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Abstract

In thisreport we present a framework for evaluating performance of scheduling pre-
orchestrated multimedia information over broadband integrated networks. We propose
aset of Quality Of Presentation( QOP) parameters which quantify the quality of mul-
timedia presentation from user's point of view. The communication of mulltimediadata
in a networked environment can affect the desired QOP parameters due to jitter delays
in the network. We evaluate trade-offs between QOP parameters and the system re-
sources including channel utilization and buffering at the destination. These trade-offs
can be used to develope an optimal transmission schedule for multimedia information.

Key words: multimedia communication, multimedia presentation, temporal synchro-

nization, pre-orchestrated multimedia information, quality of presentation, fluid flow models,
timed Petri-nets.



1 Introduction

Advancesin high-speed networking technology and increasing demand for tirnely distribution
of information have resulted in a tremendous interest in variety of services which will be
available in the future Distributed Multimedia Information Systems (DMIS). Most of these
services will use someform of pre-orchestrated stored objects, e.g., video-on-demand, digital
libraries, virtual reality, education/training, CAD/CAM, etc. The pre-orchestrated nature
o the data posesa different set of challenges in management and communication than those
facedin dealing with the data generated in real-time. The major challengeisto satisfy some
pre-specified temporal constraintsamong multipleobjects at thetimed their playout. These
constrains need to be met in spite of the heterogeneity of data, varying quality of service
available over the network connections, and vastly different storage architectures. For such a
purpose, it,isimportant that the dataobjectsaredelivered in timeso that they can meet their
individual deadlines. As the data may be transmitted over multiple virtual channels from
the source to the destination, one possible way to meet these deadlines is to use intra-stream
synchronization mechanisms [15]. These mechanisms can provide flexibility in presentation
o multimediainformation by adjusting the information generation and consumption rates.

For presentation of pre-orchestrated stored multimedia information in a DMIS, data
must be retrieved in bulk and "well ahead" o their playout deadlines [10]. A scheduling
algorithm which can generate the deadlines for the transmission and presentation of the
multimedia objects is presented in [10]. Theideais to carefully orchestrate the transmission
schedule at the source site according to the constraints specified by the playout schedule
at the destination. This requires scheduling the transmission of all the objects involved in
the presentation at some time (called control time) prior to their deadlines. The method
proposed in [10] determines the control time using the largest affordable delay that can be

sustained to individual objects. This approach has a drawback since it requires extensive



buffering at the destination as the end-to-end delay experienced by an object on a channel
may vary widely in magnitude due to differencesin quality o service (QOS) parameters [(9).
The objective o this report is to present performance tradeoff between the quality o
presentation of multimedia objects and the resources needed to maintain this quality. We
consider two important network resources, the channel utilization and buffering requirement
at the destination. In order to quantify the presentation quality, we propose two Quality Of
Presentation (QOP) parameters, namely the maximum tolerable probability o buffer over-
flow (P?) at the destination and the probability that an object missesits deadline(P¢) when
transmitted from its source to the destination. These parametersdirectly affect the presen-
tation process. For example, P¢ is a measure of synchronization failure at the destination
and P! indicates the information loss due to finite buffering capability at the destination.
Theindividual valuesfor these parameters must be determined from the delay/loss char-
acteristic of thetyped datainvolved in the presentation. For example, audio and video data
are isochronous in nature, having stringent delay and delay jitter requirements. Therefore,
for this data, low values o P¢ are desirable. On the other hand, for the case df traditional
datasuch astext or graphics, large delays can betolerated but their delivery is very sensitive
to cell losses, hence low vaues of P? is needed. Our analysis provides an interplay among
these parameters and the network resources (channel utilization and the destination buffer
requirements). We show how the resource consideration including destination buffering,
and the desired QOP parameters dictate the control time. An "optimal control time" for
scheduling transmission of objectsisfound which guarantees both the quality d presentation
and the best utilization d the resources. This result can be easily extended for designing
an optimal transmission schedule for pre-orchestrated multimediainformation consisting of
multiple objects over broadband integrated networks. We assume that the pre-orchestrated
multimediainformation is stored according to Object Composition Petri Net (OCPN), which

is a temporal specification model [11].



Specifically, following are the major contributions of this report.

e We propose a set of QOP parameters which can directly characterize the presentation of
multimediainformation.

e We present analytical results which show the effect of control time on the resource re-
quirement for a specified QOP. These results provide the upper and the lower bound on the
destination buffer requirement and the channel utilization.

e We then determine the control time which achieves the best possible presentation quality
when the system resources are fixed. Accordingly, we establish a condition to determine
whether or not the transmission o an object is possible.

e Finally, we find the optimal control time which minimizes the resource requirements and
guarantees the specified QOP.

Our model is based on the fluid flow approximation which has been widely recognized
as a powerful analytical tool for the analysis of queueing systems in packet voice commu-
nication networks and ATM (Asynchronous Transfer Mode) networks (1], [4]. We consider
the information flow through the network to be uniform rather than in discrete packets/
cells. Although we assume that the underlying network is ATM based, our analysis is not
restricted to these networks.

This report is organized as follows. In the next section we introduce rate flow model
for an OCPN. The analysis regarding bounds on the destination buffering for given QOP
parameters is given in Section 3. Section 4 establishes a condition about scheduling of
multimedia objects. Section 5 provides results related to determining optimal control time

for best utilization of system resources. Section 6 conclude the report.



2 Concept of Scheduling the OCPN and the Rate
M odel

In this section we propose a rate model for the presentation process o multimedia object.
We characterize the transmission and the display processes as constant rate fluid flow, and
the overall process of presentation as a "work conserving” system (8]. Consequently we
describe a destination buffer occupancy function which is used to estimate the destination
buffering requirements. We begin our discussion with the presentation of the new extension
to the OCPN model which incorporates the performance considerations. Subsequently, we
elaborate the various processesinvolved in the transmission and presentation o an object o
an OCPN.

We need few notations for our analysis, which are summarized in Table: (2). All param-
eters with subscript ¢ refer to object O;. Bold faced letters are used to denote the random

variables and random processes.

21 The OCPN Based Temporal Specification M odel

Various models for the specificationdf temporal relationship among multimediaobjects have
been recently proposed in the literature. This include graphical model [11], [15], language
based model [14], and object oriented model, etc. Among these models, OCPN has been used
by many researchers[10], {11], [15]. It is a time-augmented Petri-Net model for specifying
temporal requirements among multimedia objects. It can model concurrency, asynchrony,
and logical precedence relations among various multimedia data objects in a simple way.

Formally, the OCPN can be defined as follows

Definition 2.1 An OCPN is a timed augmented Petri-Net based model with places P (with

cardinality | p |), transitions T (with cardinality | t |), input and output ares A, an initial



Table 1: Notations

Symbol Explaination
P Maximum tolerable probability of deadline misses
P? Maximum tolerable probability of destination buffer overflow
K; Buffer space available at the destination for O;
384 Size of object O;

ki = L1 Fraction of the object that can be buffered at the destination
A Transmission rate o object O;, \; < C; (C;=channel capacity)
i Consumption rate d object O;

mi = = = 2 | Transmission link utilization factor

i Presentation duration of object O;
e Transmission duration of object O;
7 Playout deadline d obiect O;
! Transmission start time d object O;
T? Control timefor object O;
D; End-to-end delay

Fp, (") End-to-end delay distribution

marking M,, duration of the action D, and the set of resources R.

OCPN = (P,T,AM,D,R)
P = {plap2a"'1pfp|}
T = {ti,ts,-- .t}
A {PXT}U{T x P}
M, = {m{,m3---,mf}
D = {7'117'2,"'1qpl}
R = {7‘1,7‘2,---,7‘|p|}

The initial marking M, isa(| p|,1) column vector. It representsa mapping from the set of
places P to the natural numbers:
M,:P = IN where M,(p;)=m? for i=1,2,---|p]

The D is a mapping from a set of places to the positive real numbers:

D:P - R* where D(p;)=1 for i=1,2,--.|p]|
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Figure 1: Temporal Specification using the OCPN

with 7; representing the duration of the action associated with the place p;.

The R is a mapping from the set of places to a set of resources:
R: P — {ry,rs,"..,rpy} Where R(p))=pi for i=1,2,---|p]|

where r; denotes the collection of resources required to perform action associated by place pi.

A place in OCPN represents the actual object to be presented. These objects may
be continuous media or discrete media type. An example & OCPN specification for the
multimedia presentation is shown in Fig. 1 which represents the concurrent presentation
(with start time ;) o an audio and a video clips for the duration m, and 7, respectively,
followed by text (with deadline =;) for the 3 time units.

The OCPN model has limitation that it cannot be used directly for specifying transmis-
son scheciulefor objects over a network and also does not render itself easily for analyzing
the performance o multimedia communication over a network. We propose an extension
to OCPN which can be used for evaluating the performance d network for transmission o
multimedia objects and to generate an "optimal” schedule for objects. For this purpose,

we differentiate two types of placesin an OCPN: continuous media (CM) object places and
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discrete media (DM) object places. Furthermore, noting the dependence of the buffer size
on the specified QOP, the object size and its display rate, we augment each place in the
existing OCPN definition with three new attributes; the desred QOP parameters, the size
of the object and its display rate. The new moddl is referred to as the Rate-based OCPN
(ROCPN) which is formally defined as follows:

Definition 22 An ROCPN £ (OCPN,Q,F,S,Y,R) is an eztended OC'PN with the fol-
lowing new mapping functions added to the original definition of the QCPN.

Q={q,9 ", q}: P — QOP = {'P'P"}, is a mapping from the set of places to a set
defining the desired quality of presentation, where g, defined by the P¢ and the P? represents
the desired QOP o the object represented by the place p;.

F ={fi,fz-"»fiet} : P — IF, is a mapping from the set o places to a set of functions,
where f; represents the rate of consumption o the object represented by the place p;. The
consumption rate function is defined in (1).

S = {s1,82,---,8} : P — I ={0,1,2,---}, is a mapping from the set o places to the
nonnegative integers, where s; denotes the size of the object associated with the place p;.

Y = {y1.y2,- -, ¥y} : P — {CM,DM}, is a mapping fromthe set of places to a set o
types.

R={ri,rs, -+, rp}, isa mapping from the set of placesto a set of resource types [11]. We

propose the following tuple for r;
T é {C.‘,K.‘}

Where C;, K; respectively denote the capacity d the virtual link available for the transmission

and the destination buffer space available for the object represented by place p;.
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Figure 2. Timing diagram for Object Synchronization

2.2 Synchronization Consideration Due to Network Delays

For synchronization of multimedia objects over the network, we use our previously proposed
prescheduling strategy (10], which requires that for an object O; to meet its deadline =,
sufficient control time (77) must be adlowed to overcome the end-to-end. delay (D;) from
the transmitter to the destination. If network delays are deterministic, then it is trivial
to ensure safe scheduling. However, network and jitter delays are random and introduce
unpredictable latencies in the playback of media objects. This is undesirable, especially
for continuous media presentation where data must arrive at the destination at an amost
constant sate. Evenin thecased discrete media, dueto the synthetic temporal relationships,
a fixed arnount d data must arrive at the destination at some specified time. Hence, it is
necessary to choose Tf to be at least equal to the end-to-end delay, D;, such that scheduling
d an object for transmission at time, =7 = m; — T guarantees successful synchronization as
illustrated in Fig. 2.

The total end-to-end delay D; has the following main components:

e Propagation delay (D?™°"): It represents the time it take energy to move from the



source to the destination (also called the latency o the channel). If we assume that
the transfer o information take place at the speed o light (C), then this delay can be
approximated by

D =L/C

Where, L¢ represents the distance between the source of the object O; and its desti-

nation. Clearly, this delay is constant for a given object.

e Transmission delay (D!™*"*): This denotes the time it take to pump one unit o con-
sumable information into the link. We define the consumable information as an entity
that can be played out at the destination, e.g. one video frame, an image. Let, s™"
IS the minimum size of one unit of consumable information and A; is the transmission
rate., then

min
3

N

trans __
Direns =

Hence, the transmission delay depends on media type of the object and the available

channel capacity.

o Jitter delay (D?): This variable portion of theend-to-end delay, is caused by the queue-
ing within network buffers which resolve the output contention occurring in switching
and multiplexing stages. Let Fpi(-) denotes its distribution function. Several results
have been reported (e.g, [3]-[16]) stating approximate close form expression of Fp?(:)

in virtual circuits.

Hence, the total end-to-end delay (D;) can be characterized as

D; = DI + D{™*™ + D}
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Let Fp,(-) isthedistributionfunctiondof D;. Asthecomponents, D™°? and Di"e" constitutes

constant delaysfor a given object, therefore
Fp,(§) = Fpl(§ — (D™ + DI"™?))
23 The Rate Model of Presentation Process

Therate model is based on thefluid flow assumption that the information flow in and out of
the destination buffersis uniform rather than in discrete packets/ cells. Thefluid assumption
generally provides accurate results for the case when the packet size is small as compared to
thetransmissionrate [8]. Fortunately thisistruefor ATM based integrated, networks as these
networks can operate at rates which approach gigabits/sec, while they have fixed size cells
that areonly 53 octets long (2]. Hence, it is possible to ignore the discrete nature of the data
and treat; it as a continuous bit stream {1]. Based on fluid flow assumption, we can divide
the overall process of object retrieval and presentation into threedistinct processes, namely;
transmission process, arrival process and consumption process. Each process conserves the

fluid involved in the presentation.

2.3.1 The Transmission Process

We model the transmission o the object O; as a continuous bit stream flowing at a constant
rate, A;, such that A; < C;. Hence, the transmission process, ti(t,=;) can be described by

the following equation.

oAt =-w) R <t< s
it m) = { 0 otherwise

where r denote the object transmission duration and = is the start transmission time for
the object. Object transmission duration depends on its size and the transmission rate

(r? = s:/A\). The transmission process is represented by a line (¢;(¢, 7)) in Fig. (3) which
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Figure 3. Buffer occupancy diagram for the object O;.

indicates that the transmission d the object starts at some time =7 and it continues for the

duration ¢ at a constant rate A.

2.3.2 The Arrival Process

The arrival process, ai(t, a;), describes the stochastic behavior o arrival o the traffic, gen-
erated by the transmission process, at the destination. The arrival process depends on the
transmission process and the end-to-end delay distribution. In our analysis, we assume that
the input traffic is controlled by the adequate traffic rate control mechanisms. Under this
assumption, it is known [6] that the end-to-end delay jitter isin the range d the maximum
transfer delay of one queueing node on the channel. Hence, we can consider that the end-
to-end jitter distribution is identical for all the subsequent cells of O; (as argued in [12])
and the object arrival rate at the destination is the same as its transmission rate. Note,
we do not assume the same delay distribution for all objects, as we consider heterogeneous
channels for the transmission o the different objects. These assumptions, along with the

fluid assumption, are needed to make the analysis tractable. Under these assumptions, the

12



arrival process a;(t, rR;) can be described by the following stochastic fluid flow equation:

a‘-(t 7|-.)= )\;(t—m+w,~) if W;—U;Stswi—w'.-{-rl_a
o 0 otherwise
where w; denotes the random wait timefor O; at the destination beforeits presentation can

start, and is given by
w;=Tfr-D; ;w;€R

For the case when w; < 0, destination has to wait for O; to arrive. Thisresultsin "starvation"
at the destination. Without loss o generality, we assume that for this case, some default
presentation continues until the object is received.

The arrival process for the case when w; > 0 is shown in Fig. (3) by the line a;(t, =)
which indicates that the arrival of O; at the destination starts at some random time 8; and

IS maintained at a constant rate thereafter for the duration 7.

2.3.3 The Consumption Process

The consumption process represents the outflow o O; from the destination buffer for its
presentation. We model this process as a constant rate process for CM objects, therefore if

€M (t, ;) denotes consumption of the CM object O;, then

I/‘i(t—ﬂ'i) fm<t<m+n

M
1 0 otherwise

(4 =\ =
\b,ll|) —_—

Here p; represents the rate o consumption d O;. This processis shown in Fig. (3) by the
line Ci(t, ;). For DM objects, we can view this processas an instantaneous process because
the whole object is a single entity. Therefore, we model consumption rates for DM objects

as a Dirac deltafunction,

chM(t’ Wi) = 5(7!',‘)

13



Formally, we define a consumption rate function f; associated with place p; in an ROCPN
as.
] o ify(ps)=CM
fi= { §(r) ify(m)= DM (1)
2.3.4 The Buffer Occupancy Function

We define the buffer occupancy function for O; as the differenced the arrival function and

the consumption function, i.e.,
bi(t,m) = ai(t, ) - ci(t,m) Vt,¥j ;bi(t,m)eR

Again, b](t,r) < 0 represents the case of starvation at the destination.

Fig. (3) shows the buffer occupancy function b;(¢, ;) when 0 < w; < r?. Since §; < =,
the object has to wait in the destination buffer which resultsin a linear increasein b;(t, #;)
at rate A; up to the playout start timed theobject, m;. Asw; < 17, i.e. the random wait
timeisless than the transmission duration o the object, therefore for a duration defined by
[7i, 1r,-+rf —w;], theobject arrival and consumption processesoverlap. Hencefor this period,
b;(t, 7;) increases at a rate equal to difference in object arrival and consumption rates. For
the rest of the presentation duration, the contents o the object aready stored in the buffer

are consumed at rate g;.

From now on we will drop the superscript for continuous media object.

3 Buffering Requirements at the Destination

In this section, wefind the minimum and the maximum buffer required at the destination for
an uninterrupted presentation of the object O;. A major concluson d this analysisis that
the transmission rate and control time dictate the buffering requirement at the destination.
We consider the case of channel sufficient system [15], hence throughout our discussion we

assume that (C; < A < ).
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3.1 Minimum Buffering Requirement

We first consider the case of CM, for which buffering is required before the start of its
presentation in order to reducethe jittering effect. Additional bufferingis also needed if there
is any asynchrony in arrival and consumption processes. The minimum buffer requirement
largely depends on channel utilization. An increase in this utilization results in a need for

more buffering. This dependence is described in the following theorem.

Theorem 3.1 For an uninterrupted presentation of a CM object O;, the minimum buffer

space required, b™™, is given by
Pt = (1=pi)si=(1— )8 ;m =1

Where p; is the ratio of the consumption rate to the transmission rate for O; and n; = pl is

the channd utilization factor.

Proof: For successful presentation of the CM object O;, minimum buffer spaceis required
for the case when w; = 0, i.e. when no buffering is required for jitter compensation. Under
this ideal situation, maximum overlap equal to the object transmission duration (r7) occur
between object arrival and its consumption processes. Hence, a part o the: object, u;7? can

be presented without buffering. Thus, the minimum buffer space required at the destination

isgiven by
b:-m.n = 8 — u;t’
= (1 - %&)8,’
= (1-pi)si
= (1-3)s

This theorem provides a lower bound on the buffer size needed to compensate for the
differencein the arrival and the display rates. Later in the report (Section (5)), we provide

a better bound on the buffer size as we consider the QOP parameters.
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For a DM object, we need to bufferthe wholeobject beforeit can be presented. Therefore,

for this case 5™PM = g,
3.2 Maximum Buffering Requirement

For DM objects, the maximum and the minimum buffering requirements remain the same
and is given by §™™PM _which is equal to the size d the object. However, for the case of
CM object, buffering of the completeobject is neither required nor desirable as these objects
typically involve huge amount of data which can be continuously consumed. For this data
the expected size of the maximum buffer depends on the selection of the control time, 7.
In this section, we show that a proper selection of T¢ can result in a significant reduction in
the destination buffering requirement.

The maximum buffer size consists o ™™ and an additional space to reduce the jittering

effect. Thisis stated in the following theorem.

Theorem 3.2 The buffer space requirement at the destination for the CM object is a random

variable, with expected value given by

(1 = pi)si + % Fpi(T7)s;

Bl
(1 - pi)si +7(1 = P)s; (2)

ton

Where -+, denotes the random fraction of the time for which the object has to wait at the
destination buffer before its presentation can begin.

a Random wait time Wi
Yi = Total life of the CM object

This can be interpreted as the jitter compensator to reduce the jittering effect over the pre-
sentation. #; denotes the expected value of the jitter compensator.

Ts - D

7

i = E[‘Yf] =

P¢ represents the tolerable probability of buffer overflow. and Fp,(-) is the end-to-end delay

distribution function.

16



Proof: Consider the following cases:
Cse l. 0 S w; <7}

The buffer occupancy function for this case is plotted in Fig. 3, and is given by

A;(t—ﬂ'."l'w;) if mi—w; <t <m
bi(t, ) = (Mi—p)t=m)+dw; Fm<t<m—-w+7
e 8i — pi(t —m;) if 7i—w;Trf<t<m+mn
0 otherwise

As ); > 0, b;(t,m;) is strictly monotonically increasing in [#; — w;, =], and also in [m, mi —
w; T r?]. Asu; > 0, the buffer accumulation function is strictly monotonically decreasing
over [m; —w; T 1o m + 7;]. Furthermore, b;(t, ;) is continuous at t = m; — w; + 77 as both
left and right hand side limitsexists and are equal to value of function at this point. Hence,
it has a unique maximumvalue, b?** in [r; = w;, = T 7] where

by?a2 bi(mi — w; T 77, m)

(A = pa)(r2 = wi) T hwn)
A = i — wi)

si = pir! — wi)

8; — $5; + piw;

(1 = pi)si T i

il

If «y; denotes the fraction of the timefor which the object waits in destination buffers,

Wi

>

i
Ti

then
bre® = (1 —pi)si +v;si

Case 2. w; 2 1:>0

This is the case when we receive the whole object prior to its deadline and thus, b;(t, 7:) is

given by
Nt-mtw) ifm-—w<t<m-wtr
LN ifTr,'—w,-"'T,-’StSm
bi(t,m) = .
si—pit—m) m<t<m+n
0 otherwise

17




Using similar arguments, as in case 1, it can be shown that the maxima of b;(t, =;) occurs
at m — w; + 77, and

bper = bi(m ~w; T2, m)
- 8

Case 3. —=(ri— 1) Sw; <0
In this case, the arrival of the object starts after the expiration o its deadline but the whole
object is received during the playout of the object. Without loss of generality, we consider
the case when the presentation starts as soon as the object is available and continue at the
same rate till its expected end-of-play. Under this assumption, the buffer accumulation is
given by
{ M= p)(t—mitw) ifm—w <t<my —witT
bi(t,m) = si—m(t—(m~wi)) ifm—wi+r <t<m—w
0 otherwise

We can show that the maximadf b;(t,a;)occurs at m; — w; T 72, and

bre® = bi(m —w;+ 77, m)
= (Ai—p)r}
= s —sif
= (1 —pi)si

Case 4. —(ri—=7¥) Sw; < —7
Under the same assumption as in case 3, the buffer accumulation function increases at the

rate (A; — u;) for the duration =,— | w; |. Hence,

bre? = (A — wi)(n — wi)
= (1- ‘7’1‘)1_;;&3:'

Case 5. w; < —7;
In this case, the whole object is missed, therefore, b™** = 0.

Using the expression for the b™** found above, the expected value of' maximum buffer
required can be found.

Ebret] = ;P{w; =7} +[(1—pi)si +3:s:]P{0 Sw;i < 77} +
(1= p)siP{=(ri = 7) Sw; S0} + (1 = 7)SEsP{~(n — ) Swi < -7}

18



Manupulating the above expression, neglecting termslike P{w; < —=;} and substituting the

required probabilities in terms of end-to-end delay distribution, we can gd;

BB = (1 p)si+uFou T

In equation (2), the first term represents 6™ while the second term denotes the buffering
required for jitter compensation. It can be noticed that the buffering required to reduce the
jittering effect due to non-deterministic delays in the network on the presentation process
depends on the end-to-end delay distribution and can be controlled by selecting an appro-
priate value for T¢. For a properly selected 77, the tail o the jitter distribution function
(FD{ (+)) determines the buffering requirement (distribution function with sharp tail implies
less buffering). Hence, networks with low jitter variance are desirable.

If jitter delays are not properly compensated for, the deadline missesfor the objects can
occur. On the other hand, over compensation requires more buffering. Therefore, there
exists a trade-off between buffer utilization and the QOP. This trade-off is discussed in the

following section.

3.3 Peaformance Trade-offs

In this section we elaborate the effect of 77 on one o the QOP parameters, 'P,-‘, and the
required buffering at the destination. We consider an example of multimedia presentation
of a video clip consisting o 18 Gbit, which is retrieved over the network, operating at
300 Mbit/sec. We assume that the end-to-end delay jitter has a Gaussian distribution, an
assumption supported in [12], [13], {10]. In order to estimate the average jitter delays, we
assume that each switching node over the virtual channel isan M/M /1 queue with utilization
factor, p = 0.50 [7]. With transmission speed A; = 300 Mbits/sec, one unit of consumable

information (one video frame d size s™" = 10 Mbit) experiencesa jitter delay of the order of
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iss) = 60.0 milliseconds. Assumingthat on the average 5 switching nodes are encountered
on thischannel and all haveidentical traffic environment, the expected end-to-end delay can
bed theorder o 300 milliseconds. Such low end-to-end delaysare realisticin ATM networks
as they are expected to provide high throughput with low end-to-end delay [5]. We further
assume that the variance o the delay distribution is10 milliseconds Assuming an end-to-end
distance d 3000 miles, the propagation of data at the speed o light yields a propagation
delay o 5 milliseconds. Note that these assumptions are made for numerical results only.
Our analysis is not restricted to any particular network environment.

For this example, the effect of 777 on the buffering requirement at the destination is shown
in Fig. 4(a). For the purpose o illustration, this curveis divided into three regions (for the
case when p; = 0.5). It can be seen that selecting an arbitrary large control time (7¥)
increases the buffering requirement at the destination, i.e., as 77 — oo, £(b™**] — s;, which
isthesize of the whole object. As can be noticed, for asmaller control time: (77 < D;, region
R,) the required bufferingis (1= p;)s; and is only needed to compensate for the difference
between the transmission and the consumption rates. This is because, in this case, the
object does not have to wait in the destination buffer for its playout to start. Therefore,
both the arrival and the consumption processes overlap during the complete transmission
duration (7) o theobject. If wechoosesmall T¢, the "buffering effect” d the network helps.
However, if the network transmission rate increases, this buffering effect diminishes, as we
can notice from Fig. 4(a) that an increase in channel utilization increases the demand for
destination buffer space. For the case when p; # 1, the part o object given as (1— p;)s; needs
to be buffered to compensate for the rate differencesbetween the arrival and consumption
processes.

For a given transmission rate, if 77 is increased beyond D; (region R;), then we observe
an almost linear increase in buffering requirement. This observation is consistent with our

intuition as larger control time means early scheduling o transmission of: O; and hence an
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early arrival d the object. Therefore, the part of the object arrived prior to its deadline
needs to be buffered. In region Rs, when Tf > D; + r?, excessive pre-fetching upto the size
d the whole object, necessitates a buffer size which is equal to the sizedf the object. Thus
scheduling the object with such TF does not take any advantage o the network buffering
effect. Note that the transmission duration may be fairly large as r? == p;r;, hence by
a "proper" selection o TF we can reduce the buffering requirements by a huge amount
especialy for objects with longer duration.

Fig. (4 (b)) indicates that in order to reduce P¢, we must pre-fetch the data earlier
enough which in turn increases our buffering needs. However, it is important to note that
even for arbitrary low values of P¢, we are not required to buffer the whole object. This is
because o the fact that increasing control time beyond some value (this value depends on
the mean and the variance d the end-to-end delay) does not result in significant decrease
in P?¢ (see Fig. 4 (c)). Hence, with a proper selection of 7 it is possible to reduce the
destination buffering requirements by a significant amount. Fig. 4 (c) provides the desired
optimal value for the control time for a given valuedf P¢. We notice that for agiven T¢, an

increase in channel utilization does not have any significant effect on the P24. Fig. ( 4(d))

summarizes these trade-offs.

4 Object Scheduling: QOP Considerations

In this section we consider the case when resources including channel utilization and buffer
Size at the destination are fixed and determine the best value o 77 such that the specified
valuesd QOP parameters (P¢, P?) can beguaranteed. Through thisanalysis, weestablish an
upper bound on T for a given valued P? and fixed buffering capabilities at the destination.
We also provide a lower bound on T¢ which guarantees that the resulting miss probability is

less than the specified P¢. Subsequently, we identify a condition for schedulability of objects
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in terms o network resources (K; ,C;) and the QCP.

4.1 Destination Buffering Consideration

For afixed buffer size at the destination, we need to avoid excessive pre-fetching of the object
prior to its deadline, otherwise buffer overflow can occur. Thisin turn bounds7y as stated

in the following theorem.

Theorem 4.1 In order to bound the probability of buffer overflow at the destination within

a specified limit (P?), T¢should satisfy the following inequality
TP < Fp, {(P)) + ki — (1 — pi) (3)
where k; = K;/s; denotes the fraction of the object that can be buffered at the destination.
Proof: In theorem (3.2), we found
Ebre] = (1-p)si+%(1 —Pf)si

To avoid buffer overflow, we would like to bound E[b™*#] by some fraction of the maximum

available buffer space, K; ,i.e.,

(1-pi)si t (1l = Pds; < riKi
> (1-p)+E221-P¥) < nik;
= Tr < Dit elrik — (1 pi)lm

Where, 0 < r; < 1is the design factor whose value must be dictated by the maximum
tolerable probability of buffer overflow, P?. For an arbitrary low P¢, the upper bound on

control time can be found from the following equation

T < D,‘ + [T;]C,' - (1 - p,')]T; (4)

)

Next, we need to find some suitable value for the design factor, r; for a given probability of

buffer ovearflow. Note that
P
= P!

P{b** > K;}
P{(1 - pi)si + %’i-isi > K}
P{D: < T7 = [k— (1 — pi)I7}
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For largest. value o control timefrom (4), we can write

'P‘b = FD,'(D,'—(I —r,-)k,-r,-)
o = 1- DR 0Y (5)

kits

If Fp,~! denotes the inverse distribution function for the end-to-end delay then

kir;

Now from (4) we found the following bound on the control time T7

T < Fp; ' (P))+kimi— (1—pi)m

In Equation (3), the term k7 represents the portion o the total playout duration o the
object for which the object is already stored in the buffer. Fp;~'(P?) denotes the relaxation
on control time for tolerating buffer overflow. The term (1= p;)7; represents the effect of
the channel utilization on T¢. Note that for a given buffer size, higher channel utilization
requires small T? in order to maintain the desired P?.

For a DM object, as mentioned earlier, we need to buffer the entire object. Hence for
a given buffer with size equal to the size d the object, there is no upper bound on the
control time. Thisis true for the case o CM object aso if such buffering capabilities at the

destination are available.

4.2 Missing Deadline Consideration

As mentioned above, in order to reduce the destination buffering requirements, transmission
of the object with an arbitrary large control timeis not practical. Hence, we would like to
find the earliest possible schedulable time which satisfies the given P¢. Such T¢ is given by

the following theorem.
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Theorem 4.2 In order to ensure that the P# remains bounded within the specified limit, the

control time must satisfy the following inequality
T 2 Fpi'(1-P)) (6)

Proof: 1If A\; > u;, then the probability o deadline missesisequivalent to probability that

object arrival time(8;) isgreater than the deadlined presentation of object. In other words,

’P,d PT‘{G.’ > 1l',‘}
Pr{w; < O)
Pr{T¢ - D; <0)
Pr{D; > T7)
1 - Foi(T?)

Il u

ol

In other words, more strict requirementson deadline misses force control time to be larger
than some minimum value given in Equation (6). This restriction on T need to be observed
for both CM and DM objects. Notethat the channel utilization does not have any significant

influence (expect a small changein transmission delays) on this lower bound.

4.3 Schedulability Condition and Schedulable Region

Since, a ,givenP¢ forces a lower bound on T¢, while a constrain on P? does not alow T¢
to exceed some value, there exits a range o T¢ which can guarantee the desired QOP. This
section establishes a condition for the schedulability and discusses how different parameters
including, P2, P?, k;, and the transmission link utilization (7;) effects this condition. This

condition is given by the following theorem.

Theorem 4.3 Given a transmission rate \; , a finite buffer pace K; < s; at the receiver,

and the desired values o P? and P?, the object O; is schedulable iff

Fp,”'(P?) + kiri — (1 — $)n 2 Fp 7' (1-PF) @)
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Proof: =: We define that an object is schedulable if we can find somt: control time T¢
such that transmission of object at timem; — TF guarantees that presentation at the receiver
will satisfy the specified values o QOP parameters. Such T7 needs to satisfy conditions (3)
and (6), i.e.,

Fp,7'(1-P¢) < Tf < Fp; '\(P) 4+ kimi—(1—-8)n V <X <G

§

«: If condition in Equation (7) is satisfied then we can find some control time, 77 such that
Fpo,7'(1=-PH+ < Tf < Fo,'(P) +kim— (1 - §)n

The control timefound can be used to generate a schedule which can meet the desired QOP.

The inequality in this theorem can be used to identify the schedulability region, in a
three dimensional space spanned by the tuple (P?, P¢, T¢) for which the transmission of O;
isfeasible. These regions are shown in Fig. (5), for the example used in Section (3.3). Each
plot shows two surfaces, an upper surface ;, defined by the equation T¢ = Fp;~}(P?) +
kir, —(1-- ﬁ—:ﬁ)r.- and a lower surface 8,, defined by T¢ = Fp,; (1 — P¢). The valuesfor tuple
(P?, P4, TF) that liein region defined by theintersection of the $; and the S, (above S; and
below &1) correspond to afeasible transmission schedule. The valuesof the QOP parameters
in an unschedulable region cannot be guaranteed (for the given set o resources). The size
o the schedulable region represents the flexibility in choosing arbitrary values for QOP
parameters. This size increases with an increase in the destination buffer size and decreases
with an increase in the channel utilization. For example, with an increase in destination
buffer size [Fig. 5 (b)], an object with a given QOP which was unschedulnble in [Fig. 5 (a)]

IS becomes schedulable. For a given buffer size, the size o a schedulable region decreases,
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due to an increase in transmission link utilization [Fig.5 (c)]. This provide a trade-off in
terms o the QOP, the destination bufferingand the channel utilization.

For the case of discrete media the whole region above the surface S, [Fig. 5 (d)] is
schedulable because, as mentioned earlier, such an object needs to be buffered prior to its
presentation. Thisisalso truefor a CM object with k; = 1.

In Section (5) we discuss how to choose "optimal” control time which can not only

guarantee the desired QOP but also minimizesthe resource requirements.

5 Optimal Control Time for Minimum Resour ce Re-
quirementsto Guarantee QOP

In order to maintain the desired quality of presentation at the destination, it is important
that some: minimum amount of system resources (buffer at the destination and channel
capacity) should be dedicated. In this section, we find bounds on the resources needed to
satisfy the! desired QOP. We also find the crossponding control time to guarantee the desired

QOP as well as to minimize resource requirements.

51 Minimum Buffer Requirement (Fixed Channel Utilization)

Theorem (3.1), provides a loose bound on the buffer space required to support real-time
presentation of an object at the destination. This bound only takesinto account the buffering
required to compensatefor asynchrony in the transmission and consumption processes. Some
additional buffering is needed in order to satisfy the QOP parameters. The following theorem

states a tighter bound on the minimum buffer requirement under new considerations.

Theoremb5.1 For a given transmission rate A; and a desired QOP, the minimum buffer

required at the destination is

: ~1(1=Pd)—_Fpy . ~1(P
K = (1 -pi)si+ Fp,(A-PI-Fp, W (),

or kM = (1-pi)+ R

a2 Fp, 1Y ®)

Ti
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The control time that can achieve this value and the desired QOP is
Too% = Fp, Y (P)) + k™nr — (1=p)7 9

Proof: For a given transmission rate (A;) and desired QOP, theorem (4.3) states the
following condition for schedulability
FD'._‘(’P.!’) + k.'T; - (1 - !;—:)T,' > FD,'—I(]. - ’P'd)
= k > (1- pi) + FDi—l(l"p.’i)."‘FDi“l(‘p?)

s

According to this theorem, if the available buffer space at the destination is at least K™
, and the object transmission rate is A then scheduling the object witlh TP guarantees
the desired QOP. Fig.(6(a)) and Fig.(6(b)) shows this minimum buffer for various vaues of
QOP parametersfor the case of p; =1 and p; = 0.5, respectively. The values o parameters
selected are the same as used in Section (3.3). The surface shown in these figure represents
the minimum resource requirement surface for a feasible schedule, i.e., each point on or
above this surface, represents a feasible schedulable that satisfy the schedulability condition
(Equation (9)) and the QOP. Therefore, for a given QOP the crossponding point on the
surface denotes the minimum size of the buffer needed to attain this QOP. By comparing
height of the surfaces in Fig.(6(a)) and Fig.(6(b)), we can deduce that an increasein channel
utilization results in more buffering needsfor the same QOP. Thisisintuitively obvioussince
for increase in channel utilization, an additional amount ((1— p;)) o buffer is need for rate

compensation.

5.1.1 Further Buffer Minimization at the Cost of Channel Utilization

By adjusting the transmission rate to a suitable value, one can further reduce the required
buffer space at the destination. The following theorem describes the optimal transmission

rate which minimizes buffering requirement at the receiver.
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Theorem 5.2 For a given set o QOP parameters the receiver buffer requirement is mini-

mized when the object transmission rate matches the object consumption rate, i.e,

/\l.nin buffer
L]

=l["

The size of the minimum buffer is given by

Fp,'(1 = Pf) + Foi ' (PY)

Lmin __
k;
T

Proof: In theorem (5.1), we found that for a given transmission speed, minrimum fraction
of object that need to be buffered at the receiver in order to satisfy desired quality o

presentation is given by

FDi-l(l—?u’d)—FDi—l (p'b)

Ti

Ern(h) 2 (1 )4

Recall that both probability of buffer overflow (see Equation 5, 6) and probability of deadline
misses (see Equation 6) are independent of the transmission rate. Hence, function k™™ (X;)

has attains its minimum value when A, = ;. |

The size o minimum buffer for the case when there is no asynchrony in object transmis-

sion rate and its consumtion rate is given by the following corollary.

Corollary 5.2.1 For the case whenthe transmission rate is equal to consumption rate, some
buffering at the receiver is still needed in order to satisfy the QOP parameters.- The size of

the minimum buffer is given by

Fp;7'(1 — PY) + Fp,”'(P?)

Ti

j.min
KM =

5.2 Maximum Channel Utilization(F xed Buffer)

If we assume that enough capacity is available on the channel to support transmission of

the object, then for a given buffer size, we can find the maximum rate of transmission for
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best channel utilization. For a given buffer size, channel utilization is limited mainly by
Pb. Therefore, there exists an upper bound on channel utilization given by the following

theorem.

Theorem 5.3 If 3 A < C; such that

mazr 1
L= ™ = N YR O o Y ) (10)

A4

where n*** = ——, then object O; can ke transmitted wing the following optimal value of T7

T = Fo, (P + b= (1= ) "

This control time guarantees the desired QOP and mazimizes the channel utilization.

Proof: From theorem (4.3), it is obvious that for a given buffer size K; = kis; < s; and
the QOP parameters, object O; is schedulable iff we can find g; < A#* < C; such that

schedulability condition (7) is satisfied. Therefore we need to satisfy the following condition

Fp, H(PY) + ki~ (1~ g 2 Fo,~'(1-PY)

= /\;gch < #i
= Fry. - 1(1=Pd) =iy . —1(PD)
1—kip 2R CZPO=Fp 7 (P

The above condition coupled with g; < A¥¢* < C; completes the proof. 1

For the same set of parameters used in Section (3.3), Fig.6(c) and Fig.6(d) show channel
utilization verses QOP parameters for the case k; = 0 and k; = 0.25, respectively. The
surfaces shown in these figures represent the maximum channel utilization for a feasible
schedule, i.e. for each point on or below this surface, we can find a schedulable control time
from Equation (11) such that the desired QOP parameters are guaranteed. By comparing
height o the surfacesin Fig. 6(c) and Fig. 6(d), we can deduce that an increase in available
buffer size at the destination alows us to operate the available channel to its maximum

utilization.
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6 Concluson

In this report, we have presented a framework for evaluating performance of scheduling
pre-orchestrated multimediainformation over broadband integrated networks. We have pro-
posed a set o Quality Of Presentation (QOP) parameters which quantify the quality of
multimedia presentation process from user's point of view. We have presented, trade-offs
between proposed QOP parameters and the system resources which include channel utiliza-
tion and buffering at the destination. Based on these trade-offs, one can design an optimal

transmission schedule for multimediainformation both at the object and ROCPN leve.
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