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Abstract 
 

Real time applications over IP network became widely used in different fields; social 

video conference, online educational lectures, industrial, military, and online robotic 

medical surgery. 

Online medical surgery over IP network has experienced rapid growth in the last 

few years primarily due to advances in technology (e.g., increased bandwidth; new 

cameras, monitors, and coder/decoders (CODECs)) and changes in the medical care 

environment (e.g., increased outpatient care, remote surgeries). 

The purpose of this study was to examine and analyze the impact of IP networks 

parameters; delay, jitter, throughput, and drop packet on the performance of real-

time medical surgery videos sent across different IP networks; native IPv6, native 

IPv4, 6to4 and 6in4 tunneling transition mechanisms and compare the behavior of 

video packets over IP networks. The impact of each parameter over IP networks is 

examined by using different video codecs MPEG-1, MPEG-2, and MPEG-4.  

This study has been carried out with two main parts; theoretical and practical part, 

the theoretical part of this study focused on the calculations of various delays in IP 

networks such as transmission, processing, propagation, and queuing delays for 

video packet, while the practical part includes; examining of video codecs 

throughput over IP networks by using jperf tool and examining delay, jitter, and 

packet drops for different packet sizes by using IDT-G tool and how these 

parameters can affect quality of received video.  

The obtained theoretical and practical results were presented in different tables and 

plotted into different graphs to show the performance of real time video over IP 

networks. These results confirmed that video codecs MPEG-1, MPEG-2, and MPEG-4 

were highly impacted by encapsulation and de-capsulation process except MPEG-4 

codec, MPEG-4 was the least impacted by IPv4, IPv6, and IP transition mechanisms 

concerning throughput and wastage bandwidth. It also indicated that using IPv6-to-

4 and IPv6-in-4 tunneling mechanisms caused more bandwidth wastage, high delay, 

jitter, and packet drop than IPv4 and IPv6. 
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Chapter 1 

INTRODUCTION 

In the past few years, real time video applications over Internet Protocol (IP) are 

rapidly growing every day since broadband connections were available publicly. 

Trend of using real time video over IP network is rapidly increasing these days and 

researchers have developed new video codecs to enhance the ability of transmission 

of video packets over IP network. However, as numbers of users increase, this 

technology relies on IPv4 based addresses and as cautioned by related research, 

IPv4 is expected to be out of IP addresses in the next few years. To resolve IPv4 

shortage, the International Engineering Task Force (IETF) has designed a new 

version of IP address (IPv6) that uses 128-bits with many new features to be 

optimal solution for packet transmission limitations in IP networks [1]. 

Unfortunately, the world-wide scale migration from IPv4 to IPv6 within a short 

period is unfeasible because IPv4 and IPv6 are incompatible protocols. 

The coexistence of IPv4 and IPv6 contains a problem of incompatibility because of 

both IPv6 and IPv4 headers are not the same and they are totally different from each 

other. Therefore, many transition techniques were adopted to overcome this 

problem and to make the migration from the current IPv4 networks to IPv6 

networks simple and easy, such as Dual Stack, Tunneling, and Address Translation.  

However, these IP transition mechanisms raise different quality concerns for real 

time video communication when video is transmitted over IP networks by using 

these transition mechanisms.  

The online medical robotic surgery systems over IP network are a special class that 

underlies important application domains. The main characteristic of medical 

surgery system is the need for deadline satisfaction. The online medical robotic 

surgery system over IP network consists of three primary components: 

 A video viewing on surgeon site (client Site) 

 A surgical (robotic) arm unit on patient site (server Site) 

 IP network between two sites  

The online medical robotic surgery systems over large geographical distances suffer 

packet loss and network communication delays, as the data are transmitted via the 

Internet.  

There are several parameters that affect the performance of real-time medical 

robotic surgery system due to packet transmission over IP networks. They can be 

classified as follows: 
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 Network parameters: delay, jitter, and packet loss are results of packetization 

and transmission of video stream through the IP network.  

 Coding and compression parameters: They affect the resolution (quality) of 

video, so they depend on the type of the video codec e.g Moving Picture Experts 

Group (MPEG), output throughput, and frame rate per sec. 

A number of studies have shown ‘continuous-movement’ event for the video 

viewing or robot arm could become a ‘jump-movement’ event when a burst of 

packet loss and delay happened over IP network, that is, the moving dot stopped 

and then suddenly jumped over the wall, continuing the movement. The proportions 

of ‘jump-movement’ trials were close to the packet loss rates and delay respectively 

[2]. 

To clarify the different related issues on this subject area, this thesis initiated to 

identify the performance of real time video viewing over IP network using multiple 

video codecs MPEG-1, MPEG-2, and MPEG-4. Metrics covered in the experiments are 

jitter, delay, throughput, and packet loss over IPv4, IPv6 network, and two well-

known IP transition mechanisms such as IPv6-to-IPv4, and IPv6-in-IPv4. More 

specification and depth will be covered in this thesis.  

 

1.1  Research Questions 

A more focused approach on thesis project is a key factor among many factors that 

needed to obtain good results, for the purpose of achieving to the best results, our 

thesis needs to answer some of the questions that achieve the thesis goals and 

methodologies. The thesis needs to answer the following questions: 

 Are the IPv4, IPv6, and IPv6/IPv4 transition mechanism having any impact on 

online video transmission? 

 How can the video codecs (MPEG-1, MPEG-2, and MPEG-4), delay, jitter, and 

throughput affect online video transmission and quality? 

 How can video packet’s size impacts the online video transmission? 
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1.2  Aim and Contributions 

The main aim of thesis is to investigate the impact of delay, jitter, packet loss and 

throughput on real time video transmission over IPv4, IPv6, and IPv6/IPv4 

transition mechanisms. The main objectives covered in this study are:  

 Evaluate the impact of IPv4, IPv6, IPv6to4, and IPv6in4 on online video quality. 

 Examine the IP network parameters (delay, jitter, throughput, and packet loss).  

 Test the video codecs (MPEG-1, MPEG-2, and MPEG-4) in order to find the best 

video codec to be used in online video transmission over IP networks; IPv4, IPv6, 

IPv6to4, and IPv6in4. 

This thesis includes three scenarios, in each scenario, the delay, jitter, dropped 

packet, and throughput evaluated and calculated.  

 
Scenario 1: Native IPv6 Network 

The first scenario will be implemented by using native IPv6 network with seven 

routers, two switches, one traffic generator, and hosts of IPv6. Three sites will be 

connected by Ethernet links; two of them are enabled as client and server IPv6 sites 

and the middle site as Internet Service Provider (ISP). The OSPFv3 is enabled over 

client’s site, BGP+4 is enabled over the ISP’s site, and EIGRP is enabled over server’s 

site. The real-time video traffic will be transferred between client’s site and server’s 

site over native IPv6 by using RTP/UDP/IPv6, three MPEG video codecs, and two 

web cameras.  

In all the scenarios, the End to End Delay (E2ED), jitter, and packet loss, will be 

calculated by using Distributed Internet Traffic Generator (D-ITG) tool, while the 

throughput measurements will be made by using Internet Performance (IPerf) tool. 

In addition to that, the real time video transmission between client and server will 

be implemented by using Video LAN Client (VLC) software. 

By using mathematical equations, the theoretical calculations will be carried out for 

throughput and E2ED of IPv6 packets by summing the transmission, propagation, 

processing, and queuing delays over native IPv6. 

 
Scenario 2: Native IPv4 Network 

The second scenario will be implemented by using native IPv4 network with seven 

routers, two switches, one traffic generator, and hosts of IPv4. Three sites will be 

connected by Ethernet links; two of them are enabled as client and server IPv4 sites 

and the middle site as Internet Service Provider (ISP). The OSPFv2 is enabled over 

client’s site, BGP is enabled over the ISP’s site, and EIGRP is enabled over server’s 

site.  
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The real-time video traffic will be transferred between client’s site and server’s site 

over native IPv4 by using RTP/UDP/IPv4, three MPEG video codecs, and two web 

cameras. By using mathematical equations, the theoretical calculations will be 

carried out for throughput and E2ED of IPv4 packets by summing the transmission, 

propagation, processing, and queuing delays over native IPv4. 

 

Scenario 3: Tunneling Transition Mechanism 

The third scenario will be implemented by using IPv6-to- IPv4 tunneling mechanism 

and IPv6-in-IPv4 tunneling mechanism with seven routers, two switches, one traffic 

generator, and hosts of IPv6. Three sites will be connected by Ethernet links, two of 

them as IPv6 sites and the middle site as IPv4 Internet Service Provider (ISP). The 

edge router of the first site tunnels the IPv6 packets to remote IPv6 destination host 

over IPv4 by using both tunneling transition mechanisms with EGRIP and OSPF 

routing protocols. The real-time video traffic will be transferred between client’s 

site and server’s site over IPv6/IPv4 tunnel by using RTP/UDP/IPv6/IPv4, three 

MPEG video codecs, and two web cameras. 

By using mathematical equations, the theoretical calculations will be carried out for 

throughput and E2ED of 6to4 and 6in4 packets by summing the transmission, 

propagation, processing, and queuing delays. 
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1.3  Related Work Review  

 Temporal discontinuities and delay caused by packet loss or communication 

latency often occur in multimodal telepresence systems. It is known that such 

artifacts can influence the feeling of presence. However, it is largely unknown 

how the packet loss and communication latency affect the temporal perception of 

multisensory events. In this article, they simulated random packet dropouts and 

communication latency in the visual modality and investigated the effects on the 

temporal discrimination of visual-haptic collisions. The results demonstrated that 

the synchronous perception of crossmodal events was very sensitive to the 

packet loss rate. The packet loss caused the impression of time delay and 

influenced the perception of the subsequent events. The perceived time of the 

visual event increased linearly, and the temporal discrimination deteriorated, 

with increasing packet loss rate. The perceived time was also influenced by the 

communication delay, which caused time to be slightly overestimated [2]. 

 The network (simulation) tool ns-2 is used to study the IPv6-to-IPv4 and IPv4-to-

IPv6 transition on the Dual Stack Transition Mechanism (DSTM), and used 

Bandwidth, Throughput, Dropped Packet and Mean End-to-End Delay for 

different type of traffic sources as evaluation criteria [3].  

The simulation results show that, when the traffic density of IPv6 session 

increases, the bandwidth of IPv6 session increases at the expense of the 

decrement of the bandwidth of IPv4 session. On the other hand, the increment of 

the traffic density of IPv4 session does not increase its bandwidth due to its lower 

priority. In addition, the increment of packet size of IPv6 traffic results in the 

increment a little bit of the Mean End-to-End Delay. However, this is not the case 

for IPv4 traffic. 

 Measuring of both IPv6 and IPv4 round-trip delays from two locations. This 

study identifies the existence of an IPv6 path problem by comparing IPv6 delay 

measurements to IPv4 delay measurements. These results indicate that the 

majority of IPv6 paths have delay characteristics comparable to those of IPv4. 

This paper presents the tools used to support this study, and the results of our 

measurements conducted from two locations in Japan and one in Spain [4].  
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Chapter 2 

BACKGROUND 

 

Introduction 

Before we implement the real time video over IP networks, we need to understand 

the basic concepts of IPv6 and IPv4, such as datagram format, header format, 

multiple headers, fragmentation, reassembly, and path MTU, addressing types, 

routing protocols, address formats, IPv6 transition strategies, and QoS mechanism. 

In addition, this chapter will deal with properties of video codecs, encapsulated 

packet sizes over internet protocol, and traffics generating tools. 
 

2.1  IPv6 and IPv4 Concepts 

IPv6 has many enhancements comparing with IPv4 such as enhanced IP addressing, 

simplified header, enhanced mobility, and transition richness. The major differences 

between IPv4 and IPv6 are; header size, number of IP addresses, Dynamic Host 

Configuration Protocol (DHCP) server, processing checksum, built-in Internet 

Protocol security (IPsec), and Quality of Service (QoS).  

 

2.1.1 Features 

Many new features have been established with the IPv6 protocol to overcome IPv4 

limitations [5]. These new features will be discussed in detail in the following 

sections:  

a) Large and new header format: 

The headers of IPv4 and IPv6 are not compatible neither identical with each other 

fields. The number of header fields is reduced from 12 in IPv4 to 8 in IPv6 as shown 

in figure 1. The intermediate network devices such as routers, switches, and also 

end users point’s devices must have a mechanism for both IPv4 and IPv6 to 

distinguish and process both header formats [6].  
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Header 
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a) IPv4 Header Format 
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Version Priority Flow Label 

Payload Length Next Header Hop Limit 

 Source Address  
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b) IPv6 Header Format 
 

Fig. 1: IPv4 and IPv6 Headers Format 
 

 

The IPv6 header is doubling size of the IPv4 header. In current version (IPv4); 20 

bytes are assigned for header, while new version IPv6 header size is 40 bytes. In the 

case of IPv4, the header fields were aligned to 32 bits, but in IPv6 they are aligned to 

64. The header fields and their meanings are shown in the Table-1.  
 

Table-1: Description of IPv6 Header Fields 

Name of Field Length (bit) Description 

Version field 4 Version No. 
Traffic class 

field (priority) 
8 

The value used to show the priority of the 
traffic. 

Flow Label field 20 
This field used by the source to label a set of 
packets associated to the same flow. 

Payload length 
field 

16 
Shows the data length in the packet following 
the main header. 

Next Header 
field 

8 
Specifics the type of header that follows the 
header of ipv6 header. 

Hop Limit count 8 
Each node will decrease this field of the packet 
by one, if its value equal zero the packet will 
be dropped. 

Sources address 128 Sender address. 
Destination 

address 
128 Recipient address. 

 



- 8 - 

 

b) Extending the addressing space: 

The major difference between IPv4 and IPv6 is the number of IP addresses. The 

source and destination address of IPv4 are 32 bits (4 bytes) in length, while the 

enlargement of both the source and destination address of the IPv6 are 128-bit (16 

bytes) will give a huge addressing capacity nearly up to (3.4)1038 possible addresses 

combinations [7]. Thus, deployment of Network Address Translation (NAT) in IPv4, 

are no longer necessary to be used in IPv6 due to the much larger number of 

available addresses. 

  

c) Stateful and stateless addressing configuration:   

IPv6 address auto configuration was introduced to enable plug and play networking 

devices. IPv6 address auto configuration can be done by two ways; stateful address 

configuration in the presence of a Dynamic Host Configuration Protocol (DHCP) 

server and stateless auto configuration of a DHCP server absence [8]. In state of 

stateless address, hosts will automatically configure themselves with IPv6 addresses 

(link-local addresses) and hosts can automatically configure themselves.  

 

d) Better Enhancement for (QoS):      

IPv6 new header fields specify and indicate how the traffic is being handled and 

identified. The traffic identification mechanism can be done, by Flow Label field 

which is located in the new IPv6 header, this mechanism allows routers to simply 

identify and provide special handling and look after for packets that belong to that 

flow [9]. A flow can be defined as a series of packets which travels between the 

source and the destination. Because the type of traffic is classified in the IPv6 

header, the QoS mechanism can be easily implemented even when the packet 

payload is encrypted by using IPsec [10]. 

 
e) Built-in security: 

IPv6 protocol suit supports Internet Protocol security (IPsec). IPsec support in IPv6 

is required in a full IPv6 implementation while IPsec support in IPv4 is optional. The 

security supporting of IPv6 will provide with a base solution for network security 

needed between interoperable IPV6 applications [11]. 

 
f) New neighboring node interaction protocol:  

The IPv6 Neighbor Discovery Protocol (NDP) provides a set of solutions to resolve 

the various communication related issues facing the nodes. The ND protocol enables 
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address resolution, that is, it resolves an IPv6 address to its corresponding link-

layer address of an interface in the IPv6 node [12]. During operation, a node may 

change its link-layer address. Neighboring nodes that are on the same link can 

detect this link-layer address change through specific ND protocol packets. The ND 

protocol for address resolution is independent of the link type because the protocol 

operates at the ICMPv6 layer. 

 

g) Extensibility: 

IPv6 can be developed for new extra features which can be done by adding 

extension headers, this extension header added after the original IPv6 header. On 

the contrary IPv4 header, IPv6 can support 40 bytes of options and the size of IPv6 

extension headers depends on the IPv6 packet size. The new extra extension 

headers make IPv6 more flexible than IPv4 and new extra features can be added to 

the header as needed [13]. 

 
2.1.2  Datagram Format 

The mechanism used by IPv6 to encapsulate received data from higher-layer 

protocols to be transmitted across the internetwork is almost the same that used by 

IPv4. The payload of an IPv6 datagram occurs due to the data received from the 

higher layers which consists of one or more headers. The routers will receive 

information from the datagram headers to route them across the network; the same 

will be implemented to the hosts so they can identify which datagram they must 

have [14].  

While the IPv4 basic use of datagram has not changed, the IPv6 datagram format 

and structure have been modified. The size of IP addresses is expanded from 32 bits 

to 128 bits by adding extra information to the header. Many unnecessary fields were 

canceled to match up with the necessary increasing applications sizes. IPv6 

datagram were also changed by adding features to meet the needs of modern 

internetworking. The followings are the made on IPv6 datagram [15]: 

a) Multi Headers Structure: Unlike IPv4, which use a single header format for all 

data, IPv6 encodes information into separate headers. A datagram contains of the 

base IPv6 header, many extension headers and data.  

b) Header Format: Almost every field in the header has been changed and renamed 

to reflect their actual use in modern networks. Many fields are replaced into 

extension headers to be used as needed. This new future reduces size and 

increases efficiency of datagram.  
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c) Checksum Elimination: To save time spent on checksum calculation by each 

device, the checksum field has been removed.  

d) Support QoS: A new field has been added to identify the prioritization of the 

traffic (Flow Label). 

 

2.1.3  Fragmentation and Reassembly 

The main function of the IP is to convey messages over an internet of connected 

networks. The routers carry the datagram between two hosts on distant network, 

one hop at a time, over many physical network links. The Maximum Transmission 

Unit (MTU) describes the size limit for a physical network, therefore datagram must 

be divided into smaller pieces so that can be fit on a physical network, and this 

process is called fragmentation and the reassembling the pieces at the destination 

device is called defragmentation. In IPv4, the process of fragmentation done by the 

routers themselves, thus the routers along the journey will be rather busy dealing 

with fragmentation, while in IPv6 the fragmentation is totally done by the hosts and 

the routers is taking care of forwarding the datagram to the next hop. In case of 

IPv6, if routers received too large datagram on its physical link the router will drop 

that datagram sending back Internet Control Message Protocol version 6 (ICMPv6) 

as a feedback process informing to tell the source device that the datagram is too 

large for this route. IPv6 can use this mechanism to discover the path MTU along to 

the destination, this process referred as Path MTU discovery [16]. 

 

Path MTU Discovery: 

Path MTU Discovery (PMTUD) is a mechanism done by the IPv6 network to 

determine MTU capacity of the network’s link between two hosts, with the aim of 

avoiding IP fragmentation. In other word, PMTUD mechanism should be used by 

IPv6 nodes in order to take advantage of the maximum link’s MTU between 

intermediate devices. Any IPv6 node does not use PMTUD, will use the predefined 

1280 byte as the maximum packet size (Payload +TCP/UDP header +IPv6 header). 

Since, the maximum packet size should be less than link’s MTU, this behavior will 

lead IPv6 source node to send unnecessary smaller packets (less than 1280 bytes) 

over its transmission link and this would be a waste of the network’s resources and 

will cause in a suboptimal throughput. The difference between IPv4 host and IPv6 

host regarding to Maximum Segment Size (MSS), is the IPv4 host can handle 536 

bytes as default MSS and IPv6 host can handle 1220 bytes as default MSS. The 

advantage of a 536 byte MSS is that packets are not likely to be fragmented at an IP 
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device along the path to the destination since most links use an MTU of at least 1500 

bytes. The disadvantage is that smaller packets increase the amount of bandwidth 

used to transport overhead. 
 

2.1.4  Multiple Headers (Extension Headers) 

In IPv6, the main header in the datagram might be followed by one or more 

Extension Headers (EH) and be added before the data payload. Creation of the EH 

will take place as a try in creating the datagram to have flexible and efficient 

attitude. Fields for special purposes that are needed in the datagram are put into EH 

which will be put into the datagram as needed. This will help in making the main 

header streamlined and quiet small with its contention of the fields that must be 

present always [17]. 

It is considered a good design to use EH for certain sets of information that is 

needed for common functions such as fragmenting. The extra information are going 

to be included in IPv4 datagram header as a form of options, instead IPv6 has the 

new concept of EH to introduce those options for slightly different purposes. Those 

options will provide the flexibility needed to represent fields with variable lengths 

used for any purpose. The same options will be defined using the same EH. In case of 

a datagram included by EH , those EH appears one followed by the other and all of 

them are following the main header as shown in figure 2. 

 
 

Fig. 2:  IPv6 Extension Headers  
 

The use of EH’s in IPv6 has made it very important to understand in which way the 

network devices (routers, switches and any forwarding devices) will handle and 

processes those EH’s . IPv6 EH and their recommended order in a packet are shown 

in Table-2. 
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Table- 2: Description of Extension Headers Fields 

Next Header 
Value 

EH Name  Length Description 

0 Hop By Hop Variable 
Set of options examined by all 
network devices along the way to the 
destination. 

43 
Routing 
header 

Variable 

Used by source device to choose the 
route for the datagram. This type of 
EH’s defines multiple routing types. A 
type 0 EH is defined by IPv6 standard 
(which is the same as loose in ipv4 
routing. 

44 
Fragment 

header 
8 

This extension header is included in 
the datagram, only when original 
message has been fragmented. 

50 

Encapsulating 
Security 
Payload 
header 

Variable 
Used to encrypt data for securing 
communications. 

51 
Authentication 

Header 
Variable 

Holds information to check the 
authenticity of the data already 
encrypted. 

60 
Destination 

Options 
header 

Variable 
This header contains set of options to 
be examined by datagram destination 
only. 

 

In previous extension headers, the Hop-by-Hop header and the destination header 

have numbers of options such as option type, option data length, and option data. 

Extension headers should be handled as they are found in the packet [18]. Most 

extension headers, related to security, will be handled only by the destination 

device; therefore they do not deteriorate the routers performance. The Hop by Hop 

options header of extension header only will be processed by all devices along its 

delivery path [19]. A Hop-by-Hop option can be used to keep the optional 

information that should be examined by every device along a packet delivery path. 

This type of header should immediately put after the IPv6 header, and its presence 

is assigned by zero in the IPv6 next header field [20]. 

 
2.1.5  Addressing Models and Types 

IPv6 has added a major modification to the IP protocol, but the modifications and 

additions have been made without changing the main principles of how IP works or 

acts. The IP addressing model used in IPv6 is still the same as in IPv4; few issues 
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have not changed at all, while some others have changed slightly. Some of the 

criteria and characteristics of the general characteristics that were found in the form 

version IPv6 address, which is essentially the same as in IPv4 [21]: 

a) Basic Addressing Functions: The two main functions basic of addressing are 

network interface and routing.  

b) The IP Addresses Number for a host: Addresses are assigned for all interfaces on 

the network, so an end device like a host will consequently have one (unicast) 

address, and therefore the routers will have more than one address.  

c) Address Interpretation and Prefix Representation: IPv6 addresses works in 

classless mode just like the IPv4 addresses in that they are translated as having a 

network identification part and a host identification part, but that the Placement 

is not encoded into the address itself.  

d) Public, Private Addresses: Both types of addresses found in IPv6, although they 

know and are used differently among themselves. 

One of the significant changes of IPv6 is the address types supported. Since IPv4 

deals with three address types: unicast, multicast and broadcast, IPv6 addressing 

differs from IPv4 addressing in significant ways. IPv4 address is 32-bit as series of 

four 8-bit fields, separated by dots as following form: 192.168.1.1. While IPv6 

address uses entries of 16-bit hexadecimal values that separated by colons as 

following form A:A:A:A:A:A:A:A. The three main basic types of IPv6 addresses: are 

multicast, anycast, and unicast. 
 

1. Unicast Address: It identifies a single device. When a packet sourced to the 

unicast address is copied and delivered to each interface which is identified by that 

address. There are three types of unicast addresses: 

a) Link-local unicast address: It is unique address and refers to a particular physical 

link (physical network), that means it is not routable out of the physical link. In 

other word, routers do not forward datagram using link-local addresses [22]. The 

Link-Local unicast addresses are only used to establish the local connection on a 

particular physical network segment. Link-local unicast addresses begin with FE8 

to FEB for third hexadecimal digit [23]. Therefore, Link-local unicast addresses 

start with, FE8, FE9, FEA, or FEB as shown: FE80:DB80:FE02::FFFF. 

b) Site local unicast: These addresses are used to address the packets within a 

network or an organization (site). Packets addressed to site local addresses 

should not be routed outside of the site. Site local unicast addresses begin with 

FEC to FEF for third hexadecimal digit. Therefore, Site local unicast addresses 

start with FEC, FED, FEE or FEF, as shown: FEC0:DB80:FE02::FFFF. 
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c) Global unicast address: It is globally unique address and has an unlimited scope 

on the worldwide Internet. Routers forward the packets with global source and 

destination addresses to their target destination on the Interne. The global 

unicast address is assigned by IANA to have 48-bit prefix for global routing and 

16-bit for subnet, the global unicast address always starts with value (2000::/3)  

as shown in figure 3, [24].  

 

Fig. 3: Global Unicast Address Fields 
 
 

2.  Multicast address: It is used to identify set of interfaces that assigned to 

different nodes. A multicast address happened when a packet is forwarded to all 

interfaces in the multicast group. Broadcast addresses are not found in IPv6, but 

their function being supported by multicast addresses [25]. Unlike IPv6, IPv4 has 

broadcast address causes several problems that are related to some interrupts in 

each computers on the network. 

3. Anycast address: It is used to identify for a set of interfaces that assigned to 

different nodes. An anycast address occurred when a packet is forwarded to the 

closed interface in the anycast group. 

 

2.1.6  IPv6/IPv4 Transition Strategies  

Since both IP versions (IPv6 and IPv4) are available and the IPv6 clients require 

remotely connecting to the IPv6 servers over IPv4 networks without any limitations, 

IPv6/IPv4 transition techniques are required.  

Consequently, IETF proposed number of transition mechanisms to migrate IPv4 

networks to IPv6 networks. These transition strategies can be divided into three 

categories; dual stack, tunneling and translation mechanisms [26]. 
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1) IPv6/IPv4 Dual-Stack Mechanism 

Dual stacking is an integrative way that helps a node to have a connection with both 

IPv4 and IPv6 network at the same time. Each node have two protocol stacks that 

allows configuration on the same interface that operate in parallel and allow 

network nodes to communicate either via IPv4 or IPv6 as shown in figure 4, [27]. 

 

IPv4 application  IPv4/IPv6 application 

 

TCP UDP  TCP  UDP 

    

IPv4   IPv4  IPv6 

 

Ethernet   Ethernet 

Single Stack   Dual Stack 

(a) Cisco IOS Dual-stack 

 

 

 

 

 

 
 

(b)  

(c) Dual-stack routers interfaces configuration 

Fig. 4:   Architecture of IPv6/IPv4 Dual-stack Mechanism  

Dual stack mechanism enables only the same IP version network nodes to be 

connected with each other (IPv6-IPv6 and IPv4-IPv4) [28]. One of disadvantage this 

transition mechanism is extra works are required to create a complete connection 

that supports nodes communication.  
 

2) IPv6/IPv4 Tunneling Mechanism 

Tunneling is integration mechanism in which IPv6 packet can be encapsulated in an 

IPv4 packet [29]. The tunneling enables the networks which are not compatible to 

be linked together, and normally processed in a point-to-point manner. This method 

R1 R2 R3 

Dual-Stack Router Dual-Stack Router Dual-Stack Router 

R1 

Lo0: 10.1.1.1/24 

FEC0:: 1.1/112 

20.1.1.0/24 

FEC0::13:0/112 

20.1.2.0/24 

FEC0: 23::0/64 

Lo0: 10.1.2.1/24 

FEC0::2:1/112 

S0/0/0 
S0/0/1 

   S0/0/0 
S0/0/1 
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enables the connection between IPv6 sites across IPv4 intermediary networks as 

shown in figure 5. 

 

 

Fig. 5:   Architecture of IPv6/IPv4 Tunneling Mechanism  

 
When using IPv4 in encapsulating an IPv6 packet, protocol type 41 will be specified 

in IPv4 header, the new packet contains 20 byte header for IPv4 with no options 

included and a header for IPv6 and a payload [30]. Tunneling disadvantages are the 

maximum transmission unit (MTU) will be decreased by 20 byte if the IPv4 header 

does not contain any optional fields. In addition, a tunneled network is often difficult 

to troubleshoot [31]. There are two common most categories of tunneling 

technique: 
 

a) IPv6 to IPv4 Mechanism 

The 6to4 mechanism is widely used automatic tunneling technique. The automatic 

6to4 tunnel establishes a transient link between IPv6 networks over an IPv4 

network and encapsulates IPv6 addresses automatically into IPv4 address. Internet 

Assigned Numbers Authority (IANA) reserve 2002:: /16 for 6to4 addressing. The 

6to4 mechanism includes assigning the IPv6 address prefix 2002::/16 in 

hexadecimal and 32 bits after 2002::/16 in hexadecimal to IPv4 address of egress 

interface of gateway machine to create a globally unique /48 IPv6 prefix for use 

within the AS[32], as shown in figure 6.  
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a) 6to4 Addressing Format 

 

 

b) 6to4 Encapsulating 

Fig. 6: Encapsulation of IPv6-to-IPv4 Tunneling 

 

b) IPv6 in IPv4 Mechanism  

IPv6-in-IPv4 is a tunneling mechanism which is also known as configured tunnel. 

The IPv6 in IPv4 tunneling embeds an IPv4 address in an IPv6 address link layer 

identifier part and based on virtual point-to-point links between sites or hosts. It 

does not require any special prefixed IP addresses, unlike 6to4 tunnel. The 

addressing encapsulation of 6in4 tunnel is shown in figure 7.  

 

 

 IPv6 Extension Headers Upper Layer PDU 

  

 

 

 

  

IPv4 IPv6 Extension Headers Upper Layer PDU 

 

Fig. 7: Encapsulation of IPv6-in-IPv4 Tunneling 

The IPv6 addresses are configured on the tunnel interfaces and IPv4 addresses are 

configured to be assigned to the tunnel source and destination. Both static and 

dynamic routing protocols can be run over the tunnel to create a contiguous IPv6 

network [33]. 
 

3)  IPv6/IPv4 Translation mechanism 

The term translation mechanism refers to ability of devices that can translate the 

header address from IPv4 to IPv6 or vice versa. The aim of this mechanism is to 

IPv6 Packet 

IPv6/IPv4 Packet 
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limit the need for dual stack operation in networks. This is done doing translation 

for the traffic from IPv4 devices to operate with IPv6 infrastructure. This process is 

preferred as a last resort because of the interfering of the translation in the end-to-

end transparency objectives of communications in networks. Field of 96 bit prefix 

will allow routing back to NAT PT device and the same field in a 32 bit in IPv4 case 

as shown in the figure 8. Using protocol translators cause problems with NAT and 

maximize IP addressing usage limitation [34].  

 

 

Fig. 8: Architecture of IPv6/IPv4 Translation Mechanism 
 

2.1.7 QoS Mechanism of IPv4 and IPv6  

The quality of service is a set of service requirements that must be provided by the 

network while transporting a flow. Flow means, a sequence of packets sent from a 

source to a destination. By having QoS, it is possible to ensure proper information 

delivery, giving priority to critical performance applications that simultaneously 

share the network resources with other non-critical applications. Implementing QoS 

in a network manages network performance in a more predictable way and uses 

bandwidth more efficiently. 

There are different metrics proposed to measure the services provided on a 

network with QoS. Most are defined by the working group IP Performance Metrics 

[35], which can include variables such as bandwidth (bandwidth), amount of data 

transmitted per second (throughput), delay, jitter, and probability of loss among 

packets. 

1) Bandwidth; the digital bandwidth represents the amount of data that can be 

transmitted in a time unit.  

2) Delay; it is the time that takes to put all the packet bits in a particular link. Among 

the types we have: propagation delay: the time that takes a bit to pass through a 

link; the processing delay: the elapsed time to process a packet in a node and the 

queuing delay: The time-out for a packet in the queue before being transmitted. 

3) Delay Variation (jitter); the delay variation measured the delay experience 

between the packets that come across the same route network. 
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4) Packet Loss; Packet loss is measured by the number of packets transmitted that 

are received at the destination, against the total number of packets transmitted. 

 
The quality of service is integrated in IPv6, as 2 fields in the base header whose goal 

is to ensure a certain QoS. These fields are the traffic class, which substitutes the 

type of service (TOS) field of IPv4, and the flow label, and with them it is possible to 

give the packets a certain characteristic. The IPv6 protocol has two fields that can be 

used as tools for implementing QoS Flow Label and Traffic Class [36].  

1) Traffic Class: In this field is indicated what kind of traffic is being dealt and what 

its priority is. The length of this field is 8 bits. There are 2 types of traffic, in the first 

type, the user expects an answer in case of congestion (e.g. TCP), and in the second 

one, in case of congestion, the packets are discarded. For each of these types of 

traffic there are 8 possible priorities, from 0 to 7, being 7 the highest priority, and 0 

the lower. 

2) Flow Label: This label is used when the user needs that the packets are handled 

by the routers in a special way, as high quality services or real time. Its length is 20 

bits. Flow is a group of packets with similar values in their headers that need a 

special handling. The main advantages of using the flow label field for packet 

classification [37] are as follows: 

 The use of the flow label field reduces the average processing load of the routers 

in the network, and therefore, reduces end-to-end delays of the packets. 

 The reservation of resources through the Flow Label reduces the problems 

caused by frequent route changes. 

 The flow label field has the potential to facilitate the implementation of 

mechanisms for flow routing based on QoS. 
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2.2  Video codecs over Internet Protocol 

The International Organization for Standardization and International 

Electrotechnical Commission (ISO/IEC) presents Moving Picture Experts Group 

(MPEG) standard compression and International Telecommunication Union (ITU) 

presents H.264 standard compression to compress and transmit audio/video over 

IP network.  There are three types of the standards compression of MPEG:- 

 
2.2.1 MPEG-1 

MPEG-1 (Moving Picture Experts Group 1) is a multimedia standard which is used 

to broadcast audio and video packets or signals over different networks such as 

Ethernet network. MPEG-1 was the first multimedia compression method, which 

had a speed at approximately 1.5 Megabits per second. Considering the low bit 

rate of 1.5Mbps for multimedia services, this standard provides lower sampling 

rate for the images and uses lower picture rates of 24-30 Hz [38]. 

 
2.2.2 MPEG-2 

MPEG-2 (Moving Picture Experts Group 2) was designed for high quality video 

and had a speed at approximately 1.5 to 10Mbps, especially for DVD and TV 

transmission. MPEG-2 standard is capable of supporting SDTV (Standard 

Definition Television) and HDTV (High Definition Television). MPEG-2 standard 

uses a fixed frame rate of 30 frames/sec (NTSC) and 25 frames/sec (PAL) because 

this level is suitable for human’s eyes. Improving the quality of video higher than 

this level would have no effect as human’s eyes cannot discern above this level 

[39]. 

 

2.2.3  MPEG-4  

MPEG-4 (Moving Picture Experts Group 4) is another standard that was 

developed by MPEG after MPEG-1, and MPEG-2 standards. MPEG-4 is capable of 

broadcasting different bit-rates approximately 10 Kbit/s to 1.5Mbit/s [40]. The 

invention of video coding technology like MPEG 4 Part 10 by ISO/IEC and H.264 

by ITU has impacted positively on the video industry such as videoconference. 

H.264/MPEG-4 part 10 is called Advanced Video Codec (AVC) presents high video 

quality at low bit rates and has received attention from standards industry 

focused on broadband video services. While MPEG-4 Advanced Audio Codec 

(AAC) is currently used in Apple’s iTunes and is adopted by 3rd Generation 

Partnership Project (3GPP) for Mobile System. 



- 21 - 

 

2.3  Traffic Types and Packet Size  

Nowadays one of the main keys to successful data network is the ability to support 

different services (different types of traffic). There are two categorizes of network 

traffic; real-time traffic as sensitive delay traffic, and no-real-time traffic as tolerant 

delay traffic. Since packet-size of traffic has implications on the network loading and 

end-to-end performance. Therefore, understanding real time traffic characteristics 

in terms of packet-size distributions could help in improve end-to-end network 

performance.  

IP packets consist of a header and a payload. The packet header contains addressing 

and control information that allows a packet to be routed through packet-switching 

networks. While a packet payload contains the data that is to be transmitted.  

Real time MPEG Transport Streams (MPEG-TS) is a standard format for 

transmission and storage of audio, video and data. MPEG Transport Streams (MPEG-

TS) use a fixed length packet payload size of 184 byte and 4 byte as a packet header 

(packet identifier) which identifies each transport packet within the transport 

stream. A packet identifier in an MPEG system identifies the Packetized Elementary 

Streams (PES) [41]. MPEG-TS packet payloads may contain program information 

and PES which is typically video or audio streams. PES packets are broken into 184 

byte pieces to fit into the MPEG-TS packet payload. TS contain multiplexed data, 

carrying MPEG-TS packets with payloads from multiple PES packets as well as 

associated program information as shown in figure 9. 
 

                            

TS 

Header 

PES 

Header 

 

Video 

  

Audio 

 Program 

Information 

 Adaptation 

Field 

Padding 

                   

 

Fig. 9: MPEG Transport Stream, Video, Audio, and Program Information. 
 
 

The main method currently utilized for the carriage of MPEG-TS over IP is selecting 

number of MPEG-TS packets and carry them as the payload of the RTP/UDP/IP 

datagram, taking in mind that the RTP payload is variable between 20 to 1460 byte 

for IPv4 and from 20 to 1440 byte in IPv6 as shown in figure 10. In case of using 

Ethernet network, the MTU will be 1500 byte, therefor the maximum MPEG packets 

sends over RTP/UDP/IP can be calculated by dividing the MTU(1500byte)/188 byte 

(MPEG-TS), which is nearly 7 MPEG-TS packets. 

TS Packet 

PES Packet 
 

http://en.wikipedia.org/wiki/Digital_audio
http://en.wikipedia.org/wiki/Digital_video
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Fig. 10: Encapsulate MPEG Transport Packets into RTP/UDP/IP Datagram. 
 

In the case of streaming real time video data over IP networks, multiple protocols 

such as RTP and UDP, may be carried in the IP payload, each with its own header 

and payload that recursively carries another protocol packet [42]. RTP of OSI 

application layer is introduced for real time communication with 12 bytes header 

and video data can be encapsulated into RTP to be delivered to transport layer. UDP 

of transport layer with 8 bytes header is used as a transport protocol instead of TCP 

(header 20 bytes) with real time traffic because of TCP can recognize the loss packet 

and requests for the retransmission; this may cause a certain delay. All the real time 

UDP segment of transport layer delivered to network layer and then loaded into 

packets (IP Datagram) with 20 bytes for IPv4 header or 40 bytes for IPv6 header. 

The Ethernet frame header consists of headers, trailer (18 bytes) and payload 

(46~1500) bytes. Thus, minimum Ethernet frame size is 64 bytes and maximum 

frame size 1518 bytes [43] as shown in figure 11. 
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Fig. 11: Encapsulation of Video Data into OSI Layers. 
 

The loading of network will increase due to increasing number and size of packets. 

The video packet size depends on several factors:- 

 

a) Compression: the video stream can be coded and compressed by using one of 

many compressing protocols such as MPEG-1, MPEG-2, and MPEG-4 to reduce the 

size of a stream. The video stream can be loaded into RTP/UDP/IP to be transferred 

between a client and server over IP network as shown in figure 12. 
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Fig. 12: Block Diagram from Video Capturing and Encoding to Video Decoding.  
 

 
b) Resolution: the number and size of video packets will increase over time due to 

the requiring for high quality images (high resolution). The video frame size can be 

determined depending on the video frame pixel size; 

 
Video frame size = video frame pixel size 

Where Video frame pixel size = pixel in width * pixel in height  

Where, Video frame pixel size can be calculated by  

Video frame size (byte) = video frame pixel size * color depth  

Where color depth = the number of bits indicating pixel color 

 
c) Frame Rate: the video frame rate is a series of images (frames) transmitted per 

second. Frame rate impacts the amount of network traffic (network load). When the 

frame rate is decreased, the network load is also decrease and the motion becomes 

less life like. For example, MPEG-2 standard uses a fixed frame rate of 30 frames per 

sec or 25 frames per second because this level is suitable for human’s eyes. 
 

2.4  Traffics Generating and Analyzing Tools  

To measure the network performance, it is essential to select the right tool in order 

to capture required and accurate results. There are many different tools that are 

available to measure a real time performance over IP networks. The three different 

kinds of tools that were selected are listed below followed by a brief description of 

each: 
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2.4.1 Video LAN Client (VLC) 

VLC is an open-source media player that allows a user to play video files or stream a 

live video over network. This tool supports multiple operating systems such as 

Windows, Linux and Mac and has the ability to support both versions of IP (IPv4 & 

IPv6) and enables IPv6 based users to stream a video via IPv6 infrastructure. VLC 

platform is installed on a client and server machines and it is configured to stream a 

video data via certain ports such as HTTP, UDP and RTP. Once video is up and 

running, other clients can use a specific IP address and compressing algorithm such 

as MPEG-1, MPEG-2, and MPEG-4 to watch that video application over the LAN or 

internet [44]. 
 

2.4.2  Internet Performance (IPerf) Tool 

The IPerf can be run by using Java based Graphical User Interface (GUI) or command 

line which is called java performance (jperf). The jperf supports both IPv4 and IPv6 

networks. IPerf reports transmitted data sizes (throughput) which was transmitted 

from server to client over various periods and required bandwidth over the original 

throughput due to traffic load over networks. 
 

2.4.3  Distributed Internet Traffic Generator (D-ITG) Tool 

D-ITG tool suite can create traffic at the network, transport and application layers of 

the OSI network for both IPv4 and IPv6. D-ITG can be used to test the statistical 

properties of the traffic focusing on delay, jitter, and packets loss over various 

payload sizes. D-ITG consists of three main components: the sender (traffic 

generator) “ITGSend”, receiver (ITGRecv), and the analyzer/decoder (ITGDec). 

In the first step, ITGRecv should be run on the receiving host and waits for traffic to 

be generated from the sender. On the sending station ITGSend is run with a variety 

of command line inputs that let the software know where the receiver is located, 

how they should communicate, as well as the type, size and rate of traffic that is to 

be generated. Once the experiment is complete the log file on the receiving host is 

then analyzed using ITGDec the traffic decoder, returning a variety of statistics, and 

data [45]. 
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Chapter 3 

MERTICS OF VIDEO PERFOMANCE OVER 

 IP NETWORKS 

 

Introduction 

In this chapter we will briefly describe various source types of delays that might 

occur in IP networks and might impact the performance of video. The source to 

destination delay along route path can be objected to End-to-End delay. Various 

variation of distortion due to the transmission might cause a delay, this delay 

referred to as jitter delay.  Finally, throughput of network can highly affect the 

overall performance of IP networks. 

 

3.1  End-To- End Packet Delay 

The End-to-End packet delay (E2ED) is important element of IP network that can be 

measured quantitatively. E2ED is commonly referred to the required time to 

transmit a packet from the source to destination along route path.   

The total E2ED will be produced when a batch of packets (N) needs to be 

transmitted from source to destination across number of intermediate network 

devices (M) and number of links Li (i = 1...L) with each link has a bit rate LB(i), 

propagation delay, and transmission delay as shown in figure 13. 
 

 

 
Fig. 13:  End-to-End Delay of Transferring N Packets from Source to Destination 

across IP Network.  
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The total E2ED can be calculated as summation of delays occurred in the IP network 

such as transmission, processing, propagation, and queuing delay within IP network 

based on packet’s switching. The general end-to-end delay can be calculated by the 

following formula [46]: 

 

     ∑         
    (i)+ ∑           

   + ∑      
 
       +                ....(1) 

Where 
M = number of nodes along path, 

N = number of the sending packets, 

E2ED = the total end-to-end delay, 

Trans_d = the transmission delay per link,  

Propg_d = propagation delay per link, 

Proc_d = the processing delay per node, and  

Queu_d = the queuing delay 

   

3.1.1 Transmission Delay  

Transmission delay (Trans_d) specifies the time taken for the first bit of the 

packet to be placed on the carrier and carried out over the network transmission 

medium. Sometimes transmission delay refers to the store-and-forward process. 

The transmission process towards storing and numbering bits of the transmission 

data in switching stage is considered the least and shortest delay during the 

electronic transformation in the communication system.  

Modern networks with fast bandwidth (bit rate) capabilities played great roll in 

reducing transmission delay if we compare it with the changing in packet size. The 

transmission delay is inversely proportion of packet size to transmission link 

bandwidth (bps).  

Thus, the transmission delay over the carrier can be calculated by the following 

formula [47]: 

Trans_d= P (byte)*8/ LB (bps)    …………….……. (2) 
Where  

Trans_d = the transmission delay per link,  

P = the packet size (Ppayload + Pheader), and 

LB = the carrier bandwidth (bps).  
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3.1.2 Propagation Delay  

Propagation delay (Propg_d) can be referred to the total time spent by the data 

signal to travel over physical medium (wired/ wireless) between two nodes 

within the networks. The propagation delay can be considered as a relational 

function of the link’s length between two intermediate devices and the 

propagation speed (light speed). Thus, the propagation delay for one link can be 

calculated in the following formula [48]:  

 

Propg_d= Llength / Slight         …………….……. (3) 

Where  

Propg_d = the propagation delay, 

 Llength = the link’s length and  

Slight = the propagation speed (light speed). 

 

3.1.3  Processing Delay  

The processing delay (Proc_d) in data networks is the time taken by intermediate 

devices (routers) to process packet header and take a route decision on the received 

packet. Routers in the network need to implement a many functions such as packet 

classification for forwarding, firewalling, payload encryption, checking bits error, 

and NAT, etc. Since, these functions are increased in number and complexity, more 

processing time is required, and packets experience a significant processing delay 

[49]. The software and hardware models of routers have been developed and 

optimized by the network engineers so that decrease the routing delay and 

processing headers delay. Consequently, in most small networks with fast routers, 

this delay has not been addressed because it was considered negligible otherwise 

processing delays should be taken in account. The total packet processing time can 

be calculated by summing a core processer clock time and memory access time. 
 

3.1.4 Queuing Delay  

The Queuing delay (Queu_d) is the result of occurring delays during processing of 

the ingress and egress packets in network routers The routers along the path handle 

every data packet by using one of IP routers queuing mechanisms such as Priority 

Queuing (PQ), First In First Out (FIFO), Round Robin (RR), Weighted Round Robin 

(WRR). This type of delay arises because of link speed mismatch when going from 

LAN to WAN and increased number of ingress data packets through a router 
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(congestion) [50]. It was noted that a maximum queuing delay is proportional to 

buffer size and occurs when router’s buffers may be filled during the process of 

large voice or video packets, because of the microprocessor processes recursively 

big sizes of voice or video packets. These packets should be rapidly processed and 

submitted at the end as one package without any distortion (loss) in the other side 

of the network. The total Queuing delay can be calculated as following [51]: 

 

Queu_d= (n-1)* Trans_d    …………….……. (4) 

Where  

Queu_d = the queuing delay,  

n = the number of packets in queue, and  

Trans_d = the transmission delay. 

Noticing, queuing delay = 0 , if there is one packet to be transmitted. 

 

3.2  Jitter of Packets 

Jitter (Jitt_d) is a form of variation or distortion that gets to the pulse of digital data 

due to any internal or external source [52]. In other word, jittering in IP network 

can be defined as difference between two arriving packet times. The routers and 

gateways in a real time network must have special built-in integrated circuits within 

their architecture in order to minimize this unwanted variation or distortion, which 

work toward reforming (reshaping) the data signal into its original format [53]. The 

jitter of arriving packet can be calculated as following formula [54]: 
 

E2EDfirst-packet  = rx1 – tx1 

E2EDlast-packet  = rx2 – tx2 

Jitt_d = E2EDfirst-packet   -   E2EDlast-packet     …………….……. (5) 

Where: 

tx1 = transmitting time of first packet,  

tx2 = transmitting time of the second packet,  

rx1 = receiving time of the first packet,  

rx2 = receiving time of the second packet,  

Jitt_d = the jitter delay of data,  

E2EDfirst-packet = the end-to-end delay of arriving first packet, and 

E2EDlast-packet = the end-to-end delay of arriving last packet. 



- 30 - 

 

3.3  Dropped Packet 

Dropped Packet is measured by the number of packets transmitted that are received 

at the destination, against the total number of packets transmitted. Dropped Packet 

can be calculated by the following formula: 

                                  Dropped Packet = Nt –Nr …………………………….. (6) 

 Dropped Packet (%) = (Nt -Nr) / Nt  *  100%  

Where  

Nt Number of transmitted packets at source, and 

Nr Number of received packets at destination. 

 

3.4  Throughput of Network 

The throughput (Tth) is fundamental property of networks that can be measured 

quantitatively. In other word, throughput of network can be defined as a 

maximum amount of transferring data (bits) over IP network per second. Most 

networks have a throughput of several million bits per second (Mbps).   

The total throughput can simply be defined as a number of bits divided by time 

needed to transport the bits. Thus, the mathematic relationship between the data 

throughput and delay can be calculated by the following formula [55]: 

 
Total Tth = N. (Ppayload + Pheader) / E2ED    …………….……. (7) 

Where Tth refers to the throughput, N refers to the number of packets, Ppayload refers 

to the payload bits, Pheader refers to the header bits, and E2ED refers to the total end-

to-end delay. 
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Chapter 4 

IMPLEMENTATION AND CALCULATION RESULTS 

Introduction 

In this chapter we will demonstrate and show how the video packets will be affected 

by delay, jitter, packet loss, and throughput during transmission and how other 

parameters can impact the performance simultaneously by implementing a three 

different scenarios; native IPv6, native IPv4 networks and finally by using IPv6/IPv4 

tunneling mechanism. 

 

4.1  Implementation of Real-Time Video over IP Networks  

The real-time performance analysis of network is an important reference for 

designing a good real time network environment. The real-time metrics that will be 

practically and theoretically calculated and evaluated in each scenario are end-to-

end delay, jitter, packet dropped, and throughput. 
 

4.1.1 Real Time Video Performance over Native IPv6 
 

The native IPv6 scenario is evaluated by using proposed lab network. The lab 

topology of native IPv6 network is designed and implemented by using three sites 

(Client’ site, ISP’ site, and Server’s site). Each client’ site and Server’s site is consisted 

of two Cisco 2800 routers, two switches Cisco Catalyst 2960, and two hosts 

(Client/Server) with windows 7. The ISP’ site has been consisted of three Cisco 2800 

routers.  

Web cameras are used to generate a real time video traffic between server (sender) 

and client (receiver) hosts over IPv6 network. In addition, three traffic tools (VLC, 

IPerf, and D-ITG) were used to generate, test, and analyze real time video traffic 

behavior. 

The network topology in this scenario (native IPv6) and the connections of client 

site, ISP site, and server site are shown in figure 14.  
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Fig. 14: The proposed Network of Native IPv6 Scenario. 
 

The IP address scheme of native IPv6 for client’s site, ISP’s site, and server’s site is 

shown in Table-3.  

 

Table- 3: IPv6 address scheme for Client/ISP/Server Sites 
 

Client’s Site 
 

Device Name Interface IPv6 address 

Client’s Host           Fast Ethernet 2002:DB8:DB01:A01::2/64 

Router-1  2800 
Fast Ethernet 0/0 

Fast Ethernet 0/1 

2002:DB8:DB01:B01::2/64 

2002:DB8:DB01:A01::1/64 

Router-2  2800 
Fast Ethernet 0/0 

Fast Ethernet 0/1 

2002:DB8:DB01:B01::1/64 

2002:DB8:DB01:C01::1/64 

Switch-1  2960 
Fast Ethernet 0/1 

Fast Ethernet 0/2 

R1 

Client’s Host 

 

  

 Camera 

R6 
Cisco 

Router 

2800 

R7 

Cisco 
Router 

2800 

 

 

Switch 

Layer 2 

2960 

   Server 

F0/2 

R2 
Cisco 

Router 

2800 
   
 

F0/0 

 
 

F0/0 

 R1 

Cisco 
Router 

2800 

 

 

Switch 

Layer 2 

2960 

Client 

F0/2 

Camera 

R3 

Cisco 
Router 

2800 

R4 

Cisco 
Router 

2800 

R5 

Cisco 
Router 

2800 

 F0/1     F0/1 
 

   

 
 

 

F0/1 
 

F0/1 

 

    F0/0    F0/0 
 

 F0/1    F0/1 
 

 F0/0     F0/0 
 

   
 

F0/1 

 
 

F0/1 

    

 
 

 

F0/0 
 

F0/1 

 

Client’s Site ISP’s Site Server’s Site 

OSPF EIGRP BGP 

2002:DB8:DB01:A01::/64 

2002:DB8:DB01:B01::/64 

2002:DB8:DB01:A01::2 2002:DB8:DB01:A02::2 

2002:DB8:DB01:C01::/64 2002:DB8:DB01:D01::/64 2002:DB8:DB01:E01::/64 2002:DB8:DB01:F01::/64 

2002:DB8:DB01:B02::/64 

2002:DB8:DB01:A02::/64 
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ISP’s Site 
 

Device Name Interface IPv6 address 

Router-3  2800 
Fast Ethernet 0/0 

Fast Ethernet 0/1 

2002:DB8:DB01:D01::1/64 

2002:DB8:DB01:C01::2/64 

Router-4  2800 
Fast Ethernet 0/0 

Fast Ethernet 0/1 

2002:DB8:DB01:D01::2/64 

2002:DB8:DB01:E01::1/64 

Router-5  2800 
Fast Ethernet 0/0 

Fast Ethernet 0/1 

2002:DB8:DB01:F01::1/64 

2002:DB8:DB01:E01::2/64 

 

Server’s Site 
 

Device Name Interface IPv6 address 

Server’s Host          Fast Ethernet 2002:DB8:DB01:A02::2/64 

Router-6  2800 
Fast Ethernet 0/0 

Fast Ethernet 0/1 

2002:DB8:DB01:F01::2/64 

2002:DB8:DB01:B02::1/64 

Router-7  2800 
Fast Ethernet 0/0 

Fast Ethernet 0/1 

2002:DB8:DB01:A02::1/64 

2002:DB8:DB01:B02::2/64 

Switch-2  2960 
Fast Ethernet 0/1 

Fast Ethernet 0/2 

R7 

Server’s Host 
 

The VLC media player software is used to generate video data between server 

(sender) and client (receiver) hosts over native IPv6 network by using web camera, 

RTP/UDP/IPv6 port 5004, and standard video compressing codecs MPEG-1, MPEG-

2, and MPEG-4. The resolution of web camera is 320*240 pixels and frame rate is 30 

frames/sec. Server IPv6 address is configured as 2002:DB8:DB01:A02::2 and client 

IPv6 address is configured as 2002:DB8:DB01:A01::2. The basic test of VLC real time 

video over native IPv6 network is made to show object motion latency from right to 

left between server (sender) and client (receiver) hosts as shown in figure 15.  
 

Video at receiver  
 (Client’s Screenshot) 

Video at sender 

(Server’s Screenshot) 

Fig. 15: Screenshots of server and client at the same moment during object motion. 
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a) Throughput Test 

Throughput test is made by using jperf-2.0.2 tool to test throughput behavior of 

native IPv6 between server and client hosts. The server will listen to the client on 

port 5001 by using the following command:   

bin/iperf.exe -s -P 0 -i 1 -p 5001 -V -f k 

While client host will generate a certain data for time period 10 seconds by using 

the following command in jperf:  

bin/iperf.exe -c 2002:DB8:DB01:A02::2 -P 1 -i 1 -p 5001 -w 8.0K -V -l 6.0B -f k -t 10 

When real time MPEG-1 video of object motion and jperf traffic are simultaneously 

shared bandwidth (Ethernet 10Mbit/s) between server and client hosts over native 

IPv6 network, the maximum attainable bandwidth of jperf traffic is 7246 Kbits/sec 

for a transferred data size (throughput) of 8846 Kbytes in periodical 0.0-10.0 

seconds. As result, the maximum attainable bandwidth over native IPv6 will be 2441 

Kbits/sec for a total transferred video data size (throughput) of MPEG-1 in real time 

is 2433 Kbytes in periodical time 0.0-10.0 seconds as shown in Table-4. 

 

Table-4: Throughput of jperf traffic and real time MPEG-1 video over native IPv6.  
Bin/iperf.exe -s -P 0 -i 1 -p 5001 -V -f k 
Server listening on TCP port 5001 TCP window size: 8.00 Kbyte (default) 
Local 2002:DB8:DB01:A02::2 port 5001 connected with 2002:DB8:DB01:A01::2 port 47634 
 

Jperf traffic                                                                 MPEG-1 video 

[ID] 
Interval 

in sec 

Transfer 

In KByte 

Bandwidth 

In Kbits/s 
[ID] 

Interval 

in sec 

Transferred video data 

(throughput) in KByte 

Bandwidth 

In Kbits/s 

[156] 0.0- 1.0   889  7281  [156] 0.0- 1.0   239  2406  

[156] 1.0- 2.0   873  7151  [156] 1.0- 2.0   255  2536  

[156] 2.0- 3.0   879  7199  [156] 2.0- 3.0   249  2488  

[156] 3.0- 4.0   872  7142  [156] 3.0- 4.0   256  2545  

[156] 4.0- 5.0   904  7402  [156] 4.0- 5.0   224  2285  

[156] 5.0- 6.0   880  7207  [156] 5.0- 6.0   248  2480  

[156] 6.0- 7.0   881  7219  [156] 6.0- 7.0   247  2468  

[156] 7.0- 8.0   886  7257  [156] 7.0- 8.0   242  2430  

[156] 8.0- 9.0   887  7269  [156] 8.0- 9.0   241  2418  

[156] 9.0-10.0  896  7340  [156] 9.0-10.0  232  2347  

Total 0.0-10.0  8846  7246  [156] 0.0-10.0  2433  2441  
 

When real time MPEG-2 video of object motion and jperf traffic are simultaneously 

sharing bandwidth (Ethernet 10Mbit/s) between server and client hosts over native 

IPv6 network, the maximum attainable bandwidth of jperf traffic is 6746 Kbits/sec 

for a transferred data size (throughput) of 8244 Kbytes in between 0.0-10.0 

seconds. As result, the maximum bandwidth over native IPv6 is 2933 Kbits/sec for a 

transferred video data size (throughput) of MPEG-2 in real time is 3036 Kbytes in 

periodical time 0.0-10 seconds as shown in Table-5. 
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Table-5: Throughput of jperf traffic and real time MPEG-2 video over native IPv6.  
 

Bin/iperf.exe -s -P 0 -i 1 -p 5001 -V -f k  
Server listening on TCP port 5001 TCP window size: 8.00 Kbyte (default) 
Local 2002:DB8:DB01:A02::2 port 5001 connected with 2002:DB8:DB01:A01::2 port 45433 
 

Jperf traffic                                                                  MPEG-2 video 

[ID] 
Interval 

In sec 

Transfer 

in KByte 

Bandwidth 

In Kbits/s 
[ID] 

Interval 

In sec 

Transferred video data 

size (throughput) in 

KByte 

Bandwidth 

In Kbits/s 

[126] 0.0- 1.0 810 6636 [126] 0.0- 1.0 318 3051 

[126] 1.0- 2.0 816 6687 [126] 1.0- 2.0 312 3000 

[126] 2.0- 3.0 822 6732 [126] 2.0- 3.0 306 2955 

[126] 3.0- 4.0 837 6854 [126] 3.0- 4.0 291 2833 

[126] 4.0- 5.0 823 6744 [126] 4.0- 5.0 305 2943 

[126] 5.0- 6.0 820 6717 [126] 5.0- 6.0 308 2970 

[126] 6.0- 7.0 840 6885 [126] 6.0- 7.0 288 2802 

[126] 7.0- 8.0 831 6805 [126] 7.0- 8.0 297 2882 

[126] 8.0- 9.0 816 6685 [126] 8.0- 9.0 312 3002 

[126] 9.0-10.0 829 6788 [126] 9.0-10.0 299 2899 

Total 0.0-10.0 8244 6746 [126] 0.0-10.0 3036 2933 
 

When real time MPEG-4 video of object motion and jperf traffic are simultaneously 

sharing bandwidth (Ethernet 10Mbit/s) between server and client hosts over native 

IPv6 network, the maximum attainable bandwidth of jperf traffic is 7920 Kbits/sec 

for transferred data size (throughput) of 9658 Kbyte in periodical time 0.0-10.0 

seconds. As result, the maximum attainable bandwidth over native IPv6 will be 1775 

Kbits/s and transferred data size (throughput) of MPEG-2 real time video traffic is 

1622 Kbyte in between 0.0-10.0 seconds as shown in Table-6. 
 

Table-6: Throughput of jperf traffic and real time MPEG-4 video over native IPv6. 

Bin/iperf.exe -s -P 0 -i 1 -p 5001 -V -f k  
Server listening on TCP port 5001 TCP window size: 8.00 Kbyte (default) 
Local 2002:DB8:DB01:A02::2 port 5001 connected with 2002:DB8:DB01:A01::2 port 47634 
 

Jperf traffic                                                                  MPEG-4 video 

[ID] 
Interval 

In sec 

Transfer 

in KBytes 

Bandwidth 

In Kbits/s 
[ID] 

Interval 

In sec 

Transferred video data 

size (throughput) In 

KBytes 

Bandwidth 

In Kbits/s 

[200] 0.0- 1.0 977 8002 [200] 0.0- 1.0 151 1685 

[200] 1.0- 2.0 932 7634 [200] 1.0- 2.0 196 2053 

[200] 2.0- 3.0 958 7847 [200] 2.0- 3.0 170 1840 

[200] 3.0- 4.0 975 7985 [200] 3.0- 4.0 153 1702 

[200] 4.0- 5.0 958 7846 [200] 4.0- 5.0 170 1841 

[200] 5.0- 6.0 964 7898 [200] 5.0- 6.0 164 1789 

[200] 6.0- 7.0 977 8000 [200] 6.0- 7.0 151 1687 

[200] 7.0- 8.0 994 8140 [200] 7.0- 8.0 134 1547 

[200] 8.0- 9.0 959 7853 [200] 8.0- 9.0 169 1834 

[200] 9.0-10.0 964 7914 [200] 9.0-10.0 164 1773 

Total 0.0-10.0 9658 7920 [200] 0.0-10.0 1622 1775 
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b) Delay and Jittering Test  

Delay and jittering tests are made by using D-ITG tool to find out the delay, jitter, and 

packets loss of native IPv6 network between client and server. The D-ITG tests are 

run over the payload sizes for a standard Ethernet MTU (1500 Byte). The different 

payload sizes were: 64KB, 128KB, 256KB, 512KB, 768KB, 1024KB, 1280KB and 

1440KB. 

The receiver (ITGRecv) will listen to the sender (ITGSend) on port 8999 and then the 

sender will generate different packet sizes over UDP/IPv6 for time of 10 seconds. 100 

packets per second will be generated by using the following command:  

ITGSend -a 2002:DB8:DB01:A02::2  -C 100 -c 64 -t 10000 -x recv.log 

After each successful run the received data is decoded and analyzed by using D-ITG 

decoder (ITGDec). The results of D-ITG decoder shows that the payload size has 

average delay and average jitter for 10 second as shown in Table-7. 
 

Table-7: Delay and jitter over native IPv6 by using D-ITG Tool.  
 

ITGDec version 2.8.0-rc1 (r459)  
Compile-time options: ipv6 
------------------------------------------------------ 
Flow number: 1 
From 2002:DB8:DB01:A01::2: 49983 
To    2002:DB8:DB01:A02::2: 8999 
 

Native IPv6 
 

Payload Size 64 KByte 128 KByte 256 KByte 

Total time                

Total packets             

Minimum delay*             

Maximum delay*             

Average delay*             

Average jitter            

Delay standard deviation  

Bytes received            

Average bitrate   

 Average packet rate       

Packets dropped 

Average loss-burst size 

= 10.01800   s     

= 1000 

= 1.658000   s 

= 1.686000   s 

= 1.671879   s 

= 0.000593   s 

= 0.007479   s 

= 64000 

=  51.108006  Kbit/s 

=  99.820323  Pkt/s 

=   0 (0.00 %) 

=   0.000000   Pkt 

=  10.017000  s 

=  999 

=  1.600534    s  

=  1.773000    s 

=  1.686767   s 

=   0.000601  s  

=   0.007582  s 

=   127872 

=   102.123989  Kbit/s 

=   99.730458    Pkt/s 

=   1 (0.10 %) 

=   1.000000       Pkt 

=  10.01400   s 

=  996 

=  1.568394   s 

=  1.878394   s 

=  1.723394   s 

=  0.003675   s  

=  0.228621   s 

=  227840 

=  182.017176 Kbit/s 

=  88.875574   Pkt/s 

= 4 (0.40 %) 

=  4.000000    Pkt 

Payload Size 512 KByte 768 KByte 1024 KByte 

Total time                

Total packets             

Minimum delay*             

Maximum delay*             

Average delay*             

Average jitter            

Delay standard deviation  

Bytes received            

= 10.024000  s 

= 998 

=  1.657000   s 

=  1.861094   s 

=  1.759047   s 

=  0.000676   s 

=  0.007678   s 

=  512000 

= 10.023000  s 

=  997 

=  1.677000   s 

=  1.853000   s 

=  1.765000   s 

=  0.000910   s  

=  0.007782   s 

=  768000 

=  10.016000  s 

=  997 

=  1.662000    s 

=  1.911132    s 

=  1.786566    s 

=  0.000816    s  

=  0.007683    s 

=  1020928 
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Average bitrate   

Average packet rate       

Packets dropped 

Average loss-burst size 

=  408.619314 Kbit/s 

=  99.760575    Pkt/s 

= 2 (0.20 %) 

=  2.000000       Pkt 

=  612.990123  Kbit/s 

=  99.770528    Pkt/s 

=   3 (0.30 %) 

=  3.000000       Pkt 

=  815.437700 Kbit/s 

=  99.540735   Pkt/s 

=  3 (0.30 %) 

=  3.000000     pkt 

Payload Size 1280 KByte 1440 KByte  

Total time                

Total packets             

Minimum delay*             

Maximum delay*             

Average delay*             

Average jitter            

Delay standard deviation  

Bytes received            

Average bitrate   

Average packet rate       

Packets dropped 

Average loss-burst size 

= 10.014000   s 

= 999 

=  1.690000    s  

=  1.901076    s 

=  1.795538    s 

=  0.000943    s 

=  0.007443    s 

=   1278720 

= 1021.5458   Kbit/s 

=   99.760336 Pkt/s 

= 1 (0.10 %) 

=  1.000000     Pkt 

= 10.024000   s 

=  997 

=  1.712000    s 

=  1.910712    s 

=  1.811356    s 

=  0.001278    s 

=  0.007560    s 

=  1438560 

=   1148.0925 Kbit/s 

=  99.660814  Pkt/s 

= 3 (0.30 %) 

=  3.000000     Pkt 

 

 

* This calculation runs for 1000 packets in 10 seconds time, so that for one packet the 

delays will be divided by 1000 to get delays in millisecond.  

 

4.1.2 Real Time Video Performance over Native IPv4  

The native IPv4 scenario is evaluated by using proposed lab network. The lab 

topology of native IPv4 network is designed and implemented by using three sites 

(Client’s Site, ISP’s Site, and Server’s Site). In both, the client’s and the server’s sites 

each site consisted of two Cisco 2800 routers, two switches Cisco Catalyst 2960, and 

two hosts (Client/Server) with windows 7. The ISP’s Site has been consisted of three 

Cisco 2800 routers.  

Web cameras are used to generate a real time video traffic between server (sender) 

and client (receiver) hosts over IPv4 network. In addition, three traffic tools (VLC, 

IPerf, and D-ITG) were used to generate, test, and analyze real time video traffic 

behavior. The network topology of this scenario is shown in figure 16.  
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10.10.1.0/24 

10.10.10.0/24 

Fig. 16: The Proposed Network of Native IPv4 Scenario. 
 

The IP address scheme of native IPv4 for client’s site, ISP’s site, and server’s site is 

shown in Table-8.  

 
Table-8: IPv4 address scheme for Client/ISP/Server Sites 
 

Client’s Site 
 

Device Name Interface IPv4 address 

Client’s Host            Fast Ethernet 172.16.10.6/24 

Router-1   2800 
Fast Ethernet 0/0 
Fast Ethernet 0/1 

172.17.0.1/24 
172.16.10.1/24 

Router-2   2800 
Fast Ethernet 0/1 
Fast Ethernet 0/0 

209.165.200.1/24 
172.17.0.2/24 

Switch-1  2960 
Fast Ethernet 0/1 
Fast Ethernet 0/2 

R1 
Client’s Host 
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ISP’s Site 
 

Device Name Interface IPv4 address 

Router-3   2800 
Fast Ethernet 0/0 

Fast Ethernet 0/1 

209.165.100.1/24 

209.165.200.2/24 

Router-4   2800 
Fast Ethernet 0/0 

Fast Ethernet 0/1 

209.165.100.2/24 

209.165.50.1/24 

Router-5   2800 
Fast Ethernet 0/0 

Fast Ethernet 0/1 

209.165.10.1/24 

209.165.50.2/24 

 

Server’s Site 
 

Device Name Interface IPv4 address 

Server’s Host            Fast Ethernet 10.10.10.6/24 

Router-6   2800 
Fast Ethernet 0/0 

Fast Ethernet 0/1 

209.165.10.2/24 

10.10.1.1/24 

Router-7   2800 
Fast Ethernet 0/0 

Fast Ethernet 0/1 

10.10.10.1/24 

10.10.1.2/24 

Switch-2  2960 
Fast Ethernet 0/1 

Fast Ethernet 0/2 

R7 

Server’s Host 

 
The VLC media player software is used to generate video data between server 

(sender) and client (receiver) hosts over native IPv4 network by using web camera, 

RTP/UDP/IPv4 port 5004, and standard video compressing codecs MPEG-1, MPEG-

2, and MPEG-4. The resolution of web camera is 320*240 pixels and frame rate is 30 

frames/sec.  Server IPv4 address is configured as 10.10.10.6 and client IPv4 address 

is configured as 172.16.10.6. The basic test of VLC real time video over native IPv4 

network is made to show object motion latency from right to left between server 

(sender) and client (receiver) hosts.  
 

a) Throughput Test  

Throughput test is made by using jperf-2.0.2 tool to test the throughput behavior of 

native IPv4 between server and client hosts. The server will listen to client on port 

5001 by using the following command:  

bin/iperf.exe -s -P 0 -i 1 -p 5001 -V -f k 

While client host will generate a certain data for time period 10 seconds by using 

the following command in jperf:  

bin/iperf.exe -c 10.10.10.6 -P 1 -i 1 -p 5001 -w 8.0K -V -l 6.0B -f k -t 10. 

When Real time MPEG-1 video of object motion and jperf traffic are simultaneously 

shared bandwidth (Ethernet 10Mbit/s) between server and client hosts over native 

IPv4 network, the maximum attainable bandwidth of jperf traffic is 7638 Kbits/s for 

a transferred data size (throughput) of 9333 Kbyte in periodical time 0.0-10.0 
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seconds. As a result, the maximum attainable bandwidth over native IPv4 will be 

2041 Kbits/s for a total transferred video data size of MPEG-1 in real time is 1945 

Kbyte in periodical time 0.0-10.0 seconds as shown in Table-9. 

 

Table-9: Throughput of jperf traffic and real time MPEG-1 video over native IPv4. 
  
Bin/iperf.exe -s -P 0 -i 1 -p 5001 -V -f k  
Server listening on TCP port 5001 TCP window size: 8.00 Kbyte (default) 
Local 10.10.10.6 port 5001 connected with 172.16.10.6 port 47634 

Jperf traffic                                                                  MPEG-1 video 

[ID] 
Interval 

In sec 

Transfer 

in KBytes 

Bandwidth 

In Kbits/s 
[ID] 

Interval 

In sec 

Transferred data size 

(throughput) In KBytes 

Bandwidth 

In Kbits/s 

[250] 0.0- 1.0 913 7478 [250] 0.0- 1.0 215 2209 

[250] 1.0- 2.0 922 7553 [250] 1.0- 2.0 206 2134 

[250] 2.0- 3.0 921 7545 [250] 2.0- 3.0 207 2142 

[250] 3.0- 4.0 930 7621 [250] 3.0- 4.0 198 2066 

[250] 4.0- 5.0 936 7669 [250] 4.0- 5.0 192 2018 

[250] 5.0- 6.0 934 7647 [250] 5.0- 6.0 194 2040 

[250] 6.0- 7.0 939 7690 [250] 6.0- 7.0 189 1997 

[250] 7.0- 8.0 949 7771 [250] 7.0- 8.0 179 1916 

[250] 8.0- 9.0 935 7655 [250] 8.0- 9.0 193 2032 

[250] 9.0-10.0 956 7829 [250] 9.0-10.0 172 1858 

Total 0.0-10.0 9333 7638 [250] 0.0-10.0 1945  2041 

 

When Real time MPEG-2 video of object motion and jperf traffic are simultaneously 

sharing bandwidth (Ethernet 10Mbit/s) between server and client hosts over native 

IPv4 network, the maximum attainable bandwidth of jperf traffic is 7016 Kbits/s for 

a  transferred data size (throughput) of 8567 Kbyte  in periodical 0.0-10.0 seconds. 

As a result, the maximum attainable bandwidth over native IPv4 will be 2669 

Kbits/s for a transferred video data size (throughput) of MPEG-2 in real time is 2714 

Kbyte in periodical time 0.0-10.0 seconds as shown in Table-10. 
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Table-10: Throughput of jperf traffic and real time MPEG-2 video over native IPv4.  
Bin/iperf.exe -s -P 0 -i 1 -p 5001 -V -f k  
Server listening on TCP port 5001 TCP window size: 8.00 Kbyte (default) 
Local 10.10.10.6 port 5001 connected with 172.16.10.6 port 45433 
 

Jperf traffic                                                                  MPEG-2 video 

[ID] 
Interval 

In sec 

Transfer 

in KBytes 

Bandwidth 

In Kbits/s 
[ID] 

Interval 

In sec 

Transferred video data 

size (throughput) In 

KBytes 

Bandwidth 

In Kbits/s 

[120] 0.0- 1.0   883  7236  [120] 0.0- 1.0   245  2451  

[120] 1.0- 2.0   843  6909  [120] 1.0- 2.0   285  2778  

[120] 2.0- 3.0   857  7021  [120] 2.0- 3.0   271  2666  

[120] 3.0- 4.0   856  7013  [120] 3.0- 4.0   272  2674  

[120] 4.0- 5.0   861  7054  [120] 4.0- 5.0   267  2633  

[120] 5.0- 6.0   857  7024  [120] 5.0- 6.0   271  2663  

[120] 6.0- 7.0   855  7005  [120] 6.0- 7.0   273  2682  

[120] 7.0- 8.0   857  7017  [120] 7.0- 8.0   271  2670  

[120] 8.0- 9.0   852  6977  [120] 8.0- 9.0   276  2710  

[120] 9.0-10.0  845  6924  [120] 9.0-10.0  283  2763  

Total 0.0-10.0  8567  7016 [120] 0.0-10.0  2714  2669  

 

When Real time MPEG-4 video of object motion and jperf traffic are simultaneously 

sharing bandwidth (Ethernet 10 Mbit/s) between server and client hosts over 

native IPv4 network, the maximum attainable bandwidth of jperf traffic is 8699 

Kbits/s for a transferred data size of 10629 Kbyte in periodical time 0.0-10.0 

seconds. As a result, the maximum attainable bandwidth over native IPv4 will be 

979 Kbits/s for a transferred video data size (throughput) of MPEG-4 in real time is 

649 Kbyte in periodical time 0.0-10.0 seconds as shown in Table-11. 
 

Table-11: Throughput of jperf traffic and real time MPEG-4 video over native IPv4.  
Bin/iperf.exe -s -P 0 -i 1 -p 5001 -V -f k  
Server listening on TCP port 5001 TCP window size: 8.00 Kbyte (default) 
Local 10.10.10.6 port 5001 connected with 172.16.10.6 port 47634 
 

Jperf traffic                                                                  MPEG-4 video 

[ID] 
Interval 

In sec 

Transfer 

in KBytes 

Bandwidth 

In Kbits/s 
[ID] 

Interval 

In sec 

Transferred video data 

size (throughput) In 

KBytes 

Bandwidth 

In Kbits/s 

[136] 0.0- 1.0 1072 8782 [136] 0.0- 1.0 56 905 

[136] 1.0- 2.0 1041 8524 [136] 1.0- 2.0 87 1163 

[136] 2.0- 3.0 1057 8660 [136] 2.0- 3.0 71 1027 

[136] 3.0- 4.0 1053 8622 [136] 3.0- 4.0 75 1065 

[136] 4.0- 5.0 1070 8767 [136] 4.0- 5.0 58 920 

[136] 5.0- 6.0 1068 8746 [136] 5.0- 6.0 60 941 

[136] 6.0- 7.0 1075 8805 [136] 6.0- 7.0 53 882 

[136] 7.0- 8.0 1066 8729 [136] 7.0- 8.0 62 958 

[136] 8.0- 9.0 1068 8749 [136] 8.0- 9.0 60 938 

[136] 9.0-10.0 1061 8690 [136] 9.0-10.0 67 997 

Total 0.0-10.0 10629 8699 [136] 0.0-10.0 649 979 
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b) Delay and Jittering Tests  

Delay and jittering tests are made by using D-ITG tool to find out the delay, jitter, and 

packet loss of native IPv4 network between client and server. The D-ITG tests are run 

over the payload sizes for a standard Ethernet MTU (1500 Byte). The different 

payload sizes were: 64KB, 128KB, 256KB, 512KB, 768KB, 1024KB, 1280KB and 

1440KB. 

The receiver (ITGRecv) will listen to sender (ITGSend) on port 8999 and then sender 

will generate different packet sizes over UDP/IPv4 for time of 10 seconds. 100 

packets per second will be generated by using the following command in sender:  

ITGSend -a 10.10.10.6 -C 100 -c 64 -t 10000 -x recv.log 

After each successful run the received data is decoded and analyzed by using D-ITG 

decoder (ITGDec). The results of D-ITG decoder shows that the payload size has 

average delay and average jitter for 10 seconds as shown in Table-12. 

 
Table-12: Delay and jitter over native IPv4 by using D-ITG Tool. 
ITGDec version 2.8.0-rc1 (r459)  

Compile-time options:  

------------------------------------------------------ 
Flow number: 1 
From 172.16.10.6: 49983 
To     10.10.10.6: 8999 
 

Native IPv4 
Payload size 64KByte 128KByte 256KByte 

Total time                

Total packets             

Minimum delay*             

Maximum delay*             

Average delay*             

Average jitter            

Delay standard deviation  

Bytes received            

Average bitrate   

Average packet rate       

Packets dropped 

Average loss-burst size 

= 10.021000  s 

= 1000 

= 0.9948        s 

= 1.0116        s 

= 1.0031274    s 

= 0.001034      s 

= 0.002490      s 

= 64000 

=  51.092705   Kbit/s 

=  99.790440   Pkt/s 

=   0 (0.00 %) 

=   0.000000     Pkt 

=  10.013000   s 

=  998 

=  0.9603204   s  

=  1.0638         s 

=  1.0120602   s 

=  0.000550     s  

=  0.007272     s 

=  127872 

=  102.062519  Kbit/s 

=   99.670428    Pkt/s 

=   2 (0.20 %) 

=   2.000000       Pkt 

=  10.024000    s 

=  1000 

=  0.9410364    s 

=  1.1270364    s 

=  1.0340364    s 

=  0.000709      s  

=  0.007607      s 

=  256000 

=  204.309657 Kbit/s 

=  99.760575   Pkt/s 

=   0 (0.00 %) 

=   0.000000       Pkt 
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Payload size 512KByte 768KByte 1024KByte 

Total time                

Total packets             

Minimum delay*             

Maximum delay*             

Average delay*             

Average jitter            

Delay standard deviation  

Bytes received            

Average bitrate   

Average packet rate       

Packets dropped 

Average loss-burst size 

=  10.012000    s 

=  999 

=  0.9942          s 

=  1.1166564    s 

=  1.0554282    s 

=  0.000626      s 

=  0.007686      s 

=  511488 

=  408.699960 Kbit/s 

=  99.780264   Pkt/s 

= 1 (0.10 %) 

=  1.000000      Pkt 

= 10.018000    s 

=  1000 

=  1.0282         s 

=  1.1118         s 

=  1.07           s 

=  0.000771    s  

=  0.007529    s 

=  768000 

=  613.29606  Kbit/s 

=  99.820323  Pkt/s 

=   0 (0.00 %) 

=  0.000000     Pkt 

=  10.016000   s 

=  997 

=  0.9972          s 

=  1.1466792   s 

=  1.0719396   s 

=  0.000803     s  

=  0.007623     s 

=  1024000 

=  817.238627  Kbit/s 

=  99.760575    Pkt/s 

= 3 (0.30 %) 

=  3.000000      Pkt 

Payload size 1280KByte 1440KByte  

Total time                

Total packets             

Minimum delay*             

Maximum delay*             

Average delay*             

Average jitter            

Delay standard deviation  

Bytes received            

Average bitrate   

Average packet rate       

Packets dropped 

Average loss-burst size 

= 10.013000   s 

=  1000 

=  1.014          s  

=  1.1406456  s 

=  1.0773228  s 

=  0.000886    s 

=  0.007713    s 

=  1278720 

= 1021.64785  Kbit/s 

=   99.770299  Pkt/s 

=   0 (0.00 %) 

=   0.000000   Pkt 

= 10.014000    s 

=  999 

=  1.0272         s 

=  1.1464272   s 

=  1.0868136   s 

=  0.000717     s 

=  0.007560     s 

=  1438560 

=  1149.23906 Kbit/s 

=  99.760336    Pkt/s 

= 1 (0.10 %) 

=  1.000000       Pkt 

 

 

* This calculation runs for 1000 packets in 10 seconds time, so that for one packet the 

delays will be divided by 1000 to get delays in millisecond.  

 

4.1.3 Real Time Video Performance over IPv6/IPv4 Tunnel 

The IPv6/IPv4 tunnel scenario is evaluated by using proposed lab network. The lab 

topology of IPv6/IPv4 tunnel network is designed and implemented by using 6to4 

and 6in4 tunnel. Three sites (Client’s Site, ISP’s Site, and Server’s Site) are used, 

where each client’ site and server’s site is consisted of two Cisco 2800 routers, two 

switches Cisco Catalyst 2960, and two hosts (Client/Server) with windows 7. The 

ISP’ site has been consisted of three Cisco 2800 routers. Web cameras are used to 

generate a real time video traffic between server (sender) and client (receiver) 

hosts over tunneling network. In addition, three traffic tools (VLC, IPerf, and D-ITG) 

were used to generate, test, and analyze real time video traffic behavior. The 

network topology in this scenario (IPv6/IPv4 tunnel) and the connections of client 

site, ISP site, and server site are shown in figure 17.  
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Fig. 17: The Proposed Network of IPv6/IPv4 Tunneling Scenario 

 

The IP address scheme of IPv6/IPv4 Tunneling for client’s site, ISP’s site, and 

server’s site is shown in Table-13.  

 
Table-13: IPv6/IPv4 Tunneling address scheme for Client/ISP/Server Sites 
 

 Client’s Site 
 

Device Name Interface IPv4 and IPv6 address 

Client’s Host           Fast Ethernet 2002:DB8:DB01:A01::2/64 

Router-1    2800 
Fast Ethernet 0/0 

Fast Ethernet 0/1 

2002:DB8:DB01:B01::2/64 

2002:DB8:DB01:A01::1/64 

Router-2    2800 
Fast Ethernet 0/0 

Fast Ethernet 0/1 

2002:DB8:DB01:B01::1/64 

209.165.200.1/24 

Switch-1    2960 
Fast Ethernet 0/1 

Fast Ethernet 0/2 

R1 

Client’s Host 
 

 

 

 

 Camera 

R6 
Cisco 

Router 

2800 

R7 

Cisco 
Router 

2800 

 

 

Switch 

Layer 2 

2960 

   Server 

F0/2 

R2 
Cisco 

Router 

2800 
   
 

F0/0 

 
 

F0/0 

 R1 

Cisco 
Router 

2800 

 

 

Switch 

Layer 2 

2960 

Client 

F0/2 

Camera 

R3 

Cisco 
Router 

2800 

R4 

Cisco 
Router 

2800 

R5 

Cisco 
Router 

2800 

 F0/1     F0/1 
 

   

 
 

 

F0/1 
 

F0/1 

 

    F0/0    F0/0 
 

 F0/1    F0/1 
 

 F0/0     F0/0 
 

   
 

F0/1 

 
 

F0/1 

    

 
 

 

F0/0 
 

F0/1 

 

Client’s Site ISP’s Site Server’s Site 

OSPF EIGRP BGP 

2002:DB8:DB01:A01::/64 

2002:DB8:DB01:B01::/64 

2002:DB8:DB01:A01::2 

209.165.200.0/24 

 
209.165.100.1/24 

 

209.165.50.0/24  209.165.10.0/24 

2002:DB8:DB01:B02::/64 

2002:DB8:DB01:A02::/64 

2002:DB8:DB01:A02::2 
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ISP’s Site 
 

Device Name Interface IPv4 address 

Router-3    2800 
Fast Ethernet 0/0 

Fast Ethernet 0/1 

209.165.100.1/24 

209.165.200.2/24 

Router-4    2800 
Fast Ethernet 0/0 

Fast Ethernet 0/1 

209.165.100.2/24 

209.165.50.1/24 

Router-5    2800 
Fast Ethernet 0/0 

Fast Ethernet 0/1 

209.165.10.1/24 

209.165.50.2/24 
 

 

Server’s Site 
 

Device Name Interface IPv4 and IPv6 address 

Server’s Host           Fast Ethernet 2002:DB8:DB01:A02::2/64 

Router-6   2800 
Fast Ethernet 0/0 

Fast Ethernet 0/1 

209.165.10.2/24 

2002:DB8:DB01:B02::1/64 

Router-7   2800 
Fast Ethernet 0/0 

Fast Ethernet 0/1 

2002:DB8:DB01:A02::1/64 

2002:DB8:DB01:B02::2/64 

Switch-2   2960 
Fast Ethernet 0/1 

Fast Ethernet 0/2 

R7 

Server’s Host 

 
The VLC media player software is used to generate video data between server 

(sender) and client (receiver) hosts over 6to4 and 6in4 tunneling network by using 

web camera, RTP/UDP/IPv6/IPv4 on port 5004, and standard video compressing 

codecs MPEG-1, MPEG-2, and MPEG-4. The resolution of web camera is 320*240 

pixels and frame rate is 30 frames/sec. Server’s IPv6 address is configured as 

2002:DB8:DB01:A02::2 and client’s IPv6 address is configured as 

2002:DB8:DB01:A01::2. The basic test of VLC real time video over 6to4 and 6in4 

tunneling network is made to show object motion latency from right to left between 

server (sender) and client (receiver) hosts. 

 

a) Throughput Test  

Throughput test is made by using jperf-2.0.2 tool to test throughput behavior of 

6to4 and 6in4 tunneling between server and client hosts. The server will listen to 

the client on port 5001 by using the following command: 

bin/iperf.exe -s -P 0 -i 1 -p 5001 -V -f k. 

While client host will generate a certain data for time period 10 seconds by using 

the following command in jperf:  

bin/iperf.exe -c 10.10.10.6 -P 1 -i 1 -p 5001 -w 8.0K -V -l 6.0B -f k -t 10. 

The real time MPEG-1 video of object motion and jperf traffic are simultaneously 

shared bandwidth (Ethernet 10Mbit/s) between server and client hosts across 6to4 
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and 6in4 tunneling network. In case of 6to4 tunneling, the maximum attainable 

bandwidth of jperf traffic is 5659 Kbits/s for a transferred data size (throughput) of 

6913 Kbyte in periodical time 0.0-10.0 seconds. As a result, the maximum attainable 

bandwidth across 6to4 tunneling will be 4023 Kbits/s for a transferred video data 

size (throughput)  of MPEG-1 in real time is 4366 Kbyte in periodical time  0.0-10.0 

seconds. In case of 6in4 tunneling, the maximum attainable bandwidth of jperf 

traffic is 5300 Kbits/s for a transferred data size is 6472 Kbyte in periodical time 

0.0-10.0 seconds. As a result, the maximum attainable bandwidth across 6in4 

tunneling will be 4385 Kbits/s for a transferred video data size of MPEG-1 in real 

time is 4808 Kbyte in periodical time 0.0-10.0 seconds as shown in Table-14. 
 

Table-14: Throughput of jperf traffic and MPEG-1 video over 6to4 and 6in4. 

Bin/iperf.exe -s -P 0 -i 1 -p 5001 -V -f k  
Server listening on TCP port 5001 TCP window size: 8.00 Kbyte (default) 
Local 10.10.10.6 port 5001 connected with 172.16.10.6 port 5634 
 

6to4 tunneling 

Jperf traffic                                                                  MPEG-1 video 

[ID] 
Interval 

In sec 

Transfer 

in KBytes 

Bandwidth 

In Kbits/s 
[ID] 

Interval 

In sec 

Transferred video data 

size (throughput) In 

KBytes 

Bandwidth 

In Kbits/s 

[105]   0.0- 1.0   692  5665  [105]   0.0- 1.0   436  4022  

[105]   1.0- 2.0   684  5606  [105]   1.0- 2.0   444  4081  

[105]   2.0- 3.0   685  5611  [105]   2.0- 3.0   443  4076  

[105]   3.0- 4.0   694  5684  [105]   3.0- 4.0   434  4003  

[105]   4.0- 5.0   693  5675  [105]   4.0- 5.0   435  4012  

[105]   5.0- 6.0   685  5614  [105]   5.0- 6.0   443  4073  

[105]   6.0- 7.0   683  5596  [105]   6.0- 7.0   445  4091  

[105]   7.0- 8.0   699  5728  [105]   7.0- 8.0   429  3959  

[105]   8.0- 9.0   697  5709  [105]   8.0- 9.0   431  3978  

[105]   9.0-10.0  702  5748  [105]   9.0-10.0  426  3939  

Total 0.0-10.0  6913 5659 [105]   0.0-10.0  4366  4023  

 

6in4 tunneling 
Jperf traffic                                                                  MPEG-1 video 

[ID] 
Interval 

In sec 

Transfer 

in KBytes 

Bandwidth 

In Kbits/s 
[ID] 

Interval 

In sec 

Transferred video  

size (throughput) In 

KBytes 

Bandwidth 

In Kbits/s 

[156] 0.0- 1.0   656  5374   [156] 0.0- 1.0   472  4313  

[156] 1.0- 2.0   641  5252  [156] 1.0- 2.0   487  4435  

[156] 2.0- 3.0   644  5272  [156] 2.0- 3.0   484  4415  

[156] 3.0- 4.0   635  5203  [156] 3.0- 4.0   493  4484  

[156] 4.0- 5.0   637  5221  [156] 4.0- 5.0   491  4466  

[156] 5.0- 6.0   644  5279  [156] 5.0- 6.0   484  4408  

[156] 6.0- 7.0   662  5420  [156] 6.0- 7.0   466  4267  

[156] 7.0- 8.0   659  5397  [156] 7.0- 8.0   469  4290  

[156] 8.0- 9.0   634  5191  [156] 8.0- 9.0   494  4496  

[156] 9.0-10.0  660  5408  [156] 9.0-10.0  468  4279  

Total 0.0-10.0  6472  5300  [156] 0.0-10.0  4808  4385  
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The real time MPEG-2 video of object motion and jperf traffic are simultaneously 

shared bandwidth (Ethernet 10Mbit/s) between server and client hosts across 6to4 

and 6in4 tunneling network. In case of 6to4 tunneling, the maximum attainable 

bandwidth of jperf traffic is 5982 Kbits/s for a transferred data size is 4894 Kbyte  

in periodical time 0.0-10.0 seconds. As a result, the maximum attainable bandwidth 

across 6to4 tunneling will be 4801 Kbits/s for a transferred video data size 

(throughput) of MPEG-2 in real time is 5299 Kbyte in periodical time 0.0-10.0 

seconds. In case of 6in4 tunneling, the maximum attainable bandwidth of jperf 

traffic is 4443 Kbits/s for a transferred data size is 5427 Kbyte in periodical time 

0.0-10.0 seconds. As a result, the maximum attainable bandwidth across 6in4 

tunneling will be 5240 Kbits/s for a transferred video data size (throughput)  of 

MPEG-2 in real time is 5853 Kbyte in periodical time 0.0-10.0 seconds as shown in 

Table-15. 

Table-15: Throughput of jperf traffic and MPEG-2 video over 6to4 and 6in4.  
Bin/iperf.exe -s -P 0 -i 1 -p 5001 -V -f k  
Server listening on TCP port 5001 TCP window size: 8.00 KByte (default) 
Local 10.10.10.6 port 5001 connected with 172.16.10.6 port 3763 

6to4 tunneling 
Jperf traffic MPEG-2 video 

[ID] 
Interval 

In sec 

Transfer 

in KBytes 

Bandwidth 

In Kbits/s 
[ID] 

Interval 

In sec 

Transferred video data 

size (throughput) In 

KBytes 

Bandwidth 

In Kbits/s 

[100] 0.0- 1.0   601  4924  [100] 0.0- 1.0   527  4763  

[100] 1.0- 2.0   591  4841  [100] 1.0- 2.0   537  4846  

[100] 2.0- 3.0   598  4903  [100] 2.0- 3.0   530  4784  

[100] 3.0- 4.0   598  4901  [100] 3.0- 4.0   530  4786  

[100] 4.0- 5.0   596  4879  [100] 4.0- 5.0   532  4808  

[100] 5.0- 6.0   600  4913  [100] 5.0- 6.0   528  4774  

[100] 6.0- 7.0   599  4908  [100] 6.0- 7.0   529  4779  

[100] 7.0- 8.0   603  4941  [100] 7.0- 8.0   525  4746  

[100] 8.0- 9.0   600  4916  [100] 8.0- 9.0   528  4916  

[100] 9.0-10.0  595  4877  [100] 9.0-10.0  533  4810  

Total 0.0-10.0  5982  4894  [100] 0.0-10.0  5299  4801  
 

6in4 tunneling 
Jperf traffic MPEG-2 video 

[ID] 
Interval 

In sec 

Transfer 

in KBytes 

Bandwidth 

In Kbits/s 
[ID] 

Interval 

In sec 

Transferred video data 

size (throughput)  

Bandwidth 

In Kbits/s 

[156] 0.0- 1.0   545  4466  [156] 0.0- 1.0   583  5221  

[156] 1.0- 2.0   532  4359  [156] 1.0- 2.0   596  5328  

[156] 2.0- 3.0   549  4495  [156] 2.0- 3.0   579  5192  

[156] 3.0- 4.0   544  4457  [156] 3.0- 4.0   584  5230  

[156] 4.0- 5.0   546  4476  [156] 4.0- 5.0   582  5211  

[156] 5.0- 6.0   537  4399  [156] 5.0- 6.0   591  5288  

[156] 6.0- 7.0   545  4466  [156] 6.0- 7.0   583  5221  

[156] 7.0- 8.0   547  4481  [156] 7.0- 8.0   581  5206  

[156] 8.0- 9.0   537  4397  [156] 8.0- 9.0   591  5290  

[156] 9.0-10.0  545  4466  [156] 9.0-10.0  583  5221  

Total 0.0-10.0  5427  4443  [156] 0.0-10.0  5853  5240  



- 48 - 

 

The real time MPEG-4 video of object motion and jperf traffic are simultaneously 

shared bandwidth (Ethernet 10Mbit/s) between server and client hosts across 6to4 

and 6in4 tunneling network. In case of  6to4 tunneling, the maximum attainable 

bandwidth of jperf traffic is 6729 Kbits/s for a transferred data size (throughput) is 

8235 Kbyte in periodical time 0.0-10.0 seconds. As a result, the maximum attainable 

bandwidth across 6to4 tunneling will be 2944 Kbits/s for a transferred video data 

size of MPEG-4 in real time is 3044 Kbyte in periodical time 0.0-10.0 seconds. In 

case of 6in4 tunneling, the maximum attainable bandwidth of jperf traffic is 6423 

Kbits/s for a transferred data size (throughput)  is 7845 Kbyte in periodical time 

0.0-10.0 seconds. As a result, the maximum attainable bandwidth across 6in4 

tunneling will be 3260 Kbits/s for a transferred video data size (throughput)  of 

MPEG-4 in real time is 3436 Kbyte in periodical time 0.0-10.0 seconds as shown in 

Table-16. 

Table-16: Throughput of jperf traffic and MPEG-4 video over 6to4 and 6in4. 
 Bin/iperf.exe -s -P 0 -i 1 -p 5001 -V -f k  
Server listening on TCP port 5001 TCP window size: 8.00 Kbyte (default) 
Local 10.10.10.6 port 5001 connected with 172.16.10.6 port 5634 

6to4 tunneling 

Jperf traffic                                                                  MPEG-4 video 

[ID] 
Interval 

In sec 

Transfer 

in KBytes 

Bandwidth 

In Kbits/s 
[ID] 

Interval 

In sec 

Transferred video size 

(throughput) KBytes         

Bandwidth 

In Kbits/s 

[264] 0.0- 1.0 850 6961 [264] 0.0- 1.0 278 2726 
[264] 1.0- 2.0 801 6565 [264] 1.0- 2.0 327 3122 
[264] 2.0- 3.0 826 6767 [264] 2.0- 3.0 302 2920 
[264] 3.0- 4.0 810 6633 [264] 3.0- 4.0 318 3054 
[264] 4.0- 5.0 820 6714 [264] 4.0- 5.0 308 2973 
[264] 5.0- 6.0 824 6752 [264] 5.0- 6.0 304 2935 
[264] 6.0- 7.0 847 6942 [264] 6.0- 7.0 281 2745 
[264] 7.0- 8.0 824 6746 [264] 7.0- 8.0 304 2941 
[264] 8.0- 9.0 829 6748 [264] 8.0- 9.0 299 2939 
[264] 9.0–10.0 805 6594 [264] 9.0–10.0 323 3093 
Total 0.0-10.0 8235 6729 [264] 0.0-10.0 3044 2944 

6in4 tunneling 

Jperf traffic                                                                  MPEG-4 video 

[ID] 
Interval 

In sec 

Transfer 

in KBytes 

Bandwidth 

In Kbits/s 
[ID] 

Interval 

In sec 

Transferred video size 

(throughput) KBytes         

Bandwidth 

In Kbits/s 

[156] 0.0- 1.0   818  6702  [156] 0.0- 1.0   310  2985  
[156] 1.0- 2.0   787  6445  [156] 1.0- 2.0   341  3242  
[156] 2.0- 3.0   779  6383  [156] 2.0- 3.0   349  3304  
[156] 3.0- 4.0   775  6351  [156] 3.0- 4.0   353  3336  
[156] 4.0- 5.0   770  6305  [156] 4.0- 5.0   358  3382  
[156] 5.0- 6.0   788  6455  [156] 5.0- 6.0   340  3232  
[156] 6.0- 7.0   783  6412  [156] 6.0- 7.0   345  3275  
[156] 7.0- 8.0   774  6343  [156] 7.0- 8.0   354  3344  
[156] 8.0- 9.0   797  6531  [156] 8.0- 9.0   331  3156  
[156] 9.0-10.0  773  6336  [156] 9.0-10.0  355  3351  
Total 0.0-10.0  7845  6423  [156] 0.0-10.0  3436  3260  
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b) Delay and Jittering Test 

Delay and jittering tests are made by using D-ITG tool to find out the delay and 

jittering of tunneling network between client and server The D-ITG tests are run over 

the payload sizes for a standard Ethernet MTU (1500 Byte). The different payload 

sizes were: 64KB, 128KB, 256KB, 512KB, 768KB, 1024KB, 1280KB and 1440KB. 

The receiver (ITGRecv) will listen to the sender (ITGSend) on port 8999 and sender 

will generate different packet sizes over UDP/IPv6 for 10 seconds. 100 packets per 

second will be generated by using the following command in sender: 

ITGSend -a 2002:DB8:DB01:A02::2  -C 100 -c 64 -t 10000 -x recv.log 

After each successful run the received data is decoded and analyzed by using D-ITG 

decoder (ITGDec). The results of D-ITG decoder shows that the payload size has 

average delay and average jitter for 10 seconds as shown in Table-17. 
 

Table-17: Delay and jitter over 6to4 and 6in4 Tunneling by using D-ITG tool.  

ITGDec version 2.8.0-rc1 (r459)  
Compile-time options: ipv6 
------------------------------------------------------ 
Flow number: 1 
From 2002:DB8:DB01:A01::2: 49983 
To    2002:DB8:DB01:A02::2: 8999 

6to4 tunneling 

Payload size 64KByte 128KByte 256KByte 

Total time                

Total packets             

Minimum delay*             

Maximum delay*             

Average delay*             

Average jitter            

Delay standard deviation  

Bytes received            

Average bitrate   

Average packet rate       

Packets dropped 

Average loss-burst size 

= 10.02300   s 

= 999 

= 2.1554       s 

= 2.1918       s 

= 2.1734427 s 

= 0.0007709 s 

= 0.0097227 s 

= 64000 

=  51.1404078 Kbit/s 

=  99.0664199 Pkt/s 

= 1 (0.10 %) 

=   1.000000       Pkt 

=  10.022000  s 

=  1000 

=  2.0966942  s  

=  2.3049        s 

=  2.2007971  s 

=  0.0007813  s  

=  0.009856    s 

=  127971 

=  102.161185  Kbit/s 

=  99.9495954  Pkt/s 

= 0 (0.00 %) 

=  0.000000   Pkt 

=  10.01900     s 

=  1000 

=  2.0389122   s 

=  2.4419122   s 

=  2.2404122   s 

=   0.0007775  s  

=   0.2972073  s 

=   256000 

=   182.017176 Kbit/s 

=   99,1382462Pkt/s 

=   0 (0.00 %) 

=   0.000000       Pkt 

Payload size 512KByte 768KByte 1024KByte 

Total time                

Total packets             

Minimum delay *            

Maximum delay*             

Average delay*             

Average jitter            

Delay standard deviation  

Bytes received            

Average bitrate   

Average packet rate       

Packets dropped 

Average loss-burst size 

= 10.029000  s 

= 999 

=  2.1541       s 

=  2.3874222 s 

=  2.2707611 s 

=  0.0008788 s 

=  0.0099814 s 

=  512000 

=  408.805108 Kbit/s 

=  99.9887475 Pkt/s 

= 1 (0.10 %) 

=  1.000000       Pkt 

= 10.028000  s 

=  1000 

=  2.1801       s 

=  2.4209       s 

=  2.3005       s 

=  0.001183   s  

=  0.007782   s 

=  768000 

=  612.287159  Kbit/s 

=  99.0016864  Pkt/s 

=   0 (0.00 %) 

=  0.000000       Pkt 

=  10.021000  s 

= 1000   

=  2.1606        s 

=  2.4844716  s 

=  2.3225358  s 

=  0.0010608  s  

=  0.007683    s 

=  1020928 

=  815.56901 Kbit/s 

=  99.702955 Pkt/s 

= 0 (0.00 %) 

=  0.000000     Pkt 
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Payload size 1280KByte 1440Kbyte  

Total time                

Total packets             

Minimum delay*             

Maximum delay*             

Average delay*             

Average jitter            

Delay standard deviation  

Bytes received            

Average bitrate   

Average packet rate       

Packets dropped 

Average loss-burst size 

= 10.019000   s 

= 1000 

=  2.197          s  

=  2.4713988  s 

=  2.3341994  s 

=  0.0012259  s 

=  0.0125786  s 

=   127899 

= 1021.70954  Kbit/s 

=  99.988436   Pkt/s 

=   0 (0.00 %) 

=   0.000000   Pkt 

= 10.029000   s 

=  999 

=  2.2256        s 

=  2.4839256  s 

=  2.3547628  s 

=  0.0016614  s 

=  0.007560    s 

=  143877 

=  1148,12025 Kbit/s 

=  99,8590582  Pkt/s 

= 1 (0.10 %) 

= 1.000000     Pkt 

 

6in4 tunneling 

Payload size 64KByte 128KByte 256KByte 

Total time                

Total packets             

Minimum delay*             

Maximum delay*             

Average delay*             

Average jitter            

Delay standard deviation  

Bytes received            

Average bitrate   

Average packet rate       

Packets dropped 

Average loss-burst size 

= 10.027000 s 

= 1000 

= 2.487000   s 

= 2.529000   s 

= 2.5078185 s 

= 0.0008895 s 

= 0.0112185 s 

= 64000 

=  51,162009   Kbit/s 

=  99.2304845 Pkt/s 

=   0 (0.00 %) 

=   0.000000   Pkt 

=  10.025500 s 

=  997 

=  2.600801   s  

=  2.659500   s 

=  2.6301505 s 

=  0.0009015 s  

=  0.011373   s 

=  127902 

=  102.185983   Kbit/s 

=  99.095687     Pkt/s 

=   3 (0.30 %) 

=   3.000000       Pkt 

=  10.02100   s 

=  999 

=  2.352591   s 

=  2.817591   s 

=  2.585091   s 

=  0.001512   s  

=  0,0429315s 

=  256000 

=  204,025764  Kbit/s 

=  99,313361    Pkt/s 

= 1 (0.10 %) 

=  1.000000       Pkt 

Payload size 512KByte 768KByte 1024KByte 

otal time                

Total packets             

Minimum delay*             

Maximum delay*             

Average delay*             

Average jitter            

Delay standard deviation  

Bytes received            

Average bitrate   

Average packet rate       

Packets dropped 

Average loss-burst size 

= 10.036000 s 

= 1000 

=  2.485500   s 

=  2.791641   s 

=  2.6385705 s 

=  0.001014   s 

=  0.011517   s 

=  512000 

=  478.928971 Kbit/s 

=  99,1408625 Pkt/s 

= 0 (0.00 %) 

=  0.000000       Pkt 

= 10.034500 s 

=  1000 

=  2.5275s 

=  2.779500   s 

=  2.6535       s 

=  0.001365   s  

=  0.011673   s 

=  765000 

=  640,485184  Kbit/s 

=  99,155792    Pkt/s 

=   0 (0.00 %) 

=  0.000000       Pkt 

=  10.024000 s 

=  998 

=  2.493000    s 

=  2.866698    s 

=  2.679849    s 

=  0.001224    s  

=  0.0115245  s 

=  1020668 

=  905,65655   Kbit/s 

=  99.811102   Pkt/s 

= 2 (0.20 %) 

=  2.000000     Pkt 

 

Payload size 1280KByte 1440KByte  

Total time                

Total packets             

Minimum delay*             

Maximum delay*             

Average delay*             

Average jitter            

Delay standard deviation  

Bytes received            

Average bitrate   

Average packet rate       

Packets dropped 

Average loss-burst size 

= 10,021000  s 

= 1000 

=  2.535000    s  

=  2.851614    s 

=  2.693307    s 

=  0.0014145  s 

=  0.0111645  s 

=  1278020 

= 1021.81870  Kbit/s 

=  99.140504  Pkt/s 

=   0 (0.00 %) 

=   0.000000   Pkt 

= 10,036000  s 

= 999 

= 2.5680000 s 

= 2.8660680 s 

= 2.7170340 s 

= 0.0019170 s 

= 0,0113400 s 

= 1438100 

= 1144.13875 Kbit/s 

=  99,901221  Pkt/s 

= 1 (0.10 %) 

=  1.000000     Pkt 
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4.2  Theoretical Calculations   

According to equations (1) and (7) given in chapter three the total E2ED and 

throughput can be calculated in the following formulas:  
 

     ∑         
    (i)+ ∑           

   + ∑        
      +                  

  Total Tth = N. (Ppayload + Pheader) / E2ED 

 

Where:  

M = number of nodes along path, 

N = number of the sending packets, 

Trans_d = transmission delay per link,  

Propg_d = propagation delay per link, 

Proc_d = processing delay per node,  

Queu_d = queuing delay, 

E2ED = total end-to-end delay, and 

Tth = throughput. 
 

a) Transmission Delay 

The transmission delay can be calculated according to equation (2) given in 

chapter three in section 3.1.1 by the following formula: 
 

Trans_d = P (byte)*8/ LB (bps) 

Where:  

Trans_d= the transmission delay,  

P= the packet size (payload bits + header bits), and  

LB = the link bandwidth (bps).  

 

b) Propagation Delay 

Propagation delay can be calculated according to equation (3) given in chapter 

three in section 3.1.2 by the following formula: 
 

Propg_d= Llength / Slight 
Where:  

Propg_d= the propagation delay,  

Llength = the link’s length between client and server,  

Slight = the propagation speed (light speed). 
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Since all tests are done in the lab over short link’s length 10m between client and 

server, so that, the propagation delay will be very small value and it doesn’t have 

any effect (neglectable) onto E2ED. Otherwise propagation delay over long 

distances between client and server should be taken in account and for 10 meters it 

can be calculated by:- 
 

Propg_d for 10m=10m/300000000m/s=0.00003ms 

Where:  3*108m/s is light speed 

 

c) Processing Delay  

The utilization of router’s CPU has a significant concern in the ISP’s site of the 

proposed networks. We examined the impaction of video data over native IPv6, 

native IPv4, and IPv6/IPv4 tunneling from multiple routers in the ISP site. We 

issued the (show process cpu) command on the routers during the tests. This 

command lists all the processes in the IOS, along with the CPU utilization of each 

process. Both the utilization percentage and the time consumed by the CPU for each 

process are reported. In the native IPv6, native IPv4, and IPv6/IPv4 tunneling, we 

observed that the routers CPU utilization in BGP processes in ISP site are higher 

than the routers in both clients sites which runs OSPF and EIGRP protocols as 

shown in figure 18.  

Fig. 18: Router CPU Utilization over ISP’s site and MPEG Video. 
 

Since the proposed networks are small and have high speed routers, this delay will 

not be addressed because it is fractions of microsecond and considered negligible. 

Otherwise processing delay over large networks and large routing tables should be 

taken in account. 
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d) Queuing Delay 

The Queuing delay can be calculated according to equation (4) given in chapter 

three in section 3.1.4 by the following formula: 
 

Queu_d= (n-1)* Trans_d 
Where:  

Queu_d= the queuing delay,  

n= the number of packets in queue, and 

Trans_d= the transmission delay. 

 

4.2.1 Video Packet Delay and Throughput over Native IPv6 

 
1)  Theoretical calculation of E2ED over native IPv6 will be carried by summation of 

Transmission, Propagation, and Queuing Delays: 
 

a) Transmission delay for MPEG video payload 64Kbyte over RTP/UDP/IPv6 and 

bandwidth 10Mbps can be calculated as following: 

Packet size = IPv6 Header + UDP Header + RTP Header + RTP payload 

Packet size = (40 bytes) + (8bytes) + (12 bytes) + (64 bytes). 

Packet size = 40+8+12+ 64 = 124 Byte 

     Trans_d = P (byte)*8/ LB (bps) 

         Trans_d = 124 byte*8/ 10000000 bps. 

         Trans_d = 0.0992ms    

b) Queuing delay for MPEG video packet can be calculated as follows: 

Since the number of MPEG video packets (N) to be transmitted between the 

sender and receiver are 1000 packets. Therefore;  

              Trans_d (1 packet) =0.0992ms    

         Queu_d (N) = (n-1)* Trans_d 

              Queu_d (1000 packet) = (1000-1)* 0.0992ms    

              Queu_d (1000 packet) = 99.1008ms (0.0991008s) 
 

c) Propagation delay can be calculated as function of distance between server and 

client. For the lab’s experiments the distance was 10m.  

              Propg_d= Llength / Slight 

              Propg_d= 10m / 300000000(m/s)   

              Propg_d= 0.00003ms     
 

 

 



- 54 - 

 

The total E2ED over IPv6 for 1000 MPEG video packets with 64 Byte payload is:- 

      ∑         
    (i)+ ∑           

   + ∑        
      +                 

 E2ED = 10 * 0.0992ms   + 10 * 0.00003ms + 0 + 99.1008ms 

 E2ED = 100.0931ms (0.1000931s) 

 
As a conclusion, the total E2EDs for 1000 MPEG video packets for different payload 

sizes over native IPv6 can be calculated as shown in Table-18 and figure 19. 
 

Table-18:- E2ED for different payload sizes of MPEG video packets over Native IPv6 
 

MPEG video 

packet Payload 

sizes 

Transmission 

delay (ms) 

Propagation 

delay (ms) 

Queuing delay 

(ms) 
E2ED  (ms) E2ED  (s) 

64KByte 0.0992 ms 0.00003 ms 99.10080 ms 100.0931 ms 0.1000931 s 

128KByte 0.1504 ms 0.00003 ms 150.2496 ms 151.7539 ms 0.1517539 s 

256KByte 0.2528 ms 0.00003 ms 252.5472 ms 255.0755  ms 0.2550755 s 

512KByte 0.4576 ms 0.00003 ms 457.1424ms 461.7187  ms 0.4617187 s 

768KByte 0.6624 ms 0.00003 ms 661.7376 ms 668.3619 ms 0.6683619 s 

1024KByte 0.8672 ms 0.00003 ms 866.3328 ms 875.0051 ms 0.8750051 s 

1280KByte 1.0720 ms 0.00003 ms 1070.928 ms 1081.6483ms 1.0816483 s 

1440Kbyte 1.2000 ms 0.00003 ms 1198.800 ms 1210.8003ms 1.2108003 s 

 

 

Fig. 19: Theoretical E2ED for Various Payload sizes over native IPv6 

 

2) Theoretical calculation of MPEG video throughput over native IPv6 can be 
calculated  according to equation (7) given in chapter three in section 3.4 :- 
 

 Number of packets (N) = transferred video data / packet size 

      ∑         
    (i)+ ∑           

   + ∑        
      +                 

 Total Tth = N. (Ppayload + Pheader) / E2ED 
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 The throughput of MPEG-1 video over native IPv6 can be calculated according to 

table-4 as following: 

Packet size = IPv6 Header + UDP Header + RTP Header + RTP max_payload 

Packet size = (40 bytes) + (8bytes) + (12 bytes) + (TS packet 188 byte *7). 

Packet size = 40+8+12+ 1316 =1376 Byte 

     Number of MPEG-1 packets (N) =2433 Kbytes / 1376 byte= 1768 packet 

E2ED= 10 * 1.1008ms   + 10 * 0.00003ms + 0 + (1768-1) * 1.1008ms    

E2ED= 11.008ms + 0.0003ms +1945ms= 1956.0083ms=1.9560083s 

Total Tth = 1768 * (1376 byte)/ 1.9560083s 

Total Tth =1243741 bytes  

 The throughput of MPEG-2 video over native IPv6 can be calculated according to 

table-5 as following: 

Number of MPEG-2 packets (N)=3036 Kbytes / 1376 byte= 2206 packet 

     E2ED= 10 * 1.1008ms   + 10 * 0.00003ms + 0 + (2206-1) * 1.1008ms    

     E2ED= 11.008ms + 0.0003ms +2428.8ms= 2439.8083ms=2.4398083s 

     Total Tth = 2206 * (1376 byte)/ 2.4398083s 

Total Tth =1244137 bytes  

 The throughput of MPEG-4 video over native IPv6 can be calculated according to 

table-6 as following: 

Number of MPEG-4 packets (N) =1622 Kbytes / 1376 byte= 1178 packet 

     E2ED= 10 * 1.1008ms   + 10 * 0.00003ms + 0 + (1178-1) * 1.1008ms    

E2ED= 11.008ms + 0.0003ms +2428.8ms= 1306.6499ms=1.3066499s 

Total Tth = 1178 * (1376 byte)/ 1.3066499s 

Total Tth =1240522 bytes 

We noticed the theoretical result of video throughput of MPEG-4 is less than 

MPEG-1 and MPEG-2, same as the obtained practical results of transferred video 

throughput in table-4, 5, and 6.  
 

4.2.2 Video Packet Delay and Throughput over Native IPv4 
 

1) Theoretical calculation of E2ED over native IPv4 will be carried by summation of 

Transmission, Propagation and Queuing Delays: 

a) Transmission delay for MPEG video payload 64Kbyte over RTP/UDP/IPv4 and 

bandwidth 10Mbps can be calculated as following: 

     Packet size = IPv4 Header + UDP Header + RTP Header + RTP payload 

Packet size = (20 bytes) + (8bytes) + (12 bytes) + (64 bytes). 

Packet size = 20+8+12+ 64= 104 Byte. 
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     Trans_d = P (byte)*8/ LB (bps) 

     Trans_d = 104 byte*8/ 10000000 bps 

     Trans_d = 0.0832ms 

b) Queuing delay for MPEG video packet can be calculated as follows: 

Since the number of MPEG video packets (N) to be transmitted between the 

sender and receiver are 1000 packets. Therefore; 

     Trans_d =0.0832ms 

     Queu_d(N)= (n-1)* Trans_d 

Queu_d (1000 packet) = (1000-1)* 0.0832ms 

Queu_d (1000 packet) = 83.1168ms (0.0831168s) 

c) Propagation delay can be calculated as function of distance between server and 

client. For the lab’s experiments the distance was 10m.  

     Propg_d= Llength / Slight 

     Propg_d= 10m / 300000000(m/s)   

     Propg_d= 0.00003ms     

 
The total E2ED over IPv4 for 1000 MPEG video packets with 64 Byte payload is:- 

      ∑         
    (i)+ ∑           

   + ∑        
      +                 

 E2ED = 10 * 0.0832ms + 10 * 0.00003ms + 0 + 83.1168ms 

 E2ED = 83.9491ms (0.0839491s) 
 

As a conclusion, the total E2EDs for 1000 MPEG video packets for different payload 

sizes over native IPv4 can be calculated as shown in Table-19 and figure 20. 
 

Table-19:- E2ED for different payload sizes of MPEG video packets over Native IPv4 
 

MPEG video 

packet Payload 

sizes 

Transmission 

delay (ms) 

Propagation 

delay (ms) 

Queuing delay 

(ms) 
E2ED  (ms) E2ED  (s) 

64KByte 0.0832  ms 0.00003 ms 83.1168  ms 83.9491  ms 0.0839491 s 
128KByte 0.1344 ms 0.00003 ms 134.2656 ms 135.6099 ms 0.1356099 s 
256KByte 0.2368 ms 0.00003 ms 236.5632 ms 238.9315 ms 0.2389315 s 
512KByte 0.4416 ms 0.00003 ms 441.1584 ms 445.5747 ms 0.4455747 s 
768KByte 0.6464 ms 0.00003 ms 645.7536 ms 652.2179  ms 0.6522179 s 

1024KByte 0.8512 ms 0.00003 ms 850.3488 ms 858.8611 ms 0.8588611 s 
1280KByte 1.0560 ms 0.00003 ms 1054.944 ms 1065.5043 ms 1.0655043 s 
1440Kbyte 1.1840 ms 0.00003 ms 1182.816 ms 1194.6563 ms 1.1946563 s 
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Fig. 20: Theoretical E2ED for Various Payload sizes over native IPv4 

 

2) Theoretical calculation of MPEG video throughput over native IPv4 can be 

calculated  according to equation (7) given in chapter three in section 3.4 :- 
 

 Number of packets (N) = transferred video data / packet size 

      ∑         
    (i)+ ∑           

   + ∑        
      +                 

 Total Tth = N. (Ppayload + Pheader) / E2ED 
      
 The throughput of MPEG-1 video over native IPv4 can be calculated according to 

table-9 as following: 

Packet size = IPv4 Header + UDP Header + RTP Header + RTP max_payload 

Packet size = (20 bytes) + (8bytes) + (12 bytes) + (TS packet 188 byte *7). 

Packet size = 20+8+12+ 1316 =1356 Byte 

Number of MPEG-1 packets (N) =1945 Kbytes / 1356 byte= 1434 packet 

E2ED= 10 * 1.0848ms + 10 * 0.00003ms + 0 + (1434-1) * 1.0848ms 

E2ED= 10.848ms + 0.0003ms +1554.5184ms= 1565.3667ms=1.5653667s 

Total Tth = 1434 * (1356 byte)/ 1.5653667s  

Total Tth =1242204 bytes  

 The throughput of MPEG-2 video over native IPv4 can be calculated according to 

table-10 as following: 

     Number of MPEG-2 packets (N) =2714 Kbytes / 1356 byte= 2001 packet 

     E2ED= 10 * 1.0848ms + 10 * 0.00003ms + 0 + (2001-1) * 1.0848ms 

     E2ED= 10.848ms + 0.0003ms +2169.6ms= 2180.4483ms=2.1804483s 

     Total Tth = 2001 * (1356 byte)/ 2.1804483s 

Total Tth =1244402 bytes  
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 The throughput of MPEG-4 video over native IPv4 can be calculated according to 

table-11 as following: 

Number of MPEG-4 packets (N) = 649 Kbytes / 1356 byte= 478 packet 

     E2ED= 10 * 1.0848ms + 10 * 0.00003ms + 0 + (478-1) * 1.0848ms 

E2ED= 10.848ms + 0.0003ms +517.4496ms= 528.2979ms=0.5282979s 

Total Tth = 478 * (1356 byte)/ 0.5282979s 

Total Tth =1226898 bytes  
 

We noticed the theoretical result of video throughput of MPEG-4 is less than 

MPEG-1 and MPEG-2, same as the obtained practical result of transferred video 

throughput in table-9, 10, and 11.  

 
4.2.3 Video Packet Delay and Throughput over IPv6/IPv4 Tunnel 

 

1) Theoretical calculation of E2ED over IPv6/IPv4 Tunnel will be carried by 

summation of Transmission, Propagation and Queuing Delays: 
 

a) Transmission delay for MPEG video payload 64Kbyte over RTP/UDP/IPv6/IPv4 

and bandwidth 10Mbps can be calculated as following: 

Packet size = IPv4 Header+ IPv6 Header + UDP Header + RTP Header + RTP payload 

            Packet size = (20bytes) + (40bytes) + (8bytes)+(12bytes)+(64 Byte) 

Packet size = 20+40+8+12+ 64 = 144 Byte. 

Trans_d = P (byte)*8/ LB (bps) 

Trans_d = 144 byte*8/ 10000000 bps 

Trans_d = 0.1152ms  
 

a) Queuing delay for MPEG video packet can be calculated as follows: 

Since the number of MPEG video packets (N) to be transmitted between the sender 

and receiver are 1000 packets. Therefore; 

Trans_d = 0.1152ms 

Queu_d (N)= (n-1)* Trans_d 

Queu_d (1000 packet) = (1000-1)* 0.1152ms 

Queu_d (1000 packet) = 115.0848ms (0.1150848 s) 
 

b) Propagation delay can be calculated as function of distance between server and 

client. For the lab’s experiments the distance was 10m. 

     Propg_d= Llength / Slight 

Propg_d= 10m / 300000000m/s   

Propg_d= 0.00003ms      
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The total E2ED over IPv6/IPv4 Tunnel for 1000 MPEG video packets with 64 Byte 

payload is:- 

     ∑         
    (i)+ ∑           

   + ∑        
      +                 

 E2ED = 10 * 0.1152ms + 10 * 0.00003ms + 0 + 115.0848ms  

 E2ED = 116.2371ms (0.1162371s) 

 
As a conclusion, the total E2EDs for 1000 MPEG video packets for different payload 

sizes over IPv6/IPv4 Tunnel can be calculated as shown in Table-20 and figure 21. 
 

Table-20:- E2ED for different payload sizes of MPEG video packets over IPv6/IPv4  
 

MPEG video 

packet Payload 

sizes 

Transmission 

delay (ms) 

Propagation 

delay (ms) 

Queuing delay 

(ms) 
E2ED  (ms) E2ED  (s) 

64KByte 0.1152 ms 0.00003 ms 115.0848 ms 116.2371 ms 0.1162371 s 
128KByte 0.1664 ms 0.00003 ms 166.2336 ms 167.8979 ms 0.1678979 s 
256KByte 0.2688 ms 0.00003 ms 268.5312 ms 271.2195 ms 0.2712195 s 
512KByte 0.4736 ms 0.00003 ms 473.1264 ms 477.8627 ms 0.4778627 s 
768KByte 0.6784 ms 0.00003 ms 677.7216 ms 684.5059 ms 0.6845059 s 

1024KByte 0.8864 ms 0.00003 ms 885.5136 ms 894.3779  ms 0.8943779 s 
1280KByte 1.088  ms 0.00003 ms 1086.912 ms 1097.7923 ms 1.0977923 s 
1440Kbyte 1.216  ms 0.00003 ms 1214.784 ms 1226.9443 ms 1.2269443 s 

 

 
Fig. 21: Theoretical E2ED for Various Payload sizes over IPv6/IPv4 Tunnel 
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b) Theoretical calculation of MPEG video throughput over IPv6/IPv4 Tunnel can be 

calculated  according to equation (7) given in chapter three in section 3.4 :- 
 

 Number of packets (N) = transferred video data / packet size 

      ∑         
    (i)+ ∑           

   + ∑        
      +                 

 Total Tth = N. (Ppayload + Pheader) / E2ED 

 

 The throughput of MPEG-1 video over 6to4 and 6in4 can be calculated according 

to table-14 as following: 

Packet size = IPv4 Header+ IPv6 Header + UDP Header + RTP Header + RTP max_payload 

Packet size = (20bytes) + (40bytes) + (8bytes)+(12bytes)+(TS packet 188byte *7) 

Packet size = 20+40+8+12+ 1316 =1396 Byte 

In case 6to4 

Number of MPEG-1 packets (N) = 4366 Kbytes / 1396 byte= 3127 packet 

E2ED= 10 * 1.1168ms   + 10 * 0.00003ms + 0 + (3127-1) * 1.1168ms    

E2ED= 11.168ms   + 0.0003ms + 3491.1168ms= 3502.2851ms=3.5022851s 

Total Tth = 3127* (1396 byte)/ 3.5022851s 

Total Tth =1246412 bytes  

In case 6in4 

Number of MPEG-1 packets (N) = 4808 Kbytes / 1396 byte= 3444 packet 

E2ED= 10 * 1.1168ms   + 10 * 0.00003ms + 0 + (3444 -1) * 1.1168ms    

E2ED= 11.168ms   + 0.0003ms + 3845.1424ms= 3856.3107ms=3.8563107s 

Total Tth = 3444* (1396 byte)/ 3.8563107s 

Total Tth =1246742 bytes  

 

 The throughput of MPEG-2 video over 6to4 and 6in4 can be calculated according 

to table-15 as following: 

In case 6to4 

Number of MPEG-2 packets (N) =5299 Kbytes / 1396 byte= 3795 packet 

E2ED= 10 * 1.1168ms   + 10 * 0.00003ms + 0 + (3795-1) * 1.1168ms    

E2ED= 11.168ms   + 0.0003ms + 4237.1392ms= 4248.3075ms=4.2483075s 

Total Tth = 3795* (1396 byte)/ 4.2483075s 

Total Tth =1247042 bytes  

In case 6in4 

Number of MPEG-2 packets (N) =5853 Kbytes / 1396 byte= 4192 packet 

E2ED= 10 * 1.1168ms   + 10 * 0.00003ms + 0 + (4192 -1) * 1.1168ms    

E2ED= 11.168ms   + 0.0003ms + 4680.5088ms= 4691.6771ms=4.6916771s 
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Total Tth = 4192* (1396 byte)/ 4.6916771s 

Total Tth =1247321 bytes  

 The throughput of MPEG-4 video over native IPv4 can be calculated according to 

table-16 as following:  

In case 6to4 

Number of MPEG-4 packets (N) = 3044 Kbytes / 1396 byte= 2180 packet 

E2ED= 10 * 1.1168ms   + 10 * 0.00003ms + 0 + (2180-1) * 1.1168ms    

E2ED= 11.168ms   + 0.0003ms + 2433.5072ms= 2444.6755ms=2.4446755s 

Total Tth = 2180* (1396 byte)/ 2.4446755s 

Total Tth =1244860 bytes  

In case 6in4 

Number of MPEG-4 packets (N) = 3436 Kbytes / 1396 byte= 2461 packet 

E2ED= 10 * 1.1168ms   + 10 * 0.00003ms + 0 + (2461-1) * 1.1168ms    

E2ED= 11.168ms   + 0.0003ms + 2747.328ms= 2758.4963ms=2.7584963s 

Total Tth = 2461 * (1396 byte)/ 2.7584963s 

Total Tth =1245445 bytes 

We noticed the theoretical result of video throughput of MPEG-4 is less than 

MPEG-1 and MPEG-2 as the obtained practical result of transferred video 

throughput in table-14, 15, and 16.  

 

The theoretical results show that the delay and overhead of MPEG packet over 

RTP/UDP/IP are increased dramatically with increasing the header size of IP packet.  

 For RTP/UDP/IPv6: 60 bytes are reserved for the headers and the rest is 

available for the payload size. The header size percentage of the overall 

packet size is 4%, in other word, the header size 60 byte divided by the total 

transmitted bytes (1440+60 bytes). 

 For RTP/UDP/IPv4: 40 bytes are reserved for the headers and the rest is 

available for the payload size. The header size percentage of the overall 

packet size is 2,7%, in other word, the header size 40 byte divided by the 

total transmitted bytes (1440+40 bytes). 

 For RTP/UDP/IPv6/IPv4: 80 bytes are reserved for the headers and the rest 

is available for the payload size. The header size percentage of the overall 

packet size is 5,2%, in other word, the header size 80 byte divided by the 

total transmitted bytes (1440+80 bytes). 
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Figure 22 illustrates the theoretical delay’s impact of IPv6, IPv4, 6to4, and 6in4 

networks on the transmission of MPEG video packets. 
 

 
Fig. 22: Theoretical E2ED Comparison for different packet sizes over IPv6, IPv4, 

6to4, and 6in4.  
 

Table-21 and figure 23 show the theoretical calculations of throughput on all three 

video CODECS using both versions of IP and two IP transition mechanisms. Each 

codec provided different throughput according to their packet sizes. 
 

Table-21: Theoretical calculations of throughput for all three video CODECS 
 

Video CODECS IPv6 IPv4 6to4 6in4 

MPEG-1 1243741 bytes 1242204 bytes 1246412 bytes 1246742 bytes 

MPEG-2 1244137 bytes 1244402 bytes 1247042 bytes 1247321 bytes 

MPEG-4 1240522 bytes 1226898 bytes 1244860 bytes 1245445 bytes 

 

 
Fig. 23: Theoretical Throughput Comparison of three video CODECS over IPv6, IPv4, 

6to4 and 6in4  
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4.3  Practical Results   

This section presents practical results of throughput for real time MPEG video 

(transferred data size) and bandwidth over native IPv6, native IPv4, 6to4 and 6in4 

tunneling transition mechanism. The three video protocols involved were MPEG-1, 

MPEG-2, and MPEG-4. In addition, this section presents practical results of delay, 

jitter, and packet loss for different packets payload sizes over native IPv6, native 

IPv4, 6to4 and 6in4 tunneling transition mechanism. 
 

4.3.1 Throughput of Real Time Video over Native IPv6 

According to practical results of throughput and bandwidth that are shown in 

chapter four in table-4, table-5, and table-6, the bandwidth and transferred real time 

video data by using MPEG-1, MPEG-2, and MPEG-4 video codecs over native IPv6 

can be illustrated in figure 24. This enables viewing the bandwidth of real time video 

and the influence of the video codecs in native IPv6 topology. 
 

 
 

 
Fig. 24: Throughput and Required Bandwidth for MPEG-1, MPEG-2, and MPEG-4 

Video over Native IPv6.  
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The pervious graph of native IPv6 scenario shows that performance of MPEG-2 has 

larger transferred video (throughput) and high required bandwidth compared to 

other codecs tested in this experiment. The results observed for MPEG-4 show that 

it has lowest transferred video (throughput) and bandwidth consumption than 

MPEG-1 and MPEG-2 over native IPv6. 
 

4.3.2 Throughput of Real Time Video over Native IPv4  

According to practical results of bandwidth and overall transferred data size 

(throughput) that are shown in chapter four in table-9, table-10, and table-11, the 

bandwidth and transferred real time video data by using MPEG-1, MPEG-2, and 

MPEG-4 video codecs over native IPv4 for 10 seconds can be illustrated in figure 25.  
 

 
 

 

 

Fig. 25: Throughput and Required Bandwidth for MPEG-1, MPEG-2, and MPEG-4 
Video over Native IPv4. 
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The pervious graph of native IPv4 scenario shows that the transferred video 

(throughput) of MPEG-2 is consuming a high bandwidth in comparison with MPEG-

1 video that consumes less bandwidth with fewer amounts of transferred video, and 

MPEG-4 which have lowest amount of transferred video (throughput) and low 

bandwidth consumption over native IPv4.  
 

4.3.3 Throughput of Real Time Video over IPv6/IPv4 Tunnel 

According to practical results of bandwidth and overall transferred data size 

(throughput) are shown in chapter four in table-14, table-15, and table-16, the 

bandwidth and transferred real time video data by using MPEG-1, MPEG-2, and 

MPEG-4 video codecs over 6to4 and 6in4 tunneling for 10 seconds can be illustrated 

in figure 26.  

 

 
a) 6to4 Tunneling 
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b) 6in4 Tunneling 

Fig. 26: Throughput and Required Bandwidth for MPEG-1, MPEG-2, and MPEG-4 
Video over 6to4 and 6in4 Tunneling. 

 
The pervious graph shows that the throughput of MPEG-1, MPEG-2, and MPEG-4 

video over 6in4 tunneling network has larger throughput compared to MPEG-1, 

MPEG-2, and MPEG-4 video over 6to4 tunneling network.  

As overall a practical result, upon using MPEG-1 video codec for 10 seconds over 

native IPv4 network, the average of transferred video data (throughput) was 1945 

Kbyte and average of required bandwidth was 2041Kbit/sec. In native IPv6 network 

the results were 2433Kbyte for the average transferred data (throughput) and 

2441Kbit/sec for the bandwidth. In 6to4 tunneling the total average of transferred 

video data (throughput) was 4366 Kbyte and bandwidth was 4023Kbit/sec, while 

the results over 6in4 tunneling were 4385Kbit/sec for average bandwidth and 4808 

Kbyte for average throughput.  
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When using the MPEG-2 video codec for 10 seconds over native IPv4 network, the 

average results for the throughput was 2714KByte and for the bandwidth was 2669 

Kbit/sec. In native IPv6 network, the results for bandwidth and throughput were 

2933Kbit/sec and 3036Kbyte respectively. In 6to4 tunneling the total average of 

required bandwidth was 4801Kbit/sec and the average transferred video data 

(throughput) was 5299 Kbyte, while over 6in4 tunneling mechanism the results 

were 5240Kbit/sec for average bandwidth and 5853Kbyte for average throughput. 

Finally, upon using MPEG-4 video codec for 10 seconds over native IPv4 network, 

the total average of transferred video data (throughput) and required bandwidth 

measured were 649Kbyte and 979Kbits/sec respectively. In native IPv6 

environment the results were 1775Kbits/sec (bandwidth) and 1622Kbyte 

(throughput). In 6to4 tunneling network the average results were 2944Kbits/sec for 

the bandwidth and 3044Kbyte for average throughput. In 6in4 tunneling network 

the results were 3260Kbits/sec for the average bandwidth and 3436Kbyte for the 

average throughput.  

Table-22 and figure 27 show the practical results of throughput on all three video 

CODECS using both versions of IP and two IP transition mechanisms. Each codec 

provided different throughput according to their packet sizes. 

 

Table-22: Practical throughput results for all three video CODECS 

Video CODECS IPv6 IPv4 6to4 6in4 

MPEG-1 2433 Kbyte 1945 Kbyte 4366 Kbyte 4808 Kbyte 

MPEG-2 3036 Kbyte 2714 Kbyte 5299 Kbyte 5853 Kbyte 

MPEG-4 1622 Kbyte 649 Kbyte 3044 Kbyte 3436 Kbyte 
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Fig. 27: Average Throughput and Bandwidth for MPEG-1, MPEG-2, MPEG-4 Video 
Codecs over IP Network. 

 
4.3.4 Delay, Jitter, and Packet loss of Various Payload sizes over IPv6 

According to practical results of delay, jitter, and packets loss that are shown in 

chapter four in table-7; delay, jitter, and packets loss test for different packet 

payload sizes over IPv6 network can be illustrated in figure 28. The payload sizes 

tested were: 64KB, 128KB, 256KB, 512KB, 768KB, 1024KB, 1280KB and 1440KB. 

For each payload size tested, D-ITG tool is configured to send 100 packets per 

second for 10 second totaling 1000 packets over the period 10 second of each test.  

0

1000

2000

3000

4000

5000

6000

7000

Native IPv4 Native IPv6 6to4
Tunneling

6in4
Tunneling

T
ra

n
sf

er
re

d
 v

id
eo

 a
v
er

ag
e 

 

(T
h
ro

u
g
h
p
u
t 

K
B

y
te

) 

IP Network 

 MPEG-1 Video Codec

 MPEG-2 Video Codec

 MPEG-4 Video Codec



- 69 - 

 

 

 

 

 

 
 

Fig. 28: Average Delay, Jitter, and packet loss for Various Payload sizes over IPv6  
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4.3.5 Delay, Jitter, and Packet loss of Various Payload sizes over IPv4 

According to practical results of delay, jitter, and packets loss that are shown in 

chapter four in table-12; delay, jitter, and packets loss test for different packet 

payload sizes over IPv4 network can be illustrated in figure 29. The payload sizes 

tested were: 64KB, 128KB, 256KB, 512KB, 768KB, 1024KB, 1280KB and 1440KB. 

For each payload size tested, D-ITG tool is configured to send 100 packets per 

second for 10 second, totaling 1000 packets over the period 10 second of each test.  
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Fig. 29: Average Delay, Jitter, and packet loss for Various Payload sizes over IPv4.  
 

 

4.3.6 Delay, Jitter, and Packet loss of Various Payload sizes over IPv6/IPv4 

Tunnel 

According to practical results of delay, jitter, and packets loss that are shown in 

chapter four in table-17; delay, jitter, and packets loss test for different packet 

payload sizes over 6to4 and 6in4 networks can be illustrated in figure 30. The 

payload sizes tested were: 64KB, 128KB, 256KB, 512KB, 768KB, 1024KB, 1280KB 

and 1440KB. For each payload size tested, D-ITG tool is configured to send 100 

packets per second for 10 second, totaling 1000 packets over the period 10 second 

of each test. 
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a) Average delay, jitter, and packet loss over 6to4 
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b) Average delay, jitter, and packet loss over 6in4 
 

Fig. 30: Average Delay, Jitter and packet loss for Various Payload sizes over 
IPv6/IPv4 Tunneling. 

 
As final result and comparison of average delay, jitter, and packet loss for different 

packet payload sizes over native IPv6, native IPv4, 6to4 and 6in4 tunneling 

transition mechanism shows that 6in4 and 6to4 tunneling transition mechanism has 

larger delay than native IPv6 and native IPv4. The average jitter figures show no 

significant difference in IP induced delay when considering native IPv6, native IPv4, 

while average jitter over 6in4 larger than 6to4 tunneling. Finally, average packet 

loss over IPv6 was higher than IPv4, 6to4, and 6in4 as illustrated in figure 31. 
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Fig. 31: Delay, Jitter, and Packet loss Comparison of IPv6, IPv4, 6to4 and 6in4  
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4.4  Conclusions 

The purpose of this research study was to evaluate the performance of real time 
video over IP network especially the critical real-time video for medical online 
applications. This study was based on experiments which involved MPEG’s video 
CODECS. These experiments were divided into two parts and each part of the 
experiment was aimed to cover various metrics under study.  
 

 The practical part focused on testing the performance of different video 

compression codecs (MPEG1, MPEG2, MPEG4) that were implemented on 

different IP networks (native IPv6, native IPv4, 6to4 and 6in4), to see the IP 

network’s impaction on the video performance and the behavior of the video 

codecs itself under different IP networks.  

 The THROUGHPUT in the practical part was measured for three video codecs. 

The results were different because each video codec have a different packet size, 

and it was noticed that the video codec with big packet size required high 

bandwidth usage while the video codec with a smaller packet size needs a lower 

bandwidth usage in order to deliver the packet between the nodes, and the 

packets delivered (throughput) is therefore highly dependent on the bandwidth 

and packet size together.  Putting in our minds that a smaller packet size or fewer 

throughputs doesn’t mean necessarily bad video quality especially when we talk 

about the MPEG video codecs which was developed to introduce its successor the 

MPEG-4 which under our tests had the best performance in our IP protocols test 

networks (native IPv6, native IPv4, 6to4 and 6in4). Our results in chapter 3 

unveiled that the MPEG codecs in general had a less throughput in IPv6 native 

and the IPv4 native networks in comparison with the mixed IP network 

environment (transition mechanisms 6to4 and 6in4) that generated bigger 

packets in sizes due to its header encapsulation mechanisms that make even the 

smallest packets can finalized big  in size, and it will be reflected on two sides, the 

first in what concerns the total number of packets which may elevate because of 

the big size of the headers and the small payload portion left for the information 

to be transferred especially when we put the MTU factor in the consideration, and 

the second is the direct affection on the bandwidth consumption.  

  The DELAY in the practical part measured for packets with different payloads 

over the different IP networks. The results in chapter 3, and graphs in chapter 4 

illustrates that the tests made on IPv4 native had a lower delay than IPv6 native. 

Comparison between all the IP networks used showed that 6in4 transition 

mechanism produced more delay then 6to4, IPv4 native, IPv6 native. This is due to 

the double IP processing operations done on the packet transferred by the 

transition mechanisms by all the nodes that the packet will pass throw it. 
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 The JITTER outcome results from the measurements done shows that the IPv6 

and IPv4 performed close to each other in what concerns the jitter, while IP 

transition mechanisms produced more jitter in comparison to the native IPv6 and 

native IPv4.  

 The PACKET LOSS analysis indicates that native IPv4, 6to4, and 6in4 produced 

least amount of packet loss compared to the IPv6 network.   

 In the theoretical part, the E2ED and throughput that affect both the quality and 

the delivery time of real-time video transmission was calculated for different IP 

networks. The E2ED results for the IPv4 were the lowest impaction, and the rest 

(IPv6, 6to4, and 6in4) goes ascending respectively. We noticed in the theoretical 

results that MPEG-4 throughput is less than MPEG-1 and MPEG-2 throughput 

over all three different IP networks, same as the obtained practical result for 

transferred video codecs throughput. 

According to the practical and theoretical RESULTS collected over the duration of 

our work on this research, we recommend the use of MPEG-4 codec in real-time 

video transmission over all IP networks because of its ability to transmit video 

information in high quality; in a low bandwidth consumption, less impacted by IP 

networks and it produce a small throughput which makes it the best. In addition 

to that, IPv4 network has less impaction on MPEG video packet transmission in 

comparison to IPv6, 6to4, and 6in4 networks. 
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