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Chapter 1

Introduction

The increasing use of the Internet as a massive information and entertainment
medium has produced the proliferation and the emergence of new multimedia
applications. At the same time, services for broadcasting and packet switched
networks are evolving to the next generation of communications. Some examples
of these services are already provided by several companies in the world like tele-
phony conferencing, video-telephony, distance learning, video conferencing, etc.
However, due to the hard bandwidth requirements, as well in the server/network
side as in the client side, the proliferation of these services has evolved very
slowly.

The major concern for a service provider is: how to provide such kind of
service with a good quality to a numerous group of users keeping the server and
network resources in feasible limits?

The straight-forward solution to provide such a service is to open a dedicated
connection to each client every time a request is issued to the server. The server
has finite /0 bandwidth resources, and as more clients demand its service, the
server I/O bandwidth will become the bottleneck of the service.

Current on-demand services in the Internet are audio services that work in
their most part in the same fashion as the one described in the last paragraph.

A video-on-demand service consist in providing a given video chosen from
a given list of videos to a potential numerous group of clients. If the service is
provided in a one-to-one fashion, as we have just described, the scalability of the
system will be very soon exhausted since the server 1/0 bandwidth is proportional
to the number of connected clients.

A video-on-demand system generally consists in three major parts:

1. The video server. Which provides access to the list of available videos and



serves the data.

2. The transmission network. Is the communication medium by which clients
have access to the service.

3. The clients. These are entities for which the service is provided. A set-
top-box (STB) provides controls to access the service, select and request a
movie from the list, play the movie, and it will possibly offer interactive
functions as Pause, Fast-Backward, Fast-Forward, Slow-Forward, Slow-
Backward, etc.

Typically, the STB will be a dedicated user equipment, but for VOD a well
suited device that could serve as STB is a personal computer.
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Figure 1.1: first client arrives in a true-VOD system

As we can see in figure 1.1, when a client wants to “see” a movie, it sends a
message to the server to indicate the desired request. Afterwards, there can be a
dialog protocol between the client and the server to negotiate the parameters of
the session, such as minimum transmission rate supported by the film, maximum
transmission rate supported by the client/access network, name of film, etc.

After this conversation, the server proceeds to send the movie’s datdeani-a
cated channel This transmission will go on for at leastseconds, the duration of
the movie, and the transmission rakg, will be equal to the movie’s consumption
rate,b.



This kind of interaction is why we call this systeom-demand The client
“demands” to the server the service. The fact that the client has a “dedicated
stream of data” is important in order to add interactive functionality in the future,
like Fast-Forward, Rewind, or Error recovering.

While the client receives the data, it displays the movie with a little buffering
for avoiding starvation of data due to the variable delay of data packets.

This is the most likely situation for the arrival of the first client, but we can
also have a transmission rat®,, greater than consumption rate, In that case,
the client must have a considerable buffer for not missing data. We can also do
any kind of flow control.

When a client arrives in a situation like the one depicted in figure 1.2, the
server has many considerations to do. It must see if it's possible to serve another
client by computing the aggregate bandwidth resulting from this operation. If it's
possible, it will operanother stream of data dedicated to this client If it isn’t
possible, it will refuse the connection.

Clientl
==

Cl_ien_t_N+1
BW, > BW, + ... + BW,, =5

If BW, = BW, + ... + BW,,, client N+1 1s accepted

Figure 1.2: N+1-th client arrives in a true-VOD system

It's important to underline that for VOD, the required bandwidth resources
both in the server and in the communication network are proportional to the num-
ber of concurrent viewers. This leads to amscalable systendue to the finite
available server bandwidth.

That is the most important drawback of this kind of video server systems . The
simplicity is one of its best characteristics.



Scalability is one of the most important properties a distribution system can
have. It’s trying to achieve this characteristic why we’ll introduce the next kind of
video server system: Near Video-On-Demand.

1.1 Near Video On Demand

There are important situations in which many viewers wish to view the same con-
tent during the same period of time, but not simultaneously. One example is a
newly released hot movie that is moreover advertised heavily.

Although VOD could in principle be used to address such situations, it should
be noted that the total (over all movies) number of concurrent viewers may be
much higher than usual. It would therefore be very costly if not impossible to de-
sign the infrastructure (server and communication network) for such peaks. The
challenge is to exploit the knowledge that there are many concurrent viewers of
the hot movie in order to provide the service more efficiently. The solutions en-
tail providing to an unlimited number of viewers of the same movie similar
service flexibility to that of VOD at a reasonable cost to the server and com-
munication network. That is, NVOD is an approach to VOD with a little cost
for a high number of clients. Ideally, this cost is independent of the number of
viewers. The service is named “Near Video On Demand”.

One example of how “near” is a NVOD system, is the next constraint typical
for these kind of systems. Users will suffer a delay from the instant they demand
the movie and the moment they start to visualize it. With true-VOD, this delay is
negligible.

Basically, there are two approaches to NVOD. We next describe them briefly.

1.2 Open-loop and closed-loop schemes

NVOD schemes may be classified in two categories: open-loop schemes and
closed-loop schemes. Witbpen-loop schemeshere is no feedback from the
viewing client to the server, so neither server transmissions nor routing on the
network are affected by viewer actions.

The basis of these schemes is fhexiodic broadcasting of data. When a
client arrives to the system, it joins the transmission of the server and waits an
interval of time to be able to start the film display (see figure 1.3). The time it
must wait before the starting of playback measures how this system approaches
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a true-VOD system. This introduces a new term in our discussion; this time is
calledplayback delayor startup latency, and we’ll denote it byi.

Figure 1.3 gives a very basic fashion of scheduling the movie data from the
server to the clients: it broadcasts periodically the entire movie. That leads us to
the worst case in which a new client must waiseconds, the film duration!

G—L—b

movie

Chent 3 armves
| T T s

Client 2 amves t

Client 1 ammves

Figure 1.3: Basic transmission scheduling for open-loop NVOD system

To avoid it, various algorithms have been proposed based on the segmentation
of the movie to reducéd. They can be divided into two categories, those who
split the movie into segments of equal size and those who do it with variable
segment size. Examples of the formers are the “Greedy-disk broadcast” (see [7])
and “Skyscraper” (see [4]); both of them are based on the pyramid broadcasting
scheme.

For variable segment size , we find examples as “Harmonic broadcasting”
(see [6]) and “Pagoda broadcasting” (see [11]). These examples are completed
with a general algorithm, that is a central subject in this work, proposed by Birk
(see [1)).

For all these algorithms, we can see the reference [12] for the mathematic jus-
tification, and [10] for a summary. In all of them, the startup latency is drastically
reduced to a reasonable time delay andsbever/network bandwidth is inde-
pendent of the number of clients That is the central issue of NVOD algorithms.

But this kind of service has its drawbacks. All of them are placed on the client
side.
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For example, in true-VOD schemes, the receiving rate needed at the client side
is equal to the transmission rate used by the server, and, most of times, equal to
the movie consumption rate. But now we will have to record data from various
segments simultaneously, that is, teeeption rate, R,, is increased

Another drawback, is that clients must havéuffer to store the segments
that we won’t immediately display. This buffer reaches typically at least the
30% of the film size (see [12]), that is, it's not at all a buffering that can be placed
in memory. We must have a device, usually a hard-disk, for storing data. The
maximum buffering needed is denoted y,...

In those systems, the term “on-demand” is not purely correct because the ser-
vice is provided permanently and not by client requests, but is used to describe the
“approximation to a VOD system”.

Open-loop schemes lend themselves most naturally to broadcast networks,
and are best suited to such networks that have only one-way communication. This
is the common case in satellite-based information dissemination networks, cable
networks. Multicast IP is also a good candidate.

Closed-loop schemg®rmit some feedback that allows the server to adapt the
transmission to the client requests. For NVOD, the basic closed-loop scheme is
based in a batching approach. It's basedslmtted multicast or broadcast that
is, the server creates “groups” of requests to the same movie (batches) that lie
within slots of time and serves@edicated data stream for each group The
slots duration give the maximum startup delay.

For this kind of service, we haven't the drawbacks we had in open-loop sys-
tems, but we still have the scalability restrictions of a true-VOD system. More-
over, the savings in bandwidth depends on the distribution in time of client ar-
rivals.

That is derived from the fact that batching systems are pure on-demand sys-
tems, that is, there is a request by the client to the server; and the server decides if
it can serve the request of service.

We prefer, in this work, to consider open-loop schemes because they give
independency to the server about the number of clients that join the transmission.

In contrast, the drawback of these schemes is the lack of communication to-
wards the server in the case of, for instance, losses.

Table 1.1 shows a comparison between NVOD and VOD characteristics.
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| true-VOD \ NVOD |

Simplicity
Easy implementation for FF,ReWwBW is not proportional to client number
Possibility of flow control = SCALABILITY
Possibility of error control

Table 1.1: Positive aspects for NVOD and true-VOD

1.3 Common terms and concepts

The broadcasting protocols concerned by this work have many common concepts.
For example, many of the protocols divide videos isemments Segments are
consecutive chunks of video. By concatenating the segments together (or by play-
ing them in order), clients will have (see) the entire video.

Theconsumption rate, b, is the rate at which the client processes data in order
to provide video output. For MPEG-1, this rate is typically 1.5 Mbps (see [3]).
We will represent the consumption ratetesnd use it as the unit of measure for
NVOD server bandwidth. When all video segments are of the same size, we define
the time it takes the client to consume a segmentsista

Each distinct stream of data is considered to be a logibahnel on the
NVOD server. These channels don’t need to be of bandwid#nd each video
may have its segments distributed over several physical channels.

When the channel bandwidth is greater tham when the client must listen to
multiple channels, the client must have some form of local storage. Since MPEG-
1 requires at least 100 MBytes per minute, the client storage is likely to reside
on disk. The storage capacity on the client and the number of channels the client
must listen to are the two client requirements that differ between the broadcasting
protocols. Therefore these two concepts are essential in the study of algorithms,
and, in the conception of our system. 8w peak client recording rate, .., and
its peak storage requirement S,,,..., are two important parameters.

The fewer requirements placed on the client, the less it will cost to be pro-
duced, and the more attractive it will be to users.

We define thelayback delayor startup latency, d, for a client to be the time
interval between the moment when it arrives, and the moment it starts the playback
of the video. The client can start to receive the video as soon as it arrives, but
may have to wait for some time to build up a sufficient playback buffer to ensure
lossless and starvation-free playback.

We next explain a bit this need of waiting a time before starting the movie
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display. A client can arrive at any time to the system. That is, it can start to
record data at anytime, not only when the server starts the transmission of the first
segment. Then, it's possible, and very probable, that the client starts to record
any part of first segment different of the segment start. At least, it can’t start to
display the movie before the moment it has received data corresponding to the
first part of the first segment. Moreover, for avoiding starvation of data, we state
a system constraint: the user must wait the arrival of the first segooamplete
before starting the display of data. That is, it won't start the display of the video
immediately after the reception of the first data packet from the first segment. So
we have to wait, at least, the time the first segment is transmitted for start the
reproduction of data. See figure 1.4.

Segment start

First segment ] ]
| >

Client | arrives

Figure 1.4: A client arrives and starts to store the segment data

We consider the time when a client arriveszéso time. Using this convention
we can state that a client starts to play the video at timeclient can receive por-
tions of the segment in any order. In order to guarantee starvation-free playback,
segment has to be completely received by its deadline time, thateigd(:). Let
dead(7) to be the time in which the segmehninust be displayed. It will be also
the time spent in watching the precedents movie segments (the viewing time of
precedent segments plus the initial waiting tithe

N
dead(i) =d+> b L;

Jj=1

Every client, then, selects the portions of the transmitted material that are rel-
evant to it at any given time. A client records the selected material and plays it
to the viewer at the right time. An NVOD solution thus comprises a transmission
scheme, executed by the server, and a corresponding selection algorithm that is
executed by each client.
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Concerned by the selection algorithm is the next important concept. Known
the transmission rate of each segment, and its size, known the deadline time of
each of them, the client has to compute the time when it must start to record data.
This is a factor dependent of each algorithm, but, in general, we can say that:

start(i) = dead(i) — recordTime(i)

When we definetart(i) as the time when the client must start the data record-
ing, andrecordTime(i) the time a client spends on recording thi segment.
Table 1.2 shows the most important parameters in a NVOD system.

1.4 Objectives and system requirements

The requirements concerned by this work are the next.

The system must be a Java application dealing with the task of receiving the
different segments of data, coming on different multicast channels sent by the
server in accordance with an open-loop NVOD algorithm. The application must
display the segments (of a movie) in the right order and at the right moment. It
must be able to support functions like “Pause” and “Resume”, and possibly, in the
future, interactive functions like “Fast-Forward” or “Rewind”.

1 | P Channel 1
T
2 | :

| J j ’ Channel 2
3

[» [ 'L"'i: Channel 3

Figure 1.5: Segment multiplexing in multicast channels

La

9 -
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As we have just said, we want the system to act in accordance with an open-
loop NVOD algorithm. This is due to the desired application extensibility. But our
work must be concerned above all by the Birk algorithm who, as we have already
emphasized, is a good generalization of many of the NVOD open-loop systems.

The system must be implemented thinking in a future extension in order to
recover lost data.

A configuration channelill be the medium by which the client will know the
available titles, the algorithm used, and the relevant transmission parameters (
number of segments, transmission rategtc.)

The system requires the possible display at any time of the current system
statistics. These include the history (up to the moment these statistics are re-
quired) of buffer occupation, recording rate and the number of lost, duplicated
and disordered received packets.

Moreover, it must support future extensibility to store the information of re-
ception times, etc.

It's very important for the future of system to do the applicagasily exten-
sible, scalable and portable The use ofObject-Oriented modelling and the
selected programming language will help us.

Central to any effective periodic delivery scheme is the ability of the client to
simultaneously listen to multiple transmission channels and to store frames ahead
of their playback times. Periodic broadcast operates well within the buffer space
and 1/0 bandwidth.

The reception of different video frames by the client can be achieved in several
ways. In our approach, the server transmits video frames on various multicast
channels, with clients joining and leaving the groups to receive the appropriate

| Name | Parameter |
d Start-up delay (sec)
Ry Server-Network transmission bandwidth (bps)
R, Maximum instantaneous client reception bandwidth (bps)
N Movie segment number
L Length of the video (sec)
b Film consumption rate (bps)
Smaz Maximum instantaneous buffer occupation size (bytes)
start (i) Record starting time for i-th segment
dead(1) Deadline time for i-th segment

Table 1.2: The most important parameters in a NVOD system
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frames.

We'll consider a film of duration sec. transmitted by a video-server on
K multicast channels. The film is split iV segments and(k) segments are
transmitted on each channel. Of course, the sum of segments multiplexed in all
the channels is the total number of segments (1.1).

N =Y n(k) (1.2)
keK
The distribution ofn(k) is in such a way that on each multicast channel we have
the same (or similarR;(k), and ,therefore, it depends on the specific algorithm
used.
The servercontinuousiytransmits the segmentat rater;. Therefore, when

we sayn(k) segments on each channel, we are talking about simple multiplexing
(1.2).

N
Ro=Yrn (1.2)
=1

The server chooses these segment rates and the segment sizes according to a server
transmission schedule which is dependent of the algorithm used.

The client receives the video according to a client reception schedule which
specifies the time interval over which it must retrieve each segment.

It's time now to talk about the basic advantages of using NVOD in front of the
use of true-VOD. The basic improvement is the possibility of having infinite num-
ber of clients with bounded (and constant) bandwidth requirements. The trade-off
is the excessive need of that bandwidth in presence of little number of clients. It’s,
thus, thought for hot movies with the certainty of a large number of clients.

The scalability in the number of clients is due to the isolation of server and the
clients. Such is achieved due to open-loop scheme.

The client complexity is another drawback of NVOD, but the hardware re-
qguirements for these (disk space, I/O bandwidth) are usual for new PC’s.

17



Chapter 2

System design

We have mentioned the main goals of the system design we have to accomplish.
We'll use the Object Oriented modelling for our system. It's important to remem-
ber the definition that Booch makes about it (see [2]):

Object-oriented design is a method of design encompassing the pro-
cess of object-oriented decomposition and a notation for depicting
both logical and physical as well as static and dynamic models of the
system under design.

We will try to state other important term we have pointed out in our introduc-
tion, modularity (see [2]):

Modularity is the property of a system that has been decomposed into
a set of cohesive and loosely coupled modules.

Obviously, we’ll have other important properties of Object Oriented systems
assured by choosing correctly the programming language.

But, the most important task of the designer, or one of the most important, pre-
cede the implementation phase and is independent of the programming language
chosen, for us the Java programming language.

We refer to the terms stated above, the correct design, that is the correct mod-
elling of the different systems behaviors.

First of all, we next present the scenario our application will find. We’ll try
to search and describe the different main tasks it has to do. And, after that, we’ll
describe the proposed module scheme for this work, describing the task assigned
to each of them, and the way they relate with each other.

18



2.1 Transmission scenario

Figure 2.1 shows the scenario we can find in our application, at high level.

Server

| Multicast c_}innelrs S

e nhaL & £ fﬁhv’ﬁ\\“-\l D@Clien‘[
S : Eheh’f(}rk “_ q

Configuration channel .
(multicast) ~—

Figure 2.1: Typical transmission scenario

That is formed by three elements that will interact in order to achieve the
transmission and display of the movie in the user side. These elements are the
server, the network and the client.

The server will split the film data into several segments that will be sent
through multicast channels in a datagram-based transmission fashion to the pos-
sible end users. Multicast transmission makes possible the independency of the
number of clients for bandwidth requirements. Moreover, on these multicast chan-
nels we have probably several segments multiplexed. For multicast reference, and
more information about multicast related protocols (see [5]).

For channel number saving we will do multiplexing in a fashion that let us to
have approximately the same transmission bandwidth on each channel used. For
instance, in our Birk case, in which we have an harmonic fashion of assigning
the transmission rate at each segment, we will send these segments multiplexed
in order to make a good use of the number of channels. That is, we transmit the
first segment in one channel, the second and third in another channel, etc. See
figure 1.5.

e channel 1 bandwidth®,, ; = b
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e channel 2 bandwidthR;, » + Ri.3 =5 + % ~ b
e channel 3 bandwidth,, 4 + ... + R0 = b

So, we can avoid channel number explosion when transmitted film is long or
the desired start up delay is low. For more information about Birk algorithm see
appendix A or [1].

This film data is continuously sent by the server independently of user actions
or network needs. So, the server has a very little complexity from a concep-
tual point of view. To avoid the need of an information exchange between the
client and the server to know the server transmission characteristics, the film in-
formation, like size, codification type, Near-VOD algorithm used, etc., and the
addresses of data multicast channels, the server side will also provide another
multicast information channel. This channel is narBahfiguration channeand
it will transmit the only information the client needs to be able to join the system.
While the server does continuously this work, different clients will join and leave
the system. When a client wants to join the system, it will listen from the config-
uration channel to receive the list of available films provided for the server. When
the user choose one of them, the information about this film is also extracted from
the communication channel. Once the film information is extracted and received
from the configuration channel, the client side is ready for starting its work.

First of all, it computes all the parameters it needs for developing the recep-
tion schedule corresponding with the transmission schedule the server uses. This
is composed mainly by the group of times it must start to record the different seg-
ments in which the movie is split, and the times it must start the display of each of
them. When it has computed these times, and therefore, it knows what segments
it must listen at which times, the client can start the recording from the multicast
channels, whose addresses it have through the configuration channel information,
and afterwards the display of the movie.

By the multicast UDP transmission, several clients can join the system with-
out interference among them. They just have to receive data from the different
channels the server offers in order to have the segment completely received at its
deadline. The client knows how to receive data by the NVOD algorithm imple-
mentation we try to do in this work.

2.2 Module architecture

We have proposed a typical scenario the system has to manage. It's time now
to translate the language we have just used in tasks the system has to handle for
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successfully achieve our objective. We next present also the module architecture
the system will have because it answers to the need of managing these tasks.

Figure 2.2 shows the general architecture of our system, and we can see we
will have four main modules, with one of them sub-divided in six sub-modules.
Each of them will be in charge of one of the tasks in which we will divide the
problem. Above all, we’ll put the main strength of the system intibéer-
scheduler module. It will be decomposed in six sub-modules. Each one will
have the aim of managing one of the task the application has to handle. The other
modules will have less importance for the developing of NVOD reception, but
they’ll serve us to manage the application initialization and close, the interface
with the user, etc.

1
i imit

| |
E————s o
buffers chedaler puldatas owrce

S—

b fhe Ttim e

(frem buffers chpduber)l (frem buaffers chjedubern)

[2=] wtil

(fram buffers ohpoduber) (fream buffers chpduber)

seheduber

[fram buffers obhjeduber)

Figure 2.2: Main system modules

We have (figure 2.3) the Graphic User InterfaG&J{) to interact with the user
and thdanit module where we’ll have all the classes having the role of instantiate
the NVOD-related objects (those that are in thdferscheduler module),
initialize them, and finalize them when necessary. That is, when the application is
started or finished, or when the film chosen is changed by the user. It's important
to emphasize thattheit module is charged also of communication between the
requests received from the user (through@®él) and thebufferscheduler
module. That is, it will centralize the information control coming from the user
that is addressed to thifferscheduler module.

For the most important module of the client (figure 2.4) we let the essential
system tasks. As other systems based on server-client transmission, we have to
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receive and manage the reception of data. In our case, we have also to put the data,
possibly arrived in a disordered fashion, in such a way we can display it without
discontinuities. Moreover, we have to display it for the user, and we must take
care of errors, packet delays, packet duplication, and, as a system requirement,
we have to collect several statistics of the transmission.

For implementation reasons, it will appear another module calldd
datasource thatis in relation with the particular solution for the movie display
on theGUI. It is justified by the need of usingMF API for Java (see [9]).

2.3 Main system tasks and characteristics

We have just described the main tasks, in high level terms, we need to do for the
correct execution of our system. We have also assigned basically the correspon-
dence between the different modules we will have and these tasks. It's time now
to explain what classes we’ll have, understand more extensively the object func-
tionality in these modules, and sketch the relations among them. We will try also
to make clear other important characteristics the applications must have, and must
be able to manage, as, for instance, what classes will be charged of receiving the
configuration channel data, etc.

CATN

imit

Figure 2.3:GUI andinit modules tasks
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2.3.1 Configuration channel

Through the configuration channel, as we have seen when we explained the sce-
nario, the server is sending periodically the list of available films with the infor-
mation needed for each of them. To abstract this, we include a new class called
VideoObject  whose instance will permit us to know the different main param-
eters associated with a film. This parameters will be the film name, size, codifica-
tion rate, NVOD-algorithm used, addresses of channels by which the data is going
to be transmitted, etc. See figure 2.5.

Therefore, the server will send a group of objects that form the list of films pe-
riodically, but not continuously. Thatis, it will send the complete lis¥afeoOb-
ject instances, for example, each second. But it's not necessary to send, like the
segment data in our Birk case (see appendix A), the list each time we have fin-
ished of sending it. This send schedule will do the configuration channel will not
consume very much bandwidth for transmission purposes. But, in contrast, we
have to add the average delay of obtaining the list of films and the data associated
to the delay the clients suffer when they want to join our service.

The configuration channel is sent in a multicast fashion and, for that, we can
exploit the same advantages that we did with the segment data channels. That is,

b_uﬁals cheduler

butfer | tim er

ifram buffers eheduber) (from buffers cheduler)

53 soheduler

(frem buffers cheduler) (from buffers cheduler)

1

util

(frem buffers cheduler)

Figure 2.4:bufferscheduler module tasks
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we only have to provide the information through one configuration channel and
all the users can to receive the information without interfering the transmission
and without the need of increasing the bandwidth used for it. Moreover, these
configuration channel, that is, its address, is the only information the potential
client must know before the connection to the system. When it has contacted, and
has received the information about the films and their characteristics, it is able to
contact the segment data channel thanks to this information.

In order to manage the task of receiving the configuration channel data, that
is, theVideoObject class instances, we will introduce a class narhist
Loader . This class, that is, the class instances, will permit us to download
from the configuration channel thegeleoObject instances and to store them.
When the user has chosen one of the titles the server provides, titles that are pro-
vided by theListLoader  object when it has received all the list objects and
has extracted the film name of each of them, ltfstLoader is requested for
returning all the data concerning the chosen film.

2.3.2 Algorithm implementation

An important part of the application is the implementation of NVOD algorithm
characteristics. In a Object Oriented design and programming, we’ll do so ab-
stracting these characteristics by a class. But we want also the possibility of easy

Video Object
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Figure 2.5:VideoObject class
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extensibility for our application. That is, we will implement the Birk algorithm,
but we want it not to be difficult to extend the application to work with, for in-
stance, the Pagoda’s algorithm [11]. We next explain how we do this.

The first thing we remark while we try to solve the problem is that, in all the
NVOD open-loop schemes we have some common characteristics. Like, for in-
stance, all of them will send the data with a kind of segmentation, or they will
need some of the parameters we know byVeeoObject instances that we
receive through the configuration channel, etc. Moreover, we know they must, in-
dependently of their nature, provide us some information, common for all of them,
but characteristic of each of them. We talk, for example, about the form the algo-
rithm computes the times it must start to record each segment. This calculation is
different for each algorithm, but all of them have to do it.

So we are going to introduce a new class naiM@DScheduler that will
give us a kind of abstraction for all algorithms we want to implement. We will de-
clare this class likabstract , that is, we won't be able to instantiate it. Within
this class, we try to enclose all this common information belonging to all the pos-
sible NVOD open-loop schemes. We also try to define a contract for other classes
know what they can expect from the object implementing the algorithm that gov-
erns the application behavior.

The key of this design is the inheritance we must do to instantiaty @ie-
Scheduler class. That is, we create another class that inherits frorv@-
Scheduler class and that encloses all the information typical of each algorithm
(see figure 2.6).

In our case, the class that inherits from @lostract  class is theBirk
class, that has all the characteristics, methods and attribut¥©B&cheduler
class has. It implements also, that is, gives the sense to, the methods that form the
contract, because these methods are dependents of the algorithm used.

We do so in order to achieve the desired extensibility for our system. And to
extend it, we just have to inherit another class frd@DScheduler and give
sense to thabstract methods we have defined in it, in accordance with the
algorithm we want to implement.

2.3.3 Segment management

When the user has chosen the desired film, and the application has got the informa-
tion concerning it, we can start the reception of the film. InWi@DScheduler

object we have enclosed all the information film-specific. That is, the informa-
tion about the film itself, and about the NVOD algorithm used for broadcasting
the film. With that, we can obtain the group of times that give us the times we
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must start the recording and storing of data and the group of times in which each
segment has to be displayed. Figure 2.7 shows how the objects of different classes
interact for this task.

When theVODScheduler object knows all that information, it can send it
to anAgenda.

Agenda
This class belongs to tHeufferscheduler.timer submodule. It extends
the Java clasgva.lang.Thread . It will give us the compleat functionality

of its module, and therefore, will be charged of systaming. Objects from this
class will have a list of events associated with a time. When one time expires,
Agenda will send a message to tlevent listener The Agenda instance won't
worry about the action thisvent listenewill do, but this action will be done in
the Agenda’s thread We'll have three kinds of events. Actually, they'll be a
general event and two special cases.

These two cases are special because they are always present in the system.
They aredeadlineevents andime to recordevents. In both cases, tlegent lis-
tenerwill be aChannelManager instance associated to easenda instance.

Buffers chedualer. s chedubar

DO s e ey e

Oth e peanl oo ps oo

Figure 2.6: Algorithm implementation by inheritance
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ChannelManager

This class belongs to thmufferscheduler.scheduler submodule. It will

have the role of the segment recording management and it will act as an infor-
mation point for other objects likReceiver instances. It will mainly receive

the message from its associ®genda object for it to start the recording of a
segmentt{me to record or for it to start the display of a segmeimte@dling. So

it must manage the creation and destruction of instances of another Riss:
ceiver thatis placed in théufferscheduler.io submodule.

Receiver

That is due to the role we have reserved for this clé&sceiver inherits also

from java.lang.Thread , and it will be charged of two very important tasks

in the application. Maybe the most important ones. It meseivethe data from

the UDP packets that server sends through multicast channels, and it must manage
the data ordering within the buffer. But these two important tasks are described in
the Section 2.3.4.

Now we emphasize the conceptual idea Receiver objects. EactRe-
ceiver instance will be charged of the reception from one multicast channel.
That is, for each multicast channel, there is one UDP receiver socket, and one
Receiver instance. By the way, we describe other class closely related with
the Receiver class and with the UDP sockets each instance of this class have.
We talk about thébufferscheduler.io.SocketFactory that provides
us multicast sockets for the reception.

It's important to make clear that ea&teceiver is charged of onenulticast
channe] that is, possibly of severalegments And for updating the number of
segments associated witlR&ceiver object we havective this class provides
to the ChannelManager object two methods. One to add a segment as “ac-
tive” and other to remove them. Withctivewe mean a segment that is being
recorded. A segment is not being recorded if its packets are being discarded for
theReceiver for algorithm-dependent reasons.

2.3.4 Reception

Reception is maybe the most important of the tasks the client side must accom-
plish. As we have already mentioned, we will h&seceiver instances charged

of this work. Each of these instances will receive UDP data packets from a mul-
ticast channel. For that, each of these instances will receive the data from several
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Figure 2.8: Interaction diagram for reception

We next describe how Receiver object can distinguish among the, pos-
sibly several, segments assigned to it. In figure 2.8 we can see how objects are
related in order to accomplish this task.

Application Data Unit

For this purpose we define thgplication Data Unit (ADU) as the minimum

data unit for our application. Each UDP packet is formed by an UDP header and
an ADU. Each ADU is formed by an ADU header and ADU utile data. For us, the
ADU header is the way by which we can order the data inside a segment, or we
can decide at which segment the data belongs to, etc. Figure 2.9 shows the ADU
header. Segment number permit us to classify the data in function of the segment
it belongs. Packet number is used for ordering the, possibly disordered, data that
arrives through the multicast channel. Remember that we use UDP transmission
and it's not sure that the packets arrive in the same order they were sent. Size is

29



the size in bytes of ADU utile data. And last packet is a boolean (one byte) to
know if the packet is the last of the segment. All the other header fields have a
4-byte size.

ADU header
Segment Packet g ; last
number number Size (bytes) packet

Figure 2.9: Application Data Unit format

BufferedRandomAccessFile

When aReceiver instance gets a UDP packet from the multicast channel it
looks up thesegment number field from the ADU header in order to know if

the packet belongs to an active segment. Obviously, the segment must be assigned
to this Receiver object because all the segments multiplexed in a multicast
channel are assigned to the Receiver that listens the socket bound to that channel.
Then, the only consideration to do is if we need to store the data from this segment.
That s, if, for this segment, theme to recorchas already arrived, and tdeadline

has not.

If the packet belongs to an active segment,Reeeiver instance processes
it. If the packet is not a duplicate one, tReceiver must write packet data in
the correct position within the buffer.

We will use a file to store the film data. And due to the film size we must do
it in a peripheral device for storing, like a hard disk, etc. This push us to don't
allow Receiver instances to write directly to these kind of devices because they
are very timing consuming. Then we introduce a new clBssgteredRando-
mAccessFile (BufferedRAF)

We will instantiate this class for buffering the data before writing in, for in-
stance, a hard disk. Moreover, these instances will permit us to do loosely coupled
the task of receiving and writing.

TheBufferedRAF has, inherited fronfava.io.RandomAccessFile ,

a pointer to the file in which it writes. It has also an internal buffer wherdie

ceiver makes the operation of writing. This buffer is placed in RAM memory
and the writing methods over it are not so time consumptive as the ones over the
hard disk.
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A Receiver object will have an instance @ufferedRAF for each seg-
ment it manages at any given time. But it will have several of them, for the same
segment, along the life of the application. WhelBudferedRAF is full or there
is a discontinuity in the segment recording, for instance when a packet arrives in a
disordered fashion, tHeeceiver object sends thBufferedRAF reference to
theBuffer object the application has. Afterwards tReceiver object creates
a newBufferedRAF and continues with the reception.

It's important to note that the management of the file, that is, of the buffer
where we store the data, is responsibility of RReceiver class. Receiver
objects are charged of managing the pointers of tBefferedRAF objects for
the writing be correct.

Buffer

In thebufferscheduler.buffer submodule we find th&uffer

Very related toBuffer class we have also tHeIFOList class. We will
have one instance of each of them in the application. Their task will be to dis-
chargeReceiver instances of the I/O device writing time-consumptive work.

Buffer objects will be executed in their own thread, they inherit from the
java.lang.Thread class, and th8ufferedRAF reference passing is done
through theFIFOList instance. Then th&uffer object simply calls the
BufferedRAF methodflush() . This method writes thBufferedRAF in-
ternal buffer in the file at the position that its pointer give us.

TheFIFOList object allows us to avoid long time waits in the relation be-
tween theReceiver objects and th8uffer

Data store

We have mentioned we will do the store of data in a file. For thatjaas
va.io.RandomAccessFile needs, we usejava.io.File object to rep-
resent the operative system file. It's not easy to manage the size of these kind of
files in Java. We can easily erase data in a file but is very possible that the size
doesn’t change. That is, we can delete data, but it will not save disk space.

A variable in the NVOD system Birk algorithm represents the buffer occupa-
tion. This is introduced to try to reduce the user memory need. In our application,
we will not worry about this. We think the client has enough space to store all the
film. And, for that, we will not delete the data we have already displayed for the
user. This will, maybe, help us to implement easily functionRawind, FB, SB,

JB.
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Anyway, in order to correctly test the Birk algorithm, we will simulate the
deletion of the data how Birk method says. That is, for statistical considerations,
the buffer occupation simulates the data is removed. Moreover, if we simulate
that data is deleted for any reason before it has been displayed, it must be received
and written another time, like it would never been received, as the Birk algorithm
proposes. The only difference is that the buffer needs of the application are not at
all minimal.

2.3.5 Statistics

As we have said in the introduction, we are primary interested in two parameters,
though we can obtain the desired extensibility also in this domain. But, for the
moment, the application is interested in collecting statistics concernirguffer
occupationand thereception rate. Then, our application will allow us to know
the evolution of theaggregate buffer occupation that is the occupation due to
all segments, during the application execution. Moreover, it will allow us the
same about thaggregate reception rate that is, the sum of the reception rates
of all segments. We desire also to have the possibility of knowing the number of
packets arrived in a disordered fashion, lost packets and duplicated ones. Lastly,
we would wish to know theeffective segment reception ratehe client “sees”
for each segment received, for comparison purposes with the effective segment
transmission rate used by the server. Another desired system characteristic is the
possibility of displaying the statistics in a user-demand fashion, that is, at any
time, either during the application running, or afterwards.

To collect the statistics in the client-side of the system we will introduce
two classes. One of therhleaderReceiver , placed in thebuffersched-
uler.util submodule, will know at a given time of the application execution,
the current statistics. Objects of this class will have a group of methods to let
instances of other classes to know at any time these collected statistics.

This work is thought for thé&ufferHistory instances. These objects be-
longing to this class, placed in thrifferscheduler.buffer submodule,
will have the task of storing execution statistics from theaderReceiver
object. That is, periodically, 8ufferHistory object will request the cur-
rent information about the statistiééeaderReceiver  object has. It will do
this through a simple polling each second, by default, and storing the information
for future displaying at user demand. Object instantiated from this class will be
executed in their own thread.

This two classes try to make loosely coupled the task of collecting the appli-
cation execution statistics and the one of having updated this statistics.
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Figure 2.10 shows the interaction diagram for these classes. When a
ceiver objectreceives a UDP packet, it sendsAidJ header along with atime
stamp representing the time it has received the packet tdeheerReceiver
object.
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Figure 2.10: Interaction diagram for the statistic collecting

It's possible that &eceiver instance won'’t process the packet received due
to that the segment it belongs to, is not active.HeaderReceiver instance
could have enough information to manage the statistics, it will be provided also
aboolean value expressing if the packet has been processed or not. For statis-
tics management purposé®eceiver objects will have to “say” théleader-
Receiver when a segment is already completely received. These instances will
also send the information tbleaderReceiver  object about lost, disordered
and duplicated packets.

To have the possibility of knowing other kind of statistics out of the scope of
present application without need of extending the present work we offer an off-line
alternative. ThédeaderReceiver object will create a file where it will store all
the header information it receives from tReceiver objects. This information
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is written in binary mode, and to easily read it in text mode, we provide another
class calledHeaderReceiverReader

2.3.6 Display

We face now the problem of displaying the movie on the screen we have in the
Graphic User Interface. To do this, we have various constraints to analyze.

We will use the capabilities Java Media Framework API for Java (see [9]) gives
us for multimedia data processing. This JMF API form a group of Java classes
and libraries supporting media data streaming and decoding. JMF is an API that
allows us to display and catch the multimedia data from an application. This
encloses the playback of compressed video over different formats, like MPEG.

Usually, JMF uses a static file like source from which its classes keep the
multimedia data by the use of predefined protocols like http, file, or rtp. In our
case we have a group of logical channels through which we receive the raw data
while we are displaying the already received segments.

However this Java API give us the possibility to extend its classes and to im-
plement its interfaces to build our custom protocols. That's we will do.

As long as data comes to the client by UDP datagrams through UDP sockets,
we have to choose between two possibilities. We can see the data arrival like a data
stream we have to display or like a group of data chunks we will have completely
received at the moment we will need them.

Nevertheless, if we choose the former option, we will have to force the JIMF
classes to see the multiple channels with their multiple segments (say “logical
subchannels”) like a uniform data streaming. It will force us to include a kind of
“converter” from sub-segmented data to a data flow. That is like include a relation
server-client (of multimedia data) in the application-client side, where the server
is who “converts” the segmented data in a data flow.

With the second option, we can take advantage of the kind of storing we have.
As we have already explained we usg@ea.io.File for that. The solution
would entail the presentation of thisle we use for storing data like the “static
file” the JMF use to have like multimedia data source.

Although the file is not complete when we start the playback, we can, by
using our custom JMF classes, simulate the file is completely stored. The only
constraint in that sense is that we must have available the data whenever the IMF
classes needs it. But that is assured for the correct development of the application
because the JMF objects will need the given segment data at its sedgaeline
And the aim of all the application is, in a great part, to provide the segment data
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before the segmenleadline Then, if the rest of application is correctly executed,
the display must be successful.

We will consider, for possible future “Rewind” implementations, and helped
by the new technologies in PC’s fabrication, that the client will have a very large
store space. As large as to be able to store the complete movie, about 1 GB.

This will help us to choose the second option. We will explain why. First of
all, in contrast with true VOD techniques, data doesn’t come to us in an ordered
fashion, (remember we can receive first the data of the end of the segment), and
for that, choosing the former option implies a first storage in, for instance, file
format, and, afterwards, a reading from this file to “emulate” a streaming coming.

Other reason is that one tendency of NVOD algorithms is to reduce the buffer
the client needs for displaying the movie. Also, one of the comparator factors
among them is the client’s buffer occupation. Even, in Birk algorithm, is strongly
emphasized how to reduce this occupation.

However, even when we will compute the theoretical Birk buffer occupation,
we will not remove data from the memory. Neither when data is already displayed
(for “Rewind” purposes), nor when the algorithm says that it must remove data
for buffer saving purposes.

If we use just one file for all the data we’ll have possibly a 1 GB file in our
memory device, but, is tested that the displaying performance is better than with
more than one. The first attempt was to record all the segments in separated files.
So we could remove each file after the consumption of its media data, freeing the
buffer. However, this solution presented problems in data displaying, due to the
jumps the JMF custom classes had to do to “emulate” the file storage uniformity.
This kind of playback behavior has lead us to the use of an only file for all the
movie. For more information about reception see 2.3.4 section.

We will implement our custorbataSource class that will implement itself
the javax.media.protocol.PullDataSource interface. That’s is due
to the use of MPEG codification. In the JMF API it's possible to find information
about the need of using this kind BfataSource for this kind of media data
(see [8]).

We have other possibility, to implement tfawax.media.protocol.Pu-
shDataSource . The difference betwedpush- and Pull- DataSources
is who starts and manages the transaction of data, the client or the server. We must
say that, when we refer in this JIMF scope to server and client, itisn’t at application
level that we talk, but at the JIMF media data transaction level. That is, the server
is the element makes us available the multimedia data, in our case the client-side
of the application charged of receiving the data and storing them. Our JMF-client
is the class containing thavax.media.Player , who will display the movie
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to the user.

In a PullDataSource , it's the JMF-client who manages the transaction.
That is, is the IMF-clients who “takes” the data from the JMF-serverPlish-
DataSource is implemented, is the JMF-server who “gives” the data to the
JMF-client.

As we have referred, with MPEG coding, we have tolRsDataSource
Other examples oPullDataSource based protocols are the http and file,
where the data is stored and the client “takes” the data when it needs. An example
of PushDataSource use is a possible application that receives multimedia data
from Internet in a live session. The data is delivered as soon as it arrives, and thus
is the JMF-server, the element that receives the data, who must manage the data
transaction, making a best-effort for playback continuity.

Other restriction for choosing the JMF classes and interfaces to use is caused
by the MPEG coding itself. In MPEG coding the frames are correlated, that
is, there are frames coded in function of the last or of the next coded-frame.
That makes impossible the use of a kind of JIMF streams c&llesh/Pull-
BufferSourceStream . The SourceStream classes are the media JMF
uses for communicate the source of multimedia data (represented by the Data-
Source) and thgavax.media.Player , who will be in charge of rendering
and playback the data. The use of buffeBslirceStreams  are based in pass-
ing the multimedia data in chunks of one frame. Therefore we will use an exten-
sion ofjavax.media.protocol.PullSourceStream

The last note is about the use of interfgaeax.media. Seekable in the
PullSourceStream  implementation. It's is due to the recommendation of one
of the JMF creators (see [13]). It's that who makes not possible the use of, already
implemented, file protocol with our system. For MPEG information see [3].

2.3.7 Timeout management

We have created for this application a kind of system of timeout. Why?

In the framework of extensibility we strongly stress from the start of this work,
we want the application could be enhanceddoor recoveringsupporting. That
is, we want it to be extensible to know when the system has suffered a data lost,
and to take the correct decision in order to recover this lack of data.

For that is a priority for us to know when we can state that we have suffered
a lost of data. As we use UDP based transmission for the communication, the
packets can suffer different delays. These delays can make that we see packets
arriving in a not expected fashion. For example, a disordered packet sequence.
Then, when the application notes the lack of a packet, it must wait, during a
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prudential amount of time, the delayed arrival of that packet. But it's possible
the packet had been lost in the network. The timeout management is done for
the application not to wait forever. When a disorder occurs the application starts
a counter (timeout) and if it expires, we can consider the packet is lost. Then is
possible to take different actions in order to recover the lost data.

In this work we have not accomplished the task of error recovering, but we
have wanted to make available an easy future implementation.

So, we have included several classes to accomplish this timeout management,
and one to receive the future error management. If error recovering is desired, it
will be necessary the implementation®frorManager class. Obviously, the
error recovering implies, not only the implementation of this class and the use
of the provided facilities for timeout management, but the extension of the sys-
tem with the creation of other classes charged of implement the different possible
solutions. But all of them would need the timeout management we provide.

As we have explained in the Section 2.3A8}enda objects can send a mes-
sage when the time specified for aventis expired. There are two kinds of sin-
gular events and a general one. In this general event we will base all our timeout
management.

The objects that will realize that there have been a disorder in the reception
will be the Receiver instances. Then, they will be the objects who send to
the Agenda instance the request of notification for the time the timeout event
will expire. As we have said in Section 2.3.3, thgenda objects register times.
When these times arrivégenda notifies it to the time-expire@vent listener
We define an interface namétientListener that will be implemented for
the object that wants to use thdgjenda facility. In our caseReceiver will
implement this interface. When the timeout expiresAlgenda instance sends a
message to thEventListener (Receiver ) and this will do something with
the information it has. In our case, tReceiver object that has been notified
of the expiration of a timeout will notify itself to thErrrorManager  instance,
sending to it the information necessary. If we override the present methods of
ErrorManager class we can achieve the error management for implementing
the error recovering.

Itis possible that &eceiver object wants a timeout notification for a packet
has not arrived yet and, before the timeout expiration, the packet comes. Then
the requested event has no more sense. In that cas&égémela class provides
methods for asking it not to notify for such a event.

We can see an example of object interaction in figure 2.11.
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2.3.8 Application initialization and session management

In Section 2.2 we have talked about tiné  module responsibilities. We next
analyze this module.

As we have said this module is charged of initialize the application and ini-
tializing properlybufferscheduler . It must also be the point of control for
the communication between the user (throughG@td module) and the NVOD-
related classes we have limiffershceduler module. An instance ahit
module calleDeliver  will be charged of these two tasks.

Deliver

SystemDeliver  instance is the highest point of control in our application. It
must instantiate, initialize all the classes the application will use and to destroy
the created instances. Moreover, it must translate the user requests it receives
from theGUI module in calls to class methods in the application. It must also, for
example, activate and deactivate the use of some buttons depending on the state
the system has reached.

We have just said that@eliver  object must instantiate all the classes the
application will use. But it's not true. Several of this classes will instantiate them
by delegationin other objects from th&8ession class. Strictly speaking, Re-
liver instance will only matter of classes whose objects will be the same along
the application execution. This classes are, for exanfgenda, Channel-

Manager, Buffer, FIFOList , etc.

But for the objects movie-information dependents, or for those who are spe-
cific for a movie and not reusable, as fiike we are going to write on the movie
data, we introduce th8ession class.

Session

With session we want to talk about the events, actions and objects that are in-
volved in the movie display for the client. Then, we will define &&sssion
object tasks the instantiation of classes dependents of the particular movie we are
going to display. For example, théODScheduler object is dependent of the
movie, because, in general, we can have different movies multicasted with dif-
ferent algorithms. So we can't instantiate a particM&DScheduler inherited
class without this knowledge.

Like the film dependent information is extracted when the user chooses a film
among the movies of the list, we will creat&assion object each time the user
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do it. Of course, when 8ession is opened, that is, an instance is created, we’ll
destroy the last if there was one.

When a new session is started, it's possible that some persistent objects along
the application life time, likeAgenda, etc., need to be restarted. That is, their
state must be returned to a kind of initial state. That is a work foDibkever
object.
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Chapter 3

Results

In order to test the application concerning this work we have done it to work in a
real laboratory network. For that we have used the internal network implemented
in the Institute Euecom (Sophia-Antipolis, France). This switched network has a
100 Mbps capacity and it's used by about 50 persons.

After we have demonstrate its correct working, we have analyzed the highest
capabilities this application can reach. For that, we have used our application
running on the Eldcom’s laboratory machines.

For the experiments we have used one machine for server tasks, that only had
the aim of sending the data through the network up to all the terminals present
in it. The sending has been made in multicast fashion. Data is the configuration
data sent through the configuration channel, and the film data sent through the
multicast data channels. We have made all the tests with the sending of one film
each time. That was in order not to waste the network bandwidth. It's important to
say that in our work we have focused our attention on the client application only.
It's for that we have not analyzed the server application in the present work.

Other machine in the network has been the host for our application. It's im-
portant to say that we don’t matter about which machine specifically was the host,
because the server data was arriving to all the machines in the network. That is
due to the multicast sending.

In spite of that, all the tests have been made using the same host machine in
order to homogenize the results. Obviously, we can also try to run the application
in several machines at the same time. That works fine.

The server is running without interruption, that is, sending the data (film data
and configuration data) another time when the last has finished. The client runs
the application without any kind of synchronization with the server. It starts to
receive data and, after several seconds (the time cstitetlup delay, it starts the
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film display.

3.1 Resultinterpretation

We next present a “desirable” real case for using as environment our application
has to see. This case will be a kind of model for us in order to interpret the results
we have obtained.

In this model case we have the idea of providing a Birk NVOD service with a
single film. This film has a duration of 1 hour and half and it's coded with MPEG-

1. We desire the clients won'’t have a startup delay greater than five minutes.

A film of one hour and half coded with MPEG-1 has a size of about 1.2 GBytes.
If we want a startup delay not greater than five minutes, and knowing that the code
rate of MPEG-1 is 1.5 Mbps, we must have segments not greater than 50 MBytes.
So, we choose 25 segments of 50 MBytes of size. If we have the segments mul-
tiplexed like we have proposed, we’ll need five multicast channels with 1.5 Mbps
capacity each of them. We need also the configuration channel, but its capacity is
not very important.

To test this “desirable” example we need a great storing capacity in the server.
Moreover, we need it also in the client machine due to the kind of data recording
we do. In addition, its not trivial to get free films with these sizes. And, if we have
found anyone, it had the MPEG header coded or it hadn't MPEG header. That
was a problem because the JMF doesn’t work without the MPEG header.

These reasons lead us to use films with smaller sizes. Sometimes the char-
acteristics weren’t similar to those from the model example, but they were the
biggest movies we had found.

Nevertheless we want, if it's possible, to know the highest limit of our applica-
tion in a case similar to that we call the model example or model case. For that we
next explain how to know the behavior our application would have in that case,
knowing the behavior it has in our tests.

For that is essential to understand the next concepteffioet the application
must do to display the film. Witleffort we mean CPU processing capacity, we
mean network 1/0 bandwidth and storing writing/reading bandwidth. This effortis
referred to the resources we need for the correct application work. It's necessary
to remember that MPEG-1 is a codification technic very expensive in terms of
CPU, and there will be a great amount of data to be received, recorded, and lastly
read.

Let be the model example our present case. We need an amount of resources
from the system for the correctly working of the application. To know if we have
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that capacity without having a film with these characteristics we must to simulate
them.

If we have, for instance, a film with half size, that is 0.6 GBytes, and all the
other characteristics equal, we can say the following. We have two obvious pos-
sibilities in front of us. One is to reduce the number of segments and to maintain
the segment size. The other is to maintain the number of segments and to reduce
their size.

With the first option, we have 12 or 13 segments with a segment size of 50
MBytes. In this case we must to maintain also the startup delay the client suffers
because the segment length has not changed. We don’t need anymore five multi-
cast channels, but only four. Having only 13 segments, in the worst case, we will
have to receive, process and record the 13 segments simultaneously. That is a data
flux of

it oL
2 3 13
times the first segment transmission rate.This is a best situation that we would
have in our model case.

So, in this situation the user visible parameters stay without change with a
lower size. As trade-off we find that the need of system resources is not so high
and we can save some transmission bandwidth .

In the second situation, in which we reduce the segment size, we can also
reduce the client startup delay. In contrast we need always five multicast channels
for the data. For that we will receive the same data flux that we would receive in
the model case. So, the application must make the sdimto manage the data.

The only difference is a reduction in the time axe, in the startup delay and in the
film length.

With this second option, we can observe how having a klrtimes lower
than other model film, and if the codification rate is the same for both, and if the
number of segments in which we split both films is the same, we demand the same
effortto the application. The startup delay for the client musk lignes lower.

So, we have tested the application as in the second option to know if it can
manage a case like the model example.

3.2 Results

After we have verified the correct working of our application, our next step has
been to test it in an environment of maximum efficiency to know how much
quickly the application can answer.
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For that, we define some minimum events with which we can say that the
application works correctly. That is, if the application can receive correctly all the
data that arrives through the network and store them while it displays the film in a
satisfactory fashion, we can say it works fine.

3.2.1 Transmission scenario

Firstly, we must underline that when we say we have verified the correct applica-
tion working, we want to say we have tested it with a specific JVM (Java Virtual
Machine), for Windows NT, and with JMF (Java Media Framework) API opti-
mized for Windows base operating systems. It's necessary to study more deeply
the behavior of the application working over other OS like Solaris, Linux, etc.
That is important because one of the aims searched in this work is to construct a
portableapplication.

Nevertheless, tests have been done with JVM for Windows because this JVM
presents the best skills in relation with the others. That’s important because our
application need a great synchronization among the different threads there are
running inside it.

We must also distinguish between two kinds of storing the data we receive
through the network. With one of them we store the data in a virtual file system.
That is, we store the data in a remote server and data is sent through &oemBis
network for that. In the other fashion of storing, we do it in the local hard disk of
the machine we are using as host.

In the other hand we have also two cases to analyze our tests when we talk
about the transmission quality the client “sees”. That is, firstly we analyze the
error-free transmission. We can do it because we can assume that the probability
of losses in the E@com network is zero.

Afterwards we analyze the case with errors. The client will see losses or dis-
orders in the received packet sequence. To achieve that we have forced errors in
the transmission deliberately in a deterministic fashion.

We must also underline briefly some other important parameters in the trans-
mission. They have remained constant along the different tests done.

We have sent UDP packets through multicast channels with a UDP data field
composed by the ADU header and the ADU data field. The ADU header has a 13
bytes size. The ADU data field has been fixed in 1200 bytes. We must say that, in
the next section, we will talk about transmission rates or about data flux in terms
of bps, etc. We will be talking aboutseful datathat is, bits or bytes belonging
to the data we have in the ADU data field. We won’t keep in account neither the
ADU header nor the UDP header.
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To send data within a desired transmission rate, we have to send a given num-
ber of packets per second. It can arrive that we must send a packet each 6.8
seconds to achieve a desired transmission rate. To have more precision, we send
the packets in groups of 10 (Figure 3.1).

10 packets 10 packets

A A
4 A 3

Server

UDP packet

Figure 3.1: Packet sent scheduling to have more precision in the transmission rate

We must note that, even if we will give a transmission rate for each of the
tests, this value will be an approximation. The most of the times it will be a
minimum edge. That is due to the granularity the Operating System and the Java
Virtual Machine give us. That forces us to be a little conservative in order to
assure a minimum transmission rate. We need to achieve this minimum to assure
the correct application working.

Moreover, the client will not fulfill exactly the time scheduling proposed by
the theoretical algorithm. It will add a little margin time to let the application
achieve successfully its aim. That is done due to the non-idealities of the system.
This margin time will be in the order of one second. This introduction in the
system can be tolerated because, usually, the startup delay the client suffers is of
an order much higher. Obviously, this margin time will be added to the time the
client must wait from the moment it demands the film up to the moment it starts
the display.

In the cases we will analyze we talk about a transmission rate or about a trans-
mission bandwidth, or about server/network bandwidth indistinctly. We will refer
normally to the transmission rate for the first segméht,in bps. It's already said
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that all the other transmission rates are defined in function of this rate by the way
of an harmonic series, see [1].

It's also important to remember that when we will talk about minimum trans-
mission bandwidth, we talk about the case in which the first segment transmission
rate R, is equal to the film consumption raie

Lastly, before to know the results of the tests made, we next give the charac-
teristics for the machine used for running the server application in all the tests.

e machine: loach.eurecom.fr
e Operative System: Windows NT 4.0
¢ RAM: 128 MBytes

e Processor: Pentium Ill, 500 MHz

3.2.2 Tests
Test 1. (NFS)

As first result we have started by a case in which we take as model an example
similar to the one used before, the 1.2 GBytes film coded with MPEG-1 and with
a startup delay lower than five minutes.

We supposé. is such that we have a MPEG-1 file with a size of 1.2 GBytes,
with a consumption rate of 1.33 Mbps (a little lower than the typical MPEG-1
consumption rate), and we want the startup delaf about four minutes. We
also suppose that we have multicast channels with 1.5 Mbps capacity. Then, we
will send the first segment on the first multicast channel with a rate of 1.5 Mbps.
The next two segments on the second channel with rates of 0.75 Mbps and 0.5
Mbps respectively, etc.

To achieve the constraint for the startup delay, we must split the film in seg-
ments with size lesser than 50 MBytes. Then we must split it in 25 segments.

As we have already mentioned, if we want to verify the application with sim-
ilar conditions, without any video with these characteristics, we must have the
same number of segments with a proportional size.

In our case we have used a 163 MBytes size video coded with a 1.33 Mbps
rate, and split in 25 segments with a segment size of 6.67 MBytes. With these
characteristics the startup delay will be 35 seconds.

Remember that if the application works fine with these characteristics we can
say it will work also with the example (1.2 GBytes film) characteristics.
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¢ film length, L: 981 sec.

e film size: 163.1 MBytes

¢ film codification ratep: 1.33 Mbps

e Ry 1:1.52 Mbps

e segment numbery: 25

e segment size: 6.67 MBytes

e multicast channel number: 5 channels
e Java Virtual Machine: for Windows

e storing system: NFS-type

e host machine:

— machine: lynch.eurecom.fr

— Operative System: Windows NT 4.0
— RAM: 128 MBytes

— Processor: Pentium I, 450 MHz

When we have made this test, the film display was correct and data was cor-
rectly stored in a file. Then we can say that our application works correctly within
this environment.

Related with the statistics collected, we next show them after an off-line treat-
ment with a spreadsheet. Figure 3.2 shows the aggregate buffer occupation evolu-
tion the long the application is running. In theaxe we have the execution time.

In they axe we have the aggregate buffer occupation normalized by the film size
in percentage. We can see how in this case, with a transmission bandwidth 1.126
times the minimum case, we have the maximum occupation in a value of 35%.
For our case it represents a maximum of 57 MBytes of data stored. If we would
be acting with the example case, we would have the 35% of 1.2 GBytes, that is,
430 MBytes. This value is feasible for the present PC hardware.

An interesting effect we can see in this figure 3.2 is the saw-tooth shape it has.
When a segment deadline arrives we can free the memory assigned to store that
segment (nevertheless, in our application we haven’t done that, but in the statistics
we simulate we do it) and that causes this shape.
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We can also observe how the curve slope, apart from the discrete jumps in the
deadline times, is always positive, but each time less abrupt. That is due to the
application must record in the early moments from many segments in a simultane-
ous fashion. In the case of minimum transmission bandwidth the application must
start the recording of all the segments in the zero execution time. When the time
goes on and there are several segments already displayed, the data flux incoming
is lower, and then, the buffer is filled in a slower fashion. Is for that the slope is
lower in the last moments of the execution.

1.1 268V mn
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Figure 3.2: Aggregate buffer occupation for the test 1

The slope of the figure 3.2 is strongly related with the next figure (fig. 3.3). In
the last, we present the aggregate reception rate need for the client be able to run
the application correctly in each time of execution life. It's important to remember
that, at each instant, the application must receive from the network this data flux,
store it and, if it has already started the film display, it must read data from the
storing device and display it.

In this figure 3.3 we have the application execution time inileexe, and the
incoming data flux in the; axe. This incoming data flux is normalized by the
value of the film consumption rate. In this figure we can see how the higher data
flux is 2.5 times), that is 3.33 Mbps.

There is a relation between the reception rate and the slope of the buffer oc-
cupation. As we can see comparing the two figures, the higher is the reception
rate, the higher is the buffer occupation slope. That is logic because the faster data
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1T AZEBW min

Figure 3.3: Aggregate reception rate for the test 1

arrives, the faster the buffer is filled, and then, the faster the buffer occupation
grows.

To sum up we can conclude from this experiment that our application answers
fine when it's necessary to display a film like the used with a NVOD system based
on Birk. Then we can assure the correct application working with a longer film if
we make the startup delay greater.

What have we improve comparing with a true-VOD video server? The answer
is simple. To transmit this film we use 5 multicast channels with 1.52 Mbps capac-
ity. That is, we use 7.6 Mbps. A true-VOD video server with the same bandwidth
could only provide the service to six clients. While we can provide our service to
an unlimited number of clients.

Test 2. (NFS,BW i)

Now we present the results of a test done to try to improve the system figures. In
the last example we had used a transmission rate greater than the film consumption
rate. Due to that, we were not in the minimum transmission bandwidth case. Then,
our objective for this test was to know the application behavior in this minimum
bandwidth use case.

For that we have maintained the parameters from the first test with the excep-
tion of R, 1. Now, this value was 1.35 Mbps, almost the film consumption rate
(1.33 Mbps).
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In this case we saw that the recording and the display were successfully done.
Figures 3.4 and 3.5 show the statistics collected. The graphic axes have the same
meaning than those of the first test.
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Figure 3.4: Aggregate buffer occupation for test 2

As we can see, the maximum buffer occupation level has reach the 40% of the
film size. The buffer occupation curve slope and the client reception rate have the
maximum value located in the zero execution time. This last parameter has reach
four times the film consumption rate.

As conclusion to this experiment we can say that there is a trade-off between
the server/network capabilities and the receptor terminal needs. The higher band-
width used to send data, the lower the client buffer and the client processing ca-
pacity need.

Test 3. (NFS,BW,in, dimin)

The question then was: which is the limit with this kind of storing, virtual file
system, and with this terminal used by the client?

To answer this question we have made several tests. We next present the one
that gave us the best results.

These are the transmission characteristics. The statistical results are presented
in figures 3.6 y 3.7.

¢ film length, L: 981 sec.
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film size: 163.1 MBytes

film codification ratep: 1.33 Mbps
e Ry1:1.35Mbps

e segment numbery: 39

e segment size: 4.2 MBytes

e multicast channels: 6 channels

e Java Virtual Machine: for Windows
e storing system: NFS-type

e host machine:

— machine: lynch.eurecom.fr

— Operative System: Windows NT 4.0
— RAM: 128 MBytes

— Processor: Pentium I, 450 MHz

B Wmin

Figure 3.5: Aggregate reception rate for test 2
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Figure 3.6: Aggregate buffer occupation for test 3
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Figure 3.7: Aggregate reception rate for test 3
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As we can see, we have used a total bandwidth of six 1.35 Mbps-channels.
This sums 8.1 Mbps. With this bandwidth, a true-VOD server would be able to
provide service to 6 clients. In the same conditions we can serve the film to an
unlimited number of clients. The drawback is that our clients must have more
sophisticated hardware and its characteristics must be better. Moreover, they will
suffer a non-zero startup delay.

With our system the startup delay is 24.4 seconds. If the film was split in 50
MBytes segments, the model case, it would be about 3 minutes.

After that, we have tried to reduce a half this time the client must wait until the
film can be reproduced. For that we had to divide a half the segment size. Then
we had to do twice the number of segments. The test was made with 78 segments
with a segment size of 2.1 MBytes multiplexed on 10 multicast channels.

It's important to say that we are in the minimum transmission bandwidth case,
and then, when the application starts to run, the recording of all the segments starts
also. We see while the test is running that a memory problem is presented to us.
That is due to the 78ufferedRAF the application must manage in memory.
TheBufferedRAF memory size by default is 700 KBytes.

We must emphasize that varying this by default parameter, or letting the Java
Virtual Machine to get more memory, we can solve this problem. It's possible,
but it's necessary to study it, that our application manage this situation.

To sum up, we can say that our application, “as is”, and with the conditions
used, could serve a non-limited number of &om’s network clients a one hour
and half film coded with 1.33 Mbps. Each of these clients would have to suffer a
startup delay about 3 minutes. And the bandwidth cost would be 8.1 Mbps.

Test 4. (local HD)

Now we present the results made with the other type of data storing. Before, we
had used a virtual file system through the network. Now the storing device is
going to be the machine local hard disk. Intuitively we can think that this is an
advantage in order to improve the system characteristics. Surprisingly, as we will
see, the effect is the opposite. The application capacity is much lower than the
other already explained cases. After, we will give a probable explanation for this
effect.

Firstly we had done several iterations in the characteristics to use in the tests
in order to see how the application answers with this kind of data storing. The
next characteristics are the best case we reach without errors.

e filmlength,L: 74.4 sec.
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o film size: 20.9 MBytes

¢ film codification ratep: 1.12 Mbps
o Ry1:1.14 Mbps

e segment numbery: 11

e segment size: 1.9 MBytes

e multicast channels: 4 channels

¢ Java Virtual Machine: for Windows
e storing system: local HD

e host machine:

— machine: lynch.eurecom.fr

— Operative System: Windows NT 4.0
— RAM: 128 MBytes

— Processor: Pentium I, 450 MHz

These characteristics mean that, if we had a 1.2 GBytes size film coded with
1.12 Mbps (lower than the MPEG-1 standard) the startup delay the clients would
have to suffer would be about 13 minutes. For that we would have to use a total
network bandwidth of 4.5 Mbps. Figures 3.8 and 3.9 show the statistics results
for this experiment.

If we try to increase the number of segments in which we split the film to
reduce the client startup delay, we find the application doesn’t work well. That is,
the film display has jumps and is cut. The application also lose packets, even if
they aren’t lost in the network.

As example we next present disordered and lost packets statistics (figure 3.10)
in the last experiment but with 19 segments instead of 11. Now the segment size
is 1.1 MBytes. It's important to see that we are using the same multicast channel
number, 4, but the startup delay is 40% lower.

As we can see infigures (3.11 and 3.12), if we vary the transmission conditions
in order to be lightly more restrictive, we find errors in it. It's maybe due to the
lack of CPU capacity. We can say then, the local hard disk storing is slower than
the NFS storing.
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Figure 3.8: Aggregate buffer occupation for test 4
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Figure 3.9: Aggregate reception rate for test 4

55




0 2 4 6 8 10 12 14 16 18

ELost(%)
W Cuplicated{% )
C]Out of order{% )

Figure 3.10: Packet statistics for test 4
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Figure 3.11: Packet statistics for variation in test 4
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One important characteristic about these figures is that we found almost al-
ways that packets are lost because the application has not time enough to read
from the network all the segments multiplexed in the same multicast channel.

We must also underline that we have made experiments in which we compare
the local hard disk storing with the NFS storing under the same film and transmis-
sion conditions. In these experiments we find the application with NFS type data
storing works fine while if it works with local hard disk storing it goes wrong.

The explanation for this behavior when we compare the NFS with the local
hard disk storing can be one among the next possibilities, or a mixing of both.
Nevertheless, they are suppositions and then there exists an open field for further
investigations.

The first of these possibilities is the occurrence of hard disk fragmentation.
This will do the read/write actions be very time expensive. Then, when we want,
for example, read a segment from the storing device, we have an overload due to
the internal indexation, etc.

The second possibility is the next. It's possible that using a NFS server could
take us away an amount of work. It's possible that, using NFS storing, we divide
the work between the CPU and the network card-NFS server couple. That can
explain in part the behavior observed.

-
45
4
as
3
BmLost{%)
25
BCOuphcated (%)
2 OCut of orde r(%% )
1.5
1
05
0 - —
— [ | =T e o

Figure 3.12: Packet statistics for second variation in test 4
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Test 5. (JVM for Solaris and Linux)

Now we present the results for the tests made when our application is running
over operating systems different from Windows family. The experiments have
been made using JVM for Solaris and for Linux. The JMF versions are also for
these two operating systems (the one for Linux is a beta version).

The first thing we find when we use these JVM is that the film display is inter-
rupted many times or simply it is not displayed. That occurs with both operating
systems. It can be due to incompatibilities between the different versions of JMF.
It can also be due to the use in our application of some instruction OS-depending.
This last idea is not impossible but we haven'’t found this error.

We have experimented with the application “as is”. Then we have taken the
results even if the display was not correct. Even if there wasn’t display at all. We
have searched the correct reception and we have observed the statistics. Neverthe-
less, it’s clear that if the reproduction is not going on, the results are not reliable.
If the MPEG decoding, that is very CPU demandant, is not occurring, the results
are not very confident.

Nevertheless, we next present the transmission characteristics from the Solaris
experiment.

¢ film length, L: 55.8 sec.

e film size: 20.9 MBytes

¢ film codification ratep: 1.5 Mbps
o Ry.1:1.52 Mbps

e segment numbery: 11

e segment size: 1.9 MBytes

e multicast channels: 4 channels
e Java Virtual Machine: for Solaris
e storing system: local HD

e host machine:

— machine: tulipe.eurecom.fr
— Operative System: OS Solaris 2.5.1
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— RAM: 640 MBytes
— Processor: Ultra SPARC lli, 640 MHz

We remember that, as we have already comment, the film is correctly received
but is not displayed. Figures 3.13 and 3.14 show the collected statistics.
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Figure 3.13: Aggregate buffer occupation for test 5

Test 6. (Non error-free network)

Lastly in this section we next analyze the case with induced errors. We have
already said that we have always used an error-free private network. Then, for this
experiment, we have disordered the packet sequence in a deterministic fashion.

If we do it, we see that when the local hard disk is used for the data storing, the
CPU load reaches often 100% (figure 3.18). That makes us to think the application
hasn’t enough processing resources to do correctly its task.

For example, we present the characteristics of an experiment and the statistic
figures 3.15, 3.16 and 3.17.

e film length, L: 148.8 sec.
e film size: 20.9 MBytes

o film codification ratep: 0.56 Mbps
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Figure 3.14: Aggregate reception rate for test 5

Ry 1: 0.76 Mbps

segment numbery: 11

segment size: 1.9 MBytes
multicast channels: 4 channels
Java Virtual Machine: for Windows
storing system: local HD

host machine:

— machine: lynch.eurecom.fr

— Operative System: Windows NT 4.0
— RAM: 128 MBytes

— Processor: Pentium I, 450 MHz

disorder packets rate: 2%

loses rate: 0%
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Figure 3.15: Aggregate buffer occupation for test 6
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Figure 3.16: Aggregate reception rate for test 6
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Figure 3.18: CPU load during test 6
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We can observe several details. First we can see that errors occur, even if
there are not errors in the network transmission. We can also remember that, even
in more restrictive cases, in the error-free experiments the transmission is done
successfully.

That is due to the application error management. More properly, to the appli-
cation time-out management because it's a very CPU expensive fact. It’s, then, a
not recommended application for networks with a high error probability or very
different delays in the packet transmission. Logically, with more powerful, in
CPU terms, machines this effect will be tempered.

Moreover, it's important to point out an observation made with the last and
other experiments in which there have been errors in the display and reception
of the movie. When there are errors due to the lack of ability in the application
to manage all the data it receives, we can observe an avalanche effect. That is,
the error appearance makes the application need more CPU resources just in the
moment it has a CPU problem, remember the error appearance is due to the ex-
cessive need of CPU. This effect will be worst if there is an application extension
to provide a error recovering method because that would add more CPU need.
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Chapter 4

Conclusions

When we read this document that talks about our work, one can ask himself if the
primitive aims have been reached. Is near-VOD an acceptable substitute of true-
VOD? Is near-VOD an improvement for the video-on-demand service providers?

One of the conclusions we have extracted from the present work is the answer
to these questions. Even when, as all the engineering related things, has its ben-
efits and its drawbacks. Then the question is if the benefits are larger than the
drawbacks.

We have seen some comparisons in the results section that show the near-VOD
behavior has great possibilities to collect economic benefits for the Video-On-
Demand service providers. That is due to the unlimited number of possible users
that could enjoy the service and the limited needed resources. Our application
can be used by no clients or by a great number of final users. That fulfills the
scalability promise made at the begin of this work.

But one of the conditions to achieve this scalability is the open-loop transmis-
sion we make. Then the server works independently of the group of clients or
their needs. That has its cost because the server must provide the same amount of
data when there are one thousand of clients or when there are none. Then, these
near-VOD systems are only profitable when there is a guarantee of the service is
going to behighly demanded Even so, that is not a great drawback because in
true-VOD systems the server must have all its resource capacity reserved even if
there are no client.

Other problems related with the near-VOD system are the next.The client must
have a higher complexity. That is due to the fact it must computes a non-trivial
algorithm and must carry out a group of connections and disconnections to differ-
ent channels, distinguishing between data relevant or not at each time. That has
the consequence that the PC-host client requirements are high. With the section 3
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we have tried to prove that the present commercial PC’s are enough for this task.

If we had used a dedicated hardware device to be used as client (set-top-box),
its cost would be higher than the equivalent device for a true-VOD system due to
the complexity inherent to our system.

In our system, also, the clients must suffer a given delay (startup delay) be-
tween the moment they demand the service and the moment the film display starts.
In this work we have wanted to show that is not ridiculous to think in acceptable
delays of 4 minutes with the used technology for a one hour and half duration
film.

All these conclusions are referred to the near-VOD general characteristics.
With this work we have tried to make these characteristics visible by the way of
an implementation.

But we can also analyze some characteristics related with the application itself
and not with the NVOD system generalities.

In this work we have chosen the use of MPEG-1 coded contents due to their
wide acceptation and their high quality. For that, as drawback, we find a high
CPU demand in order to decode this movie format and to display it. As we have
already note, that choosing can suppose a problem in certain cases. If so, we can
opt for other kind of film coding, less expensive in CPU terms. JMF gives us the
possibility of using other formats.

Another decisive factor for the application developing is the machine over
which we run it. Nowadays, a domestic PC has characteristics much higher than
the one used for the experiments. We can find PC’s with speed of 1 GHz and hard
disk with capacities higher than 10 GBytes and I/O bandwidth very large. Then
we can wait the application made in this work be easily used with better results in
present machines.

In an application that receives data from several channels at the same time and
that must show it in ordered fashion, the synchronization is essential. Then it's
very important the time granularity. This granularity is provided by the operating
system and by the Java Virtual Machine. In the moment we have made this work
the only couple that let us the granularity level we require was the JVM for Win-
dows and this operating system. It's natural that, as the hardware improves, the
operating systems gives us better results each time.
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Chapter 5

Open issues

The most important open points in this work are those for which we have tried the
application be easily extensible. We make a description next:

e Interactive functions implementation

— Fast Forward
— Rewind

These functions implementations would be a qualitative advance very large
in terms of user application and conceptually.

We have tried to make the application with a modularity level as to let the
extension in order to have these new characteristics without interfering the
rest of the system.

e Error recovery
In the present work there is a packet management that lets us to distinguish
between lost and disordered packets. That is indispensable in order to do,
in the future, any kind of error management.

The fashion in which the application will recover these errors is an open
work. But it's important to underline that, independently of what is the

kind of error recovering implemented, this will penalize more the need of
processing resources.

For this work execution we set out different ways in the error recovering
field. One of them is the use of FEC technics or the use of Tornado Codes.
Nevertheless it's a open field for future study.
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e Other open-loop near-VOD algorithms
Of course, it rests as future work the implementation of other algorithms.
We have made the implementation of Birk algorithm, but the most impor-
tant idea that promoted this work was that we wanted to compare different
algorithms. After, it would be interesting to compare the statistics of each
of them.

Moreover there are other topics open to a study deeply. These topics don’t
lead to an application extension.

e Other operative systems
It's a possible future work the application study running over other kind of
operating systems as Solaris or Linux.

e Application and transmission internal parameters effect.
It's possible and desirable a more deep study in the consequences in the
application performance of varying some application internal parameters.
Some examples are the by-default memory size used ButieredRAF
objects, the time used to consider a packet has been lost (by default 0.5
seconds), the relation between UDP packet size and the network MTU or
the reception buffer size of reception sockets.
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Appendix A

Birk’s algorithm

In this appendix we want to explain lightly how the Birk algorithm works for its
use in near-VOD systems. To see it, we show an example. For more information
see [1].
As is the case in the rest of open-loop NVOD system based algorithms, we do
a film segmentation on the movie we want to transmit. We divid® isegments
of equal sizeAfter, the server starts to broadcast each of tikentinuously Each
of these segments is broadcasted with a different transmission rate. The faster is
the first segment and the slower is the last of them, as we can see in figure A.1.
The Birk algorithm assigns the transmission rate in this fashion. If we consider
the next values normalized by the transmission rate of the first segment we have
that this, the first segment, is broadcasted with a 1 rate. The next segments are
sent with rates in a harmonic series. That is, the second is broadcasted with a 1/2
rate, the third with 1/3 rate, etc.

] (1] ] N

] |
R OR2RA L

Figure A.1: Segmentation in the Birk algorithm

Then the server is sending each segment continuously and with its respective
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transmission rate. We can see an example in the next figure (A.2)\Wvithd.

a
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Time
Figure A.2: Example of Birk transmission

We must remember that all the segments has the same size (excepting, maybe,
the last). This is shown in the figure A.2 in the rectangles area. The fact that
someone of them are longer than others in the time axe is due to the different
transmission rates assigned.

When a client wants to connect to the service provided, it must distinguish
what data have to start to record in that moment and when start to record the other
data. In the Birk solution, we consider that a segment has to start to be recorded if
there will not be received completely before its deadline. For example, if we use
the minimum possible transmission bandwidth, the client must start to radord
the segments in the same moment it starts the connection.

Figure A.3 shows the situation produced when a client arrives, it's connected
to the system, at the moment The shadow parts of the segments are the data
recorded by this client in its buffer. In this example we are in the minimum trans-
mission bandwidth case.

In this example segment deadlines are, for each segmefat, the first seg-
ment,t, for the secondts for the third, s for the fourth, and the film would end
its display att-.

In figures A.3 and A.2 we can observe several important algorithm details.
First, we observe how the transmission is made in a continuous fashion for each
segment.
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Second, we can see that there are moments in which we have to record data
coming through several segments at the same time.

Third, we see thait's not necessary to start the data recording in a ordered
fashion In this example the segment number 3 is recorded starting with the last
part of it, and after is recorded the rest. The important thing is the segmeists
be recorded completely before the arriving of its deadline.

_______ Client joins
1 1 1 1 1 1 1 1 1 see
¢ p) 2 2 2 e
/1) - — es

Figure A.3: A client joins at the, time
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