are also area border routers or
internal routers of the backbone area. An area border router is always
a backbone router, since all areas must be either directly connected to
the backbone or connected to the backbone via a virtual link (spanning
across another area to get to the backbone).
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There are five types of OSPF protocol messages:

• HELLO or is used for: Identify neighbors, send signals ¡I’m alive¿ to the
rest of routers, Choose a designated router for a network broadcast...

• Database Description Packets or Description of the database is used to
exchange information for a router to discover the missing data during
the initialization or synchronization when two nodes have established
connectivity.

• Link State Request and Link State Request is used to request data to
a router that has been missing in your database that are obsolete or
during the exchange of information between two routers ..

• Link State Request and Link State Update is used in response to the
request messages and link state to report dynamically changing network
topology. The sender will retransmit until confirmed with a message of
ACK.

• Link State ACK ACK or link status is used to confirm the receipt of a
status update of the link.

The main features are:

• Rapid response to changes and without loops.

• Security to change.

• Support of multiple metrics.

• Load balancing across multiple paths.

• Scalability in the growth of external routes.

2.3 Network unicast

Unicast is the term used to describe communication where a piece of in-
formation is sent from one point to another point. In this case there is just
one sender, and one receiver.
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Unicast transmission, in which a packet is sent from a single source to a
specified destination, is still the predominant form of transmission on LANs
and within the Internet. All LANs (e.g. Ethernet) and IP networks support
the unicast transfer mode, and most users are familiar with the standard
unicast applications (e.g. http, smtp, ftp and telnet) which employ the TCP
transport protocol.

A unicast address is an identifier for an interface. Packets sent to a unicast
address are delivered to the node containing the interface identified by the
address.

LAN unicast addresses typically have the following format:

Figure 1: Unicast address

If the site or organization needs to divide the subnet further, then the
following format is used:

Figure 2: Unicast address

2.4 Network multicast

Multicast is the term used to describe communication where a piece of
information is sent from one or more points to a set of other points. In this
case there is may be one or more senders, and the information is distributed
to a set of receivers (theer may be no receivers, or any other number of
receivers).
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One example of an application which may use multicast is a video server
sending out networked TV channels. Simultaneous delivery of high quality
video to each of a large number of delivery platforms will exhaust the capa-
bility of even a high bandwidth network with a powerful video clip server.
This poses a major salability issue for applications which required sustained
high bandwidth. One way to significantly ease scaling to larger groups of
clients is to employ multicast networking.

Multicasting is the networking technique of delivering the same packet
simultaneously to a group of clients. IP multicast provides dynamic many-
to-many connectivity between a set of senders (at least 1) and a group of
receivers. The format of IP multicast packets is identical to that of unicast
packets and is distinguished only by the use of a special class of destination
address (class D IPv4 address) which denotes a specific multicast group.
Since TCP supports only the unicast mode, multicast applications must use
the UDP transport protocol.

Unlike broadcast transmission (which is used on some local area networks),
multicast clients receive a stream of packets only if they have previously elect
to do so (by joining the specific multicast group address). Membership of a
group is dynamic and controlled by the receivers (in turn informed by the
local client applications). The routers in a multicast network learn which
sub-networks have active clients for each multicast group and attempt to
minimise the transmission of packets across parts of the network for which
there are no active clients.

The multicast mode is useful if a group of clients require a common set
of data at the same time, or when the clients are able to receive and store
(cache) common data until needed. Where there is a common need for the
same data required by a group of clients, multicast transmission may provide
significant bandwidth savings (up to 1/N of the bandwidth compared to N
separate unicast clients).

The majority of installed LANs (e.g. Ethernet) are able to support the
multicast transmission mode. Shared LANs (using hubs/repeaters) inhe-
rently support multicast, since all packets reach all network interface cards
connected to the LAN. The earliest LAN network interface cards had no
specific support for multicast and introduced a big performance penalty by
forcing the adaptor to receive all packets (promiscuous mode) and perform
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software filtering to remove all unwanted packets. Most modern network in-
terface cards implement a set of multicast filters, relieving the host of the
burden of performing excessive software filtering.

2.5 Limits of Ipv4 and improvements with IPv6

The IP protocol version 4, IPv4, has not changed substantially over the
past 25 years. During this time IPv4 has proven to be robust, easily im-
plemented and interoperable, in addition to being highly scalable and ac-
commodate a level of exponential growth of Internet-connected end systems.
The pace in the increase of Internet-connected systems is very high due to
the constant increase of devices that include this capability. The Internet-
connected devices require an IP address in order to exchange data with other
connected systems. In addition to security requirements for submission of
data and conducting transactions are increasing. All these requirements are
depleting the capabilities of IPv4. The main limitations of IPv4 are:

• Exhaustion of IP address space: with a capacity of 32 bits for IP ad-
dressing, address space is running out. Patches is necessary to resort to
the use of private IP addresses inside organizations and home networks,
then do NAT. In the case of IP multicast addresses this depletion is
even faster to deal with these on a small subset of the total.

• Routing Table Maintenance: IP addressing system, even being hierar-
chical, it requires routers to keep the Internet backbones of excessively
large routing tables, standard tables to be holding more than 85 000
explicit routes.

• Configuration complexity: most of the current IPv4 implementations
must be configured either manually or by an address configuration pro-
tocol to maintain state, such as DHCP (Dynamic Host Configuration
Protocol). With the increasing number of devices connected to the In-
ternet requires a system that allows simple and automatic configuration
of addresses.

• Security: the transmission of data through a public medium like the In-
ternet need to use cryptographic mechanisms to prevent eavesdropping
by third parties or modification of data in transit. Although there is a
de facto standard that provides security for IPv4 datagrams, known as
IPsec, this standard is optional and is often used proprietary solutions.
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To overcome the limitations listed above were developed under the wor-
king group IP Version 6 Working Group of IETF a series of protocols and
standards grouped under the name IPv6. These protocols and standards
are published in RFCs since December 1995. IPv6 was designed taking into
account that should have a minimal impact on other protocols in upper and
lower levels. This is achieved by standardizing information and fields within
the headers, while it is easier to handle new types of data without causing a
negative impact on network performance. Among the most important featu-
res of IPv6 are the following:

• New format of headers: IPv6 header format makes a more rational to
reduce the overhead in processing these by the routers in the network,
thereby increasing performance.

• Larger address space: IPv6 address space can be 128 bits, allowing,
for example, every mobile phone or electronic device can have its own
public IP address. This allows a total of 5E+28 address.

• Multicast and Anycast: while in IPv4 is optional, IPv6 multicast is a
mandatory feature in both routers and local networks. Also in IPv6
defines a new broadcast method called anycast. In anycast datagrams
are sent within a broadcast group, but instead of doing a flood like in
IPv4 the data is sent to the nearest device within the group.

• Address Autoconfiguration: to simplify the configuration of hosts, IPv6
supports both server-based settings that maintain the status assigned
addresses (DHCP servers) as automatic configuration, with which the
hosts themselves can be configured IP address.

• Security: IPsec support is mandatory in IPv6. This allows solutions
for network security standards and promotes interoperability between
different IPv6 implementations.

At the end, we couldn’t implement IPv6 protocol, it’s a possible improve-
ment of this project.

3 Architecture of the tool

3.1 Introduction to Omnet++

OMNeT++ is an object-oriented modular discrete event network simula-
tor. The simulator can be used for:
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• traffic modeling of telecommunication networks

• protocol modeling

• modeling queueing networks

• modeling multiprocessors and other distributed hardware systems

• validating hardware architectures

• evaluating performance aspects of complex software systems

• . . . modeling any other system where the discrete event approach is
suitable.

An OMNeT++ model consists of hierarchically nested modules. The depth
of module nesting is not limited, which allows the user to reflect the logical
structure of the actual system in the model structure. Modules communicate
through message passing. Messages can contain arbitrarily complex data
structures. Modules can send messages either directly to their destination or
along a predefined path, through gates and connections.

Modules can have their own parameters. Parameters can be used to cus-
tomize module behaviour and to parameterize the models topology.

Modules at the lowest level of the module hierarchy encapsulate behaviour.
These modules are termed simple modules, and they are programmed in C++
using the simulation library.

OMNeT++ simulations can feature varying user interfaces for different
purposes: debugging, demonstration and batch execution. Advanced user
interfaces make the inside of the model visible to the user, allow control over
simulation execution and to intervene by changing variables/objects inside
the model. This is very useful in the development/debugging phase of the
simulation project. User interfaces also facilitate demonstration of how a
model works.

The simulator as well as user interfaces and tools are portable: they are
known to work on Windows and on several Unix flavours, using various C++
compilers.
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OMNeT++ also supports parallel distributed simulation. OMNeT++ can
use several mechanisms for communication between partitions of a parallel
distributed simulation, for example MPI or named pipes. The parallel simu-
lation algorithm can easily be extended or new ones plugged in. Models do
not need any special instrumentation to be run in parallel it is just a matter
of configuration. OMNeT++ can even be used for classroom presentation
of parallel simulation algorithms, because simulations can be run in parallel
even under the GUI which provides detailed feedback on what is going on.

OMNeT++ provides efficient tools for the user to describe the structure
of the actual system. Some of the main features are:

• hierarchically nested modules

• modules are instances of module types

• modules communicate with messages through channels

• flexible module parameters

• topology description language

An OMNeT++ model consists of hierarchically nested modules, which
communicate by passing messages to each another. OMNeT++ models are
often referred to as networks. The top level module is the system module.
The system module contains submodules, which can also contain submodules
themselves. The depth of module nesting is not limited; this allows the user
to reflect the logical structure of the actual system in the model structure.
We can see an example of this in the next figure:

Figure 3: Visual network module layout

Model structure is described in OMNeT++s NED language. Modules that
contain submodules are termed compound modules, as opposed simple mo-
dules which are at the lowest level of the module hierarchy. Simple modules
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contain the algorithms in the model. The user implements the simple modu-
les in C++, using the OMNeT++ simulation class library. As you can see in
the last figure, each simple module described by the NED language can also
be used in a large compound module, which is also described in the NED
language. One simple module can for example be a TCP implementation,
the other one an Ethernet implementation, and together they can form an
Internet host (the compound module).

There are three distinctive elements that can be described in a NED file:

• Module definitions. In these blocks you can describe simple and com-
pound modules and set parameters of these modules. Also, you can
define gates that connect the modules.

• Channel definitions. Describe channels (links) that connect modules.

• Network definitions. To get the whole simulation running, youll have
to describe which module is the top level module for the network you
wish to simulate. This top level module is an instance of the system
module.

In next figure the network specification in a .NED file is given for the simu-
lation used in chapter 5.1. There are three simple modules in this simulation.
One is of the type ClientNode, the other one is a ServerNode and the last one,
Switch, connects these first two. The modules have several parameters and
are connected using channels Downstream and Upstream. The switch has
two inputs and two outputs, which connect to the Client- and ServerNode.
Together they form the network tcpclservnet. The display tags were removed
from this example; they only describe the way the modules are placed in the
visual representation of the simulation.

The implementation of the modules defined in the NED language is done
in C++. You can use the OMNeT++ simulation library, with which you
can simulate any kind of behaviour in your models. This library class inclu-
des mechanisms to schedule and cancel events, gather statistical data and
produce data that can be inspected (plotted) using the graphical tool Plove,
which is also included in the package.

A simulation in OMNeT++ can be run in two different ways: visual and
text-only. The visual simulations are shown in the following graphics. This
way of running the simulation is particularly useful when first running the
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Figure 4: Ned example

simulation, or to get acquainted with the protocols or networks the program
simulates. It shows all the messages that are exchanged between the modules
in an animation. Also, with larger simulations, you can look deeper into each
module, to see what messages are exchanged internally.

Figure 5: OMNET++ main window

Next figures show the actual network that is simulated. First figure is the
top view of the network, which has only three components (client1, switch
and server1). Second figure show the internal modules of the client1 module.
And again, in the last figure, the internal modules of the tcpApp are shown:
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Figure 6: Network simulation modules

3.2 Introduction to INET framework

INET Framework contains IPv4, IPv6, TCP, SCTP, UDP protocol imple-
mentations, and several application models. The framework also includes
an MPLS model with RSVP-TE and LDP signalling. Link-layer models are
PPP, Ethernet and 802.11. Static routing can be set up using network auto-
configurators, or one can use routing protocol implementations.

The INET Framework supports wireless and mobile simulations as well.
Support for mobility and wireless communication has been derived from the
Mobility Framework.

The INET Framework builds upon OMNeT++, and uses the same concept:
modules that communicate by message passing. Hosts, routers, switches and
other network devices are represented by OMNeT++ compound modules.
These compound modules are assembled from simple modules that represent
protocols, applications, and other functional units. A network is again an
OMNeT++ compound module that contains host, router and other modules.
The external interfaces of modules are described in NED files. NED files
describe the parameters and gates (i.e. ports or connectors) of modules, and
also the submodules and connections (i.e. netlist) of compound modules.

Modules are organized into hierarchical packages that directly map to a
folder tree, very much like Java packages. Packages in INET are organized
roughly according to OSI layers; the top packages include inet.applications,
inet.transport, inet.networklayer, and inet.linklayer. Other packages are
inet.base, inet.util, inet.world, inet.mobility and inet.nodes. These packa-
ges correspond to the src/applications/, src/transport/, etc. directories in
the INET source tree. (The src/ directory corresponds to the inet package, as
defined by the src/package.ned file.) Subdirectories within the top packages
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usually correspond to concrete protocols or protocol families. The imple-
mentations of simple modules are C++ classes with the same name, with
the source files placed in the same directory as the NED file.

The “inet.nodes” package contains various pre-assembled host, router,
switch, access point, and other modules, for example StandardHost, Router
and EtherSwitch and WirelessAP. These compound modules contain some
customization options via parametric submodule types, but they are not
meant to be universal: it is expected that you will create your own node
models for our particular simulation scenarios.

Network interfaces (Ethernet, IEEE 802.11, etc) are usually compound
modules themselves, and are being composed of a queue, a MAC, and possibly
other simple modules.

Not all modules implement protocols. There are modules which hold data
(for example RoutingTable), facilitate communication of modules (Notifica-
tionBoard), perform autoconfiguration of a network (FlatNetworkConfigu-
rator), move a mobile node around (for example ConstSpeedMobility), and
perform housekeeping associated with radio channels in wireless simulations
(ChannelControl).

Protocol headers and packet formats are described in message definition
files (msg files), which are translated into C++ classes by OMNeT++’s
opp msgc tool. The generated message classes subclass from OMNeT++s
cPacket or cMessage classes.

The internal structure of compound modules such as host and router mo-
dels can be customized in several ways. The first way is the use of gate
vectors and submodule vectors. The sizes of vectors may come from para-
meters or derived by the number of external connections to the module. For
example, one can have an Ethernet switch model that has as many ports as
needed, i.e. equal to the number of Ethernet devices connected to it.

The second way of customization is parametric types, that is, the type
of a submodule (or a channel) may be specified as a string parameter. For
example, the relay unit inside an Ethernet switch has several alternative
implementations, each one being a distinct module type. The switch model
contains a parameter which allows the user to select the appropriate relay
unit implementation.
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A third way of customizing modules is inheritance: a derived module may
add new parameters, gates, submodules or connections, and may set inherited
unassigned parameters to specific values.

More information in the INETMANET framework manual.
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4 Simulation in OMNET++

4.1 Introduction

The work reflected in this chapter consists of several parts. First and
once it was decided to perform simulations with different scenarios OSPF
protocols on transport, has selected the network simulation tool OMNeT
+ + after making a comparison of software options available. Once this
has been modeled multi-area OSPF network. The functional and structural
modeling protocol has been translated into a more refined structural model
of classes, modules and objects within the simulation model of OMNeT + +.
For model simulations has been necessary to turn the simulation scenarios.
Ranges have been established and developed settings tables summarize the
values used in the execution instances. With the stage set has been generated
and run simulations, which have drawn conclusions about multi-area OSPF
operation in different scenarios.

It’s necessary say that to get the statistics we implemented new modules
to make measurements in the network, instead of use the modules in INET
because they weren’t enough to get all the data that we needed it.

4.2 Structure of Ned files

4.2.1 Simple network ping application

In figure 7 we can see a view of the first simulation. In the network, we
will simulate a simple network with one router, two host and one switch.
We will use an ethernet channel with 0.1 us of delay, in order to get a more
realistic approach.
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Figure 7: Simple network

The .ini file configuration would be like follows:
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And finally, the simulation would look like the figure 8 :

Figure 8: Visualization network
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With the FES, we can check the future events, you can see it in the figure
9:

Figure 9: Visualization network

And finally, we can see the simulation with all the events and messages in
the figure 10:

Figure 10: Events screen
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With information about messages sent, events, time of the simulation,
etc... If you wanna check the routing table and the interface table of router,
you must double-clik in the router and you will see what appear in the figure
11:

Figure 11: Inside router node

If you click in the box RoutinTable, you can see in the figure 12:

Figure 12: Routing table
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And after that, click in routes, and you will see the routes in the device:

Figure 13: Routes

So, we can see that the node is ready to send packets to both inter-
face(192.168.1.0 and 192.168.2.0) using static routing.

4.2.2 First approach to get network with statistics

Now, we are going to add a special sink node which help us to measure
parameters like throughput. This node is called statistics, and its similar to
a standard host from inetmanet framework, but with a special node inside
called thruputmeter which can measure average throughput in the network.
In the figure 14 we can see it:
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Figure 14: Simple network with statistics

Inside the module, we can see that is very similar to the standard host
from INET, but with a different etherned card:
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Figure 15: Statistics node

The only difference remain in the nerwork card, that includes a thru-
putmeter module which can measure throughput, packet/s and time of the
simulation, as we can see in the figure 16:
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Figure 16: Ethernet card with thruputmeter

4.2.3 Final approach to get network with statistics

We can see that in the last implementation we are limited, we only can
measure the throughput, and we are interested in end-to-end delay and jitter
too. Besides, we want to add a passive and active mode in our simulation,
in order to can generate traffic to get measurements in the network even if
we don’t have hosts. Finally, we can have problems to get the moment when
the message was generated.

Then, what we need it’s in the next list:

• Traffic filter, we only need to count to measure the delay, jitter and
throughput the packets that we are transmitting, not the packets of
network configuration(like ARP packets, HelloOSPF, etc...).
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• We need to calculate the end-to-end delay with two measurements: D=
D1 + D2. We get D1 in the emitter, and D2 in the receiver. In the
last one, we take and record all the measurements.

But we found problems in the implementation. In Omnet++ we work with
objects, and the information recording in one object is independent of the
another object, so, how can we use the information which we got in emitter
module if we are the receiver module? We have some tools, the easiest one is
record the data in a cOutVector in emitter, make the same in receiver, and
make the sum between them, but the problem is that if we lose datagrams
make a sum row to row can be wrong, so we need to check if the time
recorded in the emitter corresponds with the time recorded in the receiver
before calculate the summation.

So, according to these restrictions and our knowledges about C++, we
have two choices:

• Create a file, in emitter save the information about actual moment and
End-to-end delay (Eed), and the sequence number of the packet. If
a new datagram arrives in reception, we open the file, search the row
with the same sequence number of our datagram, take the data and
make the calculations.

• Send the value in the packet, then when the receiver gets the packet,
it can take the data to make the calculations. There are two solutions
to make the implementation, one it’s create a new packet, encapsulate
datagram inside of it, and in reception decapsulate, take the data and
send to higher layer. This is more complicate, the best solution is
attach with the packet the information that we need, and we can do
that creating an object (for example, myObject) in the emitter with the
data which we need and after send it in the packet. According to the
Omnet++ manual, the cMessage class has an internal cArray object
which can carry objects. Only objects that are derived from cObject
(most OMNeT++ classes are so) can be attached. The addObject(),
getObject(),hasObject(), removeObject() methods use the object name
as the key to the array.

So we can use this to attach the object, and in reception we only have to
take the information in the object and make the calculation. Also, we can
use the hasObject() method, which it’s possible check if our packet has an
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object or not, very useful to separate the traffic that we need from traffic
generated in the network, like arpRequest, etc...

Finally, we have to make a choice. Best one is attach information to the
packet, it’s the easiest and fastest solution. With the file, it would be very
slow because we have to open the file, write it, close the file, open the file
in receiver again, check in the file, etc... And if we create a new packet and
encapsulation, we must to create a new module to encapsulate, and with
addObject() you don’t need to do all of this operations. We only have to be
careful about the packets that arrive out of time because the delay in the
network, but we will use a timer. We will explain this later.

So, we will need to create two modules to get statistics, one emitter and
one receiver. The first one will be the generator of traffic, and also it will
take the time when the packet was created and the moment when it arrives
to the module. We attach this data in the packet, and in the receiver module,
we will receive the information and make the right calculations to obtain the
end-to-end delay and jitter. The network view would be like in the 17:

Figure 17: Network with emitter and receiver

Now, we proceed to explain emitter and receive module, because they use
same device with different options.
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4.2.4 Emitter and Receive module

The emitter and receive module would be like in the figure 18:

Figure 18: Emitter and receiver schematic

As we can see, the module has three differents components inside, we need
to make an implementation of them.

4.2.5 Statistics module

First one, it’s Statistics module, which is necessary to make the active
mode. When this mode is working, this module will be like a Standard host
which generates traffic to send to the network. We can choose the application
to use, like a ping application, UDP, etc... exactly the same as a normal
host. If you are only interested in send UDP, you can remove the another
components:
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Figure 19: Statistics module

We didn’t change anything from the original source, only modify the ned
file, so no more explanations are necessary.

4.2.6 Stats module

Second one, it’s the stats module. This module is very important, inside
of it, we will take the measurements and record the results. There will be
one in emitter and another in receiver, the ned file would be like in the next
figure:
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Figure 20: Stats module

We will use two new modules, besides mac, encap and relay modules, these
are copy and th. Our stat module will be like a modification of Etherswitch
module, but we also need decapsulate the frame because th only works in
network layer. Because of that, we use mac and encap modules, wich let
us unpack the information inside the message. These modules come from
INETMANET framework, and we will not explain them. But with copy and
th we will spend some time making a brief introduction of the modules. The
code of them is attached in the end of this document.

4.2.7 Copy module

With this module, we can choose if the incoming message is interesting
for our statistics or its useless. Also, if we are in emitter mode, we attach
information very important in the packet. We will work in two modes:

• Mode 1, emitter mode: You only can use this situation if you are
the emitter. In this mode, the module will not send the packet to th
module, it will create an object (Valores) with three variables:

– Ee1: End-to-end delay from the emitter host until the copy mo-
dule, necessary to make calculations adding to Ee2
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– Simtime1: Simulation time in the moment that we receive the
packet, it will be useful for calculations in th module.

– Sequence number of the packet, necessary to count the packets
and check if we lose someone.

Finally, we attach this information to the packet, and send to the net-
work, we will not send it to th module.

• Mode 2, receiver mode: In this mode, we only copy the message and
send one to the th module and the another one to the network, until
destination. If its only an ARP packet, we don’t copy and directly send
to the network.

4.2.8 TDelay module

TH module, or Tdelay, is used to make all the calculations about through-
put, delay and jitter. It’s a modification of the thrupumeter module from
INETMANET framework, but due the limitation when we are calculating
the jitter and delay, we decided create a new module with this characteris-
tics. The code of this module it’s at the end of this report. We introduced
three new variables, pkDelayVector, pkDelayStats and JitterVector.

• PkDelayVector: We use this to record the End-to-end delay total, by
substract the actual simulation time with the Simtime1 value from the
packet, and adding the Ee1 too. We will use this for visualization.

• PkDelayStats: We will use this to record again the End-to-end de-
lay total, and also calculate parameters like mean, standard deviation,
etc... and recording it in scalar variables.

• JitterVector: We will use this to record the Jitter, to calculate it we will
use another vector called pkJitter, where we save the values of end-to-
end delay, and with all this we calculate the standard deviation of the
data stored in the vector, and this will be the Jitter in that moment.

Also, we modified the function handleMessage() and create a new one, Re-
cordDelay(). We added a timer and a decider to check the sequence number
of the packets. This is necessary because we have to deal with the messages
out of time, in a real network is very common which we receive a packet
with a different sequence number than we expect, because the delay inside of
it. Because of it, we need an implementation which let us get the sequence
number of the packets, check if they come in order and give them a given
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time to wait for the packets out of time, if they don’t appear in that time it
will be a packet lost.

How can we get it? Lucky for us, OMNET++ has very good tools to
program timers in an easy way. In our case, our timer will wait two seconds
every time that we receive a packet in the right order or even the higher
order, and if in that time an out order packet appears, it will be used for
statistics. If the time passed, and no new packets in the right order appear,
every packet out of order will be discarding until receive a new packet in the
order that we are waiting for. But we shouldn’t be very strict with discarding
the packets, because sometimes we need them even in wrong order for some
applications. So, we will have three situations, which we explain now:

• Packet arrives with the right sequence number: we increase the counter
of expected packet and the timer.

• Packet arrives with higher sequence number: we make a jump in se-
quence numbers, our expected sequence number will be the same of
actual packet, and the packets before the old expected sequence num-
ber will be discarded. But packets between actual sequence number and
old sequence number will have a chance to be received if they arrived
in the time before the timer finish.

• Packet arrives with lower sequence number: if the timer finished or its
lower than our counter of out of number packets, will be discarded. If
not, will be used for statistics.

Finally we will record the measurements in vectors and scalars variables.

4.2.9 Decider module

Now, finally, we can explain the module which decides if we are going
to use the active or passive mode. We will use two variables, passive and
emitter, to take the decision. We will have two modes:

• 1. Emitter mode on: We are the emitter module, so we have to send
packets in the direction of stats module towards the network. In the
passive mode, every packet that we receive from the statistics module
will be discarded, and we only let the flow between stats and the host
connected to our emitter module. If the passive mode is off, it would
be the opposite way, only packets from statistics module and not from
the host.
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• 2. Emitter mode off: We are the receiver module, so we receive packet
and send reply. In the passive mode, we only let transmit packets
between stats and host, deleting all the packets from statistics module.
In the active mode, same with emitter.

Because of the last modules, we have to make modifications in the Om-
net.ini file, adding a few lines to indicate values of emitter and passive mode:

Also, because of the active mode, we have to declare same values of ping
application for statistics module inside of emitter module:
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4.2.10 OSPF multiarea

Now, we will design a multiarea OSPF network with 42 routers and 7
host, and we will make different experiments, like a ping, TCP and UDP
application and we will measure again throughput, delay and jitter.

First at all, we have to set the project references, because we need to use
the modules from PingDelayjitter. To make this, he must to configure in our
makemake file that we want to use shared libraries from another project, like
in the next figure :

Figure 21: Makemake options file

Now we are ready to start. This time we will not use a common router
but an OSPF router from INTETMANET framework. We will use OSPF
routing, not like in the past example which we used statics routes, and the
omnet.ini file will must to change to introduce the new situations to simulate.
We must to add new lines more, in order to define the xml file in the routers
with the information of OSPF AS network:

ospf.ospfConfigFile =“ospfmultiareaconfig.xml”
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Finally, the network would be like this:

Figure 22: OSPF network
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4.3 Simple network ping application example

4.3.1 First version

Although all the data in is very useful, is not very friendly to the view of
the user. Because of that, we record all the information and export to file
called elog. In the next figure, we can see the elog with all the parameters:

Figure 23: Elog example

Problem is here we have too much information. Using the button Filter
we can select only the nodes that we are interested in check. For example,
in this case, for ping application, we only want to see source and sink node,
in order to check that there is a message exchange between these nodes. In
the next figure we can see how filter works and the message exchange:

Figure 24: filter parameters
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Figure 25: Elog with filter

Here, its very easy to see the performance of the system, and if you have
any problem, you only have to read the details. Like a summary, we can say
that the simulation generates a ping datagram, after is encapsulated in the
link layer and sent across the network until the receiver, which desencapsulate
the packet, read the datagram and send one ping datagram as answer.

All of this is described in the details, but with more information.

Now, we are going to make first approach to get network with statistics
simulation.

The only varition respect the normal simulation is module th in receiver.
Its possible see what kind of measurements this node can do if we make
double-click in the “th” module:
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Figure 26: Thruputmeter node parameters

During simulation, with double-click in cOutVector thruput, we can see
the evolution of the throughput in the time:
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Figure 27: Throughput evolution during simulation

4.3.2 Final version

Last step, it’s implement final approach to get network with statistics
simulation. In this case, we have a module emitter and receiver which collect
statistics, and we will use to visualize parameters OMNET++ tool Gnuplot.

Now, we will proceed to show graphs with results about Throughput, End-
to-end Delay and Jitter. Also, we will show a comparative between Elog and
our values of Delay to show that our calculations are right.

In the first time, we will visualize the Elog with the values of ping1, we will
check the End-to-end delay with our calculated value, if it’s the same, our
code is working. So, next figure show the beginning of the ping transmission:
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Figure 28: Ping OSPF

As we can see, ping transmission starts in the 21 second of the simulation
time. Lets check when ping packet arrives to tDelay module:

Figure 29: Packet arrives to th module
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We can see the actual time, it’s 21.000137 seconds from the simulation
start. So, with a fast calculation, we can say that the End-to-end delay
would 0.000137 (1.37E-4) seconds. Also in the elog is possible watch the
value of the object attached to our packet with the variables.

4.4 OSPF Simulation

4.4.1 Ping application between Area1 and Area2

If we start the simulation:

Figure 30: Simulation events
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We can see a menu where you can choose the experiment to make. First
one is ping application between area 1 and area 2 (similar code than with
previous ping example in omnet.ini):

Figure 31: Simulation

Figure 32: Simulation areas

48



Its possible see how the network configuration is starting, in the last stage
the areas are defining with the routers and their interfaces. We stopped the
simulation when T= 40 s, adding the next line to the omnet.ini file:

sim-time-limit = 40.0s

Like in the past example, we will record the data of simulation and show
in elog:

Figure 33: Elog OSPF

But here it’s impossible see anything, so we will make filtering as in the
past example:

Figure 34: Ping graph in OSPF
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Here it’s no so complicate see the way of the packet. In the beginning,
Area1(Host1) send a ping datagram to the network, it arrives to Router
21, which check the packet and route to the next device, Router 22 which
recognize the host network and send to Host4. This host receive the ping,
prepare a new ping datagram and send to Host1, making the same way than
the another packet. This packet, finally arrives to its destination.

This time, in the router files, because our routers are not connected directly
with the destination host and we are using OSPF, in the .mrt file we cannot
define static routes, but multicast routes:

Figure 35: Routing file

Now we don’t need to make a special static routing for every router, it’s
easier because we can repeat this configuration in all the device, pretty much
useful.
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4.4.2 Video streaming application between Area1 and Area2

Now, we will simulate a very interesting experiment, it’s about simulate
a streaming traffic of video with UDP and constant rate. We will use the
videostreaming server and client tool from INETMANET framework to ac-
complish this. Code that we must to add to the omnet.ini is like follows:
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Now we will show the elog with the information about the communication
between modules:

We can see that in this case, application is different. Because we are
using UDP protocol, we don’t need establish a connection between them,
in the datagram we have enough information. So the server starts to send
datagrams, which arrive to the destination host crossing the network without
an reply packet. Also, delay time would be in this case 1.1E-3seconds.
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4.4.3 Voice application between two host in Area 3

Now, we will simulate a streaming traffic of voice with UDP and constant
rate between two hosts. We will use the UDPbasicapp server and client tool
from INETMANET framework to accomplish this. Code that we must to
add to the omnet.ini is like follows:

54



Now we will show the elog with the information about the communication
between modules:

We can see that here, like in the previous case, we don’t need establish
a connection between them, in the datagram we have enough information.
So the server starts to send datagrams, which arrive to the destination host
crossing the network without an reply packet. Also, delay time would be in
this case 2.8E-4seconds according with elog (for the first packet, the next is
1.7E-4).

55



4.4.4 TCP application between Area1 and Area2

Now, we will simulate an HTTP application with TCP. We will use the
TCP server and client tool from INETMANET framework to accomplish
this. Code that we must to add to the omnet.ini is like follows:
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Now we will show the elog with the information about the communication
between modules:

Figure 36: SYN

We can see the transmission of SYN from Host1.
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Host4 sends SYN+ACK:

Figure 37: SYN+ACK

Finally, Host1 ends the handshake sending an ACK message.

Figure 38: ACK
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In the next figure, we can see a part of the transmission:

Figure 39: Segment transmission

This time we have to establish a TCP connection between two nodes, so
we will need more time to send the data, but it will be more safe.
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5 Analysis of the results

5.1 Introduction

In this chapter we will introduce the results of the simulations for the im-
plemented models, which parameters of simulation was introduced in the last
chapter. These results are very useful, because we can check if our calcula-
tions and code are right, and also watch performance of different transport
protocols like TCP, UDP or ICMP in our OSPF network.

Now we will define evaluation methodology of the results of simulation.
After that, we will show briefly the obtained results and we will make a
comparative between ideal calculations and real data obtained. Finally, we
will show througput of different protocols versus packet loss, to check how
much is important in the network when we lose packets. After that, we will
make conclusions and bibliography.

5.2 Methodology

Validation of results is as important as results themselves, because from
its quality depend our conclusions. So, we are going to evaluate efficience
network parameteres, or primary parameters.

In first place, we will evaluate Binary rate of packet flow, throughput,
which is a measurement of binary rate from data flow associated to a packet
group in the network.

• Units: bits number per second(bps)

• How to measure it: we have two methods, when we are measuring TCP
applications, througput will be maximum theorical throughput in one
interval, this is, maximum window size(64KB) divided by RTT(round
trip time). In the rest of tests, we will sum all the size in bits of every
packet arrived in one interval of time and we will divide them by time
in seconds of such interval. For the average throughput, we will sum
all the size of the packets received in the network in all the time of
simulation divided by complete time of simulation.

• Measure points: all the points with a receiver module with the right
configuration.
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In second place, we will evaluate End to end delay, Eed, which is average
latency calculated upon a time period which represents how much time need
a packet to go from emitter to receiver.

• Units: seconds(sec)

• How to measure it: we transmit packets with time mark and in the
receiver we compare the value with actual time, obtaining difference.

• Measure points: all the points with a receiver module with the right
configuration.

In third place, we will evaluate Jitter, which is sum of all positive and
negative variations of delay in a time interval.

• Units: seconds(sec)

• How to measure it: we calculate the standard deviation of End to end
delay vector every time that we receive a new packet

• Measure points: all the points with a receiver module with the right
configuration.

5.3 Evaluation of results

5.3.1 Ping application first version

Now we are going to check the file general.anf, which will be very useful
to graph the data taken across the simulation.

We can create graphs with this information in Omnet++, which help us to
get a better visualization. We only have to go to datasets, and create groups
with the information which we are interested in show in figure 40:
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Figure 40: Charts and datasets

For example, if we are interested in show the evolution of throughput in
the simulation, we only have to select the vector thruput from browse data
in H2 node, send to dataset and show in a line chart:

Figure 41: Selecting data
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Figure 42: Evolution Throughput graph

The average throughput(bit/s) is:

Figure 43: Average Throughput graph

For delay and jitter, we will use the parameter RTT (round-trip delay
time), which is the length of time it takes for a signal to be sent plus the
length of time it takes for an acknowledgment of that signal to be received (in
this simulation, ping). In our case, we define jitter as the standard deviation
of interarrival times, and ent-to-end delay as the time that takes to packet
arrives to its destination from the source. So we are talking about the half
of the RTT. We can export the vector of RTT to Matlab or Octave, where
we can make calculation of mean and standard deviation (jitter). But first,
we will create a vector divide by half and we will show the end-to-end delay
in the figure 44:
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Figure 44: Computing RTT

In the last graph, we define a grah with the data of RTT divide by two:

Figure 45: End-to-end delay graph

Now, we are ready to export the data to Matlab, and calculate the mean
and the standard deviation of the new vector:
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Figure 46: Delay and jitter graph

With this, we can see that the end-to-end time is very low, and the jitter
is almost negligible.

5.3.2 Ping application second version

Now in the next figure we will show our calculated End-to-end delay:

Figure 47: End to end delay calculated
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It’s easy to see that in the moment that packet arrives in the tDelay module
(21.000137 s) our End-to-end delay calculated is 1.37E-4 s, exactly the same
from Elog, so our code is working. In the next figure you can see a graph
with End-to-end delay values recorded:

Figure 48: End to end delay graph
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For the Jitter, would be the same process:

Figure 49: Jitter graph

And finally, throughput:

Figure 50: Throughput graph
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Finally, we can see the media from throughput, jitter and delay with scalars
variables:

Figure 51: Jitter mean

Figure 52: Throughput mean
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Figure 53: Delay mean

So, final mean values are:

Figure 54: Mean table

Finally, if we want to use this modules in other projects, we have to con-
figure the makemake file like a shared library, in the next figure is very easy
see how you must do it:

Figure 55: Makemake options file
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5.3.3 OSPF Ping

For this ping application between two different areas, we can show the
throughput evolution in the next graph:

Figure 56: Througput evolution

For End-to-end delay:

Figure 57: End to end delay evolution
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And finally, jitter:

Figure 58: Jitter evolution

It’s not complicate see that because we have constant traffic, the through-
put is always the same. We can see that it converges very fast to the solution,
although not so fast than with statics routes. But here configuration is easier
and if a link is down during test network can find another route in simulation
time. In the case of delay, in the first ping takes more time find the route
so delay is bigger, but once that OSPF network find the route remains the
same. Jitter is a decreasing graph because we have values for delay very
different in the beginning but when we are getting more pings with the same
delay the variance between them is less.

So, final mean values are:

Figure 59: Mean table
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Comparative between Delay and Jitter:

Figure 60: Delay and Jitter scalars

And now, we will compare the values that we have measured with ideal
values. These ideal values were calculated by divide the size of a ICMP
packet plus IP header between the time. If we transmit 512 data bytes, we
multiply 512*8= 4096 + 20 bytes(IP header)*8= 4256 bits/sec:

Figure 61: Comparative between ideal and real throughput values
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For delay, we used values from elog:

Figure 62: Comparative between ideal and real delay values

It’s easy check that values are almost the same, so protocol is well imple-
mented.
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Finally, we can see throughput variation versus packet loss:

Figure 63: Throughput versus packet loss
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5.3.4 OSPF Video UDP

So now, we are able to check our results. First place, we will visualize the
graphs for throughput, delay and Jitter:

Figure 64: Throughput evolution

Figure 65: Delay vector evolution
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Figure 66: Jitter evolution

As we can see, here the values for jitter and delay are very constant and
we send more packets in the same time, this is because we don’t have to send
reply like in the ping application, so it’s faster. We have a throughput close
to 1MB/sec, which is the size of the packet, so the network is answering well.

So, final mean values are:

Figure 67: Mean table

And now, we will compare the values that we have measured with ideal
values. These ideal values were calculated by divide the size of the packet
between the time. If we transmit 1000 data bytes, we multiply 1000*8=
8000 + 20 bytes(IP header)*8 + 8(UDP header)*8= 8224 bits, and we send
packets every 0.01 seconds, so 8224/0.01= 822400 bits/sec:

78



Figure 68: Comparative between ideal and real throughput values
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For delay, we used values from elog:

Figure 69: Comparative between ideal and real delay values
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It’s easy check that values are almost the same, so protocol is well imple-
mented. In the throughput, we start to transmit after 10 seconds, and first
packet has more delay because we need time to get connection and create
the path between nodes, so our first throughput is different than rest, but
after that is balanced and same than ideal one.

Finally, we can see throughput variation versus packet loss:

Figure 70: Throughput versus packet loss
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5.3.5 OSPF Voice UDP

So now, we are able to check our results. First place, we will visualize the
graphs for throughput, delay and Jitter:

Figure 71: Throughput evolution

Figure 72: Delay vector evolution
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Figure 73: Jitter evolution

As we can see, results are very similar to the UDP application for videos-
treaming in the previous example, but here the host are closer so the time
is less. Also, because we are working with small size packets, Throughput is
lower (we don’t need to send too many data in the packet to send audio).

So, final mean values are:

Figure 74: Mean table

And now, we will compare the values that we have measured with ideal
values. These ideal values were calculated by divide the size of the packet
between the time. If we transmit 1000 data bytes, we multiply 150*8 + 20
bytes(IP header)*8 + 8(UDP header)*8= 1424 bits, and we send packets
every 0.02 seconds, so 1424/0.02= 71200 bits/sec:
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Figure 75: Comparative between ideal and real throughput values
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For delay, we used values from elog:

Figure 76: Comparative between ideal and real delay values

It’s easy check that values are almost the same, so protocol is well imple-
mented. In the throughput, we start to transmit after 6.02 seconds, and first
packet has more delay because we need time to get connection and create
the path between nodes, so our first throughput is different than rest, but
after that is balanced and same than ideal one.
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5.3.6 OSPF TCP

In the next graph we can see evolution of throughput, bytes sent vs time,
delay and jitter:

Figure 77: Throughput

Figure 78: Bytes sent vs time
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This time, measurement of the throughput vector is not so good, it stops at
10s, because transmission is so fast(we send all the file in less than 1 second,
because the size file is too small) that the application cannot record it with
accuracy. So it’s better trust in the chart bytesSent and average throughput.
Delay and jitter would be like this:

Figure 79: Delay evolution

Figure 80: Jitter
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Delay and jitter look right, but we transmit so fast our burst that in only
a few instants we have sent the data to destination.

So, final mean values are:

Figure 81: Mean table

In the next figure we can see comparative between Delay and Jitter:

Figure 82: Comparative Delay vs Jitter

We can see that we have more jitter with TCP, because we transmit in
burst, and they arrive in different moments.

And now, we will compare the values that we have measured with ideal
values. These ideal values were calculated by divide the size of the packet
between the time. If we transmit 1452 data bytes, we multiply 1452*8 +
20 bytes(IP header)*8 + 20(TCP header)*8 = 11936 bits, but this time we
are calculating the maximum throughput, which is 65535*8 = 524280, and
divide it by RTT(Round trip time, in this case, we can use End to end delay
because ack is faster than segment):
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Figure 83: Comparative between ideal and real throughput values

For delay, we used values from elog:
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Figure 84: Comparative between ideal and real delay values
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It’s easy check that values in delay are almost the same, so protocol is
well implemented. In the throughput, we start to transmit after 11 seconds,
and there are some differences but it’s because the decimals taken in the
calculations, the difference is negligible.

Finally, we can see throughput variation versus packet loss:

Figure 85: Throughput versus packet loss
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And now, we can see a comparative between throughput variation versus
packet loss in the different problems:

Figure 86: Throughput versus packet loss
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6 Conclusions

This is my first time working in Omnet++, and I have to say that alt-
hough in the beginning was very complicated because I didn’t know to use
the application, now I feel much self-confident and I know how powerful is
working with it.

In this report we worked with simple examples of networks, we learnt
to create a design, configurate the .ini file, simulate and analyze results.
Also, we probed different protocols and see how can they work in a large
OSPF network. It’s easy see that UDP is better for multimedia application
because its jitter and delay are lower than for TCP, but TCP is more safe.
Also, we could see that OSPF network is better than a static route because
autoconfigure option when a link is down, and it’s easier add new nodes to
make a bigger network. Also, we have services like load balance

But also, we must to say that TCP has a very good behaviour respect
packet loss.

OMNeT++ was the main subject of this assignment. Because two simu-
lations were looked into, it was possible to get a good impression of the
program. The separation of the description of the network layout and the
actual implementation of the nodes of this network is a positive point of the
program. The description of the network is done in the simple structured
NED language and for the implementation of the nodes the C++ libraries
provides all the flexibility and functionality needed. The graphical interface
is very useful for showing the network layout and the exchange of messages
in the network. For simulation development purposes however it is not often
used.

So, is OMNeT++ a useful simulator? Yes, and maybe no. It has got a lot
of useful functions and a lot of people are contributing to the open source
packet. But not everyone is going to build his or her simulation from scratch.
They want to use existing 100There are already a number of models present
for OMNeT++, for example the IPv6Suite and models for 802.11. If this list
of models keeps growing, OMNeT++ can become even more successful.
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