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Abstract
Multimedia applications are gaining prominence on the Internet in both wired and wireless
environment. Despite the development of new wireless access technologies that provide
higher bandwidth to the users, multimedia streaming applications still suffer from limited
bandwidth, high delay and loss rate. These channel characteristics and the effects of
handovers can distort the transmitted video stream.
In order to improve the quality of multimedia applications two different solution can be
considered. The first possibility is to adapt the multimedia data transmission to the current
channel characteristics. The second solution is based on techniques that can change the
network characteristics, so making the video streaming conditions more favorable. In this
work both solutions are analyzed and new techniques are proposed.
If the network characteristics can not be changed, the streaming application must adapt
itself the actual link conditions to improve the video quality. Retransmission–based error
recovery is considered inappropriate for multimedia applications, however, if adaptive
retransmission is used, the probability of wastefully retransmitted packets can be minimized.
The impact of successfully retransmitted packets is significant, especially if the reference
frame of the video stream is restored. I have developed different adaptive retransmission
decision algorithms, based on network load, delay and packet importance. The playout buffer
plays an important role in retransmission–based error recovery of real–time applications,
therefore I have analyzed its effects and proposed acceptable playout buffer setups for video
streaming applications.
Today’s mobile devices are equipped with multiple interfaces to make the connection
possible to different type of networks. In order to efficiently utilize the interface capabilities,
multi–path multimedia streaming can be used. I have proposed a multi–path streaming
method that chooses a set of paths maximizing the overall quality at the client. While the
available paths have different bandwidth, delay and loss probability constrains, the packet
distributor must take the video packet importance and the dependencies between packets into
account. Using content–aware multi–path streaming, the available networks must be ordered.
Grey Relational Analysis (GRA) has been successfully applied in network selecting and
network ordering processes as well, however, it also suffers from the rank reversal
phenomenon. Rank reversal means that the relative rankings of two decision alternatives
could be reversed when a decision alternative is added or deleted. I have found new
normalization solutions that significantly reduce or even eliminate the unwanted phenomenon.
In mobile networks the effects of handovers on delay and administrative load are
significant. New protocols (HMIPv6, RegReg6) appeared to hide the handovers in a domain,
however, in the standards open issues still remained. I proposed new mobility agent selection
methods for hierarchical networks that can cause further improvements from delay and
administrative load point of view.
The new solutions I introduce in this work can be utilized in hierarchical networks and in
the endpoints of the communication, in order to improve the multimedia data transmission.
However, some of these techniques can be adopted for other purposes too, where the
decreased network latency and reduced packet loss are significant aspects.
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Chapter 1

Introduction
In the past few years we have witnessed an explosive growth in the usage of media streaming
applications. The newly appeared audio/video applications are becoming increasingly popular
in IP networks, while in mobile environment the limited bandwidth, the higher error rate and
varying delay arise in spite of its popularity. A packet loss due to channel errors or late packet
delivery generally degrades the performance of any Internet data transfer especially on
compressed data.
An average user has no permission to configure the network, hence the end–to–end
transmission must be adapted to the actual channel and network conditions. To minimize the
end–to–end packet loss ratio the packet loss should be either prevented or subsequently
handled. For multimedia applications retransmission–based error recovery is often considered
inappropriate, however, if adaptive retransmission is used, the probability of wastefully
retransmitted packets can be minimized. To minimize the number of wastefully retransmitted
packets, a playout buffer is usually set up at the receiver side to prefetch a certain amount of
data before playback.
Video codecs, such as MPEG–2, MPEG–4, H.264, etc. use inter–frame–video
compression algorithms utilizing temporal correlation between frames to achieve higher
compression. Due this coding strategy, errors in a reference frame will propagate to the
dependent difference frames. By recovering the missing key–frames, the error propagation
can be prevented and significant quality improvement can be achieved. I have implemented a
source controlled and content–aware retransmission technique utilizing the benefits of the
DCCP [1] protocol. The DCCP protocol uses congestion control algorithms (TCP–Like [2],
TCP–Friendly Rate Control (TFRC) [3]) that can be used to estimate the available bandwidth
for the video stream.
In some conditions the retransmission of lost and corrupted packets should increase the
quality of the multimedia service, but these retransmissions should be enabled only if the
network is not in congested state. Otherwise, the retransmitted packet will intensify the
congestion and it will have negative effect on the audio/video quality. My proposed
mechanism selectively retransmits the corrupted packets based on the determined TFRC [3]
sending rate and the actual video bit rate. I have shown that, by recovery of the data in the
bitstream considering the current state of the network, significant performance gains can be
achieved without much additional penalty in terms of latency. The evaluations were done on
MPEG–2 streams, but the selective retransmission algorithm is capable for other data type
transmissions where high latency is not acceptable and the loss of few packets is tolerable.
I have combined the content–aware retransmission technique with the congestion–based
retransmission scheme. The reason is that the packet content should be considered only if
there is not enough bandwidth to retransmit all the lost packets. The proposed scheme allows
1

the retransmission of all packets when the risk of congestion is low, but as it rises the
retransmission is disabled step–by–step, but not all at once, based on the packet importance.
Besides the available bandwidth for the streaming, delay is the other important parameter
that must be taken into account. Using buffer at the client side the buffered data provides
additional time to absorb the retransmission delay making the retransmission acceptable for
one–way pre–recorded and one–way live media applications. In the introduced delay–
sensitive retransmission scheme, the transmitter determines the playout delay caused by the
playout buffer using the proposed Flood method. The method makes it possible to set up the
playout buffer delay from the video source side, based on the network delay. The main
advantage of the proposed source controlled mechanism is that all the needed input
parameters of the delay–sensitive decision algorithm are available at the transmitter side
without any additional administrative messages. I have also defined the sufficient playout
buffer delay to make the retransmission suitable for the proposed scheme.
Retransmissions can be carried out only if there is no congestion in the network and the
network delay is low enough to receive the retransmitted packet before the playout. These two
attributes are depending and one can be estimated from the other. I have introduced a TFRC
and RTT (Round–Trip–Time) threshold interdependence model to determinate network delay
thresholds for the retransmission decision algorithm.
Nowadays not only one network is available for data delivery. The next–generation
heterogeneous network makes it possible to use multihomed devices, connecting to different
networks at the same time. In order to increase the quality of streams, using multihomed
devices that have multiple network interfaces independently connected to different networks,
all the available interfaces must be effectively utilized. Higher bandwidth can be provided to
the users, if joint links are used. The independent, but joint links can be successfully utilized
by a streaming application in order to achieve high quality streaming. I have proposed a
content–aware interface selection scheme that takes the video packet importance and the
dependencies between packets into account, and transmits the reference video frames on the
most reliable links. Using the proposed packet distributor, the loss probability of important
data packets can be decreased, hereby increasing the measured video quality. The main
difference from the other multi–path streaming solutions is that my scheme uses a sender side
buffer to heap up more data in order to utilize the available links more efficiently.
Using content–aware multi–path streaming, the available networks must be ordered to
efficiently distribute the video data packets between the links. In order to select dynamically
the best interface and order the links, different network attributes, such as delay, bandwidth,
cost, etc. must be taken into account. Grey Relational Analysis (GRA) [4] is a promising
algorithmic approach that can realize dynamic interface selection with multiple alternatives
(interfaces) and attributes, however, similarly to some other decision methods, GRA also
suffers from rank reversal phenomenon. I have investigated alternative solutions to reduce and
eliminate the probability of rank inconsistency, caused by the addition or deletion of an
interface.
The transmission delay and handover latency can be also improved by efficient network
structure design. In next–generation mobile networks the reduced radio cell sizes increase the
number of handovers causing frequent handovers, therefore additional signaling overhead
appears. The increased delay and packet loss rate due to handovers and signaling load is
critical in the case of timing–sensitive real–time media applications. Mobile IPv6 [5] is an
extension to IP to manage the mobile node’s mobility, but not capable of supporting real–time
handovers. The IETF developed new protocols to solve this problem, such as Hierarchical
Mobile IPv6 [6] and Regional Registration [6]. The basic idea of these hierarchical
approaches is to use domains organized in the hierarchical architecture with a mobility agent
in the domain to hide local handovers. The standard does not address the realization
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considerations, however, the network load and delay caused by handovers can be reduced by
locating the mobility agents in the domain structure efficiently. I have presented a method,
showing how to configure network in order to reduce signaling traffic and delay. The
proposed algorithm locates the mobile agents (GMA/MAP) in the hierarchical domain
according to the mobile terminal’s movement behavior. The mobile node agent selection
algorithm introduces guidelines for mobile terminals on how to select the GMA/MAP from
the agent advertisement lists.

1.1 Research Methodology
Developing new methods for mobile agent selection in hierarchical network topology and
different techniques for improved video streaming, analytical considerations could not be
ignored. For evaluating the effectiveness of the new methods, I used statistics, probability
theory for the analysis of large sets of data.
The most of my developed algorithms assume large heterogeneous networks, congested
links, unreliable channels, etc. or uses not implemented novel protocols. Some of my new
methods were implemented and analyzed with measurements in a testbed, however, the
detailed examinations were done by simulations. I have used the popular NS–2 simulator tool,
but I have also created own simulation frameworks in C/C++.
The effectiveness of some of my methods could be measured by comparing video streams.
To do this, I used the widely accepted peak signal–to–noise ratio (PSNR) video quality
measurement algorithm.

1.2 Structure
The theses contributions are separated into three main parts:
I.
II.
III.

Selective Retransmission Schemes for Streaming Applications
Multi–path Streaming and Network Ordering Abnormalities
Mobility Agent Selection in Hierarchical Mobile Networks

Chapter 2 (Theses I)
•
•

•

Background and related works regarding to content–based and network–based
retransmission schemes are presented.
Novel DCCP–based source controlled retransmission methods are developed
– CARS (Thesis 1.1): Content–Aware Retransmission Scheme, which utilizes the
dependencies of MPEG video frames.
– TRS (Thesis 1.2): TFRC–based Selective Retransmission Scheme, which
disable retransmissions when the network is overloaded.
– ARS (Thesis 1.3): ARC–based Selective Retransmission Scheme, which can
differentiate the wireless and congestion losses, but relies on the MAC layer.
– CNRS (Thesis 1.4): Integrated Content–aware and Network–based
Retransmission Scheme for heavy loaded networks.
– RRS (Thesis 1.5): RTT–based Retransmission Scheme, which takes the
network delay into account in the retransmission decision process.
TFRC and RTT Thresholds Interdependence Model (Thesis 1.2) is introduced.
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•
•

The behavior of some of the proposed schemes is analyzed analytically.
The performance of the methods is evaluated by simulations and testbed
measurements.

Chapter 3 (Theses II)
•
•
•
•
•

An overview of multi–path streaming solutions and the related interface ordering
techniques are presented.
A COntent–aware Multi–PAth Streaming method (COMPAS) is developed
(Thesis 2.1) utilizing a heap up buffer for efficient packet distribution.
The rank reversal phenomenon is introduced using GRA–based ordering
Three different alternative normalization techniques for GRA are proposed
(Thesis 2.2) that can minimize the probability of ranking abnormality.
The achievements of the proposed solutions are obtained by simulations.

Chapter 4 (Theses III)
•
•
•
•
•

Brief overview of hierarchical mobile networks and protocols are presented.
Problem statement of mobility agents is introduced from handover changing frequency
and network load point of view.
A Mobility Agent Selection Algorithm (MASA) is designed (Thesis 3.1) based on the
movement behaviors of the mobile terminal.
Numerical analysis are performed for a simple n=3 depth hierarchical domain.
Simulation results are obtained for larger domains.

Chapter 5 is devoted to summary.
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Chapter 2

Selective Retransmission Schemes for
Streaming Applications
Nowadays, with the rise of multimedia and network technologies, multimedia has
become an indispensable feature on the Internet. The newly appeared applications that rely on
the real–time delivery of data, such as video conferencing, Internet telephony, and streaming
audio/video players are gaining prominence on the Internet. These applications are not only
used in reliable wired networks but also in wireless environment where the obstacles of the
expansion are the higher bit error ratio of the radio link and the limited bandwidth of the
mobile links. Retransmission–based error recovery is considered inappropriate for multimedia
applications, because of its latency. However, this solution can be attractive because it
requires minimal network bandwidth, processing cost and efficiently improves the quality.
Despite its latency, retransmission can be used successfully in many cases, especially if
playout buffering is employed.
The transport protocols can be categorized as reliable (TCP [8], SCTP [9]) and unreliable
(UDP [10], DCCP [11]) protocols. Reliable protocols are not suitable for multimedia
applications due to the increased delay caused by retransmissions, but on the other hand the
unreliable protocols can not increase the quality. Retransmitting all the lost packets and
disabling retransmission in general are marginal solutions, therefore my idea was to found a
middle way. The proposal is simple: retransmit the lost packets if the conditions make it
reasonable and disable retransmissions if it makes no sense to deliver the lost packets once
more. The question is, when is the retransmission reasonable and when not?
I have investigated new semi–reliable retransmission methods that selectively retransmit
lost or damaged user data packets based on different decision algorithms. The decision can be
made according to the importance of a data packet and based on actual network conditions
(delay, congestion) taking the multimedia stream features into account.

2.1 Related Works
2.1.1 Retransmission techniques
Many papers deal with QoS control, but packet losses remain inevitable because the
network condition between the server and the client changes dynamically and drastically
during playout, especially in wireless environment. The method of these previous works can
be divided to content–based and network characteristic–based selective retransmission
algorithms.
5

2.1.1.1 Content–based retransmission
The content–based decision algorithms utilize the structure of the data stream. Video
sequences are compressed in a format such as MPEG to achieve bandwidth efficiency. Video
compression exploits redundancy between frames to achieve higher compression. However,
packet loss can be detrimental to the compressed video with interdependent frames because
errors potentially propagate across many frames. The MPEG video frame structure consist of,
I–frames (intra coded) coded independently of other frames, P– or predictive frames,
predicted from the previously decoded pictures and B or bi–directionally predictive frames,
predicted from one previous and future pictures. This gives the motivation to protect the
important frames like I pictures to avoid the propagation of errors.
In this section I focus on content–based schemes, which basic idea is to retransmit only
the important data of the bitstream, taking advantage of the motion prediction loop employed
in most motion compensation–based codecs. Several proposals have described retransmission
schemes for recovering lost streaming packets. One of the most popular schemes, based on
RTP (Real–Time Transport Protocol)[13], was proposed in [14]–[16]. In the scheme, when
the client detects packet losses, it transmits a retransmission request packet to the server. The
server then retransmits the lost packets to the client.
Feamster and Balakrishnan [17] analyzed this approach with SR–RTP [14]. This RTP
extension provides semantics for requesting the retransmission of independently processible
portions of the bitstream and a means for reassembling fragmented portions of independently
processible units. They have shown that, by recovery of only the most important data in the
bitstream, significant performance gains can be achieved without much additional penalty in
terms of latency.
Authors of [18] proposed a semi–reliable multicast protocol. The proposed protocol relies
on the neighboring receivers for retransmitting lost packets, resulting in much faster recovery,
which is vital in order to receive retransmitted packets in time to be exhibited. Zheng and
Atiquzzaman [19] proposed a new selective retransmission scheme for multimedia
transmission over noisy wireless channel using the ATM ABR service. They analyzed the
system requirements and minimum receiver buffer size for providing acceptable QoS to the
user.
These proposals are effective in networks with high bandwidth where no congestion
occurs. For all that it makes no sense to retransmit a lost packet if it will be lost again or it
will cause the loss of other packets.
In order to determinate the packet importance in case of MPEG video streaming, the
basics of coding principles must be also studied.
2.1.1.2 Network–based retransmission
The network–based techniques investigate the possibility of successful packet
retransmissions according to the actual network delay and bandwidth. The decision
algorithms decide weather to retransmit a packet without late reception.
Attempts were made to implement a selective retransmission protocol with a decision
algorithm [23]. This algorithm decides whether or not to request a retransmission for a
message that was detected as lost. The decision to retransmit is determined by the Euclidean
distance calculated by using the loss and latency ratio. This protocol does not examine the
reason of the packet loss and does not use congestion avoidance mechanisms.
In [24] a Lightweight Streaming Protocol (LSP) was introduced, which is an application
layer protocol that sits atop UDP. The protocol incorporates features such as probabilistic
redundant NACK (Negative ACKnowledgments) transmission and flow control through
selective frame dropping.
6

In the scheme introduced in [25], the server decides whether it retransmits packets or not
based not only on importance of each packet but also playout time of each packet. In this
proposal when the client detects a packet loss, it sends a retransmission request packet to the
server. The request message contains some necessary information to make the retransmission
decision successful.
The priority of the two type of retransmission method is not the same. The importance of
the network characteristic based method is higher because the successful data transmission is
the main goal. The packet content should be taken into consideration only if the possibility of
the correct receipt of the retransmitted packet is high enough. It makes no sense to retransmit
a high importance packet if it will not arrive in time.
In most of the related works the receiver controls the retransmission procedure. The
decision algorithm is implemented at the receiver therefore additional administration
messages must be sent to the sender. Most of the prior works use NACKs (Negative
ACKnowledgement) or Retransmission Request messages. In my proposals no administration
messages are needed because the decision procedure is located at the transmitter. The other
advantage of the transmitter side decision is that the input parameters of the decision
algorithm (RTT, estimated link bandwidth, etc.) are available at the source using the DCCP
transport protocol.

2.1.2 MPEG Coding
MPEG is an encoding and compression system for digital multimedia content defined by
the Motion Pictures Expert Group (MPEG). MPEG–2 extends the basic MPEG system to
provide compression support for TV quality transmission of digital video. The MPEG–2
video compression algorithm achieves very high rates of compression by exploiting the
redundancy in video information. New coding algorithms (MPEG–4, H.264, etc.) appeared to
make video streaming available for mobile equipments, too.
MPEG video streams consist of a sequence of sets of frames known as a GoP (Group of
Pictures). The three types of frames in MPEG are: I–frame, P–frame and B–frame. In I–frame
there is no reliance on previous or future frames for coding. The coding is done only on the
frame itself and so there is only intra–frame coding used. The P–frame is coded using
prediction of the previous I–frame or P–frame. This prediction is usually accomplished by
means of motion compensation and motion predication. The last type of frames is the B–
frame that is coded by means of forward and backward prediction to I–frames and P–frames
or even an estimate of a value between of them.
The frame structure is specified by parameters N and M. These parameters are the
intraframe and interframe coding ratios, which define the sequence of I–, P– and B–frames.
Parameter N specifies the I–frame interval whereas M determines the I– or P–frame interval.

Figure 1

GoP structure (N=9, M=3)

I–frames are much more important than the other ones. An error in the key–frame
propagates toward P–, and B–frames, because these frames are derived from I–frames. It is
very advantageous to protect the key–frames.
7

2.1.3 Datagram Congestion Control Protocol (DCCP)
In my semi–reliable streaming solutions I have utilized the advantages of DCCP [11]
protocol. The Datagram Congestion Control Protocol is a newly defined transport protocol by
the IETF that implements bidirectional, unicast connections of congestion controlled,
unreliable datagrams. Presently the reliable TCP and SCTP are the only alternative protocols
to provide congestion control, but the retransmission mechanism is a strong disadvantage for
multimedia services due to high end–to–end delay it causes. In delay–sensitive applications,
such as streaming media and telephony, timeliness is also preferred.
Other differences between DCCP and TCP are the different acknowledgement formats
and distinguished kinds of loss. A Data Dropped option declares that a packet was dropped
because of corruption, receiver buffer overflow, the application is not listening, etc.
For real–time applications the time constraints are more important than reliability, so
media transmissions typically use transport protocols like UDP, where no retransmission
occurs, providing minimal packet delay. UDP avoids long delays, but applications that use
UDP as transport protocol, must implement congestion control on their own to prevent packet
network flooding with a miss–behaved application and ensure fairness in bandwidth share.
DCCP combines the best features of the two protocols within media transmission context,
supporting congestion control mechanisms. It may be useful to think of DCCP as TCP minus
bytestream semantics and reliability, or as UDP plus congestion control, handshakes, and
acknowledgements.
DCCP, similarly to UDPLite [20] is designed to provide a partial checksum that only
covers as much of the user data that the sending application specifies in the DCCP Generic
Header. Errors in the rest of the packet are ignored because they are assumed to be acceptable
for the destination application. To avoid complexity, the protocol requires that the sensitive
data in a packet start at the beginning. The CsCov field in the header specifies how many
bytes are sensitive to errors. This feature will be also utilized in my algorithm.
DCCP connections are congestion controlled, but unlike in TCP, DCCP applications have
a choice of congestion control mechanism. DCCP uses Congestion Control Identifiers (CCID)
to determine the congestion control mechanism. Currently two identifiers are being defined:
CCID2 that implements a TCP–like Congestion Control [21] and CCID3 that implements a
TCP–Friendly Rate Control (TFRC) [22], but DCCP is easily extensible to further forms of
unicast congestion control.
From the content–aware retransmission scheme point of view the packet sequence
numbering, the protocol acknowledgements and the partial checksum feature is the most
important. Using DCCP the server will always know which packets were lost, therefore it is
able to decide which packets are worth to be retransmitted without retransmission requests. In
order to determinate the sending rate by the congestion control algorithm, the needed
information (RTT, loss ratio) is also available at the server. This feature is utilized in all of my
retransmission schemes. The proposed retransmission schemes presented in the following
sections retrieve the value of actual RTT from the DCCP socket using the getsockopt() system
call.

2.2 Content–Aware Selective Retransmission Scheme in DCCP/IP
Networks (CARS)
A packet loss generally degrades the performance of any Internet data transfer especially
on compressed data. Inter–frame–video compression algorithms such as MPEG [12] exploit
temporal correlation between frames to achieve higher compression therefore errors in a
8

reference frame will propagate to the dependent difference frames. To minimize the end–to–
end distortion of the video stream, the prioritized packet loss should be either prevented or
subsequently handled.
For semi–reliable retransmission purposes the unreliable DCCP (Datagram Congestion
Control Protocol) [11] is an advantageous transport protocol. Utilizing its services selective
retransmissions can be made without any extra administrative messages.
Section 2.2 describes Thesis 1.1 in details.

2.2.1 Algorithm
Using DCCP each packet has an individual sequence number that makes possible to
identify the lost packets. Packet loss occurs when the link is congested or some of the data
bytes are corrupted. DCCP does not specify the retransmission of missing packets, but in
some cases it can be advantageous.
The main idea is to differentiate the application data because not all type of data has the
same importance. As introduced in the section 2.1.2, MPEG’s key–frames are more important
then the other frames so these frames should be handled on a different way than other frames.
The P– and B–frames are predicted from the I–frame so errors in the key–frame have effect
on all frames in the GoP. If the damaged part of the I–frame is retransmitted, the quality of the
streamed video should increase considerably because the MPEG’s prediction method will be
based on correct I–frame. The selective retransmission can be solved by DCCP easily due to
sequence numbering and the partial checksum feature. Other currently used transport protocol
can not be used for this purpose. The UDP does not have sequence numbers so the
identification of packets is not possible. The other disadvantage of the UDP is that the
checksum covers the entire packet, hence any error in the packet will cause the drop of the
whole packet, which is not advantageous in MPEG multimedia streaming. The UDPLite
solves the second problem using partial checksum method but the identification of packets is
also impossible. TCP is not capable for multimedia streaming because it can stop the stream
transmission until the lost packet is not delivered without error. The model of the proposed
CARS (Content–Aware selective Retransmission Scheme) is introduced in Figure 2.
Buffer 1
MPEG

MPEG
fragmentation
(I,P,B)

Packetizer
-packet length
-header (IP,DCCP)

Channel
(pb)

Buffer 2
Checksum
calculation

Figure 2

Depaketizer

MPEG

CARS selective retransmission model

The sender application fragments the MPEG stream and creates packets that will be
transmitted over the noisy channel with pb bit–error probability. The packetizer module
determines the packet length and adds the headers (IP, DCCP). Every I–frame must begin in a
new packet, because using partial checksum the sensitive area always follows the header.
The packet that contains I–frame data should be stored in Buffer1 (Figure 2) and deleted
only if the acknowledgement arrives generated automatically by DCCP’s congestion control
algorithm. Hence, the sender is always informed about the damaged packets and lost packets.
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The receiver recognizes bit errors due to recalculation of the checksum field and stores the
datagrams in Buffer2.
In the proposed CARS algorithm only the I–frames and the packet headers are covered by
checksum using the partial checksum method supported by DCCP. The other parts of the
packet (P–, B–frame data) will be processed without checking. If the recalculated checksum is
not correct, the packet will be retransmitted, but this time only the header will be covered by
checksum without retransmission request, hence at retransmission the checksum must be
recalculated. The damaged or lost packets are attempted to be retransmitted only once,
because my aim was to avoid significant increase of the delay.
To analyze the delay effects of the retransmission algorithm, it is useful to divide
streaming media applications into three subtypes:
• One–way pre–recorded media
• One–way live media
• Two–way interactive media
In case of recorded and one–way live media the selective retransmission is adaptable
because the additional delay is tolerable. In case of interactive media the RTT (Round–Trip–
Time) must be analyzed to decide whether the total delay is acceptable. In my solution the
additional delay (td) is

3
5
RTT ≤ td = 3 ⋅ tnet _ d + t ACK _ d ≤ RTT .
2
2

(1)

The network delay is tnet_d, which is equal to RTT/2. In case of only one possible
retransmission, the data packet must be delivered twice and RTT/2 time is needed for the
DCCP–ACK message. The receiver sends DCCP–Ack packets at least once per RTT (tACK_d),
acknowledging the data packets, unless the sender is sending at a rate of less than one packet
per RTT, as indicated by the TFRC specification [22].

2.2.2 Analytical Examinations
The retransmitted packet should be damaged too, but the correctly arrived ones have
significant effect on the quality on the cost of additional delay. To increase the quality of the
MPEG stream, the average packet loss must be reduced. In usual the packet loss probability is
p p = 1 − (1 − pb )CsCov ,

(2)

where CsCov is the size of data covered by checksum and pb is the bit–error probability of the
noisy channel. In UDP the CsCov parameter can be considered to be equal to the packet size
(PS), but in my method using DCCP it varies. If only P– or B–frames are in the packet, the
CsCov is equal to the header size (H), but if the packet contains I–frame data the CsCoV field
is set to
CsCov = H + I ,

(3)

where I stands for the size of the I–frame data in the packet payload. In a MPEG stream the
average I–frame size is signed with size(I) and the whole GoP’s size with size(GoP), so the
average I–frame data length in a packet is
avg( I ) = ( PS − H ) ⋅
10

size( I )
.
size(GoP)

(4)

Using (4) the packet drop probability is
p p = 1 − (1 − pb )

PS − H
⋅size ( I ) + H
size ( GoP )

.

(5)

The packet will be retransmitted only if the packet payload contains I–frame data, hence
the retransmission probability is calculated as follows:
pretr =

PS − H
⋅ size ( I ) + H ⎞
size( I ) ⎛
⋅ ⎜1 − (1 − pb ) size (GoP )
⎟
⎟
size(GoP) ⎜⎝
⎠

(6)

From (6) it is unambiguous that the retransmission probability is similar to UDP packet
loss probability, if only key–frames are used. It is noticeable that no retransmission occurs if
there are no I–frames. Figure 3 introduces the retransmission probability in the function of
size(I)/size(GoP) ratio according to the actual channel bit–error (pb) probability.

Figure 3

Retransmission probability in function of size(I)/size(GoP) ratio

As the figure shows the retransmission probability does not change significantly when the
channel’s bit–error ratio is low, hence the performance of my algorithm is higher when the
link conditions are bad. From equation (6) it is observable that the bit–error ratio has impact
on the retransmission probability. Figure 4 shows the relation between the two probabilities.
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Figure 4

Retransmission probability in function of bit–error probability

2.2.3 Performance Evaluation
I have compared the CARS selective retransmission algorithm with conventional
methods for multimedia streaming. In general UDP, UDPLite and DCCP transport protocols
are used for this purpose. UDPLite and DCCP are very similar except that DCCP provides
congestion control, hence calculations on UDPLite are the same for the general DCCP
without retransmission.
I have examined UDP in the aspect of bit–error ratio. While the UDP covers the entire
packet by checksum, a single bit error will cause packet drop losing all data in the packet. The
probability of losing PS bits is P(A)=pp, where PS stands for the packet size. The probability
of losing zero bits is 1-pp. An indicator probability variable X is introduced, which denotes the
packet loss occurrence. The relative frequency of damaged packets and the expected value of
number of damaged packets are equal to the packet loss probability due to the weak law of
large numbers.

E( X ) = 1 ⋅ P ( A) + 0 ⋅ (1 − P( A)) = P( A) = p p

(7)

Every packet loss occurrence leads to the loss of PS bit, hence the expected value of the
number of damaged bits (#dbits) for every packet is given in the following equation:
E(# dbits )UDP = p p ⋅ PS

(8)

In case of using UDPLite or general DCCP the expected value of lost bit is lower due to
partial checksum method. Loss of PS bits will occur only if the header is corrupted
(occurrence B, P(B)=pp), otherwise only a single bit will be lost (occurrence C, P(C)=pb), so
B∩C≠{0}. The expected value of damaged bits is
E( # dbits)UDPLite = P( B) ⋅ PS + P(C ) ⋅ ( PS − H ) − P( B ) ⋅ P (C ) ⋅ ( PS − H ) .

(9)

Replacing the probability pp the expected value is

E(# dbits)UDPLite = (1 − (1 − pb ) H ) ⋅ PS + pb ⋅ ( PS − H ) − (1 − (1 − pb ) H ) ⋅ pb ⋅ ( PS − H ) .

(10)

Adopting the selective retransmission algorithm calculation of expected value of
damaged bits is very similar. It must be taken into consideration that the retransmitted packets
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should be damaged, but this time only the header corruption leads to packet loss, therefore the
average number of damaged bits is less or equal to the previously calculated value in case of
UDPLite.

E(# dbits) SelRetrAlg = E(# dbits) + pretr ⋅ E(# dbits)2 − pretr ⋅ E(# dbits)

(11)

In excessive case, when the packets do not contain I–frame data, the number of damaged
bits is similar to the calculated value given in equation (10), because in this case the
retransmission probability is zero. It is perceptible that the number of correctly received bits is
increasing when the size(I)/size(GoP) ratio is higher. This is due to the retransmission of
damaged I–frame data because some of retransmitted packets will be received correctly. In
worst case the number of damaged bits will be similar to UDPLite.
The comparison of different streaming methods (UDP, UDPLite and CARS) is illustrated
in Figure 5. I have examined the probability of bit loss (pbitloss) at the receiver.
pbitloss =

E(# dbits)
PS

(12)

In the example half of the transmitted data is I–frame data.

Figure 5

Comparison of UDP, UDPLite and DCCP Retransmission Algorithm

The highest rate of bit corruption happens in case of UDP. A single bit error leads to the
drop of the entire packet, while using UDPLite a single bit error leads to loss of one bit if it
belongs to the application data. The entire packet will be dropped only if the header is
damaged, therefore the probability of bit loss is lower then in case of UDP. Using the
proposed CARS selective retransmission algorithm the bit loss probability is lower. It can be
similar to UDP only if size(I)/size(GoP)=1. The loss probability (pbitloss) means the general
packet loss probability, but it must be noted that using my algorithm most of the lost bits
belong to P– and B–frames. These bit errors have no such effect on the quality as the errors in
the I–frame.
I have implemented a DCCP/IP testbed to examine the behavior of the proposed CARS
method. The improvement of the video quality is presented in the following figure.
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Figure 6

Measured video quality in the DCCP/IP testbed

The results show that the proposed selective retransmission algorithm is a very efficient
method for increasing the quality of MPEG multimedia streams. The algorithm is especially
effective in wireless networks with high bit–error ratio.

2.3 TFRC–based Selective Retransmission Scheme (TRS)
The unreliable UDP, UDPLite and DCCP do not retransmit any corrupted packets while
TCP and SCTP will do it until all the packets arrive correctly to the client. When the
conditions make it possible, it is worth to retransmit the missing packets, but in some cases
the effect of the retransmission is harmful. When the network is in congested state or the RTT
(round–trip–time) is so high that the retransmitted packet will not arrive in time, the
retransmission will not increase the quality; moreover will increase the load and latency.
The rapid growth in the usage of streaming media has heightened the need for a
congestion control protocol suitable for streaming media. Among the proposed streaming–
media congestion control protocols, TCP–Friendly Rate Control (TFRC) [22] is one of the
promising solutions. TFRC maintains an equal or lesser average sending rate as competing
TCP connections, while providing a relatively smooth sending rate to help packets to meet the
real–time constraints required by streaming media.
Among the unreliable transport protocols only the DCCP supports congestion control
mechanisms (TCP–Like, TFRC). The congestion control mechanism needs information about
the packet loss event and network conditions; hence the DCCP header includes a sequence
number field that identifies the packet. Consequently the streaming server gets information
which packet was lost and which was received.
I have investigated a new TFRC controlled selective retransmission scheme, called TRS
(TFRC–based selective Retransmission Scheme), proposed for multimedia transmission over
noisy wireless channels in order to ensure acceptable video quality at the receiver.
Thesis 1.2 is described in two sections. Section 2.3 introduces the TFRC–based selective
Retransmission Scheme (TRS), while the corresponding TFRC and RTT threshold
independence model is presented in Section 2.7.
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2.3.1.1 TCP–Friendly Rate Control (TFRC)

Multimedia applications should use some form of congestion control, both in wired and
cellular networks, in order to adapt the sending rate to the available bandwidth, hence
preventing the network from suffering from congestion collapse.
TFRC congestion control consists in an equation–based rate control mechanism, designed
to keep a relatively steady sending rate while still being responsive to congestion. A TFRC
sender adjusts its rate as a function of the measured rate of loss events, where a loss event
consists of one or more packets dropped within a single round–trip–time. TFRC is an equation
based congestion control scheme, considered adequate for multimedia purposes where the
significant sending rate variances should be avoided. The TFRC congestion control
mechanism uses a throughput equation for the allowed sending rate as a function of the loss
event rate and round-trip time. In order to compete fairly with TCP, TFRC uses the TCP
throughput equation, which roughly describes TCP's sending rate as a function of the loss
event rate, round-trip time and packet size.
In order to compute a TCP–friendly sending rate, TFRC uses the following TCP response
function [26] which models the behavior of a TCP flow:
X TFRC =

s
2p
3p
) p(1 + 32 p 2 )
R
+ t RTO (3
3
8

(13)

where the sending rate XTFRC, in bytes/sec, is modeled as a function of packet size s, weighted
average of round–trip–time R, steady–state loss event rate p, and the TCP retransmission
timeout value tRTO. The throughput equation for TFRC is a slightly simplified version of the
throughput equation for TCP Reno.
Note that (13) uses a loss event rate rather than the packet loss rate. This is because
different versions of TCP congestion control generally reduce the congestion window just
once, in response to several losses in a single round–trip–time (RTT). Thus, in TFRC the loss
behavior of TCP is emulated by explicitly ignoring the subsequent losses, within an RTT, that
follow an initial loss.
TFRC computes p as a weighted average of the most recent n loss intervals (typically,
n = 8), where a loss interval corresponds to the number of packets received between two
consecutive loss events. The weights have been chosen so as to obtain a good trade–off
between responsiveness and rate stability. The value of p is calculated by the receiver and fed
back to the sender by means of feedback messages. The sender also uses the feedback
messages to keep an estimate R of the round–trip–time, that in turn is used to heuristically
compute the value of tRTO = 4R.
To start or re–start, a “slow start” phase, similar in spirit to that of TCP, allows the sender
to roughly double its rate each RTT as long as there are no losses. After the “slow start” is
finished, it comes in the “congestion avoidance” state and every time a feedback message is
received, the values of p, R and tRTO are then used by the sender to compute the appropriate
emission rate using (13).

2.3.2 TRS Algorithm
In contradiction of most of the related works regarding to selective retransmission
methods, my new retransmission schemes are controlled from the server side. The reason is
that using DCCP protocol the needed information are available at the transmitter, therefore
retransmission requests can be neglected.
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I propose a selective retransmission scheme (TRS), which disable or enable the
retransmission of lost packets according to the current state of the network. When the network
is in congested state or near to this state the retransmissions should be disabled. When the
buffers of the network routers are overloaded the additional load will make the things worst.
A retransmitted packet will be dropped at the routers or it will cause the loss of other packets.
The proposed TRS method uses the TFRC congestion avoidance algorithm to estimate the
available bandwidth and decide whether the lost packet should be retransmitted.
TFRC is an equation based congestion control algorithm (13) and it can be used to
estimate the free bandwidth in the network. The equation uses weighted average of the RTT
(R) and packet loss ratio (p), to avoid the radical decrease or increase of the sending rate.
Hereby the effect of a single packet loss is not so significant like in the TCP–like mechanism.
Single packet losses usually occur due to wireless channel failure without need to reduce the
sending rate
The bitrate of a MPEG source may vary but I suppose that it is usually below the
calculated TFRC sending rate when the network is not overloaded. When it is overloaded the
estimated packet error ratio and the RTT (which may fluctuate during congestion) will be
higher, causing the decrease of TFRC sending rate. The video bitrate and the TFRC sending
rate is independent so in the case of network congestion the determined TFRC sending rate
should be lower then the multimedia stream rate. My proposal is to disable the retransmission
when the calculated TFRC rate is under the video bitrate.
X MPEG (t ) >

s
2p
3p
R
+ 4 R(3
⋅ p ⋅ (1 + 32 p 2 ))
3
8

(14)

To save on bandwidth, video streams are often compressed, which leads to highly bursty
and variable bit–rate (VBR) output streams. Transmitting a VBR stream over packet–
switched networks is difficult without packet losses due to congestion, or without wasting
substantial bandwidth with a peak rate reservation.
The proposed TRS mechanism proves to be effective when the TFRC sending rate varies
near the video bitrate or the video bitrate is high enough to reach the TFRC rate. In other
situations the TFRC–based selective retransmission method is applicable too, but of course it
will enable the retransmission for the whole duration of the video transmission when the
TFRC rate is much higher then the video bitrate and disable when it is lower.
Investigations were made to regulate video quality to adjust video rate to the desired
sending rate, which is determined by TFRC algorithm [27]. Although it is recommended that
the TFRC system regulates sending rate more than once in RTT, it is unrealistic to control
video quality so frequently, in some cases, at the rate higher than video frame rate. With
adaptive coding mechanisms difference between the TFRC rate and the video rate is minimal
but not zero. In these solutions my retransmission determination function varies its output
frequently.
The TFRC–based retransmission method (TRS) does not need any additional traffic load
to manage its functionality. All the needed information is provided by the DCCP protocol and
the integrated congestion control algorithms. The transmitted packets should be stored in
buffer on the server side to later retransmit the lost ones if possible.

2.3.3 Simulation Results
In order to test the performance of the TRS scheme, described in the previous section, I
analyzed some scenarios with NS–2 [28] network simulator. The simulation environment
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made it possible to adjust the link characteristics and analyze the effects of additional
background traffic. I used a constant bitrate (CBR) video stream in the simulations but of
course the proposed TFRC–based selective retransmission method is applicable for variable
bitrate streams, too. The simplex test network is illustrated in the following figure (Figure 7).

Figure 7

Network topology

The analyzed video stream is transmitted from node A to node D in DCCP/IP packets,
while the background traffic is generated by node E and received by node F. This background
traffic uses UDP with variable bitrate and TCP. The TFRC–based selective retransmission
method is implemented in node A. The bandwidth of the links is 1 Mbps that is high enough
for all test scenarios. Node B uses a DropTail (FIFO) queue with length of 10 which should be
overloaded in case of congestion.
In the first scenario the background traffic is off and the links are reliable therefore no
loss occurs due to channel unreliability. The calculated sending rate by TFRC and the actual
sending rate of the MPEG stream are illustrated on the next figure.

Figure 8

Background traffic off, without packet loss

The difference between the calculated TFRC rate and the video stream rate is high; hence
according to the proposed TRS method the retransmission was enabled for the whole duration
of the simulation.
The TFRC sending rate is significantly influenced by the packet loss ratio. The reason of
the packet loss is not differentiated by the source therefore the loss due to congestion and
channel unreliability has the same effect on the loss ratio parameter used in the TFRC
equation. The only difference is in the RTT variation so it should be taken into consideration
what is already done by the TFRC algorithm. It uses weighted average of loss ratios where a
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single loss has no significant effect on this estimation. The weighted average function
smoothes the variation of loss ratio, therefore the introduced algorithm should not care on the
RTT in addition.
In the next scenario, I have analyzed the TRS scheme with different packet loss ratios on
the A–B link to find the limits of the method. The background traffic is still off but the TFRC
algorithm radically reduces its suggested sending rate.

Figure 9

TFRC sending rate in function of packet loss (Scenario 2)

The results show that the retransmission is enabled all the time when the packet loss is
lower then 0.5%, the video stream rate is 386kbps and the measured RTT is about 140ms. The
TRS selective retransmission scheme will probably deliver all the packets in this case. Only
those packets will be missing that are lost again during the retransmission. On extremely bad
channels where the packet loss is 5% the connection should not be built up for a long time
because the DCCP–Request and DCCP–Response packets were lost too. In the case of 1%
packet loss ratio only a 270kbps stream should be transmitted without disabling the
retransmission. The retransmitted packets significantly increase the MPEG video quality
especially when I–frame data has been delivered correctly to client. I made examinations for
MPEG–2 video streams, but of course obtained improvement of quality is true for other audio
and video stream formats.
As mentioned before the TFRC–based selective retransmission is efficient when the
TFRC sending rate varies near the video bitrate or the video bitrate is high enough to reach
the TFRC rate. In the second scenario, when the packet loss probability is 1%, two periods are
determined when the retransmission is disabled. In spite of these periods the video quality is
improved. Figure 10 shows the evolution of video quality due to retransmissions in enabled
periods.

18

Figure 10

MPEG video quality improvement

For the video quality measurements and comparison purposes I used MSU Video Quality
Measurement Tool. The average Peak Signal to Noise Ratio (PSNR) of the stream without
retransmission is 15.86dB. With the selective retransmission method it is 16.6dB. Peak Signal
to Noise Ratio is a coarse and controversial indicator of picture quality that is derived from
the root mean squared error (RMSE). It compares the frames with the same frame number.
In the previous scenarios the RTT was roughly constant (about 140ms) and the TFRC
sending rate variation was due to packet loss occurrences. In the following tests the RTT will
vary according to the level of congestion. In the test network the level of congestion is equal
with the buffer level of node B. To analyze the TFRC–based selective retransmission method
in congested network the background traffic is set on. In this scenario the total bandwidth
demand of the background traffic and the video stream is higher then the available link
capacity in short periods. The available free capacity of the B–C link is shown in the next
figure.

Figure 11

Available bandwidth on B–C link (Scenario 3)

The packet drop probability of the A–B link is 0.1% but the large number of packet drops
is due to the overflow of the buffer of node B. During 150 seconds about 4800 packets were
transmitted, from which 5 was corrupted due to channel corruption and about 50 due to
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congestion. Due to the large number of packet drops and the increase of RTT, the TFRC
varies the sending rate to find the highest transmission rate. The video bitrate is 384kbps in
this scenario, therefore this is the actual delivery bitrate of the source, although the TFRC
specifies higher. Nevertheless the actual sending rate will be the TFRC rate when it is higher
then the video rate. The periods when the retransmission is enabled according to my scheme
is illustrated in Figure 12.

Figure 12

TFRC rate in Scenario 3

The TFRC reduces the offered sending rate immediately below the video rate when
congestion occurs. From this moment the retransmission is disabled. The TFRC will increase
the offered rate after the buffer of node B is getting empty and the measured RTT is
decreasing. It takes time to pour out the packets therefore the TFRC rate increase is restrained.

Figure 13

RTT and buffer level of node B in Scenario 3

In real–time applications retransmission is not recommended when the RTT is high,
because the retransmitted packet will not arrive in time. The proposed TRS method takes the
RTT indirectly into consideration. Figure 13 shows that in the 50–130s time period, the RTT
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values are the extremely high. As Figure 12 illustrates my TRS method disables the
retransmissions in the same time period. In congestion periods the probability of packet
delivery is lower and the introduced delay is much higher so the retransmitted packets should
not arrive to the client in time.
According to presented simulation results the TFRC–based retransmission scheme
effectively manages the additional load due to retransmissions and effectively improves the
video quality. The attained gain of video quality in the analyzed scenario is presented in
Figure 14 and Figure 15.

Figure 14

Figure 15

MPEG video PSNR without retransmission

MPEG video PSNR with TFRC–based selective retransmission

In the measurement I have used the MSU Video Quality Measurement Tool, which
maximizes the PSNR value in 100dB. When there is no difference in the compared frames the
PSNR value should be infinite according to its definition.
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In Scenario 3 the network was congested in 50% of the time. In this scenario the video
quality improvement is significant in the first 50 seconds while in the congested period there
is no difference between the two cases (without retransmission and TFRC–based
retransmission). In the last period of the simulation when the retransmission is enabled again
only one packet was retransmitted that was lost due to channel unreliability. The PSNR
analysis shows the significant difference in the first period. From the 130. second all the
packets are delivered correctly therefore there is no difference from the original stream. The
measured average PSNR using the TFRC–based retransmission scheme is 36dB while
without it 19.9dB.

2.3.4 Testbed Measurements
In order to analyze the efficiency of the proposed TRS method, I have deployed a
DCCP/IPv4 test network. The two DCCP (CCID3) terminals were located in the same local
network. To insert packet drops I used Netem [29] which provides Network Emulation
functionality for testing protocols by emulating the properties of wide area networks. It can
emulate variable delay, loss, duplication and re–ordering. The configuration is as shown
below:
152.66.248.101

152.66.248.147

DCCP
Client
Linux 2.6.21

DCCP
Server
Linux 2.6.20

Middle-box
Netem

256kbps

256kbps

Packet loss: 0-10%
Figure 16

Test configuration

In order to analyze the TFRC–based retransmissions, I have measured the proposed
TFRC rate on an unreliable channel. The packet loss and the delay variations caused the
adaptation of the sending rate to the current network conditions.

Figure 17

TFRC sending rate
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Using Netem network emulator tool 0.1% to 1% packet loss was set without additional
delay. At the 90 second 10% loss and 10ms extra delay was set for few seconds to simulate
congestion, causing significant decrease of the sending rate (Figure 17). Until the TFRC rate
does not reach the stream rate again the retransmission is disabled.
During the 160s examination time 27 packet loss was registered from which 6 was lost
during the congestion period. The 216kbps video stream PSNR was 24.1dB without
retransmission and 24.42dB with the TRS algorithm.

2.4 ARC–based Selective Retransmission Scheme (ARS)
In wireless networks congestion control alone may not be enough to ensure good quality
of multimedia streaming and efficient utilization of the network. Packet losses due to the high
bit error rate not only degrade the multimedia quality, but render the current congestion
control algorithms as inefficient: these algorithms back–off on every packet loss even when
there is no congestion.
In order to avoid congestion collapse of the network and to minimize the packet loss due
to congestion, multimedia applications may use congestion controlling. The performance of
congestion control protocols may significantly degrade over wireless links because they
confuse wireless losses with congestion losses and unnecessarily reduce the throughput.
Traditional error control mechanisms generally use retransmissions to provide reliability
at the expense of latency. Loss tolerant multimedia applications should use retransmissions as
well, but the retransmission will be successful only if the retransmitted packet arrives at the
receiver before the playback. In a congested network the round–trip–time (RTT) and the loss
probability is significantly higher and the retransmitted packets probably will be lost again,
therefore the retransmission of lost video stream packets is not recommended in such
conditions. To efficiently control the retransmissions a selective retransmission scheme is
needed.
I have utilized a new congestion control methods (ARC [30], WLED–ARC [31]) that can
distinguish congestion and wireless loss. According to the calculated sending rate and the
video bitrate, we can decide whether to enable or disable retransmissions. In my proposal I
applied DCCP [11] as transport protocol because it uses sequence numbering,
acknowledgements and congestion control algorithms, therefore the retransmissions are
managed from the source side and there is no need for retransmission requests.
Section 2.4 describes Thesis 1.3 in details, introducing the method of ARC–based
Selective Retransmission Scheme (ARS) and its performance evaluation.

2.4.1 Background
The nowadays used congestion control algorithms can not differentiate the reason of loss.
Investigations were made to avoid the unwanted decrease of sending rate when wireless loss
occurs. One of the promising congestion control techniques that I have also utilized is
presented in the following section.
2.4.1.1 Analytical Rate Control (ARC)

When used over wireless links, TFRC and TCP cannot distinguish between the wireless
losses and the congestion losses. They both may suffer from the link underutilization if the
connection traverses a wireless link. This is because they consider dropped packets as a sure
sign of congestion and reduce the sending rate significantly. The inability to identify a
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wireless loss followed by unnecessary reduction in sending rate results in link underutilization.
TFRC uses a TCP model but a model more suited to wireless links is required that can capture
the “ideal” behavior of TCP; that is to back off when a congestion loss is there and to keep the
same sending rate if wireless loss is there.
To the best of my knowledge, ARC [30] is the first to model this desired, ideal behavior
of TCP facing wireless losses. ARC is a rate–control scheme that uses the following equation:

S=

1
4 RTT

⎛
24 ⎞
⎜⎜ 3 + 25 +
⎟
pc ⎠⎟
⎝

(15)

where S is the sending rate in packets per second, RTT is the round–trip–time, and pc is the
congestion loss probability. The latter is related to the total packet loss probability π and the
wireless loss probability ω through the expression:

⎛ π −ω ⎞
pc = ⎜
⎟
⎝ 1− ω ⎠

(16)

ARC needs a way to calculate π and ω, in order to further compute pc; note that the value
of π is easily estimated from the total packets received and the total packets lost, which in turn
can be known by the receiver by looking at the sequence numbers. Calculating ω is “tricky”
and ARC relies on the MAC layer to get this loss probability. However, this approach violates
the end–to–end paradigm and will not work if there is no way to obtain the wireless loss
probability from lower layers. This disadvantage leads us to the approach discussed in the
following section.
2.4.1.2 Wireless Loss Estimation in IP DiffServ Networks (WLED)

At the edge of the network, each packet is marked according to the treatment, called Per–
Hop Behavior (PHB) that it would like to receive inside the network. One of the standardized
PHB is Assured Forwarding (AF) [32]. WLED [31] is an end–to–end wireless loss estimation
in DiffServ networks [33] supporting AF (Assured Forwarding) –based services.
The scheme is designed to help congestion control schemes over wireless networks and
assumes the “presence of DiffServ–aware” streaming. The idea of WLED is to exploit
additional information regarding the character of losses. In DiffServ–aware video streaming
the applications mark the packets as green, yellow and red. The important packets are marked
as green and the least important packets as red. During congestion, the staggered RIO (RED–
Random Early Detection with In and Out) [34] AQM (Active Queue Management), used to
implement AF PHB, protects the green packets at the cost of dropping red and yellow packets.
The protection of higher–priority packets inherent in the “staggered RIO” algorithm means
that, if the loss rate of low–priority packets is not significant, then we may assume that the
loss of high–priority packets, green, is highly correlated with the wireless loss rate. This idea
can be used to estimate the wireless loss.
WLED needs to work in conjunction with a congestion control protocol. Among TFRC
or ARC, the later looks to be a natural choice because, unlike TFRC, ARC takes into account
the wireless probability that in turn can be calculated by WLED. WLED uses an end–to–end
loss estimation method to infer the values of pc, ω and π in the equation (16). From now on,
when we say “WLED–ARC” I refer to the ARC rate–control scheme in combination with
WLED; likewise, by “WLED users” I mean applications using such a scheme.
I use DCCP as the transport layer protocol for testing the congestion control, because it
provides the necessary semantics like sequence numbers and features like ACK vectors,
which are useful for loss detection. DCCP congestion control is modular, in the sense that the
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protocol may easily support different congestion control mechanisms without the need of
modifying its fundamental workings; for instance, both TFRC and a TCP–like mechanism
have been adopted by DCCP.
Our WLED–ARC implementation is better than the one in [31], because there is no need
to use separate sequence numbers to detect losses for different DiffServ “colors”, because we
manage all the history of packets using DCCP ACK vectors.
The loss (pc, ω and π) estimation, using exponentially weighted moving average
(EWMA), is similar to [31] and it is updated each time when a DCCP “ACK vector” is
received. Some mechanisms from TFRC, like slow–start emulation, are also integrated. In the
case of ARC (implemented for comparison tests), the crucial difference is that TFRC stops the
slow–start as soon as it detects the first loss but, here first loss could be due to wireless losses.

2.4.2 ARS Algorithm
The proposed ARS (ARC–based selective Retransmission Scheme) is based on the DCCP
transport protocol and the congestion control algorithms (ARC, WLED–ARC) integrated to
DCCP. The decision algorithm disables or enables the retransmission of lost packets
according to the current state of the network. To decide whether to retransmit a lost packet
congestion control protocol is used. The congestion control algorithm calculates the actual
sending rate to avoid congestion, while the video stream bitrate is absolutely independent
from the calculated sending bitrate. When the network is in congested state or near to this
state the calculated sending rate (XARC) should be much lower than the video bitrate (XMPEG).
In this situation, when
X ARC < X MPEG

(17)

the retransmissions should be disabled. The TFRC protocol can not distinguish congestion
loss and wireless loss; therefore the sending rate will be lower than the really achievable rate.
Using alternative congestion control methods which effectively estimates the congestion loss,
the performance of the selective retransmission scheme can be improved. I used ARC and
WLED integrated with ARC instead of TFRC to calculate the sending rate (XARC).

2.4.3 Simulation Results
In order to look at the performance of the different congestion control based selective
retransmission schemes and the proposed retransmission thresholds, I have analyzed some
scenarios with NS–2 [28] network simulator. A dumbbell topology with 1Mbps links and
10ms link delays were used, similarly to one depicted in Figure 7. The wireless link is
considered the bottleneck link, in order to introduce wireless packet losses using a simple
random drop model with the given loss probability. I studied two types of cases; one with the
Droptail queue management and other with RIO (RED In and Out) queue management in the
bottleneck link.
2.4.3.1 Droptail

First I have examined how the different congestion control based selective retransmission
schemes can utilize the available bandwidth on the 1Mbps bottleneck link. Either FTP or
WWW background traffic are set up during the simulations. The network delay was 40ms,
while the Droptail queue limit was set to 40. To analyze the quality of the 360kbps H.264
video stream (reference video was “mother and daughter”), the PSNR (Peak Signal to Noise
Ratio) objective quality parameter was used.
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The decision algorithm for the retransmissions scheme was determined by the actual
calculated sending rate given by the congestion control algorithm. The TFRC sending rate
was the lowest; therefore using this protocol for the selective retransmission disables the
retransmission when ARC and WLED–ARC still enables it, especially in the case of high
wireless loss probability.
The retransmissions and the used congestion control method have significant impact on
the number of packets lost. Slightly less packets are lost when the retransmission is disabled
although the video quality is the worst as will be shown later in this section. Using ARC as
congestion control protocol, high sending rate can cause higher loss probability, but more
packets can be retransmitted improving the video quality.
The decision algorithm for the retransmissions scheme is determined by the actual
calculated sending rate given by the congestion control algorithm. I have analyzed TFRC,
ARC supposing cross layer information about the wireless loss, and WLED–ARC. Figure 18
shows the average sending rates of the congestion control protocols. The packet loss
probability is the wireless packet loss probability of the bottleneck link.

Figure 18

The average of calculated sending rates by TFRC, ARC and WLED–ARC in function of wireless
packet loss probability

The TFRC sending rate is the lowest; therefore using this protocol for the selective
retransmission will disable the retransmission when ARC and WLED–ARC still enables it,
especially in the case of high wireless loss probability. The TFRC should disable the
retransmission while ARC and WLED–ARC still enables it. The successfully retransmitted
packets effectively improve the quality of the stream. The ARC with cross layer wireless loss
information enables the most retransmission, so the quality of the video will be the highest
using this congestion control algorithm for the decision. The ARC–based selective
retransmission improves the PSNR quality indicator with 4dB in average, compared with the
case when there are no retransmissions. The PSNR measurements were done with the JSVM
Reference Software.
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Figure 19

The average PSNR of the streamed video, using TFRC, ARC and WLED–ARC sending rate
calculations in the decision algorithm

With cross layer information the ARC can distinguish the wireless and congestion loss;
therefore it will retransmit the most previously lost packets without causing congestion.
WLED–ARC uses DiffServ to determinate the wireless loss ratio, but it cannot be more
effective than ARC which exactly knows the wireless loss probability. The performance of
TFRC–based retransmission (TRS) significantly decreases when the wireless loss probability
is high, while the video quality is not so low, using ARC– and WLED–ARC–based selective
retransmission.
The video quality improvement depends on the background traffic load and the used
congestion control method. To analyze the effect of the background load WWW connections
were set up on the shared bottleneck link. Increasing the load on the bottleneck link the
number of lost packets is increasing, although the link/channel packet loss probability is
constant (ω = 10%).
Figure 20 shows that ARC performs significantly better than the other schemes. This is
because when ω is high and the other schemes can not differentiate between congestion and
wireless losses and the sending rate is very low. The low performance of other method is not
only due to disabled retransmissions, but these methods can send the video data at a rate
significantly lower than the video bitrate.

Figure 20

Average PNSR, when the bottleneck link is shared among the DCCP video connection and the www
users and ω = 0.1
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2.4.3.2 RIO (RED In and Out)

The retransmission method was investigated in DiffServ network as well, where the
important packets are marked as green and the least important packets as red. The increase in
the background traffic has no effect on the TFRC–based transmission when the wireless loss
is already high because the determined sending rate is already too low to enable
retransmission. In the case of TFRC, the retransmission is disabled because, due to the high
loss rate (10%), the calculated sending rate is too low to even transmit the video at its video
bitrate. This is the reason that the TFRC retransmission and the case without retransmission
are very similar in the next case when we fix the wireless loss to ω = 10%. The performance
of ARC– and WLED–ARC–based retransmission is significantly better in wireless networks
with high loss ratio. The quality improvement is due to the large number of retransmitted
packets that are lost when the retransmission is enabled. ARC and WLED–ARC effectively
forward the video stream, and retransmit the lost data, achieving significant improvement in
the video quality as shown in Figure 21.

Figure 21

Average PSNR of ARC–, TFRC–, WLE–ARC–based retransmissions and the case without
retransmission in a DiffServ network with ω = 0.1

2.5 Content–aware Selective Retransmission Scheme in Heavy
Loaded Wireless Networks (CNRS)
Streaming media is becoming increasingly prominent on the Internet, although
multimedia applications have very stringent bandwidth, delay and loss requirements. In many
cases retransmission–based error recovery can be an attractive solution to improve the quality
of the video stream, because it requires minimal network bandwidth and processing cost. The
loss of packets in a video frames leads not only to reduce the quality of one video frame, but
also results in the propagation of distortion to successive frames, because inter–frame–video
compression algorithms such as MPEG exploit temporal correlation between frames to
achieve higher compression. To minimize the end–to–end packet loss ratio the packet loss
should be either prevented or subsequently handled.
In this section, I propose a novel Content–aware and Network–based selective
Retransmission Scheme (CNRS), which allows the retransmission of all packets when the risk
of congestion is low, but as it rises the retransmission is disabled step–by–step, but not all at
once, in order of packet importance. The proposed retransmission scheme is a combination of
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content–aware and congestion control–based retransmission techniques. In this work the
heterogenity of H.264 video streams were utilized for the determination of packet importance.
With disabling the retransmission of packets with specified content, we are able to control the
overall stream bitrate between certain limits in order to avoid congestion. Notice that the
proposed CNRS algorithm is acceptable only for pre–recorded and one–way real–time video
streams, when the retransmission delay can be tolerable.
The advantage of this transmitter controlled procedure is that all the needed information
is available at the source due to DCCP transport protocol and its congestion control algorithm.
The effectiveness of the proposed method was examined in NS–2 network simulator.
Thesis 1.4 is presented in Section 2.5 in details, introducing the Content–aware and
Network–based selective Retransmission Scheme (CNRS).

2.5.1 CNRS Algorithm
Loss–tolerant real–time multimedia applications prefer UDP or UDPLite [20] but in my
proposal I applied DCCP (Datagram Congestion Control Protocol) [11] as transport protocol,
because it uses sequence numbering, acknowledgements and congestion control algorithms.
Sequence numbers and acknowledgement are needed to identify the lost packets while the
congestion control algorithms (TCP–Like Rate Control [21], TCP Friendly Rate Control [22],
ARC [30], WLED–ARC [31]) manage the actual sending rate. To determinate the sending
rate the congestion control algorithms estimates the round–trip–time (RTT) and the packet
loss probability of the link. The packet loss probability is an important variable for the
proposed content–aware selective retransmission algorithm too.
The DCCP protocol makes it possible to identify the lost packets; therefore we can
manage the retransmission of these packets. Retransmitting packets will increase the
bandwidth used for the video stream transmission. The additional load due to retransmissions
highly depends on the overall packet loss ratio. It can be easily verified that with the increase
of the packet loss probability, the needed bandwidth will be higher due to retransmissions.
The expected value of the overall bandwidth can be calculated as follows

E( μ + μ ') = μ + μ p + μ p 2 + ... = μ + μ

p
1
=μ
,
1− p
1− p

(18)

where µ is the video bitrate, µ’ is the additional bitrate due to retransmissions and p is the loss
probability:
The retransmission delay can also limit the number of retransmissions if we enable
multiple retransmissions, that mean we allow to retransmit a lost packet when it was already
retransmitted and lost. If we want to provide reliable transmission, we have to allow multiple
retransmissions. In other words, the number of retransmission is infinite. In this case the
expected value of the delay (d) due to retransmission can be calculated using the formulas of
geometrical progression:
E(d ) =

RTT
3RTT
5RTT
(1 − p ) +
(1 − p ) p +
(1 − p) p 2 + ...
2
2
2

(19)

∞
RTT
RTT 1 + p
(1 − p) ⋅ ∑ (2n + 1) p n =
⋅
2
2 1− p
n =0

(20)

E(d ) =

If we take the loss detection delay (τ) into consideration, the expected value of the
retransmission delay is
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E(d ) =

RTT
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(25)

E(d ) =

In the proposed CNRS retransmission scheme, I have taken only the bandwidth
constrains into consideration. The estimated available bandwidth in the network is considered
as the proposed sending rate of the congestion control algorithm. In order to avoid congestion
the overall bandwidth should not exceed the determined sending rate. In case when the overall
video stream bitrate is higher then the calculated sending rate (Xcc), the retransmissions must
be disabled, because it makes no sense to retransmit any packet that will be lost again.

μ (t ) + μ '(t ) > Xcc(t ) ⇒ retransmission disabled

(23)

In a heavy loaded wireless network the packets should loss due to congestion and the due
to bad wireless channel conditions. To efficiently estimate the available bandwidth alternative
congestion control algorithm must be used. The TFRC protocol can not distinguish
congestion loss and wireless loss; therefore, during wireless losses, the sending rate will be
lower than the really achievable rate. Using alternative congestion control methods (ARC and
WLED integrated with ARC (WLED–ARC)) which effectively estimates the congestion loss,
the performance of transmission can be improved.
The proposed CNRS scheme uses the calculated sending rate of the congestion control
algorithms to decide whether to enable the retransmission of a lost packet or not. In same
network conditions when the wireless loss is high, the ARC–based congestion control
algorithms provide significantly higher sending rates than TFRC.
As it was declared before, the retransmission must be disabled when the calculated
sending rate (Xcc) descend under the overall video bitrate (µ+µ’). In some cases the difference
between Xcc and the video bitrate (µ) is too low to enable the retransmission of all the lost
packets. The estimated value of the extra load caused by the retransmissions is
E( μ ') = μ

p
<λ,
1− p

(24)

where λ is the bound of the difference of calculated sending rate (Xcc) and the video bitrate (µ).
The λ can be also considered as the free capacity of the link. When equation (24) is true, the
retransmission of all lost packets can be enabled. For the real–time decision algorithm:
X cc (t ) − μ (t ) < λ

(25)

In cases when retransmission of all lost packets is not possible, it should be considered
which packets should be retransmitted. My recommendation is that the packet content must be
used to select the packets for retransmission. The MPEG video frame structure (see Section
2.1.2) gives a good opportunity to efficiently select the lost packet for retransmission. If this
feature of the MPEG is utilized, we can allow the retransmission step–by–step. When the
difference (λ) of the calculated sending rate and the video bitrate (Xcc-µ) is decreasing and not
all the lost packets can be retransmitted, first the retransmission of packets that contains B–
frames must be disabled. In second step, when the difference is too small to retransmit I– and
P–frames, P–frame retransmission must be disabled. For the decision, the additional load due
to the retransmissions should be estimated.
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The extra load (µI’) due to I–frame retransmissions is

μI ' = ρI ⋅ p ⋅ μ ,

(26)

where ρI is the I–frames data ratio in the GOP (MPEG Group of Pictures), and can be
calculated as

ρI =

total size of I frames in the GOP
.
GOP size

(27)

The calculation of corresponding P– and B–frame ratios are similar, hence

ρ I + ρ P + ρ B = 1 . Similarly to (27) the extra loads for I+P and all frame types retransmission
can be calculate as follows:

μI + P ' = (ρI + ρP ) ⋅ p ⋅ μ

(28)

μall ' = p ⋅ μ

(29)

The CNRS decision process will enable or disable different frame type retransmission
according to the additional load and the congestion control sending rate. In some cases there
is no possibility to determinate the current ratio, so we can use general frame ratios, e.g.
ρ I = ρ P = ρ B = 0.33 or ρ I = ρ P = ρ B = 0.5 , but as we will see in the simulation section, there
is no significant difference between the two parameter setup. The stipulation of retransmitting
I, I+P and all the frames are given in the next table.
Table I

CNRS: Frame type retransmission thresholds

General ratio (ρ50%=0.5)

I frames
I+P frames
all frames

μ < X cc < μ + μ '50%
μ + μ '50% < X cc < μ + 2μ '50%
Xcc > μ + 2 μ '50%

Ratios of the actual video
(ρI, ρP, ρB)
μ < Xcc < μ + μ 'I

μ + μ 'I < Xcc < μ + μ 'I + P
Xcc > μ + μ 'all

With the proposed CNRS method we can utilize the available bandwidth in the most
efficient way, because when the bandwidth is not enough to retransmit all the lost packets, the
packet selection for the retransmission is done according to packet importance. I have used
the calculated sending rate (Xcc) of the ARC congestion control protocol.
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Figure 22

The decision algorithm of the proposed content–aware retransmission method

The figure clearly illustrates the decision function. The bandwidth difference between the
retransmission limits linearly depend on the overall packet loss ratio. When the packet loss is
higher, the difference is becoming more and more significant. The proposed method can be
effective when the calculated sending rate of the congestion control algorithm is similar to the
video bitrate. This situation can occur when the available channel bandwidth is low like in
heavy loaded networks or the video is coded adaptively based on the congestion control
calculations [27].

2.5.2 Simulation Results
In this section I introduce the performance evaluation of the proposed ARC–based
adaptive content–aware retransmission scheme (CNRS) analyzed in NS–2. I used dumbbell
topology with 1Mbps links and 10ms link delays (Figure 7). The wireless packet link was the
bottleneck of the analyzed network. I have used a simple random drop model to introduce
losses, with the given loss probability. In order to analyze the proposed method in heavy
loaded network WWW background traffic was set up. Each WWW connection was
transmitting random size of files and after the TCP transmission of the webpage random idle
interval was inserted. The idle time was determined, using exponential distribution with
average value of 5 seconds, while webpage size was generated using the Pareto distribution
(mean value was set to 10kB). To analyze the quality of the H.264 video stream (reference
video “mother and daughter”), the PSNR (Peak Signal to Noise Ratio) objective quality
parameter was used. In order to emphasize the improvement of the proposed method I have
generated three ~155kbps H.264 video streams with different frame type ratios.
Table II
Coding parameters

The analyzed H.264 streams

PSNR
[dB]

Kbps

Frame type size ratios in the stream
I [%]
P [%]
B [%]

N=24 M=3 Q=10

41,24

159,77

31,93974

42,65924

25,40102

N=6 M=3 Q=15

38,25

154,36

80,05087

10,36654

9,582596

N=6 M=3 Q=30-30-20

31,33

155,07

12,99754

1,290237

85,71222
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Of course the effectiveness of the proposed content–aware and network–based
retransmission method (CNRS) is different depending on the video stream. I have generated
the video streams with very different GOP structures (N and M parameters). In the video
coded with parameters N=24 M=3 Q=10, the frame type size ratios are similar, while if the
video was coded with N=6 M=3 Q=15, the total size of the I–frames in the stream is really
high. In case of N=6, M=3 Q=30-30-20, the B–frame size ratio is very high, while the total
size of I– and P–frames in the stream is very low.
To achieve quality improvement successfully retransmitted packets are needed. I have
made simulations with Xcc determined by TFRC and ARC congestion control algorithms.
According to the simulation results, the TFRC is not so effective in wireless environment for
the content–aware retransmission method, because the calculated sending rate (Xcc) is too low;
therefore the estimated free bandwidth (Xcc-µ) is not enough for the additional load due to
retransmissions. When the total loss probability is low, the number of lost packet is also very
low. The proposed CNRS selective retransmission method is developed for transmission in
high loss probability networks. In case of high total loss probability, we should examine more
possibilities: high wireless loss – high congestion loss, low wireless loss – high congestion
loss and high wireless loss – low congestion loss. In all these cases the TFRC sending rate
(Xcc) is very low, but in case of ARC the sending rate will not decrease when the wireless loss
is high. When the congestion loss is high, we can not retransmit lost packets neither with
ARC nor with TFRC.
In the simulations I have analyzed the number of retransmitted packet in case of content–
aware (CNRS) retransmission scheme and without content–aware video frame differentiation.
Selective retransmission without frame differentiation means that the retransmission is
enabled if the congestion control rate is higher then the video bitrate (Xcc > µ) and disable
when Xcc < µ. I have made the simulation with five different wireless loss probability setups
(0.1%, 1%, 5%, 10%, 15%, 20%) and twelve different background load setups (number of
WWW is from 5 to 60). The total number of simulation tests for each video stream was 60. In
order to efficiently present the results and the overall performance of the proposed method, I
have calculated the average of the measured values.
With the proposed technique the number of missing packets at the receiver can be
decreased.

Figure 23

The average number of lost packets using CNRS (frame differentiation) method compared with
methods without content differentiation and retransmissions

According to the average number of retransmissions, when only I and I+P frames but no
B frames were retransmitted during the simulation, we could suspect that the highest quality
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improvement will achieved in case of N=3 M=6 Q=15 video stream. As the PSNR
measurements show, the protection of I–frames effectively improves the quality.

Figure 24

PSNR measurements

I have analyzed the PSNR improvement of the proposed CNRS retransmission scheme
from the wireless loss and congestion loss point of view. In order to efficiently illustrate the
general impact of the proposed method, I have calculated the average values of the
measurements. For example, when the wireless loss probability was fixed, twelve
measurements were done with different background traffic loads. The averages of the
measured values are introduced in the following figures.

Figure 25

PSNR analysis of N=24 M=3 Q=10 video stream

Figure 26

PSNR analysis of N=6 M=3 Q=15 video stream

34

Figure 27

PSNR analysis of N=6 M=3 Q=30-30-20 video stream

As it can be seen in the figures, the retransmissions can gain significant quality
improvement, but using frame differentiation further PSNR improvement can be achieved.
The differences in the PSNR values were not varying significantly when the packet loss was
changed, while increasing the background load leads to congested state. In this state the
proposed CNRS method has no effect. In the simulations 30 WWW users caused the overload
of the network and made it not possible to retransmit any lost packet.

2.6 Source Controlled and Delay Sensitive Selective
Retransmission Scheme (RRS)
The newly appeared applications that rely on the real–time delivery of data, such as video
conferencing, Internet telephony, and streaming audio and video players are gaining
prominence on the Internet. These applications are not only used in reliable wired networks
but also in wireless environment where the obstacles of the expansion are the higher latency
and bit error ratio of the radio link as well the limited bandwidth of the mobile links.
Traditional error control mechanisms generally use retransmissions to provide reliability
at the expense of latency, but late retransmissions in real time application are undesirable
because the receiver side process already skipped the lost packets. The unrequired
retransmissions waste network bandwidth and CPU cycles, contribute to congestion and may
delay new data. The time available for recovery may be increased with no perceptible
deterioration in quality to the user, by introducing limited buffering at the receiver. This is
called playout buffering and the buffering delay is called playout or control delay. For the
retransmission to be successful, retransmitted packet must arrive at the receiver in time for
playback and should not be lost again due to congestion. When the network is in congested
state or the RTT (round–trip–time) is so high that the retransmitted packet will not arrive in
time, the retransmission will not improve the quality; moreover will increase the load and
latency. To minimize the probability of wastefully retransmitted packets, a playout buffer is
usually set up at the receiver side to prefetch a certain amount of data before playback. The
buffered data provides additional time to absorb the retransmission delay making the
retransmission acceptable for one–way pre–recorded and one–way live media applications.
One of the key issues is the correct determination of the playout buffer that must be dependent
on the network delay to make the retransmission possible.
In this section a source controlled selective retransmission algorithm is presented with a
decision algorithm based on the actual RTT. In my RTT–based selective Retransmission
Scheme (RSS) the transmitter determines the playout delay caused by the playout buffer using
the proposed Flood method. After a congestion period the number of lost packets should be so
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high that the retransmission of all the lost packets is not worthy. In this case the differentiation
of the packets should be made based not only on the playout delay limitations but also on the
packet content as introduced in Section 2.2 and Section 2.5.
Thesis 1.5 is presented in Section 2.6 in details, introducing the RSS algorithm and the
Flood method.

2.6.1 RRS Algorithm
I propose a DCCP/IP–based selective retransmission scheme, called RRS (RTT–based
selective Retransmission Scheme), which disable or enable the retransmission of lost packets
according to the current state of the network and the playout buffer delay. For my purpose the
DCCP protocol is ideal, because it provides all the needed information for the decision
algorithm. The DCCP header contains sequence number field that is indispensable to
recognize and identify the lost packets. DCCP connections are congestion controlled, but
unlike in TCP, DCCP applications have a choice of congestion control mechanism. All kind
of congestion control mechanisms need information about the network, like RTT and the
packet loss in order to efficiently avoid the collapse of the network due to congestion. The
measured network parameters by the congestion control algorithm are the necessary input for
the proposed decision algorithm too.
To make the retransmission possible the receiver must employ a playout buffer, while at
the DCCP source a retransmission buffer is needed. DCCP does not have a packet
retransmission function therefore the server buffers the transmitted packets into a
retransmission buffer. To measure the elapsed time from the first packet transmission to the
detection of loss, the transmission time must be stored.
One of the inputs of the RRS decision algorithm is the delay introduced by the playout
buffer at the receiver. In the proposed scheme the playout delay is set up by the transmitter
using so–called Flood method. To make the decision of retransmission the elapsed time end
the actual playout buffer level will be used.
2.6.1.1 Flood method

To make the retransmission controlled by the source without administrative messages the
transmitter must know the playout buffer level and its delay. My proposed solution is called
Flood method.
At the beginning of the video transmission the transmitter will not deliver the data
packets immediately. It will heap up some data and transmit it all together after Tbd time as
illustrated in Figure 28. With this method the receiver will receive more data than it should
process therefore certain amount of data will be heaped up in the receiver’s playout buffer.
We can consider the technique as a flooding, because the sender floods the receiver with data
packets and it can not process it, so the receiver heaps the received but still not processed
packets in a playout buffer. The process rate of the receiver is known by the transmitter
because it is equal with the bitrate of the current video stream so the duration of the Flood
method can be calculated easily in theoretical case.
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Figure 28

Flood method

The video source birate is f(t) and the increased sending rate of the transmitter during the
flood period is f1(t). In the theoretical case f1(t) is constant during the [Tbd,Tbd+τ] time interval,
however, in realistic case the bitrate can vary. In this case the average video bitrate can be
used. The heaped up data can be calculated as follows:
f1 (t )τ − f (t )τ = X

(30)

This extra amount of data (X) will be sent in τ time.

τ=

X
f1 (t ) − f (t )

(31)

Actually the duration of the Flood method depends on the actual network conditions. In
the case of DCCP transport protocol the congestion control algorithm (TFRC) will determine
the sending rate during this period therefore f1(t) is not constant. After all the heaped up data
is delivered, the sending rate will be similar to the bitrate of the video stream and the
receiver’s playout buffer will contain X amount of data. The time that a data packet will spend
in the playout buffer is Tbd that is equal with the heap up time before the transmission.
X = Tbd (t ) ⋅ f (t )

(32)

I assume that the video bitrate f(t) is constant, therefore the buffer delay Tbd(t) will not
vary intensively, therefore constant Tbd delay can be assumed before the playout. With this
method the Tbd playout delay is set up by the transmitter, so one of the input data for the
retransmission decision algorithm is already available. To avoid late retransmissions, the other
input parameter of the decision algorithm is the actual network delay. Using DCCP’s TFRC
congestion control algorithm RTT is also available at the sender.
The arising question is that how to determine the X amount of data to introduce adequate
delay (Tbd) for retransmissions. The playout buffer delay should be long enough to make the
packet loss detection and the retransmission feasible, but it should be as short as possible. To
answer this question first the decision algorithm must be reviewed.
2.6.1.2 Decision Algorithm

The decision algorithm will decide weather to retransmit a packet or not. The algorithm
will work properly, if all the retransmitted packets arrive in time and there is no lost packet
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that was not retransmitted although it would arrive before the playout. In this section a delay
sensitive approach is investigated where the duration of the retransmission process is relevant.
The available time for the first transmission, retransmission and loss detection is equal
with the playout buffer delay.
Sender

Receiver
seq=4

1/fp

seq=5
RTT

DCCPAck
retr seq=5

RTT/2

Figure 29

Transmission sequence

Figure 29 depicts a transmission and a retransmission with gap detection to detect the lost
packets. In this situation the retransmission is enabled if
3
1
RTT +
< Tbd ,
2
fp

(33)

where fp is the frequency of packet sending so the elapsed time between two packets is 1/fp. In
general the stipulation to successfully retransmit a packet is given in (34).
3
RTT + δ < Tbd
2

(34)

where δ is the loss detection delay. The upper bound of the loss detection delay is determined
by the congestion control algorithm because this algorithm specifies the frequency of the
DCCP acknowledgements. The receiver sends DCCP–Ack packets at least once per Round–
Trip–Time acknowledging the data packets, unless the sender is sending at a rate of less than
one packet per RTT, as indicated by the TFRC specification [RFC 3448]. If the protocol sends
ACKs for every packet, the lost packets should be identified with gap detection. According to
the specification the loss detection delay is
1
< δ < RTT .
fp

(35)

The actual value of the loss detection delay varies, therefore in the proposed RRS
algorithm the packet sending time (t1) and the acknowledgement reception time (t0) is used to
determine the elapsed time.

Figure 30

Time sequence
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After receiving an acknowledgement, that contains the sequence numbers of lost packets,
the transmitter should decide which packet is worth to retransmit. The decision algorithm
calculates the remaining time that must be less then the one–way network delay for successful
retransmission.
Tbd − (t0 − t1 ) >

RTT
2

(36)

2.6.1.3 Determination of the Playout Buffer Delay (Tbd)

The way of adjusting the playout buffer delay is previously introduced in Section 2.6.1.2
but the appropriate value of this parameter is not determined yet. The limitations of the
playout buffer delay (Tbd) are determined by the streaming application and the network delay.
The upper bound of Tbd is the maximal acceptable delay that is few seconds in the case of
one–way live media applications but it should not be higher then 150–200ms for two–way
interactive applications. From the retransmission point of view the lower bound of the playout
buffer delay is determined by the network delay. My goal is to find lowest delay possible to
make the retransmission feasible.
According to equations (34) and (35), the upper bound of the sum of the time needed for
the transmission and the time needed for the loss detection is
3RTT
3RTT
+δ ≤
+ RTT = 2.5 RTT .
2
2

(37)

Several researchers have analyzed the characteristic of the RTT so far. The Round–Trip–
Time is usually modeled with heavy–tailed Gamma [35] or with Normal distribution [36].
A. Normal Distribution

First I have used the Normal distribution model N(μ,σ2), where μ=RTT and σ2=(0.1RTT)2
to determine the playout buffer delay in the presented retransmission scheme. The used RTT
variance is relatively high according to measured values of [35] because my goal was to
minimize the probability of late retransmissions. If higher but still realistic RTT variance is
assumed in the calculations, we can be sure that the proposed decision algorithm will not re–
send a packet if it will not arrive in time. I have determined the playout buffer delay in such a
way that the probability of successful retransmission should be higher then 95%.
1
F ( x; μ ; σ ) =
σ 2π

(u − μ ) 2
∫ exp(− 2σ 2 )du = 0.95
−∞
x

X = μ + xσ = 2.91RTT ≈ 3RTT

⇒

x = 1.65

(38)

(39)

In my retransmission scheme, I propose to set the playout buffer delay to Tbd=3RTT0,
where RTT0 is the first RTT measured between the source and destination. If the RTT is too
high the Tbd should be set to the highest acceptable delay depending to the application
demands. According to the calculated playout buffer delay the amount of the heaped data can
be determined as given in (32).
I have calculated the maximum variation of the RTT to find the limitations of the
algorithm. According to the following equation the highest RTT variation is (0.124 RTT0)2 to
enable the 95% of the retransmissions.
F ( x; μ ; σ ) = F (3; 2.5;0.124) = 0.95
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(40)

B. Gamma Distribution

I have investigated the proposed method modeling the network delay with heavy–tailed
Gamma distribution too.
Φ ( x, α , β ) =

α −1

−

x

β

⋅e
, x>0
β Γ(α )

x

α

(41)

The mean value and the variance of Gamma distribution can be calculated as follows:

E( x) = α ⋅ β

(42)

Var( x) = α ⋅ β 2

(43)

To use the same mean value (RTT) and variation (0.1RTT) for the Gamma distribution as
for the Normal distribution, the Gamma distribution parameters should be set to α=100 and
β=0.01.
E( x) = α ⋅ β = 1, Var( x) = α ⋅ β 2 = 0.12

(44)

To successfully retransmit the 95% of the lost packets the inverse Gamma function
should be calculated considering the upper bound of the sum of the time needed for the
transmission and the time needed for the loss detection (2.5RTT, as given in (37)).
Φ ( x; 2.5α ; β ) =

x

β

2.5α −1

2.5α

−

x

β

⋅e
= 0.95
Γ(2.5α )

x = 2.76 RTT ≈ 3RTT

(45)
(46)

The Gamma model provides similar results as the Normal distribution model. I have
shown that Tbd=3RTT0 is sufficient playout buffer size to realize the retransmissions. Setting
the playout buffer to Tbd=3RTT0 higher RTT variance should be accepted. The x=3RTT0 and
0.95% probability with Gamma distribution should be reached with α=28.5 and β=0.035
(mean value E( x) = α ⋅ β = 1 ).
Φ ( x; α ; β ) = Φ (3; 28.5;0.035) = 0.95

(47)

With setting the playout buffer size to 3RTT0 even (0.18RTT0)2 variance is acceptable
with 95% of successful retransmissions (mean value is RTT0). This variance level is high
enough to make the delay sensitive retransmissions successful so both distribution models
confirmed the proposed playout buffer setup process.
2.6.1.4 Multiple Retransmissions

In some situations the packet can be retransmitted more times after it is lost again and
again, but the number of possible retransmissions is changing due to varying network
conditions. In order to get the latest information and make the best decision we can rely on the
DCCP transport protocol.
The calculation of the expected value of the delay (d) due to retransmission was already
presented in Section 2.5.1, equations (19)–(22). According to these equations, practically the
number of retransmission will be always less then 4. Even in case of extremely high overall
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loss rate (wireless loss + congestion loss) of 20%, the probability that the packet was lost and
retransmitted four times is about 0.1%. Figure 31 depicts the distribution of the number of
retransmissions for different losses.

Figure 31

Distribution of the number of the loss and retransmission of the same packets

The number of retransmission is limited by the playout buffer delay installed at the
receiver and the network delay. The purpose of the presented multiple and selective
retransmissions is to efficiently discard from the retransmission queue those packets that can
not be delivered before the playout. The media packets that are arriving late will only waste
the network bandwidth. To determinate how many times a packet should be lost and
retransmitted the following correlations should be considered, where E(d ) is the expected
value of the transmission delay including the delay due to retransmissions, p is the overall
packet loss, Tbd is the receiver’s playout buffer delay and τ is the loss detection delay.

Number of possible retransmission is 1 if:
E(d1 ) =

RTT
(1 − p ) (1 + (3 + τ ) p ) < Tbd
2

(48)

and E(d 2 ) > Tbd .
Number of possible retransmission is 2 if:
E(d 2 ) =

RTT
(1 − p) (1 + (3 + τ ) p + (5 + 2τ ) p 2 ) < Tbd
2

(49)

and E(d3 ) > Tbd .
Number of possible retransmission is N if:
E(d N ) =

N
RTT
(1 − p )∑ (2i + 1 + iτ ) p i < Tbd
2
i =0

and E(d N +1 ) > Tbd .
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(50)

The upper limit of the loss detection delay (τ) is determined by the TFRC congestion
control algorithm used in DCCP, because this algorithm specifies the frequency of the DCCP
acknowledgements, see equation (35).
During the TE elapsed time period (Figure 30) the sent packet can be lost and
retransmitted more times, therefore the loss detection times are already included in TE. The
RRS decision algorithm calculates the remaining time that must be more then the actual one–
way network delay (RTT/2) for successful retransmission.

2.6.2 Performance evaluation
In order to test the performance of the delay sensitive selective retransmission scheme
(RRS), described in the previous sections, I have analyzed some scenarios in NS–2 [28]
network simulator tool. The simulation environment made it possible to adjust the link
characteristics and analyze the effects of additional background traffic. In the simulations a
dumbbell topology with 1Mbps links and 10ms link delays were used. The bottleneck link
was considered to be the wireless link, in order to introduce wireless packet losses using a
simple random drop model with the given loss probability. The loss probability on the
bottleneck link was adjusted between 0.1% and 10%. I used a constant bitrate MPEG–2 video
stream in the simulations but of course our method is applicable for variable bitrate streams
too. In the case of variable bitrate streams the average coding rate must be known.
In the first scenario I have analyzed the retransmission probability of the lost packets. The
packet loss probability was set to 1% while the network delay was adjusted from 10ms to
150ms with variance of 10%; the video stream bitrate was 384kbps. During the 150s
simulation time about 5000 packet was sent. The packet size was 1500 bytes.

Figure 32

Retransmission probability

I have compared different playout buffer delay setups, to measure the ratio of
retransmitted packets. The results presented in Figure 32 show that with Tbd=3RTT more than
95% of the lost packets was retransmitted successfully. With Tbd=2.5RTT the successful
retransmission ratio in few cases did not reach 95%, however, it was always above 93%.
Examinations were made to find the limits of the playout buffer delay from the
retransmission point of view. The lower bound of Tbd was 1.5RTT0 in the measurements. In
the simulations there were always some packets that were detected immediately as lost after
the loss occurrence.
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The main goal of my proposal is to improve the quality of video streams. To see the
effectiveness the source controlled selective retransmission scheme I have measured the
average peak signal–to–noise ratio (PSNR) of the transmitted video stream with different Tbd
settings. The PSNR values measured against the original frames with varying degrees of
packet loss. As the packet loss increases the frame–by–frame PSNR drops dramatically. In the
PSNR measurements the network delay was 90ms.

Figure 33

Average PSNR of 150 seconds of 24 fps video as a function of packet loss

In my proposal the playout buffer delay was to set to 3RTT0, because in this case almost
all of the lost packets can be retransmitted; therefore the measured average PSNR value is
similar to the original video stream, therefore it was not even presented in the figure. The
video quality improvement with Tbd=2RTT0 is between 2–3dB while in the case of
Tbd=1.75RTT0 it was 1–2dB compared to the case when no retransmission is applied. The
frame–by–frame PSNR comparison of the video stream with retransmission (Tbd=1.75RTT0)
and without retransmission is illustrated in Figure 34.
The acceptable playout buffer delay is limited by the type of the streaming application. In
some situations, when the delay constrains is so strict that the additional delay can not be set
to the ideal 3RTT0. In these cases the Tbd should not set to 3RTT0 but it is worth to set to its
maximal acceptable value. Figure 34 shows that even with Tbd=1.75RTT0 quality
improvement can be achieved. The significant variance of the measured PSNR quality is due
the frame–by–frame comparison. While some of the frames are distorted, the neighboring
ones can be even the same as the reference one.
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Figure 34

Frame–by–frame PSNR

In order to analyze the effect of different playout delay setups the loss ratio was also
measured. In the test scenario the one–way network delay was 30ms, however, the RTT has
reached even 200ms when the congestion level was high. In order to simulate the effects of
heavy loaded network WWW background traffic was set up. The WWW traffic was generated
based on Pareto distribution with average page sizes of 30kB (shape 1.5), while the frequency
of new WWW page requests were following the Exponential distribution with 5 seconds
average waiting times. The number of WWW users was between 5 and 40. In the following
figure the average of the loss ratio is presented.

Figure 35

The average packet loss ratios in function of buffer delay setup

Increasing the delay of the playout buffer more retransmissions can be managed. As
Figure 35 shows, when the playout delay is low the retransmission can not be successfully
accomplished. In case of 100–500ms playout buffer delay setups only few retransmissions can
be done, because the RTT can be higher than 200ms when the number of WWW users is high.
The figure shows that even at 0.1% link loss probability (due to channel errors) the packet
loss ratio rises up to 7%. The reason is that some packets were not even transmitted. Before
transmitting a packet, the RTT is examined and the packet is discarded from the sending
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queue, if the RTT is too high and the packet will not arrive in time. By reducing the number
of loss packets, the video quality can be increased. The measured average PSNR values are
presented in the next figure

Figure 36

Average PSNR values in function of playout buffer delay

To obtain these results no additional messages were needed, because the DCCP transport
protocol has provided all the necessary information for the Flood method and for the decision
algorithm. Even more the DCCP uses congestion control mechanisms so this is another
advantage of the proposed RRS solution.

2.7 TFRC and RTT Thresholds Interdependence Model
Retransmissions can be carried out only if there is no congestion in the network and the
network delay is low enough to receive the retransmitted packet before the playout. These two
attributes are depending and one can be estimated from the other. The correlation of
congestion level and RTT is obvious and already studied intensively. Numerous researches
focus on end–to–end congestion avoidance algorithms that use round–trip–time fluctuations
as an indicator of the level of network congestion [37]–[41]. In these works RTT variations
are assumed to be caused by changes in queuing delays, therefore the congestion level can be
estimated from the current RTT and its variation history.
In the previous sections cross–layer based retransmission methods were investigated.
First, congestion control based retransmission schemes (TRS, ARS) were implemented, which
disable or enable the retransmission according to a given threshold and the calculated sending
rate. Secondly, a RTT–based retransmission decision algorithm (RSS) was studied in order to
determinate an appropriate threshold for successful retransmissions.
In this section I introduce a TFRC and RTT thresholds interdependence model, which
utilizes the correlation of the TFRC sending rate and the RTT. The model estimates the
correspondent RTT threshold using the TFRC–based sending rate threshold gaining similar
retransmission behavior. Using the proposed model the number of retransmitted packets is
similar in both cases, because we use corresponding RTT and TFRC throughput thresholds. In
order to analyze the proposed method, I used the NS–2 simulation tool to examine the
retransmission behaviors.
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Section 2.7 corresponds to Thesis 1.2, but before describing the TFRC and RTT
Thresholds Interdependence Model, both the TFRC–based selective Retransmission Scheme
(TRS) and the RTT–based selective Retransmission Scheme (RSS) must have been presented
in Section 2.3 and Section 2.6, respectively.

2.7.1 Background
In order to efficiently retransmit the lost packets without late delivery or causing
congestion, I have analyzed two retransmission approaches. Both cross–layer based methods
rely on the information getting from the transport layer (DCCP). The DCCP protocol
continuously measures the RTT and calculates a sending rate to avoid congestion.
In congestion control based selective retransmission scheme the retransmission should be
enabled or disabled according to the stream bitrate (threshold level) and the calculated TFRC
sending rate. When the network is in congested state or near to this state the retransmissions
should be disabled. When the buffers of the network routers are overloaded the retransmitted
packet will be dropped at the routers or it will cause the loss of other packets. The TFRC–
based method disables the retransmission when the TFRC rate is under a given threshold
(XThreshold), e.g. real–time video coding bitrate.
X Threshold >

s
2p
3p
R
+ 4 R (3
⋅ p ⋅ (1 + 32 p 2 ))
3
8

(51)

Variable p stands for the packet loss probability, R is the RTT moving average and s is the
packet size in bytes, as given in RFC 3448.
On the other hand, we can consider a delay–based retransmission technique, where the
available time for the first transmission, retransmission and loss detection is equal to the
playout buffer delay (Tbd), therefore the stipulation to successfully retransmit a packet is
3
RTT + δ < Tbd .
2

(52)

If equation (52) is true the retransmission is enabled, considering that only one
retransmission attempt is possible, however, the equation can be easily modified for multiple
retransmission attempts. If equation (52) is false the retransmission is disabled, because the
retransmitted backet will not arrive in time. The playout buffer delay (Tbd) is a time constrain
of the retransmissions, determining the maximal acceptable round–trip–time (RTTThreshold):
2
RTTThreshold = (Tbd − δ )
3

(53)

Parameter RTTThreshold is used to decide whether to retransmit a lost packet or not, e.g. if
the current RTT is lower than the RTTThreshold the retransmission is enabled, because the
retransmitted will probably arrive in time.
The presented retransmission schemes were investigated independently, however, the
calculated TFRC rate depends on the RTT moving average. The used TFRC rate and RTT
retransmission thresholds are therefore correlated. In this section this correlation is
investigated.
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2.7.2 Proposed TFRC and RTT Thresholds Interdependence Model
In this section the relation between the XThreshold and the RTTThreshold is examined. In order
to efficiently estimate the RTTThreshold from the XThreshold, first the relation of RTT and TFRC
must be analyzed. The RTT and TFRC values are in inverse relation, as the TFRC equation it
defines (51).

Figure 37 Measured RTT and TFRC sending rates. The link capacity was 1Mbps, the offered traffic rate was
300kbps, the constant bitrate background traffic was 300kbps, while the link packet loss probability was 0.1%.

The figure illustrates the inverse relation of RTT and TFRC values. It can be observed
that in time periods when the calculated TFRC is rate is low, the measure RTT is higher. This
behavior is due to the increasing buffer levels of the routers in the network. The TFRC
decreases the sending rate when there are too many packets in the network and the possibility
of packet drop due to congestion is becoming high.
In the proposed estimation model I utilize the inverse relation of RTT and the offered
sending rate of TFRC. The aim is to determinate RTTThreshold based on the number of
retransmitted packets. The number of retransmitted packets should be equal using the TFRC–
based threshold and the RTTThreshold.

Figure 38

Retransmissions are enabled for the packets belonging to the grey periods. (SN stands for Sequence
Number)
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The number of successfully retransmitted packets depends on the time periods when
RTT<RTTThreshold or the calculated TFRC sending rate is higher than XThreshold. The periods when
the retransmission can be performed successfully are signed grey in Figure 38. According to the
TFRC sending rate calculation method, the sending rate and the measured round–trip–time
change inversely. In order to formally define the number of possible retransmissions, the X’ and
R’ indicator functions must be specified. Both X’ and R’ indicator functions specify whether a
packet is allowed to be retransmitted or not.
⎧1 if X > XThreshold ⎫
X '=⎨
⎬
else
⎩0
⎭

(54)

⎧1 if RTT < RThreshold ⎫
R' = ⎨
⎬
else
⎩0
⎭

(55)

The sum of X’ determinates the maximum number of retransmission, however, actually
only the lost packets can be retransmitted, so it must be multiplied by the packet loss probability
(p). The estimated value of the number of retransmitted packets can be calculated as follows:
SNmax

SNmax

SN = 0

SN = 0

PX = p ⋅ ∑ X ' and PR = p ⋅ ∑ R '

(56)

The aim is to find the matching RTTThreshold to XThreshold attaining PX=PR. If SNmax is the
SNmax

number of transmitted data packets, we can consider

∑ X'

SN = 0

SN max as the probability that a

packet is enabled to be retransmitted. According to the X’ and R’ definition, we can calculate
the ratio of the periods, when the retransmission is possible:
SNmax

P ( X > XThreshold ) = P( RTT < RTTThreshold ) =

∑

SNmax

X'

SN = 0

SN max

=

∑

R'

SN = 0

SN max

(57)

The possibility that the actual round–trip–time is less than the retransmission threshold is:
P ( RTT < RTTThreshold ) = F ( RTTThreshold )

(58)

According to the distribution function determination, the given probability (58) is the
distribution function of RTTThreshold. Similarly for the sending rate:
P ( X > X Threshold ) = 1 − P( X < X Threshold ) = 1 − F ( X Threshold )

(59)

Using equation P ( X > XThreshold ) = P ( RTT < RTTThreshold ) that determinates the relation of
RTTThreshold and XThreshold, it can be proofed that the relation of the distribution functions of
RTTThreshold and XThreshold is linear:
F ( RTTThreshold ) = 1 − F ( X Threshold )

(60)

The TFRC specification [22] determinates the calculated sending rate (Xcalc) as inverse
function of RTT; however, the real sending rate (X) is determined as follows:
X = max(min( X calc , 2 ⋅ X recv ), s / tmbi )
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(61)

Variable Xrecv is the receiving rate of the receiver. The parameter tmbi is the the maximum
inter–packet backoff interval and set to 64 seconds, thus the sender sends at least one packet
every 64 seconds. I did not take the backoff interval value into account, because we consider
that the data delivery or the video streaming is continuous. In situations when the offered
sending rate (e.g. video bitrate) is low, compared to the link capacity, the Xcalc can be
significantly higher than 2Xrecv. According to (61), the real sending rate is not always the
calculated sending rate (Xcalc), therefore the real sending rate (X) is not always the inverse
function of the round–trip–time.
Considering the TFRC sending rate determination method I propose a linear estimation
model to find the matching RTTThreshold to every XThreshold. The maximum of the sending rate is
determined as 2Xrecv, while RTTmin and RTTmax parameters are assumed as known values.
RTTmin is the network delay when the network routers’ buffers are empty, while RTTmax can be
assumed as the round–trip–time when the network is in congested state. Based on presented
behavior of the TFRC sending rate calculation, the corresponding thresholds can be estimated.
The next figure illustrates the proposed linear estimation model:

Figure 39

Linear estimation of RTTThreshold

The formal determination of the TFRC and RTT thresholds interdependence is done in
the following equation:
RTTThreshold =

( RTTmin − RTTmax )
X Threshold + RTTmax
2 ⋅ Xrecv

(62)

I used linear approximation instead of exponential one, because the infection level of the
exponential curve can vary depending on the actual loss rate and RTT, as the TFRC equation
(51) defines it. The packet loss rate is on a higher exponent in the equation, thus its effect is
more significant. The used RTTmin and RTTmax parameters are also changing, because always
the lowest/highest measured RTT values are considered as RTTmin and RTTmax. The estimator
model must adapt itself to the varying parameters.

2.7.3 Simulation Results
In order to test the performance of the estimation model, described in the previous section,
I have analyzed some scenarios with NS–2 network simulator. The simulation environment
made it possible to adjust the link characteristics and analyze the effects of additional
background traffic. In the simulations a dumbbell topology with 1Mbps links was used
(Figure 7). The bottleneck link was considered to be the wired or wireless link, in order to
introduce packet losses using a simple random drop model with the given loss probability.
The loss probability on the bottleneck link was set between 0% and 10%.
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In the simulations I used the Datagram Congestion Control Protocol (DCCP) with TFRC
congestion control algorithm to analyze the performance of the estimation model.
Furthermore WWW and CBR (Constant Bit Rate flow) over UDP background traffic were set
up. In order to simulate the effects of a heavy loaded network the number of WWW users was
between 0 and 25. The WWW traffic was generated based on Pareto distribution with average
page sizes of 20kB (shape 1.5), while the frequency of new WWW page requests were
following the Exponential distribution with 5 seconds average waiting times. The duration of
the simulations was 200s. The purpose of the background traffic was to continuously change
the conditions of the bottleneck link causing high variations in the measured RTT.
In the first scenario a well–defined setup was analyzed to introduce the estimation model.
The offered bitrate (CBR/DCCP) was 300kbps (37.5kbyte/s) and delivered by the DCCP
protocol, in the background 100kbps CBR/UDP was set up and the number of WWW users
was 5, 10 and 25. I have measured the corresponding thresholds, when the number of
retransmissions is the same. The measured results are illustrated in Figure 40. In the figures
the blue line indicates the matching RTTThreshold having the same number of retransmissions
like using XThreshold. The red line is generated by the proposed estimator model. In order to
analyze the quality of the estimation, we have examined the difference of the measured
RTTThreshold and the estimated one. The estimation error was calculated as follows:
err[%]=

mRTTThreshold − eRTTThreshold
⋅100%
mRTTThreshold

(63)

Variable mRTTThreshold stands for the measured RTT threshold and eRTTThreshold for the
estimated threshold. According to the equation the err[%] function can be negative too.

a) 5 WWW users

b) 10 WWW users

c) 25 WWW users
Figure 40

Linear estimation and measured values of RTTThreshold. The number of WWW users is 5 , 10, 25
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I have changed the congestion level in the network by increasing the number of WWW
users, without changing other settings. The best threshold estimation was measured when the
background WWW traffic was minimal. Increasing the number of WWW users the estimation
performance decreases, while without WWW users the estimation error is near zero.

Figure 41

Estimation error in function of the number of WWW users. The offered traffic rate is 300kbps,
theCBR/UDP background traffic is 100kbps

According to the NS–2 simulations the congestion level plays an important role in the
estimation effectiveness. When I increase the offered bitrate (CBR/DCCP) to 500kbps,
change the background CBR/UDP traffic and switch off the random WWW user traffic, the
obtained results are similar.

Figure 42

Estimation error in case of different CBR/UDP traffic with 500kbps CBR/DCCP setup

Figure 42 shows, if only the 500kbps data stream is transmitted with the DCCP/TFRC
protocol, the RTTThreshold estimation is sufficiently accurate. When the sending rate
retransmission threshold (XThreshold) is changed, the estimation error of the delay–based
threshold is less than ±0.5%. As the results show the estimation model performs well when
the network load is low.
The obtained results show that the model can be really effective when the network load is
low. In case of higher congestion levels the estimation error increases to 20–30%. When the
network load is below the congestion load, the estimation error is only 1–2%.

51

2.8 Summary
To make the delivery of real–time video streaming prosperous on the Internet, the
anomalies of packet loss and changes in bandwidth and delay must be sufficiently handled.
The multimedia applications can tolerate small amounts of data loss but with retransmissions
the loss ratio can be minimized improving the quality of the video stream. For live multimedia
applications the retransmission can be realized with playout buffer deployed at the receiver.
In the previous sections new source controlled selective retransmission algorithms
(CARS, TRS, ARS, CNRS, RRS) were presented and studied. The main advantage of the
proposed source controlled mechanisms is that all the needed input parameters of the decision
algorithm are available at the transmitter side without any additional administrative messages.
I have investigated both content–aware and network characteristic–based retransmission
decision solutions utilizing the advantages of the DCCP protocol. DCCP is already included
in Linux kernels, therefore I have not only simulate the proposed algorithms, but also
deployed a testbed to examine the DCCP–based source controlled retransmission mechanisms.
The results regarding to content–aware semi–reliable scheme (CARS) show that the
proposed algorithms radically reduces the bit corruption ratio and the wastefully retransmitted
data packets achieving significant increase of quality especially in wireless networks with
high bit–error ratio. I showed that it is possible to achieve results better than those offered by
unreliable protocols such as UDP or UDPLite without sacrificing performance. It is important
that the proposed algorithms do not add significant overhead or implementation complexity.
The evaluations were done on MPEG–2 video stream, but the selective retransmission
algorithm is capable for other data type transmissions where the data can be differentiated in
case of content–aware schemes.
Besides content–aware methods, congestion–based techniques were also introduced. I
have proposed new selective retransmission schemes (TRS, ARS) for multimedia
transmission over noisy wireless channel using TFRC and ARC–based decision mechanisms.
Packet losses, due to bad radio conditions in wireless networks, not only degrade the
video quality but, render the current congestion control algorithms that back–off on every loss,
as inefficient. In order to counter this problem, I have integrated the congestion control
schemes with an adaptive retransmission scheme in order to selectively retransmit some lost
video packets. I have also integrated a wireless loss estimation scheme to avoid the confusion
between two types of losses and improve the efficiency. The results show that the integrated
scheme (ARC) not only improves the video quality due to the retransmission and recovery of
some of the lost video data but, the recovery itself is efficient because of the wireless loss
estimation. I have analyzed the effects of packet loss on the quality of MPEG–2 and H.264
video streams and proposed a model to improve the quality of service. I have shown that, by
recovery of the data in the bitstream considering the current state of the network, significant
performance gains can be achieved without much additional penalty in terms of latency. The
proposed congestion control based selective retransmission algorithms are capable for other
data type transmissions where high latency is not acceptable and the loss of few packets is
tolerable.
I have investigated the methodology of content– and congestion–based retransmission
schemes and integrated the ARC congestion control scheme with a content–based adaptive
retransmission scheme in order to selectively retransmit some lost video packets (CNRS).
When the network utilization is very high, the extra load due to retransmissions can not be
delivered. In this situation content–aware differentiation is an alternative solution to maximize
the number of retransmitted packets without causing congestion in the network and increase
the overall quality of the transmitted video stream. The performance evaluations were done on
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MPEG–4 video streams, but proposed algorithm is also capable for other data types, where
the data can be prioritized.
A new source controlled and playout time oriented retransmission scheme (RRS) for
multimedia streaming was also proposed. In my RRS scheme the playout delay is set up by
the transmitter using so-called Flood method. To make the decision of retransmission, the
elapsed time end the actual playout buffer level is used. To evaluate the proposal, simulations
were performed and the obtained results proved the efficiency of the RRS retransmission
scheme and the introduced Flood method.
Finally, I have analyzed the relation of the TRS and RRS retransmission decision
methods and introduced an estimation model to find the matching RTT threshold to the
sending rate threshold. The obtained results show that the model can be really effective when
the network load is low and in average the estimation error is 20–30%, however, the network
load significantly affects the performance of the proposed method. When the network load is
below the congestion load, the estimation error is only 1–2%.
The algorithms for deciding whether or not to retransmit a lost packet, adapts itself not
only to each application, but also to alternate network conditions. Thus, the flexibility and
performance of the source controlled selective retransmission scheme provides a potential
framework for Internet multimedia applications to achieve better quality.
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Chapter 3

Multi–path Streaming and Network
Ordering Abnormalities
Simultaneous connections to several networks through multiple interfaces are possible
with today’s mobile terminals. To efficiently utilize the interfaces’ capabilities and increase
the quality of the streamed video, multi–path streaming can be used. Resource intensive
applications can deliver high bitrate streams over multiple paths by cumulating the available
bandwidth of the different subpaths. In this section I propose a multi–path streaming method
(COMPAS) that chooses a set of paths maximizing the overall quality at the client. While the
available paths have different bandwidth, delay and loss probability constrains, the packet
distributor must take the video packet importance and the dependencies between packets into
account.
In order to efficiently distribute the packets, the link must be ordered based on the
network attributes. Grey Relational Analysis (GRA) is a promising algorithmic approach that
can realize dynamic interface ordering with multiple alternatives (interfaces) and attributes
(network parameters), however, similarly to some other decision methods, GRA also suffers
from rank reversal phenomenon. Transmitting the reference video frames on the most reliable
links will decrease the loss probability of important data packets and increase the measured
video quality. The change of link order can lead to frequent handovers causing the
degradation of the observed video quality.

3.1 Content–aware Interface Selection Method for Multi–Path
Video Streaming (COMPAS)
The popularity of multimedia applications is increasing on the Internet in both wired and
wireless environment. Despite the development of new wireless access technologies that
provide higher bandwidth to the users, multimedia streaming applications still suffer from
limited and highly varying bandwidth. However, the offered bandwidth is getting higher, high
quality video streams usually can not be transmitted on a single link. In order to utilize the
advantages of the heterogeneous network model, mobile devices are now being built as
multihomed multi–functioning wireless terminals. Multi–path video streaming has recently
been proposed as a solution to overcome the strict mobile network limitations. In order to
increase the quality of streams using multihomed devices that have multiple network
interfaces independently connected to different networks, the available interfaces must be
effectively utilized. Higher bandwidth can be provided to the users if joint links are used. The
independent but joint links can be successfully utilized by a streaming application in order to
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achieve high quality streaming. Multi–path multimedia streaming has become attractive
solution due to the increased throughput and adaptive load balancing and load sharing [42].
An overview of the benefits and use of path diversity for media streaming is introduced in
[43][44]. In these works different approaches for media coding and streaming over multiple
paths are examined, together with architectures for achieving path diversity between single or
multiple senders and a single receiver. Novel solutions were also presented to improve the
quality of streaming applications. The authors of [45][46] study video streaming using
feedback–based reference picture selection schemes and path diversity. In [47] multi–path
streaming methods are examined from the application transparency point of view. A
distributed sender–driven streaming solution is presented in [48], where servers
collaboratively adapt to the network status in order to provide the media client with a superior
video quality. Most of the related works analyze the multi–path streaming solution using
simulations; however, the authors of [49] deployed a testbed for the measurements. The
multi–path streaming was also investigated from congestion point of view in [50][51]. In the
latter one a fast heuristic–based algorithm is presented, built on load–balancing principles.
Multihomed protocols such as SCTP [52] provides the possibility of multiple link connections,
however, the current protocol version does not allow to use multiple path simultaneously. Ye
et al. [53] introduced an independent per path congestion control principle for standard SCTP,
while in [54] a similar solution is presented with load sharing techniques.
In this section a COntent–aware interface selection Method for multi–PAth video
Streaming (COMPAS) is presented. The loss of a packet in a video frames leads not only to
reduced quality of the video but also results the propagation of distortion to successive frames.
This is due to inter–frame–video compression algorithms such as MPEG, which exploit
temporal correlation between frames to achieve higher compression. The proposed COMPAS
scheme takes the video packet importance and the dependencies between packets into account
and transmits the reference video frames on the most reliable links. Using the proposed packet
distributor the loss probability of important data packets can be decreased, hereby increasing
the measured video quality. The main difference from the other multi–path streaming
solutions is that in my method a sender side buffer is used to heap up more data in order to
utilize the available links more efficiently. I have analyzed the COMPAS interface selection
scheme both analytically and with simulations to estimate the quality improvement of the
transmitted MPEG–4 video streams.
Thesis 2.1 corresponds to COMPAS Interface Selection Scheme presented in Section 3.1.

3.1.1 COMPAS Interface Selection Scheme
I consider a client–server network topology, where the client can access the server
simultaneously through different paths. The independent paths are characterized with different
bandwidth (bwi), packet loss ratio (pi) and network delay (di) parameters belonging to path i.

Figure 43

Multi–path data delivery
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Network delay parameter plays role when a strict playout buffer is used at the receiver. If
the transmitted packet is received after the playout, it can be considered as a lost packet,
therefore I do not deal with the delay parameter separately. I consider that total packet loss
probability (πi) on path i contains the loss events due to channel errors and late reception of
video packets:

π i = pi + Pr(di > d pbuff )

(64)

where dpbuff is the playout buffer delay. The overall packet loss ratio for the multi–path
transmission is the weighted average of the total packet loss probabilities

π=

n
d
d
d1
d
π 1 + 2 π 2 + ... + n π n = ∑ i π i ,
d
d
d
i =1 d

(65)

where di is the data amount transmitted on link the ith link and d is the total size of the
delivered video stream.
The transmitted video quality can be increased if the total packet loss probability is
minimized; therefore the available paths are used in order of the links quality (πi). The lowest
packet loss ratio paths must be utilized first and the worst channels must be used only if
necessary. The impact of packet loss ratio is the most significant, however, other network
attributes must be also considered for the network order determination. For example the
physical parameters of a link can be very good, but if the [$/byte] cost of usage is extremely
high, the link will not be chosen. The cost has no impact on the video quality, but it can be an
attribute of the network order decision algorithm.
Further video quality improvement can be achieved if the packet contain is taken into
account. The MPEG coded video streams use different frame types (I–, P– and B–frames)
with inter–frame dependencies. I propose a content–aware packet distributor scheme in order
to minimize the distortion propagation in the stream by forwarding the I–frames on the most
reliable links.
In my proposed COMPAS scheme a buffer is applied that heaps up Bf number of frames
causing dB extra delay. In every dB time the stored data packets are distributed between the
interfaces and the heap up procedure starts again. This method makes it possible to efficiently
distribute the data packets of the video stream. If longer delay (dB) is used, more I–frames can
be forwarded to the most reliable link, but the overall delay (D) will be also higher.

D = d B + max(di )
i

(66)

The acceptable delay threshold depends on the used multimedia application. In case of
one–way live media applications it can be even few seconds, but if two–way interactive
application is used the perceptual tolerance of the user is around 150–200ms. The limitations
of two–way interactive applications are too strict for my proposed interface selection
algorithm, but for pre–recorded and one–way live video streams this solution is acceptable
from the delay point of view.
The streaming server is connected to the channels through buffer interfaces, which are
modeled as FIFO queues. These queues are refilled at every dB time from the heap up buffer.
The interface buffers’ sizes are determined by the paths bandwidth and the heap up buffer
delay (dB). The interface buffers must be purged in every dB time to be able to receive the next
amount of data. The server side interface selection scheme is illustrated in Fig. 2.
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Figure 44

Server side interface selection scheme

Quality degradation can be caused not only due to late packet delivery and channel errors,
but also due to link overload. The bitrate variance of the coded video can be significant if
VBR (variable bitrate) video codec is used. The needed bandwidth can be even higher than
the joint links cumulated throughput capacity in a dB length timeslot. Investigation results of
Neame et al. [55][56] show that M/Pareto process can be used to accurately predict the
queuing performance of a VBR broadband traffic stream. M/Pareto traffic is composed of a
number of overlapping bursts. Bursts arrive according to a Poisson process with rate λ. The
arrival process for each burst is constant for the duration of that burst, and has rate r. If the
mean amount of data (M) arriving within an interval of length t the M/Pareto traffic model can
be formulated as
M=

λ ⋅ t ⋅ r ⋅δ ⋅ γ
.
γ −1

(67)

Parameter γ stands for the minimum possible value of a Pareto random variable, while δ
is the shape parameter, also known as the “tail index”. Using (67), the load level of the heap
up buffer can be estimated if a dB long time period is examined. The probability of link
overload (POL) is equal with possibility when the heap up buffer level is greater than the total
amount of data transferable on the links within dB time. Path i is characterized with its
bandwidth (bwi).
n
⎛
⎞
POL = Pr ⎜ M > ∑ bwi ⋅ d B ⎟
i =1
⎝
⎠

(68)

The video quality improvement is gained due to the efficient packet distribution from the
heap up buffer to the interface buffers. Due to the proposed content–aware interface selection
method the distribution of data belonging to I–, P–, B–frames on the independent links will be
totally different from the original video frame structure. On the reliable channels more I–
frame data will be delivered and less B–frames, while on links with high loss probability
mostly B–frames will be transmitted.
PI1 ; PP1; PB1

PI ; P P ; P B

PI2 ; PP2; PB2

Figure 45

…

Heap up buffer

PIn ; PPn; PBn
Frame distribution on the interfaces
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The possibility of the data bytes belonging to I–, P– and B–frames of the video stream is
consequently PI, PP and PB. If the heap up delay (dB) is long enough these possibilities are
similar in the heap up buffer. Due to the proposed COMPAS interface selection algorithm the
distribution of I–, P–, B–frame data bytes in the interface buffers will be different from the
original video frame data distribution.
The possibility that a data byte belongs to an I–frame in the most reliable interface’s
buffer can be calculated as follows:
⎛PB ⎞
PI1 = min ⎜ I ,1⎟
⎝ b1 ⎠

(69)

Parameter B is the size of data amount heaped up, while B1 is the buffer size of the first
(most reliable) interface. We use the min() function to keep the probability variable bellow or
equal to 1.
In order to analyze the behavior of the proposed scheme we can calculate the distribution
of I–, P–, B–frame data bytes in the interface buffers (PIi, PPi and PBi). The I–frame data
probability in the ith interface buffer is
i −1
⎛
⎛
⎞⎞
⎜
⎜ PI B − ∑ bn ⎟ ⎟
n =1
,1⎟ ⎟ .
PIi = max ⎜ 0, min ⎜
bn
⎜
⎜
⎟⎟
⎜
⎟⎟
⎜
⎝
⎠⎠
⎝

(70)

Similarly, the P– and B–frame data ratios in the ith interface buffer can be calculated as
follows:
i

PPi = max(0, min((max(0, min(

PP B − ∑ PPnbn
n =1

bn

,1)) − PIi ),1))

(71)

,1)) − PIi − PPi ),1))

(72)

i

PBi = max(0, min((max(0, min(

PB B − ∑ PBnbn
n =1

bn

The video quality depends on the number of lost packets and on the content of the
missing packet. The loss of a B–frame packet will not reduce the quality so significantly than
an I–frame loss, due to frame dependencies of the MPEG video stream structure. The aim of
the COMPAS scheme is to reduce the I– and P–frame data losses.
The number of lost I–, P– and B–frame packets can be estimated based on the link packet
loss probability (πi) and the previously introduced frame ratio ratios on the links, see
equations (70)–(72). Considering that the interfaces are ordered according to the links’ packet
loss ratio (π1 ≤ π2 ≤ …≤ πn) the number of lost packet, which contains I–frame data, can be
calculated as follows:
n

NI = ∑
i =1

PIi bi
πi
S

(73)

The packet size is signed with S, while bi stands for the buffer size of the ith interface.
Similarly to (73), the number of P– and B–frame packet losses can be also estimated.
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In this section the effect of packet loss ratios was studied as the primary network
parameter. The packet probability and the delay have the most significant impact on the video
quality, where the late packets are handled as lost packets. In my investigations the packet
losses due to late delivery were not distinguished, therefore we did not need to separately
handle the delay parameter.

3.1.2 Simulation results
This section presents and discusses the performance of the COMPAS scheme, and
compares this content–aware interface selection solution to continuous and to balanced
interface selection methods.
The continuous method fills the interface buffers continuously from the video source or
the video data storage. This model does not use heap up buffer, therefore the advantage of this
method that no extra delay is introduced. We consider that first the most reliable link buffer is
filled and if the link’s capacity is fully utilized, the next reliable interface is selected and so on.
The distribution of different frame type data on the links will be similar to the original video
frame structure (PI : PP : PB = PIi : PPi : PBi). Previous works does not apply heap up buffer,
hence the actual frame data must be forwarded to the link buffers immediately.
The balanced method fills the interface buffers uniformly, using the Round–Robin model.
If of one of the interface buffer is full, the remained video data is distributed between the
other interfaces, which are not full yet. This Round–Robin based interface selection method
does not take the link characteristics into account. The distribution of the video frame type
data in the interface buffers will be similar to the original video frame structure (PI : PP : PB =
PIi : PPi : PBi).
I have developed a simulation tool to analyze the behavior of the proposed content–aware
interface selection scheme (COMPAS). Each simulation scenario was executed ten times and
an average was calculated from the obtained results.
The mother_and_daughter QCIF sequence was used as the reference video. The video
sequence was compressed with an MPEG–4 encoder – ffmpeg [57]. The video stream was
coded at 25 fps and 300kbps. The frame structure is specified by the N=10 and M=5
parameters. N and M are the intraframe and interframe coding ratios, which define the
sequence of I–, P– and B–frames. N specifies the I–frame interval whereas M determines the
I– or P–frame interval. The distribution of the used video data bytes belonging to I–, P– and
B–frames is PI=51%, PP=20% and PB=29%.
In the analyzed test scenarios six links were applied with different characteristics. The
link properties (bandwidth and loss ratio) used in the simulations are given in Table III
Table III Link Properties
Link no.
1
2
3
4
5
6

Bandwidth
[kbps]
100
80
80
60
60
20

Packet loss ratio
0.0
0.001
0.005
0.01
0.01
0.05

The first point of the performance examinations was to analyze the link utilization ratio. I
have examined how the proposed interface selection method utilizes the available resources.
In my COMPAS method a heap up buffer is used to collect definite number of frames
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(causing definite delay). When more data is collected in the heap up buffer, the packet
distributor can be more effective, because it can found frames with small sizes, which can still
fit to the almost full interface buffer. In the first test scenario I have compared the link
utilization of the proposed method with different heap up buffer sizes. The smallest examined
buffer size was able to store 20 frames, which is equal to 0.8 seconds delay, while the biggest
heap up buffer had 160 frames (dB=6.4s).
The results show that setting the heap up buffer high, the usage of the most reliable
channels is also higher, while the load of less reliable ones is lower compared to other heap up
buffer settings. For example, when the packets are distributed from a 160 frame sized heap up
buffer, the worst link with number 6 is even not used, because the packet distributor could
found free gaps in the interface buffers more efficiently and filled the reliable link buffers.
Some of the links are barely used, while on the best links signed with number 1 to 3 (Table
III), closely the entire bandwidth is used. The utilization level of the links varied in time,
because the heap up buffer level was also varying. The heap up buffer load is determined by
the number of frames (or delay) and not by the data size, therefore the data amount size in
bytes can also change in time. Low level of utilization was measured on links with number 4–
6 (Table III). This is due to average calculations, because the worst links are not used when
the actual heap up buffer level is low. Nevertheless, if the current heap up buffer size is high,
all the links are used.
After the link load measurements the MPEG frame type distribution in the interface
buffers was analyzed. The performance of the proposed COMPAS content–aware interface
selection scheme depends on the video frame distribution on the links with different
characteristics. My aim is to deliver the I–frame data packets on the most reliable channels
and transmit the P– and B–frames on the reliable links if the link capacity is sufficient.

a) I–frame distribution on the interfaces

b) P–frame distribution on the interfaces

c) B–frame distribution on the interfaces
Figure 46

Different frame type distributions in the interface buffers
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Figure 46 illustrates the different frame type distributions in the interface buffers. In the
analyzed scenario the heap up buffer size was set to 80 frames, which is equal to dB=3.2s heap
up delay. The interfaces are numbered based on the packet loss ratios and ordered, so the
interface which uses the most reliable link has number 1, while the link with the highest drop
probability has number 6. The video bitrate is 300kbps and the I–frame data ratio of the
MPEG–4 video stream is PI=51%, hence the I–frame data bandwidth requirement is about
150kbps.
As the presented results show I–frame data can delivered on the first two interfaces
(100kbps+80kbps) when the COMPAS packet distributor algorithm is used (Figure 46 a.).
Most of the P–frames were delivered on the 3th interface, while the B–frames were transferred
on the less reliable channels. Due to this ordered packet delivery the number of lost packets
belonging to I–frames is estimated to be significantly lower then the number of other frame
packet losses.
The observed video quality highly depends on the number of lost packets and the packet
content. In order to analyze the behavior of the proposed COMPAS multi–path delivery
method I have examined the different frame type data packet losses. The overall packet loss
ratio was also measured, which is the average of the I–, P– and B–frame packet loss ratios.
The results are presented in Figure 47. Similarly to the previous measurements the heap up
buffer size was set to 80 frames.

Figure 47

Total and I–, P–, B–frame type data packet loss ratios

As we expected, the total number of packet losses was equal using the continuous packet
distributor method and the selective (COMPAS) one. In spite of the similarity the number of
I–frame data packet losses was significantly lower when the proposed interface selection
algorithm was used. In case of the continuous algorithm the loss probabilities of different type
of frame data was near equal, however, protecting the I–frame data the error propagation can
be prevented, hence video quality improvement can be achieved. The worst method is the
balanced one as Figure 47 shows, because in this case the packet distributor equally fills the
buffers belonging to reliable and unreliable channels.
The main goal of my proposal is to improve the quality of video streams. To see the
effectiveness my scheme, I measured the average peak signal–to–noise ratio (PSNR) of the
transmitted MPEG–4 video stream with different heap up buffer size setups. The PSNR
values were measured against the original frames applying the content–aware interface
selection scheme, the continuous and the balanced method. As it was expected, the measured
PSNR value dropped dramatically when the packet loss increased.
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The video quality difference between the COMPAS and continuous scheme was not so
significant because the total packet loss ratio in case of the two schemes was similar. The
performance of the balanced method is very poor. When only the link loss probabilities were
taken into consideration (continuous method) the video quality was acceptable. When the
packets are distributed based on its content (COMPAS), further quality improvement was
achieved. The difference was about 1dB in our tests, but of course it can vary significantly
according to the link properties and the coded video sequence.

3.2 Eliminating Rank Reversal Phenomenon in GRA–based
Network Selection Method
In the previously presented multi–path video streaming proposal the available links must
be ordered to determinate the best interfaces for the most important packets. The simplest
ordering technique is to make the network ordering based on one network parameter, e.g.
average packet loss, however, it is not always the best solution. The network selection
algorithm must depend on the requested services and other network parameters, such as
throughput, delay, jitter, cost, signal strength etc. Some of these parameters, such as cost, link
availability ratio, etc. have no immediate impact on the video quality, however, these type of
parameters must be also taken into consideration. The ordering algorithm must be able to
determine automatically the best interface and the interface order that fulfills the user’s
requirements.
In order to keep mobile users always best connected (ABC) [58] numerous Multi
Attribute Decision Making (MADM) methods have been utilized for network selection
purposes. MADM methods can be utilized for network ordering and network selection
purposes. MADM algorithms are used for determining the ranking of alternatives in terms of
their desirability with respect to multiple criteria that can influence the decision. The main
goals of these solutions are to avoid frequent handover processes and offer acceptable QoS
characteristics for different type of applications. In the recent years a new network selection
method has been studied based on Grey System Theory [59]. The theory has been proven to
be useful for dealing with poor, incomplete, and uncertain information. Grey Relational
Analysis (GRA) is part of Grey System Theory, which is suitable for decision making with
complicated interrelationships between multiple factors and variables. GRA has been
successfully applied in network selection process as well [60]–[63]. Similarly to other
MADM techniques, GRA has been also criticized for its possible rank reversal phenomenon,
which means that the relative rankings of two decision alternatives could be reversed when a
decision alternative is added or deleted. Rank reversal is a disadvantageous behavior even for
my proposed content–aware multi–path video streaming method. If not all the available links
are used for the multi–path transmission the network selection method, which automatically
switches to the best network, may cause frequent handovers due to rank inconsistency. Each
appearance of a new network or a link disappearance may trigger a handover process
increasing delay, causing gap in the transmission or even disconnecting the terminals.
In this section I propose a solution to eliminate the ordering inconsistency of GRA–based
network selection algorithm. In order to avoid the effects of the rank reversal, I have analyzed
the GRA–based network selection algorithm to found the reason of the phenomenon. I have
found that modifying the normalization method, the probability of rank reversal can be
significantly decreased or even eliminated. In order to justify my theoretical assumptions, I
have examined the efficiency of the proposed solutions.
Thesis 2.2 is introduced in Section 3.2 presenting methods to eliminate the rank reversal
phenomenon.
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3.2.1 Background and Related Works
Numerous network selection methods were studied in the past decade. All these decision
algorithms are used for determining the ranking of competitive network access possibilities
and making the best choice for the user. In the traditional methods such as [64]–[67], only the
radio signal strength (RSS) threshold and hysteresis values are considered. The simple RSS–
based decision is not sufficient because it does not take into account the provided services and
features of different access technologies.
Making the decision based on one parameter is usually inadequate, therefore MADM
algorithms such as SAW (Simple Additive Weighting), TOPSIS (Technique for Order
Preference by Similarity to Ideal Solution), AHP (Analytic Hierarchy Process), ELECTRE,
etc. have been developed and described in [67]–[74]. These solutions determinates the
preferred network using technology specific features such as bandwidth, delay, packet loss
probability, cost of network usage, etc. Roveri et al. [75] used weight factors to reflect the
dominances of the particular requirements with respect to the user. GRA–based (Grey
Relation Analysis) network selection method [60]–[63] is an alternative technique for
determination of the network priority order. Similarly to TOPSIS and some ELECTRE
variants, GRA also suffers from rank inconsistency.
A robust MADM algorithm must ensure that the order of alternatives does not change
when an alternative, which is not the best, is removed or replaced by another alternative.
Therefore, if an algorithm suffers from the ranking abnormality problem, the ranking order is
not stable.
3.2.1.1 Grey Relational Analysis (GRA)

Grey System Theory was introduced in [59] to analyze the relational grade for several
discrete sequences and select the best sequence. One of the sequences is defined as reference
sequence presenting the idea situation. The grey relationship between the reference sequence
and the other sequences can be determined by calculating the Grey Relational Coefficient
(GRC) according to the level of similarity and variability. The technique is appropriate and
effective for network selection purposes as well. The GRA–based network selection method
can be implemented following the steps bellow:
1.
2.
3.
4.
5.

Classifying the network parameters (lower–the–better, higher–the–better)
Defining the upper and lower bounds of the parameters
Normalizing the parameters
Calculating the Grey Relational Coefficient (GRC)
Ranking the networks according to the GRC values

To calculate the GRC, the network parameters must be categorized first. For delay, cost,
etc. parameters the smaller–the–better class is used, while the e.g. throughput and signal
strength parameters belong to the larger–the–better category. Before calculating the GRC for
each parameter of the network, the series data need to be normalized to eliminate dimensional
units. Assuming that n possible networks (S1, S2,…, Sn) are compared, and each network has k
parameters, the upper bound (uj) is defined as max{s1(j), s2(j), ..., sn(j)}, and the lower bound
(lj) as min{s1(j), s2(j), ..., sn(j)}, where j = 1,2,…,k. In case of smaller–the–better attribute, the
normalized value of si(j) parameter can be calculated as follows:

si* ( j ) =

u j − si ( j )
uj −lj
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(74)

Similarly, the normalized value of a larger–the–better parameter:

si* ( j ) =

si ( j ) − l j
uj − lj

(75)

The attributes of a network can be represented as a row matrix, where the elements of the
matrix are the normalized values of k different network attributes.
S = ⎡⎣ s* (1) s* (2) s* (3) ... s* (k ) ⎤⎦

(76)

While si*(j) parameters are maximized in 1, the most preferable network can be always
described as si*(j) = 1, where j = 1,2,…,k and k is the number of network parameters used for
the decision. Utilizing this behavior of the normalizing algorithm, the ideal network is
considered as S = [1 1 … 1].
If there are N competing networks to choose from, the previous row matrix (76) can be
extended to an N×k matrix, which contains all the parameters that plays role in the network
selection procedure. The matrix can be determined as follows:
⎡ s1* (1) s1* (2) s1* (3) ... s1* (k ) ⎤
⎢ *
⎥
s2 (1) s2* (2) s2* (3) ... s2* (k ) ⎥
⎢
SN = ⎢
⎥
...
⎢
⎥
⎢⎣ s*N (1) s*N (2) s*N (3) ... s*N (k ) ⎥⎦

(77)

The final step of the GRA–based network selection algorithm is to calculate the Grey
Relational Coefficient (GRC). The value of the GRC parameter is calculated by the following
equation, where wj is the weight of each parameter and i (1 ≤ i ≤ N) is the network index:
GRCi =

1
k

∑w
j =1

j

(78)

s ( j) −1 + 1
*
i

The network with the largest GRC is the most desirable one.
3.2.1.2 Rank Reversal Phenomenon in MADM algorithms

Most of the MADM–based ranking algorithms use normalization and upper/lower bounds
determinations of the network parameters. Rank reversals in the SAW, TOPSIS, AHP, GRA
methods are caused by the changes of normalized attribute values. Some proposals [72],[76]
were presented to avoid rank reversal in AHP and TOPSIS, while Barzilai and Golany [77]
have proved that no normalization can prevent rank reversal. However, normalization is often
necessary for most of the MADM approaches to eliminate different dimensional units. GRA
also suffers from the rank reversal as the following example shows. The attributes and its
normalized values used for the network selection decision are shown in Table IV.
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Table IV GRA–based Network Selection Decision
Network

Delay

Jitter

Loss rate

Throughput

Cost

GRC

ms

norm

ms

norm

ratio

norm

Mbps

norm

$/MB

norm

#1

0.339

10

1

8

1

0.112

0

10

0.79

1

0.978

#2

0.304

200

0

10

0.916

0.01

0.913

80

0.885

10

0

#3

0.343

100

0.526

21

0.458

0.1

0.107

90

1

0.8

1

#4

0.281

50

0.789

32

0

0.0003

1

4

0.01

4

0.652

#5

0.302

160

0.21

12

0.833

0.012

0.916

3

0

3

0.76

According to the normalization equations (74) and (75) of the GRA–based decision
making, we can found 0 and 1 normalized values for each network attribute. Normalized
value 1 means that the network offers the best performance from the given parameter point of
view, while 0 means the opposite. By calculating the GRC (78) the ranking order can be
determined. In the example presented in Table IV, network #3 is the best choice and network
#2 is the worst one, if the weights (wj) of the attributes are considered equal.
Supposing that the worst network (#2) is not reachable any more, the normalized values
and calculated GRCs will be changed as Table II. shows.
GRA–based Network Selection Decision without Network #2

Table V
Network

#1

Delay

Jitter

Loss rate

Throughput

Cost

GRC

Ms

norm

ms

norm

ratio

Norm

Mbps

norm

$/MB

norm

0.335

10

1

8

1

0.112

0

10

0.079

1

0.937

--

--

--

--

--

--

--

--

--

--

#2
#3

0.329

100

0.4

21

0.458

0.1

0.107

90

1

0.8

1

#4

0.234

50

0.733

32

0

0.0003

1

4

0.01

4

0

#5

0.252

160

0

12

0.833

0.012

0.891

3

0

3

0.312

After the removal of network #2, the best network was changed to network #1, however,
the network parameters were not changed.

3.2.2 Alternative Normalization Methods for GRA–based Network Selection
Grey Relational Analysis (GRA) is an effective tool for network ordering purposes.
Similarly to other solutions GRA also suffers from rank reversal phenomenon. It can be easily
proved that the reason of this observable fact is the normalization method. The result of the
Grey Relational Coefficient (GRC) equation (78) will change only if the normalized network
attributes also changes, however, we assume that the network parameters are constant.
Although the network parameters, such as bandwidth, delay, loss rate, etc. is considered
constant, the normalized value of these attributes can be changed if one of the network is not
reachable any more. This can be happen if one of the disappearing networks attribute has the
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highest or lowest value. In this case the attribute order will not change of course, but the
distance between the normalized values may vary significantly as the example shows bellow.
0.0

0.15 0.25

1.0

norm

0.18
norm
0.0

Figure 48

0.6

0.72

1.0

The effect of removing the highest value on the normalized value

The figure presents that the normalized values calculated with equation (74) and (75)
significantly differ, when the highest element was removed. While the difference between the
two normalized values in the middle is only 0.18-0.15=0.03, after the removal of the highest
attribute, the difference becomes 0.72-0.6=0.12. However, the real data was not changed, the
significant variance of the normalized values can modify the rank order of the networks.
My main goal was to reduce the effect of the normalization on the rank order. I propose
three different methods to replace the actual normalization procedure described by equations
(74) and (75).
My first normalization solution keeps the normalized values unchanged by determinating
absolute min–max values of an attribute. By keeping the normalized values unchanged the
calculated GRC will be the same even if a network is not reachable any more, therefore the
rank reversal phenomenon is eliminated. The modified normalized value of a smaller–the–
better attribute can be calculated as follows:
si* ( j ) =

Emax j − si ( j )

(79)

Emax j − Emin j

Similarly, the normalized value of a larger–the–better parameter:
si* ( j ) =

si ( j ) − Emin j

(80)

Emax j − Emin j

Variable Emin j and Emax j stands for absolute minimum and maximum of the jth network
parameter. The jth parameter value therefore must be always between Emin j and Emax j. For the
absolute minimum Emin j = 0 can be an adequate option, while for the absolute maximum
(Emax j) the given network attribute behavior must be analyzed.
Emin j
0.0

Emax j

0.18
0.15 0.25

0.9

1.0

norm

norm
0.0
Emin j

Figure 49
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Preventing normalized value changes, using absolute min–max attributes
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The second modified normalization method is similar to the previous one, but it uses
absolute bound only in the unwanted direction of an attribute. In case of smaller–the–better
attribute an absolute maximum is determined, while for larger–the–better parameter an
absolute minimum is used. The reason of this solution is that usually those networks are
becoming unreachable which attributes are bad. For example, in case of larger–the–better
attribute (e.g. signal strength, throughput) that network will disappear which signal strength
and/or throughput become very low. A network with high signal strength and throughput
probably will not become unreachable, therefore need to use only absolute minimum in these
cases, in order to reduce the rank reversal probability.
According to previous assumption, the modified normalized value of a smaller–the–
better attribute can be calculated as follows:
si* ( j ) =

Emax j − si ( j )

(81)

Emax j − l j

Similarly, the normalized value of a larger–the–better parameter:
si* ( j ) =

si ( j ) − Emin j

(82)

u j − Emin j

In the equations Emin j and Emax j is the absolute minimum and maximum of the jth network
parameter that must be determined before the network selection procedure starts. Variable uj
is the maximal value of the jth parameter, and it is defined as max{s1(j), s2(j), ..., sn(j)}. The
lowest value (lj) is defined as min{s1(j), s2(j), ..., sn(j)}.
The secondly introduced normalization technique will not eliminate rank reversal,
because normalized value of a parameter can still change if the best network becomes
unreachable. We can assume that in most of the cases the best network will not disappear
unexpectedly, therefore the normalized values and the calculated GRC probably will not be
changed.
The disadvantage of absolute min–max values is that they must be defined before the
network selection starts. If the absolute maximum is significantly higher than the maximal
value of the jth parameter (uj) and the absolute minimum is significantly lower than the
minimal value of the jth parameter (lj) the distance of calculated normalized values can be very
small. If the normalized values are very close, the calculated GRCs, used for the ranking, will
be also close to each other.
Emin j
0.0

Emax j

0.18
0.15 0.25

1.0

norm

0.21
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Distance of normalized values using absolute min–max

Using this way of normalization, neither the normalized value of the best attribute will be
equal to 1, nor will the normalized value of the worst attribute be equal to 0.
In the third normalization solution my aim was to avoid the usage of absolute min–max
values. Similarly to the previous solution I proposed that those networks will become
unreachable which parameters are worse. I have constructed the normalization function in
such a way that the normalized value of the best parameter be equal to 1.
The proposed normalization function of a smaller–the–better attribute is as follows:
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si* ( j ) =

lj

(83)

si ( j )

The normalized value of a larger–the–better parameter can be calculated similarly:
si* ( j ) =

si ( j )
uj

(84)

In the equations uj stands for the maximal value of the jth parameter defined as max{s1(j),
s2(j), ..., sn(j)}, while lj is the lowest value.
This normalization technique guarantees that the best attribute will be 1, therefore the
distances between the normalized values of an attribute will be higher compared to the
secondly introduced normalization technique. The ranking order will be clearer, because the
differences of the calculated coefficients (GRC) belonging to different networks will be
bigger.
The third normalization technique will not solve the rank reversal problem, however, it
significantly reduces its occurrence probability. To calculate the normalized value of a
smaller–the–better attribute (83) I use only the lowest from the examined parameters (lj) that
is considered as the best choice from the jth parameter point of view. Therefore the removal of
any other network, but not the best one, will not cause the change of the normalized values.
The calculation of the normalized values of the larger–the–better parameters (84) is similar,
but in these cases the highest value of the jth parameter (uj) is used. The normalized values
will change only if the network which jth parameter equal to uj is removed.

3.2.3 Evaluation of Modified GRA–based Network Selection Method
In the previous section three different normalization techniques for GRA–based network
selection decision was presented. Table VI summarizes the original and the proposed
solutions.
In order to analyze the efficiency of different normalization methods from the rank
reversal phenomenon point of view, I have implemented a simulator tool. Rank reversal
depends on the network parameters, disappearing network and normalization method. To
compare the different solutions, I have analyzed the frequency of rank order changes caused
by network removals. The highest probability of rank reversal can be reached if the worst
network is removed, likewise the disappearance of the worst network is the most realistic.
Table VI Normalization Techniques for GRA–based Network Selection

smaller–the–
better

larger–the–
better

Original

norm_1

norm_2

norm_3

u j − si ( j )

Emax j − si ( j )

Emax j − si ( j )

lj

uj − lj

Emax j − Emin j

Emax j − l j

si ( j )

si ( j ) − l j

si ( j ) − Emin j

si ( j ) − Emin j

si ( j )

uj −lj

Emax j − Emin j

u j − Emin j

uj

In the developed simulator tool I used random variables as network parameters.
According to the defined steps of the GRA method, I have normalized the network parameters
(original, norm_1, norm_2, norm_3) and calculated the GRC (Grey Relational Coefficient).
As next step the worst network (network with the lowest GRC) was removed and started the
68

GRA process from the beginning. As last step I checked whether the selected network before
and after the removal is the same.
I have iterated the described simulation method 106 times in order to have statistically
correct results. The ratio of total number of iterations and the number of different decisions
was calculated, that can be considered as the probability of rank reversal. Figure 51 shows the
obtained results.

Figure 51

Measured rank reversal probability in case of 5 network attributes

The number of networks in the simulation was 3 to 10, while the number of network
parameters was 5. As the results show the original GRA performance was very bad. In the
cases when 5 or less networks were reachable and the worst network was removed, the
probability of rank reversal was about 25%. Compared to the original GRA method, my
techniques (norm_2, norm_3) reduced the rank abnormality by 65% to 99.9% as Figure 51
shows. Using normalization method with absolute min–max values (norm_1), the rank
reversal phenomenon was eliminated. With norm_2 and norm_3, the probability that the best
network will change after the worst network removal is significantly lower. The performance
of norm_2 is very similar to norm_3 technique.
As it can be observed, the number of accessible networks has impact on the rank reversal
probability. By increasing the number of available networks the analyzed ratio decreases,
because the probability that the maximal (uj) and minimal (lj) values will change is lower,
when the worst network is removed.
I have analyzed the relation between the number of parameters and the rank reversal
probability. In the simulations I changed the number of attributes from 2 to 10. The results of
the simulations are presented in Figure 52 and Figure 53.
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Figure 52

Rank reversal probability of original GRA–based network selection decision

In Figure 52 the efficiency of the original GRA method is presented. As it can be seen, in
the worst cases the rank reversal probability can reach even 40%. Using norm_2 and norm_3
technique the rank reversal ratio is decreased. Figure 53 depicts the performance of norm_2,
however, the performance of norm_3 technique is almost the same.

Figure 53

Rank reversal probability of GRA–based network selection decision with norm_2 normalization
technique

The impact of the number of network attributes is also observable. By increasing the
number of network attributes used for decision making, the rank reversal probability increases.
When there are more parameters that must be taken into account, the possibility that the
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removed network has more parameters, which are the highest or lowest attributes, will be
higher.
The results confirm that by using absolute minimal and maximal values defined before
the network selection, we can significantly decrease or even eliminate the possibility of the
rank reversal phenomenon.

3.2.4 Summary
The increase of multimedia applications over the Internet has placed new requirements on
current video streaming solutions. High bandwidth video provision in mobile environment
can be also available if the mobile terminal is equipped with more interfaces. With the
effective utilization of the various links the quality of the video stream can be significantly
increased. In this section a content–aware interface selection scheme was presented, which
provides efficient multi–path delivery of MPEG video streams. In the proposed solution a
heap up buffer was applied to increase the efficiency of the packet distributions, in order to
transfer the high priority data on the best links. With this solution the overall packet loss is not
decreased, however, the I–frame data loss can be minimized and the error propagation in the
video stream can be prevented. To evaluate my proposal, simulations were performed and the
obtained results proved the efficiency of the presented multi–path transmission scheme. Due
to comprehensive modeling of video streams, the proposed low complexity solutions provide
an interesting and effective solution for video streaming in multi–path infrastructures.
In order to determinate the rank order of the links, I have investigated a modified GRA
network ordering technique. My aim was to reduce and eliminate ranking inconsistency,
because it can potentially decrease the quality of the link by causing handovers whenever the
list of the available networks changes. I have proposed three different normalization solutions
to minimize the probability of normalized value changes, when a network becomes
inaccessible. To do this, I used absolute min–max values in two of our proposed
normalization scheme. The efficiency of the presented normalization methods for GRA–based
networks selection decision has been analyzed by simulations. The obtained results show that
in case of norm_2 and norm_3 technique we could reduce the rank reversal frequency with
65% to 99.9% when 5 parameters was used for the decision, however, the ratio is similar
when the number of network attributes differs from 5. Using norm_1 with absolute min–max
values, the unwanted phenomenon was eliminated. As a future work, I would like to analyze
the introduced normalization techniques in other MADM algorithms, such as TOPSIS or
SAW.
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Chapter 4

Mobility Agent Selection in
Hierarchical Mobile Networks
In the future’s IP–based mobile networks, the mobile users require special support to
provide connectivity, because they can change their place of attachment to the network
frequently. In next generation mobile networks the reduced radio cell sizes will increase the
number of handovers, while the more complex protocols and services will cause significant
signaling delay. The task of mobility management is to provide this support, which consists of
two parts: location– and handover management. The first one enables to originate and receive
calls for the mobile terminals; the second is responsible for administering base station changes.
These administrative messages may cause significant overload reducing the efficiency. I have
introduced an agent (GMA/MAP) router selection algorithm in Mobile IPv6 Regional
Registration (RegReg6) [6] and Hierarchical Mobile IPv6 (HMIPv6) [6] to make the
handover management in IP–based next generation mobile networks more efficient.

4.1 Background
This section gives a short introduction to IP mobility, possible solutions and potential
problems. In order to improve the efficiency of mobility management, new protocols
(RegReg6, HMIPv6) were proposed based on Mobile IPv6 (MIPv6) [5].
Mobility support must be transparent to mobile users and also has to be scaleable,
therefore new protocols were developed. Mobile IPv6 is an extension to IP to manage the
mobile node’s mobility, by managing two addresses. Mobile equipment has a Home Address
(HA), which does not change, and a Care–of–Address (CoA), which changes whenever the
mobile node moves to a new access router. Whenever the CoA changes the Home Agent and
the correspondent nodes have to be notified. For this end the mobile node must send a
Binding Update message to the HA.
Mobile IPv6 Regional Registration [7] is an extension to Mobile IPv6, however, it
defines a hierarchical topology of domain routers. Utilizing the topology advantages,
RegReg6 reduces the Binding Update signaling latency and the signaling load for a mobile
node moving within the same visited domain. The mobile node has a Regional CoA that is
seen from outside the visited domain as the mobile node's primary address. The Regional
CoA is controlled by a local agent, Gateway Mobility Agent (GMA), deployed in one or more
of the visited domain routers. This router is the gateway through which traffic for the mobile
node enters the local domain. The GMA is selected by the mobile node from a list of Regional
CoAs attached to the Router Advertisement message. The Regional CoA change frequency
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and both the signaling and traffic load depend on the hop distance of selected GMA and the
mobile terminal. When a mobile node is performing a regional registration, the Crossover
Router is the router where the data path between the gateway and the old access point crosses
the path between the gateway and the new access router. Using Crossover Router, the binding
update signaling is reduced in the hierarchical local domain and not only outside the region.
Hierarchical Mobile IPv6 [6] is also an extension of Mobile IPv6, aimed to reduce the
number of signaling messages and reduce the signaling delay by performing registrations
locally in a regional network. A new node in a HMIPv6 domain is called Mobility Anchor
Point (MAP) as a local entity to aid in mobile handoffs. The MAP can be located anywhere
within a hierarchy of routers. The mobile node has two kinds of CoAs: the Regional Care–of–
Address (RCoA) and the On–link Care–of–Address (LCoA). Mobile terminal obtains the
RCoA from the MAP of the visited network, which remains unchanged as long as the mobile
terminal is roaming within the given domain. The LCoA identifies the current position of the
terminal. If the LCoA changes within the domain, the MN must inform only the GMA/MAP
by sending a Binding Update with M=1 flag in its header in case of HMIPv6 or Regional
Binding Update using RegReg6 protocol. The Home Agent and Correspondent Nodes are not
aware of this change; the visible CoA (RCoA) remains the same for them while the mobile
node keeps changing its point of attachment inside the visited domain. The MAP captures the
messages sent to the mobile terminal’s RCoA, and forwards them to the mobile node’s LCoA
using local routing mechanism. As a result of this, the amount of signaling messages leaving
the domain is reduced significantly, and so is the resulting delay.
The main difference between the two hierarchical solutions is that in RegReg6 the
Binding Update travels only to the Crossover Router, while in HMIPv6 up to the MAP router.

4.2 Mobility Agent (MAP/GMA) selection algorithm (MASA)
There are several potential mobility agent routers inside a RegReg6/HMIPv6 capable
hierarchical domain. I introduce a new Mobility Agent Selection Algorithm (MASA) to select
the most appropriate GMA/MAP for a mobile terminal with different movement behavior.
Thesis 3.1 corresponds to the MASA algorithm and to the mobility agent change reduction,
while Thesis 3.2 deals with the administration load behaviors.

4.2.1 Problem statement
The MN chooses the GMA/MAP from the list attached to the Router Advertisement
message. According to the standard, the highest router in the hierarchy originates the Router
Advertisement message and it moves downwards in the hierarchy. When this administrative
message arrives at a GMA/MAP router, it attaches its own RCoA. So the list contains the
available agent router addresses (RCoA) in the order of the agent’s hierarchical level. While
the mobile node is moving in the domain area, it can choose another GMA/MAP router if the
other one can serve the MN more efficiently.
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Mobility agents in the hierarchical domain

The packets enter into the local domain area at the mobility agent. Hence, if the mobility
agent is on a lower hierarchy level, the hop number of the incoming packet from the
GMA/MAP to the MN will be low, but on the other hand the frequency of GMA/MAP
changes will be high, if the mobile terminal is moving fast. We can also consider the opposite
situation, when the GMA/MAP is selected from higher hierarchy level. In this case the route
length from the selected gateway router (GMA/MAP) is high, but the probability that the
GMA/MAP can not serve the MN is lower. Every GMA/MAP change must be reported to the
Home Agent using Binding Update messages, causing gap in the communication and
increasing administration load.
My aim is to keep both the GMA/MAP agent changes and the hop number between
GMA/MAP router and the mobile terminal as low as possible. To do this, I have proposed to
take the MN movement behavior into account. If the MN’s handover frequency is known, the
GMA/MAP changes can be estimated. By selecting the GMA/MAP according to the proposed
method, the need of its changes can be minimized.
The proposed hierarchical protocols (HMIPv6, RegReg6) are still drafts, although other
GMA/MAP selection techniques were already introduced in [78] and [79]. These proposals
focus only on HMIPv6 and make the MAP selection based on the load of the mobility agents,
therefore not the avoidance of agent changes is the main goal.

4.2.2 MASA Algorithm
To keep the number of GMA/MAP changes, as well the route length between the
GMA/MAP router and the MN low, the following mobility agent selection algorithm
(MASA) is proposed:
1. determinate the theoretical maximum of handover frequency (η < ηmax)
2. calculate the (weighted) average of actual handover frequency (η)
3. determinate the hierarchical level for the GMA/MAP (l) in a n–depth hierarchical
domain (level 1 is the root):
⎢ η
l = n−⎢
⎣ηmax

⎥
n⎥
⎦

(85)

4. select the GMA/MAP agent from the Router Advertisement list
The handover frequency depends on the MN movement speed and the average cell
diameter (D) of the access technology. Hence, the theoretical maximum of the handover
frequency can be estimated based on the highest speed of the MN and the smallest diameter of
the cells. The ηmax can be calculated as
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ηmax = vmax / Dmin .

(86)

The average handover frequency of a MN must be measured for the GMA/MAP selection
algorithm. The movement behavior of a terminal can change continuously, therefore weighted
average should be used, where the latest measurement period should be handled with higher
weight.
In order to select the best fitting GMA/MAP for a MN, the hierarchy levels of the
available agents must be also known. The list attached to the Router Advertisement message
contains the available agent router addresses (RCoA), which is can be used to determinate the
hierarchy level of each agent router. The list of GMA/MAP addresses is ordered based on the
agent’s hierarchical level, due to its generation technique described in [6] and [7].
The standard describes that the highest router in the hierarchy originates the Router
Advertisement message and it moves downwards in the hierarchy. When this administrative
message arrives at a GMA/MAP router, it attaches its own RCoA. Of course not all the
routers need to be assigned as a mobility agent. Hence, routers that are not GMA/MAP
capable should also add a special address to the Router Advertisement list, which can not be
selected as agent routers. This modification of the protocols makes possible to efficiently
determinate the hierarchy level of the GMA/MAP routers.
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RegRegv6 Router Advertisement meassage, Regional CoA Extension in a n–depth hierarchical
domain

The RegReg6 and HMIPv6 protocols would become useless if there is no GMA/MAP
located on a branch (from root to MN) of the hierarchical tree. In order to avoid this situation,
a mobility agent must always be deployed in the highest router in the hierarchy.
The hierarchical level (l) for the agent router can be calculated as the truncated value of η
and ηmax ratio, as presented in (85). With this solution we can achieve that a slow MN will
select an agent router from the bottom of the hierarchical router tree, while a fast mobile
terminal will choose a GMA/MAP from the available agents near to the root of the tree. If
there is no GMA/MAP on the determined level (l), the MN must choose the next one, which
is closer to the domain root, as it is presented in Figure 56.
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Mobility agent (GMA/MAP) selection from the Router Advertisement list
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If the GMA/MAP is selected from a higher level of the hierarchy, the need for re–
registrations will be less frequent, because the selected agent can serve more Access Points
(AP). The agent located in the root router is able the serve all the APs in the domain.
According to the proposed scheme, the root router will be selected, if the MN handover
frequency is near to its maximum.

4.3 Performance evaluation
The MASA agent selection algorithm has been examined both analytically and by
simulations. Since analytical examination was too complex for large networks, I have
developed a simulator tool in C/C++.

4.3.1 Numerical results in n=3 binary tree domain
The numerical examination was made for a special case, when the depth of the
hierarchical domain was 3 and all the routers were considered as GMA/MAP capable router.
In this case there are 4 mobility agents in the lowest level, therefore the handover frequency
can be also partitioned into four equal intervals (ηa< ηb< ηc< ηd), supposing that the fastest
MN (ηd) will re–register its GMA/MAP four times during t time period, if always the lowest
agent is selected. If the GMA/MAP is selected randomly, the possibilities that the MN
changes its mobility agent once, twice, etc. can be calculated.
For example, let us suppose that the handover frequency is ηc and the number of
GMA/MAP changes is 2. In this case, the number of agent changes can be 2 in two different
ways when the MN is moving from Access Point H to M.
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When the MN is connected through the AP signed with H, the received Router
Advertisement will contain the RCoAs of routers A, B and D. To have two GMA/MAP
changes, the first option is to select the router D first and A second, the second option is to
select B first and A or C or F second. The possibility of this example is:
1 1 1 4
p= ⋅ + = .
3 3 3 9

(87)

The possibilities of GMA/MAP changes related to other handover frequency intervals can
be calculated similarly. The probabilities that the MN changes its GMA/MAP router once,
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twice, etc. are given in Table VII. The expected number of GMA/MAP changes M(ζ) is also
presented.
Using the proposed MASA algorithm the MN will select the GMA/MAP only once in
this special case, while the distance of the MN and GMA/MAP was also kept on minimum. If
the GMA/MAP is chosen randomly the MN will select new mobility agent 1.57 times in
average. If the random case is considered as 100% (1.57), the number of changes using the
MASA algorithm is 63% (1), so if the algorithm is used the number of agent changes can be
reduced by 37%.
Table VII Probabilities and expected values of GMA/MAP changes in case of random
selection
Number of GMA/MAP
changes (ζ)

1
2
3
4
Σ
M(ζ)

ηa

ηb

ηc

ηd

1
1
1

2/3
1/3
1
1.33

1/3
4/9
2/9
1
1.88

1/3
1/3
7/27
2/27
1
2.07

4.3.2 Simulation results
In the developed simulator tool the mobile terminals were modeled with one–dimensional
random walk mobility model with different handover frequency values. The hierarchical
structure of the domain was also adjustable in the developed simulator tool. The simulator
was able to measure the number of GMA/MAP changes of each MN, the administration
traffic load (Binding Updates) and the number of overload events of a GMA/MAP. I have
implemented four different network selection methods. The mobile terminal could choose the
GMA/MAP from the lowest hierarchical level, from the highest level, randomly and
according to the proposed algorithm.
If the highest (root) router is selected as GMA/MAP, all the MNs are registered at this
agent. In case of large networks with huge number of mobile users, the centralized entity can
be overloaded. However, there are no GMA/MAP changes when the highest GMA/MAP is
selected, this solution is not scalable. If the GMA/MAP is selected from the lowest level,
every handover will cause GMA/MAP changes increasing the latency and the administrative
load outside the domain (the new GMA/MAP must register at the MN’s Home Agent).
According to the introduced MASA agent selection algorithm, the handover frequency is the
key parameter to determine the hierarchical level of the GMA/MAP router, therefore the
number of GMA/MAP changes was measured in function of MN handover frequency. The
handover frequency determined the maximal number of handoffs during the fixed simulation
time. In the simulations the fastest MN was able to change its access point 190 times. The
obtained results measuring the number of mobility agent changes and the administrative
traffic load between the GMA/MAP and the MN in a 9–depth hierarchical domain are
presented in Figure 58 and Figure 59.
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When handover occurs and the LCoA of a MN changes within the domain, the MN must
inform the GMA/MAP by sending a Binding Update with M=1 flag in its header in case of
HMIPv6 or Regional Binding Update using RegReg6 protocol. The summary of the measured
values of traffic load due to LCoA update messages and the number of mobility agent changes
are presented in Table VIII.
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n=9

n=6

Table VIII

Administrative load and mobility agent changes

Scheme

HMIPv6
(Binding Update
with M flag)

RegReg
(Regional Binding
Update)

GMA/MAP changes

Highest (root)

97996 (170%)

31050 (134%)

0

Lowest

16264 (28%)

8432 (36%)

3991 (150%)

Random

57664 (100%)

23184 (100%)

2663 (100%)

MASA algorithm

51026 (88%)

21818 (94%)

1228 (46%)

Highest (root)

46292 (157%)

10040 (117%)

0

Lowest

5056 (17%)

2564 (30%)

1246 (484%)

Random
MASA algorithm

29414 (100%)
22436 (76%)

8532 (100%)
8290 (97%)

257 (100%)
180 (70%)

The results show that in both analyzed scenarios significant improvement was achieved
using the proposed MASA algorithm. In the measurements the administrative Binding
Update load was measured on the domain’s links, but these result correlates to the user traffic
load as well. The regional Binding Updates similarly to the users messages must travel from
MN to the GMA/MAP router before the user packets leaves the domain. According to the
simulation results presented in Table VIII the mobility agent changes were reduced by 54% in
a 9–depth hierarchical domain and by 30% in 6–depth one, while the HMIPv6 administrative
load was reduced by 12% in a 9–depth hierarchical domain and by 24% in 6–depth domain.
The administrative load in Regional Registration is about the half compared with Hierarchical
Mobile IPv6 protocol. The Crossover Router causes this significant difference. The message
forwarding mechanism is different in RegReg6 and HMIPv6. In case of HMIPv6, the routers
in the domain only forward the packets and do not change any parameter in the packet header,
while in RegReg6 the routers encapsulate the packets and overwrite the destination address
according to its database. Hence, the destination address is not the real address of the MN. It
is the address of the next router toward the mobile terminal.

4.4 Summary
The seamless mobility management in IP is an important task not only from delay
sensitive multimedia applications point of view. It has come obvious that Mobile IP (MIP) in
itself is not capable of supporting real–time handovers. The long lasting address registration
processes resulting in an intolerable interruption to user’s data flow during handoff. Among
the solutions to handle mobility in the IP layer more effectively, the micro–mobility standards
are well tested and several testbeds also exist. The demand for global QoS support has
brought the more enhanced hierarchical solutions (like HMIPv6 and RegReg6) into being.
However, these proposals are not dealing with optimal network structure and the selection of
GMA/MAP routers. I gave an algorithm on the second problem, and analyzed the efficiency
of the proposed solution in simple networks. A mobility agent selection algorithm (MASA)
was proposed, and its advantages were studied in simulation environment. By reducing the
number of GMA/MAP changes and reducing the hop number between the MN and
GMA/MAP, the latency experienced by the users will be also lower. The reduced delay will
make it possible to provide better quality of communication not only for multimedia
applications.
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Conclusions
I have presented different approaches for reducing the end–to–end delay and loss ratio in
IP–based networks. Some of the proposed solutions were investigated directly for video
streaming applications, while others were studied from handover management point of view.
Efficient handover management can decrease the number of necessary handover processes,
resulting lower administration overload and latency, therefore improving the quality of delay–
sensitive multimedia applications.
Multimedia applications can tolerate small amounts of data loss but with carefully
thought out retransmissions, the loss ratio can be minimized improving the quality of the
video stream. I have investigated new source controlled selective retransmission algorithms
utilizing the advantages of the DCCP protocol. DCCP protocol is already included in the
Linux kernels, therefore I have not only simulate the proposed algorithms, but also deployed a
testbed to examine the DCCP–based source controlled retransmission mechanisms. Using the
proposed source controlled mechanisms all the needed input parameters of the decision
algorithm are available at the transmitter side without any additional administrative messages.
In Chapter 2 content–aware, network characteristic–based and the integration of these
retransmission decision solutions were presented. In the content–aware decision algorithms I
have utilized that MPEG coding exploits temporal correlation between frames to achieve
higher compression therefore errors in a reference frame will propagate to the dependent
difference frames. By defending key frames of the video sequence I could achieve better
video quality. Besides content–aware methods, congestion–based techniques were also
introduced. I have proposed a new selective retransmission scheme for multimedia
transmission over noisy wireless channel using TFRC and ARC–based decision mechanisms
to avoid the retransmissions when the network is overloaded therefore the retransmitted
packets will probably be lost again. When the network utilization is very high and the extra
load due to retransmissions can not be delivered, I have proposed an integrated solution of
content–aware and congestion–based techniques.
In the last section of Chapter 2, I have analyzed the relation of the two retransmission
decision methods and introduced an estimation model to find the matching RTT threshold to
the sending rate threshold. The obtained results show that the model can be really effective
when the network load is low.
The algorithms for deciding whether or not to retransmit a lost packet, adapts itself not
only to each application, but also to alternate network conditions. Thus, the flexibility and
performance of the source controlled selective retransmission scheme provides a potential
framework for Internet multimedia applications to achieve better quality.
In Chapter 3 multi–path video streaming and the technique of interface ordering were
investigated. I have shown that the temporal correlation between MPEG video frames can be
also utilized, when the video is delivered over multiple links with different characteristics. In
the proposed method a heap up buffer was deployed to increase the efficiency of packet
(frame) distribution to the terminal’s network interfaces. In this solution only the loss ratio
(including late reception) was used to determinate the order of network interfaces, because it
is the most important network parameter from the video quality point of view.
In order to determinate the rank order of the links, I have investigated a modified GRA
network ordering technique if more then one network parameter is used for the ordering. My
aim was to reduce and eliminate ranking inconsistency, also known as rank reversal
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phenomenon. I have proposed three different alternative normalization techniques that can
minimize the probability of normalized value changes, causing significant reduction of rank
reversal occurrence frequency. By eliminating the unnecessary handover processes caused by
the GRA ordering abnormality, the administration load and network latency is also reduced.
In the methods introduced in Chapter 2 and Chapter 3 the modifications were applied at
the end user, while in algorithms presented in Chapter 4 the network element attributes were
modified in order to increase the quality of the connection. The seamless mobility
management in IP is an important task. It became obvious that Mobile IP (MIP) in itself is not
capable of supporting real–time handovers, because lasting address registration processes
cause intolerable interruption to user’s data flow during handoff. Enhanced hierarchical
solutions (e.g. HMIPv6 and RegReg6) appeared due to the demand for global QoS support. In
Chapter 4 a novel mobility agent selection algorithm for HMIPv6 and RegReg6 was
introduced. By reducing the number of agent changes with the proposed technique, the
number of address re–bindings was also decreased, gaining better QoS parameters for user
applications.
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