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ABSTRACT

Performance Analysis of Broadband Multimedia Wireless

Communication Networks
Thimma V.J. Ganesh Babu, Ph.D.,
Concordia University, 2001.

The designing of broadband multimedia wireless network systems should aim
at achieving mazimum utilisation of wireless resources through statistical multiplez-
ing, while. at the same time satisfying the Quality of Service(QoS, ') requirements of
multimedia traffic. In this research, we consider a priority based scheduling strategy.
suitable to the terrestrial/satellite wireless environment. The multimedia traffic is
categorised into real-time (voice and video connections) and non-real-time(data con-
nections) depending on whether it is delay sensitive or loss sensitive. The fized size
packets generated by each of the aggregated voice, video and data sources from all user
terminals in an uplink beam, are modeled as a 2-state Markov modulated Poisson Pro-
cess (MMPP). Using the counting process of real-time traffic. the real-time packet loss
probability has been evaluated at the uplink. Based on the equation governing the non-
real-time packet queueing process at the epochs of the beginning of each frame and by
using an embedded Markov chain analysis, the elements of the transition probability
matriz are derived. Using the matriz-geometric technique. the occupancy distribution
non-real-time packet queue is evaluated. The illustrative results for different cases of
traffic miz are presented. Further, we outline the analytical derivation for obtaining
covariance function of number of real-time and non-real-time arrivals to a particu-
lar downstream link through the switch. We match the covariance function values at
different lags with the covariance function of 2-state MMPP at corresponding lags in
order to obtain the parameters of approzimating 2-state MMPPs. Based on this. and
using the single queue model of the uplink, we describe the procedure for evaluating
the performance at the downlink. A simulation model has also been developed in order

to assess the effects of the various approzimations required for the analytical model.
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Chapter 1

Introduction

1.1 Multimedia Services on Wireless Networks

The concept of telecommunications has evolved from providing simple telephone com-
munication services to versatile multimedia services. Because of the transition from
analog communications to digital communications. variable bandwidth requirements
of multimedia services can be provided by a single ubiquitous communication net-
work for mobile. fixed or home users. The ITU (International Telecommunications
Union). has developed an unified architecture called IMT-2000 (International Mobile
Telecommunications-2000), for supporting ubiquitous communication from anywhere
in the world. Wireless communication becomes an essential part of this architecture.
as providing wirelines to users in extremely remote places becomes economically in-
feasible. For this purpose. IMT-2000. includes both satellite based and terrestrial
wireless based communication in its architecture [12], to provide global coverage.
ITU-T (ITU-Telecommunications Sector), defines the networks aspects, while [TU-R
(ITU-Radiocommunications Sector) defines the radio aspects of this architecture. Re-
cently, ITU has been developing standards for the Global Information Infrastructure
(GII) [13], for providing global interconnectivity and interoperability.

In United States, the Satellite Communication Division (SCD) of Telecommu-

nications Industry Association (TIA), is working on providing standards for satellite



communications, with a focus on interoperability and spectrum issues. The SCD
organises its operation, through the TR-34 Committee. Satellite Equipment and Sys-
tems, and its related subcommittees, namely, TR-34.1 Communications and Interop-
erability, and TR-34.2 Spectrum and Orbit Utilisation. Engineering Subcommittee
TR-34.1. in conjunction with the Communications and Interoperability Section ( CIS)
works on various issues and problems of interoperability between and among terres-
trial and satellite networks. This subcommittee is mainly focusing on GSM. ATM and
Internet and their seamless operation over satellite networks. It has defined a set of
satellite based ATM network architectures for future physical layer specifications. The
architectures defined by TR-34.1 can be broadly grouped into two categories: Satel-
lite ATM (SATATM) architecture for transparent (bent-pipe) satellites and Satellite
ATM (SATATM) architecture with on-board switches [13].

The Satellite networks themselves can be Geostationary Earth Orbit (GEOQ).
Medium Earth Orbit (MEO) or Low Earth Orbit (LEO) based constellations or com-
binations thereof. Any satellite architecture has two basic components. namely. earth
segment which includes user terminals/earth stations and network control center, and
space segment which has the complementary hardware and software components on
the satellite [21] [22]. There are three types of commonly deploved Ka-band satellite
network architectures namely, bent pipe. multiple spot beams with inter-beam con-
nectivity provided by terrestrial networks and multiple spot beams with inter-beam
connectivity provided by on-board switch [5]. Earlier satellite systems provided Nar-
rowband Integrated Services Digital Network (N-ISDN) capabilities to Very Small
Aperture Terminals (VSAT) [14] through a “bent pipe” transponder with the switch-
ing of traffic performed by the central hub on the ground. But. the new generation
satellite systems use mutiple high gain spot beams with on-board switching and pro-
cessing capabilities to provide broadband services. The multibeam configuration with
on-board switching has the following advantages over the central hub based architec-

ture.
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® Because of the use of the Ka frequency band (20/30 GHz), and the high EIRP
and G/T of satellite antenna due to significantly reduced coverage of the high
gain spot beam, both the antenna size of earth/user terminal and the power of
the transmitted signal can be made smaller. Thus, this multibeam configuration
allows the use of small, inexpensive user terminals. This enables providing

Direct-to-Home (DTH) multimedia services at a reasonable cost.

e Easy configuration of private virtual networks. since better traffic isolation is

possible.

e The link performance is improved due to on-board demodulation and remodu-

lation. since uplink and downlink transmissions can be optimised individually.

Since satellite systems are power. bandwidth and weight limited, the design of
space segment which involves the design of RF transponder. on-board control compo-
nents. on-board memory size. etc.. should be carefully performed. This care in design
is reflected in the ground segment as well. Tradeoffs must be made with respect to the
complexity, power and weight requirements for providing on-board buffering, switch-
ing and processing features of the satellite network. A large number of commercial
systems (Teledesic (USA), SPACEWAY (USA), ASTROLINK (USA), CYBERSTAR
(USA). CELESTRI (USA), N-STAR (Japan), WEST (ECUROPE), EUROSKYWAY
(EUROPE), SKYBRIDGE (EUROPE)) [15] [16] have been proposed from all over
the world at the Ka frequency band. targeting multimedia services at high data rates
mainly to fixed and possibly to mobile user terminals.

The on-board switching based multibeam satellite network architecture, can
be either circuit switching based architecture or packet switching based architecture
or a combination of both (hybrid architecture) [4]. Intermediate between the two
there is also burst switching based architectures which is basically circuit switching
at the burst level [76][77][89][90]. The issues involved in burst switching are similar

to circuit switching (in terms of implementation complexity). Although the circuit

3



switching based architecture is simpler to implement, compared to packet switching
based architectures, it results in poor utilisation of satellite capacity. This is because
most traffic types are bursty and have associated peak bit rate and average bit rate.
The circuit switching based architecture allocates a circuit, i.e., a channel at the uplink
(from user terminals to the on-board switch) and the downlink (from the on-board
switch to the user terminals) with the capacity equal to peak bit rate to such traffic
types and during the times when the source of such traffic types, is not generating
traffic at the peak bit rate. the unused residual capacity cannot be reallocated to any
other traffic source and thus goes to waste. On the other hand. with packet switching
based architectures. due to statistical multiplexing, allocated capacity is relative to
the average throughput requirement. The traffic information is packetised and queued
for transmission until the capacity is available. Thus. this results in higher utilisation
of capacity, although there are additional issues of designing suitable protocols, traffic.
congestion and admission control. to be taken care of. In particular. because of
the statistical multiplexing, the packets experience stochastically varving delay due
to buffering and loss when the buffer is full. Moreover. some traffic types cannot
tolerate more than certain amount of delay and loss: the tolerance of such traffic
types is specified in terms of required quality of service. Of course, with peak rate
allocation of channel capacity in the case of circuit switching based architecture. there
is no loss and delay of information apart from propagation delay. The main factor
involved in choosing packet switching based architecture against circuit switching
based architecture, is the improved utilisation of the satellite capacity due to the
statistical multiplexing. The statistical multiplexing gain (SMG) in the case of packet
switching based architectures, can be defined as the ratio of sum of product of number
of each traffic type and its corresponding peak rate to the satellite capacity for a given
allowable loss probability and delay performance.

The important issues here are the QoS to be provided to the traffic and max-

imising the utilisation of the satellite network resources whether the satellite net-



work is stand-alone or acting as a subnetwork for interconnecting terrestrial gate-
ways/networks. In order to design schemes to address these issues, it becomes essen-
tial to understand different components of the satellite network where such schemes
will be implemented. When the multiple user terminals need to send traffic to the on-
board switch on the uplink beam, either they can send traffic by randomly accessing
the uplink or they can send requests and then send their traffic data on the uplink
when the MAC scheduler allocates uplink slots. such as PODA. CFDAMA (19][20],
etc. On the uplink beam. the Medium Access Control (MAC) used can be, based
on FDMA, multiple frequency time division multiple access (MF-TDMA) or CDMA
and on the downlink. the access is usually based on simple time division mutliplexing
(TDM). Once the traffic arrives at the on-board switch. it has to be routed to the ap-
propriate downlink. At the on-board packet switch. contention can occur when two or
more packets at the input need to be routed to the same output. Thus. there are two
types of packet switching architectures available in practice, one based on contention
resolution and the other based on contention-free switching. Once the packets are
routed to the appropriate downlink, the packets are scheduled for transmission on the
downlink TDM by the downlink scheduler. Therefore. ensuring a strict QoS control.
over the QoS provided to the traffic originating at the user terminals. can only be
done by the appropriate scheduling function at the MAC scheduler and Downlink
scheduler, when the switch is non-blocking (we refer to non-blocking switch as ideal
switch).

This scheduling function and on-board switching function can be seen as MAC
layer functions which are parts of layer 2. Data Link Control (DLC) of the seven
layer protocol stack proposed by ISO/OSI standard. The higher layer standard pro-
tocols such as IP or ATM can be using this MAC layer functionality with appropriate
SNDCF (subnetwork dependent convergence functions). Therefore, standard applica-
tions using internet, such as ftp, telnet, VOIP (voice over IP), etc.. can be supported.

For the fibre-optic based wireline communication, the ATM concept has been proved

(1]



to be quite successful. In providing global information infrastructure, satellite and/or
terrestrial wireless networks would be required to support ATM connection services,
although the limitation of long propagation delay in the case of satellite network and
the limitation of low bit rate (as compared to Gigabit support of single fibre-optic
channel) in the case of terrestrial wireless networks, exists. ATM networks meet the
flexible bandwidth and quality of service (QoS) requirements of multimedia services,
by statistically multiplexing fixed-size packets of different traffic types. Recently.
there has been a great interest in extending these capabilities to satellite and terres-
trial wireless networks. There are many projects being carried out for implementing
ATM over Satellite as outlined in [7]. In particular. there is great interest in having
ATM on the return link and DVB-S (Digital Video Broadcasting over Satellite) on
the forward link of the satellite system.

The ATM Forum has been developing a set of functional specifications for
terrestrial Wireless ATM (WATM), including Mobile ATM (MATM) for mobility
support within an ATM network and Radio Access Layer (RAL) for ATM-based ter-
restrial wireless access [67]. This WATM group has also done work on ATM over
satellite [7]. As part of WATM radio specifications, ATM Forum has also issued spec-
ifications for using the physical satellite channel. There are many WATM projects
being carried out worldwide, such as Olivetti Research Laboratory’s (ORL) Radio
ATM (U.K.) [62]. NTT AWA (Japan) [63], The Magic WAND (Wireless ATM Net-
work Demonstrator in Europe) [23][24](65], NEC C&C Research Laboratories (U.S.)
[26]-

Thus, the important issues here. once again, are the QoS to be provided to the
traffic and maximising the utilisation of terrestrial wireless network resources. When
the multiple user terminals need to send traffic to the base station. either they can
send traffic data by randomly accessing the uplink like in PRMA and its variants. or
they can send requests and then send their traffic data on the uplink. when the base

station scheduler allocates uplink slots, such as in Dynamic Time Division Multiple



Access (DTDMA). Once the traffic is received by the base station, these are routed
by the switch to the appropriate downstream link. The scheduler at the downstream
links will again schedule the transmission of these traffic. Therefore, ensuring a strict
control over the QoS provided to the traffic originating at the user terminals, can only

be done by the appropriate scheduling function at the base station and at downstream
links.

1.2 Focus of Research

The multimedia traffic types can in general be classified as real-time traffic (voice,
video. etc.) and non-real-time (bursty data) traffic. The satellite OBS environment is
quite different from the terrestrial packet switching system in two aspects: firstly, from
the time a packet arrives and the transmission request is sent until its transmission
at the uplink, the packet has to wait for at least one round-trip propagation delay.
Secondly, since the satellite is weight limited. the buffer available for queueing packets
at the downlink is limited. The first factor will result in larger queueing delay at the
earth stations in addition to the large propagation delay as compared to the delay
involved in an equivalent terrestrial multiplexer. The second factor could lead to
higher packet loss probabilities due to limited buffer size. as compared to the case of
terrestrial switching system, where the buffer size is not critical.

Our main focus is on evaluating the QoS in terms of CLR of real-time traffic
and CLR of non-real-time traffic at the uplink and characterising the arrival process
of both of these traffic types at the downstream links so that the QoS in terms of CLR
of real-time traffic and non-real-time traffic can also be evaluated at the downstream
link. The scheduling function that we consider is priority based with priority given
to real-time traffic over non-real-time traffic.

In [6], only jitter-tolerant traffic was considered, the mean end-to-end delay

was evaluated by individually evaluating the mean delay of messages at uplink and at
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on-board switch (both cases of input-queueing and output queueing were considered).
The drawback associated with this analysis is that it does not consider real-time
traffic and accordingly no sophisticated scheduling is considered for providing QoS
differentiation between real-time traffic and jitter-tolerant traffic. In 8], modeling
voice sources as on-off sources, simulation results of CLR for voice sources and CLR
for ABR traffic with fixed buffer size for a link capacity of 16 Mbps were presented. In
[9], from each user terminal, it is assumed that there are isochronous sources (stream
type) admitted, which are handled on a circuit switching basis and during the times
when the isochronous sources become inactive. the bursty data traffic can be sent
on those empty channels. The user terminal loss performance of data sources at the
uplink is presented for different data buffer sizes based on stochastic fluid flow model
and simulation. To analyse the loss performance of data traffic at on-board packet
switch, the stochastic fluid low model along with a renewal approximation was used
and analytical results of loss performance for different buffer sizes were compared
with simulation assuming uniform distribution for destination of data packets. In
[10], the isochronous (CBR) trafffic and bursty data traffic have their own reserved
slots and a common resource pool slots in a TDMA frame. Both isochronous (CBR)
traffic and bursty data traffic are allowed to use common resource pool if available
and this scheme is called Double Movable Boundary scheme. CBR calls are assumed
to arrive according to Poisson distribution and their holding time is defined as the
number of frames which is geometrically distributed and data packets are assumed
to arrive according to Poisson distribution in a frame period. An embedded Markov
chain analysis at the end of frame periods is developed to analyse the data queue.
Simulation results with MMPP data sources were also presented. As compared to the
analysis presented in [9], we can see that CBR calls are assumed to be active during
the holding time.

Next, we discuss the models of resource allocation proposed for wireless ter-

restrial networks. In [25], for different average burst sizes of ABR. connections based




on the contention resolution mechanism (using time division multiple access/time di-
vision duplexing (TDMA/TDD)), emulation results (using a software package) of the
mean ABR cell delay vs. throughput. assuming a fixed number of ABR connections
in progress, were presented. Also the achievable throughput for ABR/CBR mix was
investigated with circuit-oriented service given to CBR Virtual Connections (VC's).
However. no VBR traffic was considered. In [64], a static priority assignment for real-
time (rt) VBR VC’s was made after considering an optimization problem to minimize
the overall CLR, with CLR constraints on the individual VC’s. This optimization
problem assumes a M/D/1/FCFS/Nonpre queue. The CLR for a particular VC is
assumed to be the probability of exceeding the maximum tolerable cell delay of that
VC. Also the optimization problem of a deadline-oriented dynamic priority discipline
called relative urgency policy. as applied to a set of VBR VC’s assuming a Poisson
arrival process. were presented. The main problem associated with this technique
is the computational complexity, which increases exponentially with the number of
VCs. Further. the Poisson cell arrival process assumption for VCs is not truly repre-
sentative of real traffic. Simulation results assuming autoregressive arrival process of
VC cells were also presented in order to compare static priority based allocation with
dynamic priority allocation based on relative urgency policy. In [63], DSA++ MAC
scheme was assumed. Based on static priorities with priority order of CBR > VBR >
ABR and relative urgency based scheduling within CBR and VBR connections. simu-
lation results of mean delay and CDF of delays for different mixes of CBR voice, VBR
video and ABR data traffic, were presented. In [66] a static priority based allocation
policy was considered to support CBR, VBR and ABR sources. The slot allocation
for CBR and VBR sources was done based on polling. The polling parameters are
chosen such that the delay constraints of all CBR and VBR sources can be satisfied
based on a recursive scheme. The slot allocation for ABR sources was done based on
group randomly addressed polling. The problem associated with this method is that

the deterministic bound on QoS for CBR and VBR sources (assuming a deterministic



traffic characterization with a leaky bucket mechanism) is too conservative compared
to the probabilistic QoS obtained through simulation. For this simulation, the VBR
sources were assumed to be On-Off sources. Also, to perform connection admission
control (CAC) based on this scheme, extensive computation is required to examine
whether the new admitted connection would violate the delay constraints of existing
sources.

Thus. these previous studies were carried out either by simulation or by anal-
yses based on simple (uncorrelated) traffic assumptions. Our work is motivated by
the need for computing achievable QoS under realistic bursty traffic assumptions.
Thus, our work differs from them in two main aspects. The traffic is modeled as
MMPP’s for rt-VBR and non-real-time (nrt) VBR connections. We can obtain the
actual performance metric of interest by direct analytic computations, based on the
matrix-geometric technique. Our analysis can be used to evaluate the performance
at any downstream link. since we model the arrival process to any downstream based
on the departure process from the upstream links.

Thus, our objective is to evaluate the CLR of real-time traffic and CLR of
non-real-time traffic at the uplink assuming MMPP traffic models for both types of
traffic and to evaluate the CLR of real-time traffic and CLR of non-real-time traffic
at the downstream link by approximating the arrival process of real-time traffic and
non-real-time traffic arriving to the downstream link through the switch. by MMPPs.

We enlist the contributions made from our research work as follows:

o We developed an embedded Markov chain analysis for evaluating the queue
occupancy of non-real-time data queue using matrix-geometric technique. with

realistic traffic models and with priority based scheduling.

e We observe that the evaluation using matrix geometric technique becomes much
more simplified compared to the general case due to the case of 4,.; = B; for

12 1.
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o We developed a matrix product based methodology to evaluate the covariance
function of real-time traffic arrival process and non-real-time traffic arrival pro-
cess to a downstream link assuming symmetric traffic loading conditions at the

uplinks and uniformly distributed destination at the switch.

o By using the covariance function values at different lags and mean arrival rate.
we approximate the actual arrival process of real-time traffic and non-real-time
traffic by 2-state MMPPs and using the embedded Markov chain analysis de-
veloped for the uplink. we evaluate the CLR of real-time traffic and survivor

function of non-real-time queue at the downstream link.

The outline of the thesis is as follows. In Chapter 2. we discuss the broad-
band wireless system configurations. giving particular emphasis to Satellite ATM and
typical configurations of terrestrial wireless ATM systems. In Chapter 3. after de-
scribing the scheduler structure with priority based scheduling, the problem statement
is given. Following this, the problem details of uplink and downstream link with non-
blocking type of switch used between uplinks and downstream links are discussed.
In Chapter 4. performance evaluation techniques based on matrix-geometric method.
generating function method and fluid flow approximation method. available in the
literature are discussed. Using the matrix geometric method is justified in Chapter
4. In Chapter 5, we discuss the mathematical model of priority based scheduling for
the uplink multiplexing system and present the results for different mixes of traffic
at different loads. In Chapter 6. we discuss the characterisation of traffic arriving
to a downstream link and describe how this characterisation is used to analyse the
performance at the downstream link. The main difference between the analyses of
uplink and downlink, is that at the uplink, we use approximation by MMPPs for the
superposition of On-Off/mini-On-Off source models, while at the downlink. due to
multiplexing from different uplinks, we have to model the arrival processes as MMPPs.

by appropriately characterising the net multiplexed traffic arriving at the downlink
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through the switch. In Chapter 7, we present our conclusions and future work. In

Appendices A and B, we present the details of the simulation models.



Chapter 2

System Configurations

A typical on-board packet switching based broadband satellite communication system
is as shown in Figure 2.1. In general. the traffic from the satellite user terminals can
be categorised as real-time and non-real-time traffic. Real-time traffic means the type
of traffic whose delay performance requirement is most critical while moderate packet
loss can be tolerated. Similarly. non-real-time traffic means the tvpe of traffic that is
sensitive to packet loss. while moderate delay can be tolerated. The real-time and non-
real-time connections originate at the user terminals. From the users’ point of view.
these connections should get better than some minimum QoS. From their point of view
QoS is very important. On the other hand. the network controller/operator is striving
to maximise the utilisation of the system by trying to admit as many connections
as possible at the same time providing the guaranteed QoS to the admitted active
connections. When more connections can be admitted into the system more revenue
can be made. This can only be achieved by the efficient scheduling function. which
should allow for statistical multiplexing of the packets, and provide the required
QoS to the admitted active connections. The typical QoS parameters can be the
probability of the delay exceeding some threshold value is less than a particular given
value, and the probability of loss does not exceed a particular given value with the
fixed buffer size. For this purpose. we consider a priority based scheduling with

priority given to real-time traffic over non-real-time traffic in providing the network
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Figure 2.1: The Satellite Communication System with an On-Board Packet Switch.

resources. This is because the real-time connections have very stringent requirements

on delay.

2.1 Satellite ATM

Supporting ATM based transfer across such a system can be performed in two ways.
The protocol suite across the satellite network can be either based entirely on the ATM
structure with appropriate modification to be performed at the ATV layer or it can
be based on protocol encapsulation (or interworking) with the appropriate Data link

control and network control for transferring ATM cells. The typical Protocol stacks
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for both control plane and user plane are shown in Figure 2.2 and in Figure 2.3 for
these respective approaches. The salient difference between these two protocol stacks
is the data link functionality of error control and connection management at the data
link level, which are parts of functionalities of LLC (Sat) as shown in Figure 2.3 but
these functionalities would not be implemented in Figure 2.2.

There are two types of terminals connected to the satellite network. namely
User Terminals and Gateway Terminals (or Gateway Stations) apart from the Net-
work Control Station. In general. the Gateway Stations provide connectivity to ter-
restrial ATM networks to the User Terminals. At the user plane, the ATM virtual
connections are admitted into the satellite network. only if there is enough resource
available to satisfy the required quality of service. in terms of loss and delay. The
control plane for this purpose will require extended functionality in addition to con-
trol functions supported for terrestrial networks. In particular. when satellite User
Terminals are mobile. the additional control functions associated with mobility need

to be supported.

2.2 Wireless ATM

WATM implementation can be performed in two ways. It can be based entirely
on ATM structure with the additional error control and resource control through
MAC scheduling in order to provide QoS guarantees at the ATM connection end
points as a single ATM network. Alternatively, it can be based on inter-working,
which processes AAL Protocol Data Units (PDU’s) in an optimized manner suitable
for the wireless environment [67]. The configuration of the WATM protocol suite.
which transports ATM cells transparently across the wireless medium through the
wireless MAC and to the ATM switch, is shown in Figure 2.4. A typical architecture
of WATM systems is shown in Figure 2.5. The user-terminals in a cluster share the

radio channel to transmit/receive ATM cells to/from the base-station. A\ base-station
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can be connected directly to an input port of an ATM switch (which is assumed to
be non-blocking and output queued) or via an ATM multiplexer. The traffic received
from the remote terminals by the base station in a cluster is passed to one input port
of the ATM switch (either directly or after being multiplexed with traffic from other
base stations) and traffic from an output port of the ATM switch is passed to either
the corresponding base station. which in turn distributes the traffic to the remote
terminals, or to the next ATM switch of the wireline ATM network. In other words,
an ATM switch is needed to perform upstream-downstream connectivity.

A user terminal can communicate with another within the same cell/cluster
as in the case of wireless local area network (LAN) or to an external user termi-
nal through fixed broadband ATM networks [67]. The topology of each WATM
cell/cluster can be one of the following types: Broadcast-based ad-hoc WATM. hub-
based WATM.
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Figure 2.6: The frame structure in a broadcast bandwidth sharing mode (TDMA).

2.2.1 Broadcast based Ad-hoc WATM

In a broadcast-based ad-hoc WATM configuration. a set of ¥ WATM user ter-
minals can share the bandwidth/frame in demand-assignment (DA) TDMA mode.
Traffic bursts sent by a terminal contain ATM cells with virtual circuit identifiers
(VCI)/virtual path identifiers (VPI). Using the VPI/VCI. the appropriate WATM
terminal can receive the WATM cells. The operation of radio link at the physical
layer uses only one frequency band as in the dynamic TDMA with TDD MAC pro-

tocols.
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The user terminals in a cell/cluster can nominate one of them to be the main
scheduler and another one as a standby scheduler. At the beginning of each frame,
the scheduler can send the frame reference and frame control information indicating
the allocation of both request and traffic slots. The request slots can be accessed by
the user terminals in a fixed-assignment or slotted-Aloha mode. They are used by the
user terminals to send their requests for traffic slots. Following the allocation of the
scheduler, the user terminals send their traffic in the assigned traffic slots. If the main
scheduler fails, the standby scheduler will take over the control and allocation. Each
WATM terminal can transmit during their reserved slots and if not transmitting, can

store traffic bursts received from the broadcast medium.

2.2.2 Hub based WATM

[n a hub-based configuration, the .V WATM terminals send and receive traffic to/from
the hub. The hub can be connected to a high-speed ATM backbone network via an
ATM switch or multiplexer (Figure 2.7). The hub also acts as the scheduler. A
Medium Access Control (MAC) layer is used to control the cell transmission over the
radio channel. For the uplink (from user terminals to hub), the MAC protocol can
use a dynamic Time-Division Multiple-Access (TDMA) scheme. Since the downlink
transmission (from hub to user terminals) operates in a broadcast mode. it can use
a Time-Division Multiplexing (TDM) mode. Both uplink and downlink channels can
share the same frequency slot as shown in Figure 2.8. In this arrangement. both user
terminal and hub operate in a TDD mode. Alternatively, the uplink and downlink
channels can occupy a pair of frequency slots and the terminals and hub operate in a
full-duplex Frequency-Division Diplexing (FDD) mode as shown in F igure 2.9.
Uplink traffic time-slots are allocated to user terminals on demand by the
scheduler (hub in the case of WATM and On-board Scheduler in the case of Satellite
ATM (SATM)) using reservation and/or contention in association with the Usage

Parameter Control (UPC) mechanism, so that negotiated traffic contract of admitted
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ATM connections can be maintained [2.4]. Each user terminal generally supports
3 categories of multimedia traffic: CBR. rt-VBR, ort-VBR. ABR. and UBR. Ca-
pacity allocation for CBR traffic is straight-forward. Since CBR traffic uses a fixed
capacity during an entire connection, its presence affects the system only by reducing
the total capacity by an amount of static bandwidth allocated to CBR connections.
Other traffic categories, except UBR, are subject to CAC according to the traffic
contracts. UBR traffic is given no capacity commitments and. hence, is served by
the remaining capacity, if available. ABR traffic can be controlled through feedback,
depending on the congestion in the network. On the other hand. rt-VBR and nrt-
VBR are uncontrollable within the committed traffic profile. Therefore. we consider
the QoS commitments to be satisfied for the uncontrollable rt-VBR and nrt-VBR
traffic in the proposed scheduling scheme applicable to both the TDMA/TDD and
TDMA/TDM/FDD configurations in the case of WATM and MF-TDM.A configura-
tion in the case of SATM.
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As shown in Figure 2.8 and Figure 2.9, the uplink TDMA frame contains a
frame marker to denote the frame beginning, several signaling time-slots for capacity
request and internal control signaling, and a number of traffic time-slots, C. Each
non-overlapping traffic time-slot can accommodate one ATM cell. Let C, represent
the uplink capacity. In the case of OBS based satellite ATM, C, represents the uplink
capacity of MF-TDMA. In each frame, the user terminal can send its capacity request
in a designated signaling time-slot. containing the numbers of slots needed for rt-VBR
and nrt-VBR traffic that has arrived in the previous frame, to the scheduler residing
in base-station in the case of WATM and to the scheduler on-board in the case of
SATM. Its request can also include other relevant parameters. The scheduler first
stores all requests received from different user terminals in a request table. [t then
calculates the capacity allocated to rt-VBR traffic. If available capacity remains. it
continues the capacity allocation to nrt-VBR traffic. After both rt-VBR and nrt-VBR
requests are satisfied. if there is still capacity available. the scheduler can give it to
all user terminals in a round-robin manner for transmission of ABR and UBR traffic.
The scheduler prepares and broadcasts the time-slot assignment to all user terminals,
effective in the next frame. In the time-slot assignment. the scheduler need not
mention explicitly the number of rt and nrt-VBR packets that the user terminals can
transmit. Instead, it only indicates the time-slots allocated to a given user terminal.
The user terminal keeps the rt-VBR traffic in a buffer for one frame and the nrt-VBR.
packets in a FIFO queue since the nrt-VBR traffic can tolerate delay variation. [t
will transmit the real-time packets first. If the number of rt-VBR packets exceeds
the allocated capacity. the excess packets are dropped (lost) as the maximum CTD of
rt-VBR traffic must be met. Otherwise, it will continue to send the nrt-VBR. packets
(stored in its data FIFO queue) in the remaining allocated time-slots. An nrt-VBR
cell is lost only when overflow occurs in the queue. Qur main objective is to study
the effect of the proposed priority-based scheduling on the buffer size of nrt-VBR

traffic in order to ensure a specific CLR with the assurance of best possible maximum
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CTD and a specific CLR for real-time VBR traffic over the wireless link. Since ATM
Traffic Management 4.0 specification (ATM Forum’s TM4.0) mentions that there is
no need to provide any delay guarantees to non-real-time VBR, we consider only CLR
performance of non-real-time traffic. This analysis can be used in designing the buffer
size for the nrt-VBR traffic in the user terminal.

In the next chapter. we describe the uplink scheduler structure from the point
of view of performance evaluation of RT and NRT traffic. Then, we state the para-
metric description of the problem statement of the system in order to evaluate the
QoS at the uplink and downstream link. In particular. the method proposed for eval-
uating the uplink scheduling performance in association with traffic characterisation
of arrival processes at any downstream link can be used to evaluate the end-to-end

performance by using the independence assumption.



Chapter 3

System Modeling

3.1 Modeling of Scheduler Structure

Before we proceed to discuss the modeling of scheduler structure. we present the list

of assumptions that we use in our modeling, as follows:

At the uplink and downlink an ideal channel is assumed which is error free. In
using wireless channel when we use very efficient FEC mechanism. the proba-
bility of packet loss due to error caused by the channel can be made smaller bv

which this assumption can be justified.

The loss or delay due to multiple access mechanism is assumed to be none. This
assumption is justified. when the user terminals send their requests for capacity

in a dedicated request channel.

The switch is assumed to be a non-blocking (ideal) switch. This is quite appli-
cable in our case, since in a typical scenario of wireless systems an ATM switch
configuration is much smaller as compared to terrestrial switch configuration

and therefore. a non-blocking switch is easily affordable.

We assume the switch to be output queueing based. If we have to consider the
general types of input/output queueing based switch, our analysis can be easily

modified corresponding to those situations.
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e We assume a fixed number of voice, video and data connections in progress from
all the user terminals within a beam in the case of Figure 2.1 (correspondingly
in the case of Figure 2.3). This quasi-static assumption is quite justified, since
by the typical time duration, during which calls arrive and leave, the system
reaches a steady state and results in the steady state performance at the packet

level.

¢ We assume symmetric traffic load at each uplink and hence at the output port of
the switch. When we relax this assumption we have to calculate the covariance
function at different lags presented in Chapter 6. for each uplink which has
different amount of load. Thus, our analysis is still can be used even in that

case.

e We assume that the packets arriving at each input port from an uplink are
probabilistically directed to one of the downlink/downstream link according to
a uniform distribution. Relaxing this assumption means that we can have any
correlated destination distribution and our analysis can be easily extended even

for such cases.

The typical multimedia calls include voice, video and data connections. The queue
structure of the user terminals at the uplink beam of Figure 2.1 or at the uplink
of Figure 2.5 can be as shown in Figure 3.1. From the viewpoint of evaluating the
performance of multimedia connections at the uplink, Figure 3.1 can be simplified as
shown in Figure 3.2, since RT packet loss is due to the total number of RT packets ex-
ceeding the number of slots in the frame and delay performance of NRT packets at the
frame boundaries. is dependent on the NRT packet arrivals from all user terminals..
Each type of connection acts as a variable bit rate input source to the system. This
variable bit rate stream is packetised at the user terminal. The aggregated packet
generation by a particular type of admitted connections from all the user terminals

within a beam in the case of OBS based satellite network in Figure 2.1 or user ter-
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Figure 3.1: The individual queue structure as seen by the uplink scheduler.

minals within a pico/micro/macro cell in the case of WATM of Figure 2.5 can be
represented by an appropriate stochastic process. Therefore. the performance will be
affected only by the uplink scheduling mechanism of the system. The packets arriving
to the on-board packet switch. will be directed to the appropriate downlink and will
be queued until the scheduled transmission on the downlink. Similarly, the packets
arriving to the scheduler at the base station. will be directed to the downstream link
of terrestrial ATM network or to the appropriate downlink of pico/micro/macro cell
after being switched by an ATM switch as shown in Figure 2.5. From the point of
view of evaluating the QoS, the OBS based satellite system or correspondingly the
wireless ATM system can be represented as shown in Figure 3.3 . The generator in
Figure 3.3 corresponds to the packet generation process by the stochastic processes

corresponding to voice, video and data connections.
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3.2 Problem Statement

Let Vuoi. Viud: Viara be the number of admitted voice. video and data connections
respectively at each uplink beam. Each voice and data connection is assumed to
be represented by a single On-Off source with exponentially distributed on-times
and off-times [58]. During On-periods. an On-Off source generates bits at a fixed
rate and does not generate any bit during Off-periods. Each video connection is
assumed to be represented by a superposition of a number of independent mini-
On-Off sources [57]. The superposed fixed length packet generation process of each
voice (Vyei). video (Nyy) and data (Ng,) type of traffic. is approximated by a 2-
state Markov modulated Poisson process (MMPP), by matching statistical parameters
of superposed voice/data/video On-Off sources to 2-state MMPP. The parameters
mapped in the matching procedure [68], are the following: mean packet arrival rate.
the average load in overload states of superposed On-Off sources (the overload state of
superposed On-Off sources are the states in which the rate of the superposed process
exceeds capacity), the average load in the underload states of superposed On-Off
sources, and the Index of Dispersion for Counts (IDC) at infinite time.

The uplink slots are allocated to the voice. video and data connections at
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the user terminals, by the scheduler. The voice and video (RT) packets are given
priority over data packets in transmitting over the uplink. During each frame, the
user terminals first transmit the RT packets in the allotted slots. If there are more
RT packets than the allotted slots, RT packets which cannot be transmitted during
this frame are dropped. otherwise, NRT packets from NRT packet queue will be
transmitted for the remaining allotted slots, after the transmission of RT packets.
This priority based scheme is followed in order not to have any delay jitter for RT
traffic. The packets that arrive at the input port of the switch will be directed
to the appropriate output port and queued for transmission at the corresponding
downlink/downstream link. The scheduler at the downlink/downstream link uses the
same priority mechanism as used at the uplink. The model of the whole system. with
Markov modulated Poisson process representing superposition of each traffic type at
the uplinks. is shown in Figure 3.4.

The objective is to evaluate the performance in terms of loss for real-time
voice and video packets and loss of non-real-time data packets at the uplink, and
at the downlink or output port of the on-board packet switch in case of OBS based
satellite network and at the uplink and at the downstream link or output port of
ATM switch in the case of terrestrial wireless system. The loss probability of NRT
traffic corresponding to the finite buffer case is approximated by the probability of
the number of NRT packets exceeding that finite buffer size (survivor function) with
infinite buffer assumption. Since, the queueing performance with infinite buffer would
be much worse than assuming finite buffer (because of bursty traffic still contributing
to the queueing performance as compared to the finite buffer case, where they are
dropped when the buffer is full), this approximation of survivor function for CLR
is a conservative one. The same survivor function can be used to evaluate delay
performance of NRT packets at the frame boundaries. which is equal to the number
of packets in the queue, multiplied by the slot time. Firstly, modeling of the uplink

has to be done, in order to evaluate loss rate of RT packets. loss rate and delay
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performance of NRT packets. Secondly, with the assumption of output selection by
the RT and NRT traffic arriving from each uplink by the uniform distribution, the
modeling of arrival process of RT and NRT traffic has to be done. Thirdly, with the
modeling of traffic at the downlink/downstream link. the loss rate of RT packets,
loss rate and delay performance of NRT packets have to be evaluated. Using these
results, and an independence assumption, if need be. end-to-end performance can be

determined.

3.3 Problem Details
3.3.1 Uplink Model

Noor: Veid: Vgata OD-going connections within an uplink can be distributed in any
manner among the user terminals. The request for slots for the real-time (RT) voice
and video packets and non-real-time (NRT) data packets are received by the sched-
uler during each frame from the user terminals and it schedules and transmits the
scheduling information back to the user terminals. The uplink model. with priority
based scheduling mechanism discussed earlier. is as shown in F igure 3.2, where the
buffer shown represents the aggregated buffer status of all user terminals within the
uplink. We consider this aggregated queueing system, since RT packet loss is due to
the total number of RT packets exceeding the number of slots in the frame. Similarly,
delay performance of NRT packets is dependent on the NRT packet arrivals from all
user terminals. The issue here is the evaluation of RT packet loss probability and loss

probability and delay performance of NRT packets at the uplink of Figure 3.2.

3.3.2 Switch Model

An ideal switch is assumed in our case. We assume symmetric traffic load at each
uplink and at the output port of the switch. Also, we assume that the packets

arriving at each input port from an uplink are probabilistically directed to one of the
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Figure 3.5: The Tandem Link Representation of Uplink and Downlink/Downstream
link.

downlink/downstream link according to a uniform distribution. Since we consider
only a non-blocking switch no packets are lost inside the switch due to the switching

process.

3.3.3 Downlink Model

Because of the Uniform destination assumption and symmetric load assumption. the
stochastic nature of the arrival process of real-time packets as well that of the non-
real-time packets will be the same at each downlink/downstream link. Thus. the

performance of real-time and non-real-time packets at a single downlink is due to
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the superposed arrival process of packets destined to the downlink, from all uplinks
as shown in Figure 3.5. Therefore, the problem here is modeling the arrival process
of real-time and non-real-time packets from one uplink to the downlink/downstream
link. Later superposition of such arrival processes (from all uplinks) has to be mod-
eled. With the representation of superposed arrival process model for the real-time
and non-real-time packets as MMPP's, the loss rate of NRT packets and the loss
and delay performance of the RT packets at the downlink/downstream link has to
be evaluated. To do this. we use the model developed for the uplink to analyse the
performance at the downlink/downstream link. In fact, this methodology can be used
to evaluate the performance at any downstream link.

In the following chapter, we discuss various performance evaluation techniques
proposed in the literature for solving queueing systems which have similar structure as
our analysis leads to. We discuss in detail their methodology: the type of performance

measures that can be obtained and the drawbacks associated with such techniques.
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Chapter 4

Performance Evaluation
Techniques

To evaluate the QoS of the traffic in an OBS based satellite system/Terrestrial wireless
system. we can use either simulation or analytical technique. Even though analytical
techniques are in general computationally efficient, the analytical modeling used is
based on certain assumptions or simplifications of the actual descriptions of the net-
work. As long as the assumptions are justified. the results obtained using analytical
techniques will represent closely the actual system behaviour. Thus analytical meth-
ods are necessary, to quickly evaluate the performance of the system. Simulation is
necessary, to validate the analytical results when the analysis involves approximation.
[n this chapter. we discuss the OPNET simulation model followed by a discussion on

analytical techniques available in the literature.

4.1 Simulation

The simulation model is developed using OPNET. OPNET models are hierarchical
to naturally parallel the structure of actual communication networks. OPNET allows
protocol level simulation also. However. for our modeling, we need mainly the ab-
stract queueing and switching phenomenon to be implemented. OPNET uses three

hierarchical modeling domains called Network, Node. and Process domains. The net-
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work level modeling corresponds to interaction among multiple networks. However,
since we have a single OBS based satellite network system(correspondingly a single
ATM switch for terrestrial wireless system), the simulation model had only one Net-
work model. This network model used a single node model. As mentioned in Chapter
3, we developed a simulation model for the aggregated queueing system. Therefore.
we have a single generator at each uplink with fixed number of voice, video and data
connections represented by MMPPs, that generate RT and NRT packets for the ag-
gregated system. We consider a 4 by 4 system and the simulation model is developed
corresponding to Figure 3.4. The description of the node and process model are given
in Appendix A.

The confidence interval for occupancy probability from a single simulation is
calculated by using the method of batch means. The number of transient samples
to be discarded is determined by running simulation independently and plotting the
distribution function of each random variable. When the distribution function seems
to converge to the same empirical distribution. all the sequences previous to this point
are considered transient. We denote this number by ng. Thus, in a single simulation
we discard the samples starting from 1 to ng. Next. in order to determine the batch
size. we have to make sure that the correlation between random variables of queue
occupancy from one batch to the contiguous batch is negligible. For this purpose.
we estimate p(k), where (k) = % Let X, be the sample value of the sequence.
Thus, 5(k) = % Za5 (Xa — X)(Xnak — ), where ¥ = £ 5V X, If for |k > L.
p(k) = O(the correlation function p(k) is correlation between two members of the
sequence with a separation of k units), then most of (k)(approximately 95%) should
lie between the limits +D where D = 2 (Z",;’; L L\(,kl) 1/2[55]. The value of L is chosen
as equal to that value of £ bevond which (k) lies within D. Then each batch size
N is chosen as .V = J = L. Let N' + ng be the number of samples generated in a
single simulation run, such that W[ = Vv' represents M different batches. Thus we

have M batches of sequences. Let X,,, denote the n-th sequence value of batch m.
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Let pim = %%, where v;y, is the number of X,,, in batch m, taking values equal to i.

Therefore, E(pim) = p;. Let the estimator of probability of queue occupancy being

equal to i be p;. Thus p; = & T pim and *(him) = T Lot (Bim — Bi)®. The

random variable ﬁ%‘,T has approximately t-distribution with M — 1 degrees of

freedom. The confidence interval is given by

Pr{pi — tar—1(1 = 2)s(Bim)/M"? < pi < B + bty (1 - )$(Pim)/M?} = 1 -

¢ 5

R
W R

where £,(z) is the 100z-th percentile of t-distribution with n-degrees of freedom.
The advantage of developing such a simulation model is that it represents the

actual description of the network. However. the main disadvantage is that it takes

lot of time (of the order of days) to vield dependable results. in particular for the

evaluation of very low probability of packet losses.

4.2 Candidate Analytical techniques

We consider the analytical techniques available in the literature to solve for queueing
performance at a single multiplexer. The packets generated by the multimedia traffic
are queued for transmission at the multiplexer. The scheduling discipline at the
multiplexer can be FIFO(First in First out), or priority based for accessing the output
link or the buffer. The general queueing equation of the buffer at the multiplexer can

be written as.

Ny *
Q(Tn) = <Q(Tn—l) + z -'!-k(Tm Tn-l) - Cn) (41)

k=1
where 7, is the n-th epoch at which queueing system is observed and Ae(Tns Taot) is
the random variable representing the number of arrivals of type & traffic at the buffer
during the interval (7,, 7,_;) and C, is a random variable representing the number of
units from the buffer that can be served during this interval. The queueing system is

assumed to be stationary.
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For the case of ATM with fixed size packets called cells, 7;’s can be the begin-
ning or end of the i-th slot, where each slot time(say ) corresponds to transmission
of one ATM cell over the output link and C, can be equal to some constant C(usually
it is taken as 1)[35]. Letting 7, =t + A and 7,,_, = t. Equation 4.1 can be rewritten

as.

-

gt +2) = (q(t) + zv: At t+ ) - C') (4.2)

k=1

For the case of fixed size frame based transfer. 7;’s are time epochs of frame
start or end and C is the number of slots in a frame. Equation 4.1 also describes
other models. For example. for the case of Markovian arrival process based queueing
systems, 7;'s are departure epochs of packets and C, is equal to 1. The interval
(7i:7i—1) when the system is not empty is generally distributed. since it corresponds
to the service time of a packet and Ai(r, 7i_,)’s correspond to arrivals due to a
Markovian arrival process.

In each case, the buffer size can be finite or infinite. To evaluate packet loss
probabilities for a finite buffer. the tail probability corresponding to that finite buffer
size from the infinite buffer case has been used as an effective approximation for large
buffer sizes (33]. When the service process can be modeled similarly to the arrival
process, the service process together with the arrival process can be considered as
the modified arrival process as far as evaluating the performance of the system is
concerned. Since the capacity of the system is finite. modeling the variable service
process results in a finite state stochastic process. Therefore, effectively, a queueing
process with constant server type can be used(9][44][47]. In general, there are three
types of techniques used in solving queueing problems. They are matrix analytic, gen-
erating function or transform based. and fluid flow approximation based techniques.
First. we present the details of the matrix-analytic technique. Following this, we dis-
cuss the technique based on the generating function method. Finally, we discuss the

performance evaluation technique based on fluid flow approximation.
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4.2.1 Matrix-Geometric Technique

When the infinite matrix representing the transition matrix has the special structure
of M/G/1 type or G/M/1 type, then we can use the matrix-analytic technique out-
lined in [37]. The theme of the discussion is based on first passage distribution by one
level(a level is a transition from a state, say (i. k), where the first index corresponds
to the number of packets in the system with i € {0.1, ... xc} and the second index
corresponds to the phase of the underlying modulating process with k& € {1. 2, ...
m} where m is the maximum number of phase states, to the state ((i — 1),{) due to
departure in case of Ph/GI/1(Ph represents phase-type distribution) queue. Corre-
spondingly in the case of GI/Ph/1 queue it is the transition from the state. (i.k) to
the state ((i + 1).!) due to an arrival) in a Markov renewal process which is skip-free
to left or skip-free to right. The skip-free to left property for Ph/GI/1 queue is due
to the structure of the matrix, which exhibits the property that reaching level 0 from
level i can only be done by visiting each level in between. We discuss briefly the
matrix-geometric algorithm for the case of BMAP/G/1 queue. in this section.

The Batch Markovian Arrival Process(BMAP) is a two-dimensional Markov
process (N(t), J(t)) on the state space {(i.j):i>0.1 < J 2 m} with an infinitesimal

generator () having the structure.

Dy Dy D,
0 Dy Dy

where D, k > 0. are m x m matrices. Dy has negative diagonal elements and rep-
resents an auxiliary state or phase variable then the above Markov process defines a
batch arrival process where a transitions from a state (¢.7) to state ((i + k),0), k>1.
1<j. [>m, correspond to batch arrivals of size k. and thus, the batch size can depend

on i and j.
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Let the service times have an arbitrary distribution function, H (z), with
Laplace-Stieltjes transform, H(s) and finite mean t,. The BMAP and service process
are assumed to be independent, with traffic intensity, p = % < 1. where \| is the
mean arrival rate. The embedded Markov renewal process at departure epochs is
defined as follows. Let (7, : n > 0) denote the successive epochs of departure (with
7o = 0) and let us define X,, and J, to be the number of customers in the svstem
and the state of BMAP at 7;7. The sequence (Xn: Jn. Tns1 — 1) forms a semi-Markov
process. This semi-Markov process is positive recurrent when the traffic intensity is

less than 1. The transition probability matrix is given by,

By(z) Bi(z) Ba(r)
olr) Ai(z) Hoz)
500 0 Ao(z) Ai(2)
Fa=1 o "0 L@

forz > 0. For n > 0. .-fn(x) and Bn(r) are the m x m matrices of mass function
defined by

[.-l.,,(z)],»j = Pr{Given a departure at time 0. which left at least one customer
in the system and the arrival process is in state i, the next departure occurs no later
than time r with the arrival process in state J. and during that service there were n
arrivals},

[3,.(1')],-]» = Pr{Given a departure at time 0, which left the system empty and
the arrival process is in state i, the next departure occurs no later than time r with
the arrival process in state j, and during that service there were n arrivals}.

Queues with embedded Markov renewal processes whose transition probability
has the structure just shown above are referred to as queues of the “M/G/1 type” or
queues of the “M/G/1 paradigm”. Let us define C-'Ellz(k: z)fork>1and r > 0. to
be the probability that first passage from state ((z +1).j) to the state (i.l), where

t 2 1.and 1< j,/ < m, occurs in exactly k transitions and no later than time r. Let
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Glli(k; ) be the matrix with elements G.%I(k; z). Let
G(z,8) =) /w e~ dGM (k: £)*
k=170

By using the first passage argument, it has been shown that G(z.s) satisfies the

following non-linear matrix equation [80],

where A,(s) is the Laplace transform matrix of 4,(z). By denoting, G(1.0) = G and
4,(0) = A,. we can write,

G=> AG

v=0

It has been shown that G(z. 5)[87] also satisfies. in the case of BMAP/G/1 case.
G(:.S) - :/-oe e—azeD(G(:,s))de;'[(_r)
0

where D(G(z.s)) = £72, D;jG?(z.s). Therefore. the matrix G is the root of G =
I’ ePIG=d [ (z). This particular relationship provides an efficient algorithm for com-
puting the matrix G. with the use of uniformisation techniques. The steady-state
vector of G satisfies gG = g and ge = 1. The probability vector x, can be obtained
by considering the classical property of Markov chains. the mean recurrence time of
the state (0. j) in the Markov chain P. where P = Is(oc)[STI. Finally we can use re-
cursion to solve x; where x; represents the steady state probability vector of i packets
in the system and the BMAP being in various phases.

The more general analysis for the case of BMAP/SMSP(SMVP)/1 queue has
been presented in [39]. In this analysis, the embedded Markov analysis has an addi-
tional dimension as compared to the above mentioned analysis of BMAP/G/1 queue.
due to the Semi-Markov Service Process. In the following section. we discuss the
z-transform technique to solve for the case of queues with infinite queue size at the

multiplexer.
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4.2.2  Solution Technique using Probability Generating Func-
tion Methods

For the systems with infinite queue. when the system of equations, either all or
all except a few boundary equations, can be represented as a difference equation,
then we can use the probability generating function method. From the difference
equation, we can write down the probability generating function. This probability
generating function usually will have unknown boundary probabilities which can be
solved for, by solving a system of linear equations obtained from the numerator of
the generating function. To construct the system of simultaneous linear equations.
we have to solve for roots of the denominator of the probability generating function.
This task becomes numerically intractable as the size of the system grows. Typical
examples of probability generating function derivations with Poisson arrival process
and embedded Markov chain analysis for queues can be found in [38] and [40].

With multimedia traffic. the correlated arrivals have to be modeled as a modu-
lated arrival process. This can be done by approximating the traffic by discrete-time
Markov chains. The queueing process becomes a two-dimensional stochastic pro-
cess corresponding to the queue size and state of the arrival process. For the case
of discrete-time analysis of voice and data integration at the multiplexer. the data
queuing performance with and without speech activity detectors for voice traffic is
analysed in [41]. In their analysis. voice packets which cannot be transmitted in a
frame were considered to be dropped and therefore only the data packets were queued.
in an infinite queue. A relatively different model with the queueing of voice packets
along with data packets in an infinite queue was considered by [42]. The boundary
probabilities were obtained by finding the roots of the characteristic equation of the
probability generating function, in both cases[41][42]. [t is mentioned in [42](page no.
1267), that the numerical analysis may be intractable with large link capacities. To
overcome this difficulty, an alternate method of finding the roots using the spectral

decomposition technique. was considered in [43].
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We discuss the generating function approach, which is based on the spectral
decomposition technique, to analyse the discrete-time queues with arrival process
modeled as a Markov chain[43]. The importance of this approach lies in the fact
that it can be easily extended to the case of arrival and service processes modeled as
superposition of multiple Markov chains[43][44]. This technique can also be applied to
the case of fluid flow modeling involving arrival process as a superposition of multiple
Markov processes[43].

It is considered. in [43] the queueing system in discrete-time domain repre-
senting a TDM system. and evolving as according to the following equation (refer to
Equation 4.1),

N +
gln+1) = (q(n) + Z Ae(non+1) - M) (4.3)

k=1
where g(n) is the queue size at the beginning of n-th interval. An interval is the basic

unit of time used for the discrete-time queueing analysis. For example. it can be the
frame time interval. where each frame contains M slots and during each slot a packet
of fixed size can be transmitted by the output link.

In the following discussion we assume there is only one type of input traffic in
the system. Let the arrival process be modeled as a one-dimensional homogeneous
Markov chain, with the transition probability matrix P whose elements p, , stand
for pmn = P(A(n+1) =n/4A(n)=m) for 0 < m.n < V. where V +1 is the total
number of states of the arrival process.

Thus, the Markov chain representing the queueing process is a two-dimensional
Markov chain. Let its steady state joint probability of ¢ = ¢ and A = j be written as
Pij = P (g =i.A = j). These steady state probabilities satisfy the following equation

as shown below.
man( N M+t) M+

Py = Y PuuPu (4
=0 k=0
thope . — | P O i=(k+1-M)"
with Dkt i; = { 0 otherwise )



Let us define the generating function
Qi(2) = Y pis (4.3)
=0
for every 0 < j < V with E(z%) = £, Q;(2). Let Q(=) = [Qo(2), Qu(2), - Qu ()]
Then from Equations 4.3, 4.4 and 4.5, we can write down the following expression for

Q(z)[43].
Q(z) = [I - :'MPTdiag{z"}]-lPTdiag{zi}B(z) (4.6)
where B(z) = [By(z). By(z)......By(z)]". with

B (s) = [ Tem pulzT =) i Iy
T 0 otherwise

The vector B(z) involves the unknown boundary probability terms pg for 0 < k+1{ <
M. To solve for these boundary probabilities. the technique proposed in [43] is as
follows.

First the matrix PTdiag{-'} is diagonalised. Thus.
PTdiag{z'} = G(z)\(z)G~\(z)

where .\(z) is a diagonal eigenvalue matrix of PTdiag{z‘}, given by
A(z) = diag{(z), Ai(2), ... Ay(z)]. For each given \;(z), let g;(z) and h;(z) be the
respective left column and right row eigenvectors. Therefore. by spectral decomposi-

tion.

N
PTa'iag{:‘} = Z Ai(2)gi(2)h;(=)

=0
By using this equation. Q(z) can be simplified to.

ol Z.‘l/\i(:)
Q(2) =Y 5——ai(2)hi(z)B(z)
=0~ '\i(‘-)
Since. g;(z) and h;(z). for every i are the eigenvectors. they must be analytic
for abs(z) < 1. Let IT;[z* — \i(z)] be the system characteristic function. The poles

are equal to the roots of this function.
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For each of these roots, we can establish a boundary equation. All the bound-
ary probability values are then obtained by solving these linear boundary equations
along with the equation of the first derivative of Q(z) at z = 1. Once we can ex-
press ()(z) in terms of these boundary probabilities, we can obtain moments of queue
length. The details of this method and the extension to superposition of multiple
independent discrete-time Markov chain subprocesses are described in [43]. In [44],
these details are further extended to express the queue length tail distributions by
using the roots of the system characteristic function.

In [45] a set of homogeneous correlated on-off discrete-time sources with num-
ber of packets generated being expressed by general distribution(with number of pack-
ets > 1), was assumed to represent the arrival process for the ATM multiplexer. An
infinite queue length for the multiplexer was assumed. A functional equation repre-
senting the joint probability generating function(PGF) of number of fixed size ATM
packets in the queue and the number of sources in the on-state. could not be ex-
pressed in a closed form in [45]. But. in [46] a closed form expression was developed
for the PGF of joint distribution of number of packets in the queue and the number
of sources in the on-state at slot k starting from slot 0 with both zero and non-zero
initial conditions. This closed form expression was developed by using induction[46].
Using the Final Value theorem. a closed form expression for the PGF of joint dis-
tribution could finally be obtained from this transient analysis(46]. Also in[46], the

analysis was further extended to the case of heterogeneous on-off sources.

4.2.3 Fluid Flow Model

The above analyses were based on the assumption of packet arrival process is of the
type of generalised Markovian arrival process. However, the arrival process of voice
traffic[75] is of the on-off type. with during on-times, the source outputs at a constant
bit rate into the multiplexer. Even though the video traffic is of variable bit rate

source, its statistical characteristics can again be approximated by a superposition
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of 2 number of On-Off sources[57]. The bit stream output from On-Off source will
be packetised and sent into the network. The above analyses, therefore, take into
consideration the packetised arrival process. However, it is also possible to analyse the
multiplexer queue using fluid flow model with On-Off sources, which approximates
the multiplexer system with packet queue. Consider the queueing equation from
Equation 4.2. We can take the fluid approximation as A\ — 0 and thus. the same

problem can be formulated in the continuous time domain. as

: q(t + ) —q(t)

q(t) = limyg 3
'
= lima_g (ZA“.4k(t,t+A)-C_x-‘) (4.7)
k=1

with q(t) > 0. lima_g "' Ai(t) represents the arrival rate of the k-th tvpe at time
t. which is modeled as a Markov process and C A~! represents the link transmission
rate. Also g(¢) is characterised as a continuous variable and can be solved by using
the methodology outlined in [36].

The essential approximation involved with this modeling is the assumption of
continuous variation of the buffer size ignoring the variation due to discrete packet
size. This assumption is valid only when the number of sources to be multiplexed
and the capacity of the link are large. compared to the discrete buffer size. because of
cell arrivals and departures. We discuss briefly the method involved in deriving the
survivor function of the queue occupancy(the survivor function of a particular queue
occupancy value is defined as the probability that the queue occupancy exceeds that
value). Let .V; be the number of On-Off sources of type 1 with constant bit rate of 4,
when the sources are in “On” state and .V, be the number of On-Off sources of type 2
with constant bit rate of A, when the sources are in the “On” state. Let ¢ and b be the
transition rate of going from “Off” state to “On” state and “On” state to “Off” state
of type 1 sources. Similarly, let ¢ and d be the corresponding transition rate of tvpe 2

sources. The distribution of sojourn time in all states is assumed to be exponentially
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distributed. By considering the Chapman-Kolmogrov forward equations for the joint
probability distribution of source state and multiplexer queue size, at steady state we
can write down a set of simultaneous differential equations for Fij(y) = Prob{input
source is in state (i, j) . multiplexer queue size < ypfor1 <i<Vand1<j< Vo
The solution of the vector F with components Fi;(y) is expressed in terms of the
eigenvalues of the matrices involved, when the simultaneous system is written in a
matrix form. The method involved in obtaining these eigenvalues and eigenvectors,
in order to obtain the survivor function of the multiplexer queue. is outlined in [59].

The matrix analytic technique usually has better numerical stability compared
to the transform based technique due to its algorithmic nature. Also. with this
technique. there is no need for transform domain matrix manipulations and transform
inversions. However. the matrix analytic techniques use iterative algorithms to find
the minimal nonnegative solution of certain nonlinear matrix equations arising in the
Markov chains. The low linear convergence rates of iterative algorithms employed
makes use of this method not viable for large dimensionality. especially under heavv
traffic load. The transform technique has to determine the zeros of the determinant
of a certain polynomial matrix within the unit disk. These zeros are used to obtain
the set of linearly independent equations. the solution of which gives the desired
unknown boundary probabilities. Also, to obtain unknown steady state probabilities.
the transform inversion has to be carried out. This approach has problems due to
numerical properties. The fluid low approximation leads to large errors in predicting
the buffer occupancy when the buffer size is small, i.e.. the cell level loss behaviour[69].

Because of the difficulties associated with the transform technique and the fluid
flow approximation technique, we use the matrix analytic technique in our analysis.
Our proposed model uses On-Off source models and approximates the superposition
by Markov Modulated Poisson Processes. Our queueing analysis leads to M/G/1 type
structure. In the following chapter, we outline the nature of the input traffic and its

representation by 2-state MMPPs. Following this, we describe the priority based
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scheduling strategy and its analytical representation. Also, we present an embedded
Markov chain analysis, to evaluate the performance of RT and NRT traffic, by using

the matrix-geometric technique.
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Chapter 5

Performance Evaluation of Priority
Based Scheduling at the Uplink

In assigning the slots. the scheduler gives priority to the real-time traffic. as the
end-to-end delay requirement of real-time traffic has to be met. If the real-time
traffic demand cannot be satisfied during the current frame. those real-time fixed size
packets that cannot be transmitted are dropped rather than being queued for later
transmission. This policy is adopted in order that real-time traffic has minimum
possible delay and delay jitter. The analysis can be easily extended to the case where
the dropping is done when a finite buffer of size greater than the total number of slots
in a frame becomes full. On the other hand. the non-real-time fixed size packets are
queued, and the status of the individual queues at the user terminal is available in

the request update table at the scheduler.

3.1 Analytical Modeling of Uplink

We analyse the performance of the uplink multiplexing system. This analysis will be
used in evaluating the performance of the downlink once the arrival process to the
downlink is characterised. We assume a fixed number of C slots being devoted to
the uplink transmission. The main focus of our analysis is to evaluate the cell loss

ratio of real-time packets and queue length distribution of non-real-time packets due
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to the priority scheduling, as seen by the scheduler. We have to bear in mind that
the non-real-time queue of Figure 3.2 represents the sum of the individual queues at
the user terminals of Figure 3.1. We can design the buffer size of user terminal for

non-real-time traffic to be the buffer size of Figure 3.2 needed to satisfy a particular
CLR value.

9.1.1 Traffic Models

Within the capacity constraints imposed by the channel. there is no restriction on
the type of traffic that can be supported. There are different traffic models for char-
acterising different types of applications. Each of these modeling techniques matches
certain statistical characteristics of traffic to the approximating model. Appropriate
traffic models have to be chosen so that queueing analysis of scheduling strategy, is
tractable. For example. the superposition of video sources is modeled as a continuous-
time Markov process[57]. While it may be true that a continuous state autoregressive
model may be more accurate. it is not amenable to analysis by queueing theoretic
techniques[57]".

The multimedia traffic to be supported is categorized into three broad classes:
1) voice. relatively low bandwidth real-time traffic but in large volume. 2) video.
wideband real-time traffic and 3) data, non-real-time traffic. Typical examples of
non-real-time data traffic are remote data-base access. client-server interaction and
http access.

It is well known that the characteristics of voice sources can be well approx-
tmated by on-off sources [75]. Also the characteristics of aggregate video sources
of video-telephone connections can be well represented as a superposition of mini-
on-off sources(57]. Of course. there are widely varying models based on multi-state
Markov chain and autoregressive models[49](48][50], depending on the nature of the

video type. Most of the non-real-time data applications can be approximately char-

!See page no. 837 of [57] for further discussion.
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acterised by on-off models(83]. Data traffic from LAN gateways and some Internet
Protocol(IP) traffic can be long-range dependent. However, it can be modeled by
appropriate Markovian arrival process (MAP) models as shown in [51]. Since, our
modeling technique can be used for any MAP representation, both real-time traffic
and non-real-time traffic can be represented by any MAP. However, for simplicity, we
consider the superposition of real-time voice, real-time video and non-real-time data
sources, each to be represented by 2-state MMPP. Since the queueing analysis will be
much more complicated with on-off source representation. as the number of sources
increases (due to the explosive growth of state space), we rather use the approach
of modeling the superposition of homogeneous on-off sources by a 2-state MMPP
model[84]. We use a procedure outlined in [68] which is similar to [84] and [69]. In
this procedure each video source is assumed to be represented by a superposition of
homogeneous mini-on-off sources[57](say m). Therefore, a superposition of .V video
sources will be represented by a superposition of m * .V homogeneous mini-on-off
sources{52]. The next step needed for our queueing analysis is the approximation
of superposition of homogeneous on-off sources by 2-state MMPP. Even though the
technique initially proposed in [84] for this purpose could be used to evaluate the
multiplexer performance, the approximate cell loss probability was too far from re-
ality. Therefore, there were different techniques proposed in the literature to model
the superposition of on-off sources by Markov modulated processes[69][53]. In [54],
the authors propose a technique based on the characterisation of the aggregate cell
arrival rate and variance-time curve. to model the superposition of heterogeneous on-
off sources, by 2-state MMPP. In [97], the technique based on the characterisation of
probability mass function of number of cell arrivals in an observation interval, index
of dispersion for counts(IDC) values at time ¢ and at infinite time and average cell
arrival rate, has been proposed to model multimedia traffic, bv the superposition of
N identical 2-state MMPPs. From the work in [97], we can infer that, since the prob-

ability mass function of number of arrivals in a packet time is binomially distributed.
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for the case of superposition of homogeneous sources, a single 2-state MMPP can be
used. Thus, the results we present in this paper are restricted to only for sources
that are representable by on-off sources with exponentially on times and off times or
by 2-state MMPP, although the modeling can be easily extended for any M AP and

hence for any traffic source representable by MAP.

5.2 Queueing Model of the Scheduler

Since real-time traffic has stringent requirements on end-to-end delay, the sched-
uler gives priority over non-real-time traffic in performing dynamic allocation of MF-
TDMA slots to the satellite user terminals and similarly on uplink TDMA slots to the
WATM user terminals. Let C be the total number of traffic time-slots in each uplink
TDMA frame. The scheduling of cell transmissions can occur only at the beginning
of each frame time. If the sum of real-time cell arrivals during a frame time at each
user terminal exceeds C'(where C is the number of slots in a MF-TDMA frame in the
case of OBS based satellite network and the number of slots dedicated on the uplink
TDMA in the case of WATM network), then the excess is lost. The non-real-time
data packets arriving during a frame period are queued at the terminals. Thus. at the
beginning of each frame, if there are real-time packets that have arrived during the
previous frame period, they all will be transmitted first and if the number of real-time
packets is less than C. then the slack is filled by non-real-time data packets from the
data queue of each station, as assigned by the scheduler. Note that by queueing the
real-time packets, the real-time cell loss can be reduced. However. this will introduce
delay and jitter for real-time traffic. Thus, the queueing model of the scheduler can
be represented as shown in Figure 3.1.

Because of the scheduling policy, the real-time packets suffer loss and their
delay is bounded at the uplink by one frame duration plus the propagation delay.

Since non-real-time traffic is sensitive to loss, the CLR has to be controlled when
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finite buffers are allocated to non-real-time traffic. In our analysis, we assume that
the buffer size for non-real-time traffic is infinite. For finite buffer cases, we can
approximate the CLR by the tail probabilities of the infinite buffer case. The non-
real-time traffic queue considered actually represents the sum of the non-real-time
traffic queues at the terminals within an uplink. Therefore. the finite queue size
corresponding to a particular CLR can be set at each user terminal(even though it
represents the worst case scenario). The survivor function of queue length is defined
as the probability that the queue length exceeds a certain value, in other words it
is the complementary distribution of queue length. This survivor function can be
used as an approximation to the CLR for a given finite queue size. In the next
two subsections. we derive CLR of real-time voice and video traffic and stationary
occupancy distribution of non-real-time queue length at the frame boundaries. We
use the matrix-analytic technique to evaluate the stationary occupancy probabilities

of the non-real-time queue.

5.2.1 CLR of Real-time traffic

Since real-time traffic is handled on a priority basis. its performance is not affected
by the presence of non-real-time traffic. The real-time traffic as seen by the scheduler
is the superposition of 2-state MMPP for voice traffic and 2-state MMPP for video
traffic. Accordingly, the net arrival process of packets from real-time traffic can be
represented by a 4-state MMPP(85]. If the infinitesimal generator matrix of the
underlying Markov chain of the 2-state phase process for voice traffic is represented
by Q.o and for video traffic by Q,;, then the infinitesimal generator matrix of the

underlying phase process of superposed real-time traffic is given by,

Qr = QudQuw (3.1)

where
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and & stands for the Kronecker sum. The Kronecker sum for matrices A and B, is
defined as

A®B=(A®Ig)+([1®B)
where @ represents the Kronecker product, which is defined as
cuD cpD -+ ceynD
CeD= . o -
cn;D Cn'.;.D Cnr;tD
and [, and Ig are the identity matrices of the same order as the matrices A and B
respectively.

The corresponding arrival rate matrix of the superposed process can be rep-

resented by the following Kronecker sum.

Y = A\ (5.

(MmO
-\ml B ( 0 /\?..m)

- ’\l.vo 0
-\uo - ( 0 /\Q.vo)

Let 7. be the row vector of dimension 4 whose elements stand for the steady

(1]
[3)
~—

where,

state probability of the phase process of the real-time traffic, i.e.. the probability of

being in phase i at any time. Thus,

Q= 0 (5.3)

where e is the unit column vector of dimension 4.



Consider the epoch, just after serving the packets from both the real-time
buffer and the non-real-time data queue. The number of packets in the real-time
buffer will always be zero at these instants. Therefore, the steady state probabilities
of cell loss (or cell loss rates, CLR’s) of real-time packets can be evaluated in the
following manner. Let 7 be the frame time, .V,(n7) be the number of real-time cell
arrivals during n-th frame, and J,(n7) be the phase of the 4-state MMPP of real-time
traffic(see Q,) at the corresponding instants. We define

P,

Tij

(k.nt) = P(Ny(nT)=k.Jo(n7) =j/J.((n - 1)7) =) (53-4)

Note that P, (k.n7) is not dependent on the index n and can be evaluated, by using
the recursion suggested in[86], based on an uniformization technique (during a frame
period. the transition rate of the phase process of MMPP is in accordance with Q,
given in Equation 5.1). Let us denote the matrix with elements P, (k.nt) by P (k).

ie..
P.(k) = [P, (k.n7)| (3.3)

which is a 4x4 matrix for each k. The real-time demand f,(k) is the marginal

probability that .V, (n7) = k. which is found by averaging over the phase.
fr(k) = Tp- Pr(k) € (5.6)

Thus the cell loss probability for real-time traffic (CLPgr), is given by

x

CLPw = Y f(i) (5.7)

1=C+1
Note that. if the real-time packets were queued in a finite buffer. then CLRgr can

be calculated only after modeling the queuing process of real-time traffic.

5.2.2 Queue Length of Non-real-time traffic

As explained in the previous section. .J.(nr) represents the phase of the 4-state MMPP
of the real-time traffic at the beginning of the n-th frame. Similarly, let Jy(n7) stand
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for the phase of the 2-state MMPP representing the non-real-time traffic. The random
variable representing the queue size of the non-real-time traffic(g((n + 1)7)) at time
(n+1)7 depends on the queue size of the non-real-time traffic(q(n7)) at time n7 and
the phases of the 4-state MMPP of the real-time traffic and the 2-state MMPP of
the non-real-time traffic. Thus we have an embedded Markov chain for the queue
size of the non-real-time traffic, at the beginning of each frame time. Let Ny(n7)
be the random variable representing the number of non-real-time cell arrivals during
n-th frame. Therefore. the equation governing the non-real-time queue process at the

beginning of frame times after scheduling real-time packets and non-real-time packets

can be given by,
a(n+1)7) = [gnr) + Ny(nr) = [C = Ny(nr)]7]” (5.8)

The evolution of the process described by Equation 3.8, is governed by a three
dimensional embedded Markov chain whose components are the contents of the buffer,
the phase of the 4-state MMPP of the real-time traffic and the phase of the 2-state
MMPP of the non-real-time traffic. The transition probability of this chain is given
by,

dt]l.:n.'w -

Palgln + 1)7) = u.Jy((n + 1)T) =v. Jy((n + 1)7) = w/q(nt) = i.Jy(nt) = j. Jr(n7) =]

We now define the matrix

Py = [Pd.,..a.,w]

The remainder of this section is taken up with putting P, into the canonical form
By Bp B, By By ..

d0 A4 A A3 Ay
Py = g Ao A A A

0 4 4; A ...

........

(5.9)



This form is readily solved using well-known matrix analytic techniques.
We begin by defining the 8 x 8 sub-matrix

(Pdou o11 P'lou 012 Pdou,ozx Pdou.nzz Pdou.o42 \
Pdov o1 Pdov 012 Pdou,ozx Pdow.ozz Pdm'.'.o.az
Pdozl.ou Pdon.ou Pdozl.on Pdozx‘ozz Pdozx.o42
Go = . . . . .. .
\P dos2,011 P dos2.012 P dos2,021 P, dosngr2 oo P, do42.042 )

The elements of this matrix are the probability of going from an empty buffer
to an empty buffer with phase transitions. The elements of Gy are given by the

following expression.

C C-m

PdO)l.va Z Z Pd)t.- ’lw z dev "h., ) (5'10)

m=0 i=0 m=C+1
where Py (i) is the probability of number of non-real-time cell arrivals at the end of
the frame period being equal to i and the phase of 2-state MMPP of non-real-time
traffic at the end of the frame period is v given that the phase at the beginning of
the frame period is j. This probability can be obtained using the same recursive
method([86] as employed in the case of real-time traffic. Equation 5.10. can be written
in a matrix form using the Kronecker product as shown below.

Z Z Py(i) ® Po(m) + Z P4(0 m) (5.11)

m=0 i=0 m=C+1
where P,(m) = [Py,, (m)] and Py(i) = [Py, (3)]-
In the same manner, we define the sub-matrices which involve a transition

from an empty buffer to an non-empty buffer.

Gi:[PdO]l.ww] for i>1: 1<juv<?2 : 1<lw<d

with
(% x
PdOJl.n:w = z Pd)u (C —-m-+ i)P"lw(m) + Z Pd]u (2) "lw(
m=0 m=C+1



In matrix form,

G; = ZPdC m+1i) ® P.(m )+ Z Pd )

m=0 m=C+1
The elements of G; are obtained by looking into the mutually exclusive cases
of leaving behind i fixed size packets in the queue. after scheduling the transmission
of real-time packets and non-real-time packets from the non-real-time queue at the
beginning of the current frame. given that there were no non-real-time packets in the
non-real-time queue at the beginning of the previous frame. Thus. this defines the

first row of the transition probability matrix P, In a similar manner. we write

ylsew ®

down the elements of other sub-matrices for the transition from an non-empty buffer

to non-real-time queues of other states.

D=[Py,,.] 1<jivs2: 1<lw<d

where
x
Pdl)l.h:w Z de'. C m)Pr -‘- z Pd)v "lw )
m=0 m=C+1

In matrix form.
C %
D=3 PC-m)®PB(m)+ Y Pi0)® P.(m)

m=0 m=C+1

[Pajs] =Gict 0220 1<jv<2 @ 1<lw<d

Ui= Z 2 Pd,u P, (m)|  for 1<i<C

In matrix form.

= Z z Pyn)® P(m) for 1<i<C



C-i
E = [Z Pd,,(c—m-i)P,,w(m)] for 1<i<C-1

m=0
In matrix form,

C~i
E,-:ZP,,(C—m—i)@Pr(m) for 1<i<(C-1

m=0

Thus. we have the following form for the transition probability matrix P;,

( Go G, G Gy Gy .. Geot Ge Gesi . Gaeoy Gac
U D G G Gi3 .. Gc-a Geoi Ge . Gacoy Gacoy
U, E, D G, Gy ... Gc-3 Ge-2 Ge-1 . Gac_gz Gacos
Us Ey E, D Gt .. Gec-y Geoy Ge-a . G-y Gac—3
P, = ) ) . . C e X .. . .
Uc-v Ec-2 Ec-3 Ec.y Ec_s ... D G, Ga . Gc Gea
Uc Ec-1 Ec.a Ecoz Ecoy ... E D G . Ge-1 Ge
0 Uc Ec-y Ecoa Ecoy ... BE, Ey D . Gecoa Gea
0 0 Uc Ec-y Ec.3 ... Ej E, Ey . Gec-z3 Ge-»
We further group these sub-matrices in the following manner.
[ Go G, G, . GC—[\ { Gic Gic+1 - Gurne-
U, D G .. Ge- Gic-1 Gic - Guane-2
Us Ey D . Gco Gic-2 Gic-1 -~ Geyc-3
By=| U Ey Ei . Gc-s|Bi=| Gic Gic-2 - Gsiio
\UC-I Ecoa Ec3 .. D / \G(,-_l)c+1 Gi-ncs2 -  Gic )
for 1>1.
/UC Ec-i Ec-» . Ep\ ( D G . Ge-1)
0 Uc Ec-1 .. E E, D .. Ge-a
0 0 Uc . B3 Es Ey . Gc-a
Ao=1]0 0 0 - Ey A= E; Es .. Gc-g
\ 0 0 o . Uc} \Ec.y Ecs . D /




and A;.) = B; for i > 1. Note that the matrices 4; and B; are of the order of 8-C.
Let I,y be the joint steady state probability of queue size of non-real-time traffic
being equal to u, the phase of 4-state MMPP of real-time traffic being in state v and
the phase of 2-state MMPP of non-real-time traffic being in state w. The steady state
joint probability vector of number of non-real-time packets in the queue, the phase of
+-state MMPP of real-time traffic and the phase of 2-state MMPP of non-real-time
traffic. being at the embedded points (i.e., at the beginning of frame times) can be

written as,

Hd = ([How][nlm][nng]. ...... ) (512)

where each sub-vector [(Muww| is a vector of dimension 8. with the elements My
having the queue size of non-real-time traffic being u. but with different phases of 4-
state MMPP of real-time traffic and 2-state MMPP of non-real-time traffic. arranged
in a lexicographical order. We use the matrix-geometric technique to solve for the
steady state probabilities [T,., [37][79][81](82](86](95]. Since. Airy = B; for i > 1.
this relationship helps to simplify the calculation of II,,,, as shown in the following

section.

5.3 Steps For the Computation of Stationary Prob-
ability Vector

Each row in the composed matrix, i.e.. P; (specified in page 36), corresponds to a

level as in the case of M/G/1 type Markov chains, i.e., level 1 is given by.
1={(I*C+k.j,v);0SkgC-l.lsjgm.lSugn} for 1>0

where m and n stand for the number of phases of rt MMPP and nrt data MMPP,
respectively.
The Markov chain has skip-free to the left property. Therefore, we can proceed

with the analysis as in the case of M/G/1 type Markov chains by considering the first
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passage times between various pairs of levels.

Now, the steady state vector x, is a row vector corresponding to each level.
Within this vector each element corresponds to the steady state probability of the
system with which we started. i.e.. [T;;,.

We briefly outline the solution technique here.

Step 1: We have to solve for G from the following non-linear matrix equation,

x
G=) A4,G"
v=0
Let g be the invariant probability vector of the matrix G.

Step 2: We determine the vector

%
7=Y e
v=]

where, e is the column vector of 1s with dimension of C - m - n.
Step 3: Defining 4 = Y%, 4, and G and A(3") as diagonal matrix of order

Cmn x Cmn with the components of 3" as its diagonal elements. We calculate.
0=(I-G+G)*(I-A+G-17(3)G) e

Step 4:

Let x be invariant probability vector of Yo ByG'. Since A, = B, for
v > 1. we can write Y32 B,G* = [ — (4G~!) — 4, + B,.

Let s =e+ Y32, B, Y323 G6. We calculate.

Lo = (k&") "'

Step 3:
Finally, by using the recursion suggested by V.Ramaswami, we can obtain IS
from the following equations,
i-1

I = Todip + Zﬁ-’lﬁ-l—u for i>1

=1
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5.4 Case Study: I

The CLR of rt-VBR voice and video traffic and stationary distribution of nrt-VBR
queue length at the frame boundaries are derived using the analysis presented in the
previous section. In the following, we present some examples with illustrative results
for a typical TDMA frame duration of 1 millisecond. We take into account the over-
head associated with the header information and assume the fixed size packet(WATM
cell) of 34 bytes to carry an ATM SDU of 48 bytes. The WATM cell contains a header
of 6 bytes. An additional byte as compared to the standard 33-byte ATM cell is for
the data link error control mechanism(26]. As illustrative examples[92], two different
uplink capacities are considered, C, = 5Mbps and C, = 12.5Mbps. With a 1 millisec-
ond frame length these rates yield C = 11 and C = 28 slots per frame. respectively.
Our numerical results involve various mixes of the traffic classes. The salient charac-
teristics of voice. video and data traffic are shown in Table 5.1. We consider the delay
requirements of both 64 Kbps voice and 384 kbps video sources to be nearly the same.
as listed in [23]. page no. 39. That is why we consider both voice and video at the
same priority level. without discriminating between voice and video. Two different
mixes of the traffic types, "data dominant” and ”balanced” respectively are shown
in Table 3.2. The results of calculations are summarised in Tables 5.3 and 5.4 for
Cu = 5 and 12.5 Mbps, respectively. The two performance criteria are Statistical Mul-
tiplexing Gain(SMG) and Cell Loss Ratio(CLR), respectively. The SMG is defined
as SMG = ((Vyoi *64Kbps) + (N yig * 384K bps) + (Nygeq * 128 K'bps))/(C,). Thus, this
expression compares the gain that we can have against fixed rate PCR(Peak cell rate)
CBR service(or equivalently circuit switching). The Peak-to-Average ratio(PAR) of
the on-off/mini-on-off sources is defined as the ratio of peak bit rate to average bit
rate.

Since our objective is to satisfy the QoS requirements of CLR and maximum

end-to-end delay requirement of rt-connections and CLR of nrt-connections. we choose
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Traffic Tvpe | Model Details | Peak bit rate [ PAR
for On-Off/
mini-On-Off

Source
RT Voice | Single On-Off 64 Kbps 2.5
Source
RT Video | 6 mini On-Off | 64 Kbps 5.0
Sources
NRT Data | Single On-Off | 128 Kbps 200
Source

Table 5.1: Statistical characteristics of different source types.

Traffic Tvpe | Data Dominant | Balanced
RT Voice 20% 20%
RT Video 10% 30%
NRT Data 70% 50%

Table 3.2: Different cases of traffic mix.
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Load | Case of Traffic | Nyoi | Nyid | Vaata | SMG CLR of
Mix RT
connections
4158 | 107.12 | 6.654 x 10~
3696 | 95.26 | 3.538 x 107
2310 | 39.49 | 2.941 x 10~*
1650 | 43.06 | 5.616 x 10~

90% | Data Dominant | 29
80% | Data Dominant | 26
50% | Data Dominant | 16
50% Balanced 16

GO | W= | W=

Table 5.3: CLR and Statistical Multiplexing Gain(SMG) of different cases of traffic
mix for the capacity of C, = 5Mbps with 1 msec WATM uplink frame duration.

CLR of rt-VBR connections to be less than 10* at the cluster. As previously dis-
cussed, our scheduling policy gives priority to rt packets. Furthermore. those rt cell
arrivals in a frame period exceeding the number of allocated slots in a frame are lost.
The delay of rt packets is bounded by a frame duration at the cluster. In Table 5.3
and Table 5.4. we show the CLR of rt packets at the cluster. We observed for the
cases of load 95% through 35%. the voice and video dominant cases(80% rt traffic
and 20% nrt traffic) lead to a CLR higher than 10~ for the capacity of C, = 5.Mbps.
Similarly, for the cases of load 95% through 60%. the voice and video dominant cases
lead to a CLR of much higher than 10~ for the capacity of C, = 12.5M bps (not
listed in the Tables).

In the following Figures 5.2. and 5.3 we show the logarithm of survivor function
of nrt data queue occupancy vs. nrt data queue size corresponding to Table 5.3. From
these figures. we can determine the nrt data queue size at the user terminals in order
to ensure a particular value of CLR. For example to ensure a CLR of 108 for nrt
data traffic with the assumed traffic model, we have to have a nrt data queue size
of 6746, with the radio capacity of 5Mbps devoted for the uplink under 90% load of
data dominant case shown in Figure 5.3. Similarly, in Figures 5.4. and 3.5, we show
the logarithm of survivor function of nrt data queue occupancy vs. nrt data queue

size corresponding to Table 5.4. We can choose the nrt data queue size in order to
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Load | Case of Traffic | Nyo; | Nyia | Vaata | SMG CLR of
Mix RT
connections
90% | Data Dominant | 75 12 | 10584 | 109.13 | 7.613 x 10~
90% Balanced ™ | 37 | 7560 | 78.935 | 8.1685 x 10~
80% | Data Dominant | 67 | 11 | 9408 | 97.02 | 8.14 x 10-!
80% Balanced 67 | 33 | 6720 | 70.17 | 1.264 x 10~
50% | Data Dominant | 42 7 5880 | 60.64 | 3.746 x 10!

Table 5.4: CLR and Statistical Multiplexing Gain(SMG) of different cases of traffic
mix for the capacity of C, = 12.5Mbps with 1 msec WATM uplink frame duration.

meet a particular CLR of nrt data connections.

From Figure 5.1. we can see that at 80% load. the curve of logarithm of
survivor function of non-real-time data queue length for data dominant case is above
the curve of logarithm of survivor function of non-real-time data queue length for
balanced case. However. in Figure 5.5. it is the other way around. This leads to the
following intriguing argument. At higher loads. for the same load. as the proportion
of real-time traffic(voice and video) increases, the non-real-time data queue length
tends to increase. This can be attributed to the priority nature of the system. This
behaviour can be studied exactly. by developing sensitivity analysis of logarithm of
the survivor function of non-real-time data queue length.

In Figure 5.6, we show the logarithm of survivor function of aggregate nrt data
queue as seen by the scheduler and the individual terminal nrt data queue for the
data dominant case of load 90%[95]. The simulation for this case is performed with
6 WATM terminals. with each having 12 voice sources. 2 video sources and 1764
data sources. For our simulations, we choose a confidence level of 95%; all of the
simulation points are within the confidence interval of 5% with this confidence level.
For the details of calculating the confidence interval for occupancy probability, refer

Section 4.1. Each voice. video or data source is represented by an ON-OFF model
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Figure 5.2: The logarithm of the survivor function of NRT data queue length vs.
NRT data queue length for C, = 5Mbps and for a load 80% and 50% of the cases
corresponding to Table 5.3 (Analytical results).

or a superposition of ON-OFF mini-sources as shown in Table 5.1. Curves #1 and
#3 show the simulation results for the aggregate queue as seen by the scheduler and
the individual queue at the terminal. respectively. when traffic is represented by its
original ON-OFF sources or mini-sources.

The 12 voice sources can also be approximated by a 2-state MMPP. in the
same manner as was done for all previous cases. Similarly. the 2 video sources are
approximated by one 2-state MMPP and the 1764 data sources approximated by an-

other 2-state MMPP. Curve #2 shows the analytical results for the aggregate queue
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Figure 5.3: The logarithm of the survivor function of NRT data queue length vs.
NRT data queue length for C, = 5Mbps and for a load 90% of data dominant case
corresponding to Table 5.3 (Analytical results).
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Figure 5.4: The logarithm of the survivor function of NRT data queue length vs.
NRT data queue length for C, = 12.5Mbps and for a load 80% and 50% of the cases
corresponding to Table 5.4 (Analytical results).
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Figure 5.5: The logarithm of the survivor function of NRT data queue length vs.
NRT data queue length for C, = 12.5Mbps and for a load 90% of data dominant case
corresponding to Table 5.4 (Analytical results).
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Figure 5.6: The logarithm of the survivor function of NRT data queue length vs.
NRT data queue length for C, = 12.5Mbps and for a load 90% of data dominant
case.



as seen by the scheduler when traffic is represented by three MMPP models for aggre-
gate voice, video and data. Curve #4 shows the simulation results for the individual
queue at the terminal with three MMPP models.

From Curves #1 and #2, we can see that the analytical results based on
MMPP model are in close agreement to the simulation results based on ON-OFF
models for the behavior of the aggregate queue[53]. A similar observation is applied
to the behavior of the individual queue at the terminal by examining Curves #3 and
#4. In other words. the approximation of an aggregate of homogeneous ON-OFF
sources by a 2-state MMPP is well justified by simulation results. and the analytical
model can be used as a fast way to dimension the queues.

Curves #2 and #4 (or Curves #1 and #3) also indicate a good approximation
to estimate the queue size of each terminal from the size of the aggregate queue. For
example. for a CLR of 1E-3. Curve # 2 (analytical results) shows that the aggregate
queue of 6 terminals needs 7849 packets. Based on this result. the queue size of each
terminal would be [7849/6] = 1309 packets while Curve 4 indicates the individual
queue size of 1749 packets. Thus. we can use the aggregated queue size corresponding
to a particular CLR value for individual terminals. which would provide much better
CLR. or we can use aggregated queue size divided by the number of terminals. as a

conservative approach (of course CLR performance will be worse).

3.5 Case Study: II

As another illustrative example[93], we consider an uplink frame of 24ms with a
capacity of 64 time-slots per frame. which is typical of the satellite MIF-TDMA system.
Each time-slot can accomodate a fixed-size cell of 53 bytes(i.e.. ATM cell). Table 5.1
summarizes the statistical characteristics of voice. video and data traffic. In order to
examine the effects of traffic mix on the system performance, we consider 3 different

scenarios shown in Table 5.5 . The results on the CLR of real-time traffic for different



Traffic Data Video Voice

Type Dominant | Dominant | Dominant
RT Voice 20% 10% 70%
RT Video 10% 70% 10%
NRT Data 70% 20% 20%

Table 5.3: Different cases of traffic mix.

Load Case of | Nyoi | Vuid | Viaea | SM.G. CLR of
Traffic RT
Mix traf.
78.5% | Data Dom. | 6 1 895 | 102.0 | 1.6976F — 13
Voice Dom. | 22 1 256 | 30.57 | T44E-03
Video Dom. | 4 T 256 | 31.38 | 1.186FE —02
52.5% | Data Dom. | 4 1 360 | 63.96 | 1.7T944F — 17
Voice Dom. | 14 1 160 | 19.25 | 5.1735F — 06
Video Dom. | 2 3 160 | 19.92 1.84E - 03

Table 5.6: CLR and Statistical Multiplexing Gain(S.M.G.) of different cases of traffic
mix for the uplink capacity of C = 64 slots per 24 ms.

cases of traffic mix and load are given in Table 5.6. The statistical multiplexing
gain(S.M.G.) is calculated as S.M.G. = ((\Vyu * 64K bps) + (Vyig * 384K bps) + (Nyaza *
128Kbps))/(C * 53 x 8/24ms). The performance of non-real-time traffic (e.g., data)
for the cases shown in Table 5.6 is evaluated using the analytical tool.

In Figures 5.7, and 3.8, the logarithm of survivor function is plotted against
the data queue length for different loads of 0.525. and 0.785 respectively. We find that
even though the data load is higher in the data dominant case as compared to the
video dominant case for the total load of 0.525. the queue occupancy is higher for the
video dominant case due to high burstiness of real-time video traffic(Figure 5.7). On
the other hand, at a higher load of 0.785, the data dominant case has a higher data

queue occupancy than the video dominant case. The effect of burstiness due to video



traffic on the data queue diminishes as the total load increases(Figure 5.8). We can
approximate the tail probabilities for the CLR of non-real-time data traffic. Thus.
for a particular CLR of non-real-time data. we can obtain the corresponding buffer
size from these graphs. For example. to achieve a CLR of 6.34E — 0T of non-real-time
data traffic, the data buffer size has to be 4736 in the data dominant case, 3233 in
the video dominant case and 2176 in the voice dominant case(Figure 3.8).

When the number of slots in a frame is increased to the order of 1096. the
convergence of iterative solution(matrix geometric), is extremely slow. Although, for
C = 64, the analytical results could be obtained within half an hour or so at higher
loads(near 0.9). the convergence for the case of C = 4096. was taking of the order of
days. For the purpose of comparison with simulation[91], we present the analytical
and simulation results for the case of C = 10 and for the loads varying between 0.9
and 0.37. as shown in Figure 5.9. For our simulations, we choose a confidence level
of 95%: all of the simulation points are within the confidence interval of 5% with this
confidence level. For the details of calculating the confidence interval for occupancy
probability, refer Section 4.1. The analytical results are in excellent agreement with
simulation as shown in Figure 5.9.

[n the next chapter, we derive the covariance function of arrival process of
RT traffic and NRT traffic, to a downlink/downstream link. Using the covariance
function values at different lags and mean arrival rate, we obtain the parameters
for approximating the 2-state MMPP. Then we use the analytical mode! of uplink
discussed in this chapter. to obtain the CLR of RT and NRT traffic at the downlink.
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Chapter 6

Performance Evaluation of Priority
Based Scheduling at the
Downstream Link

In the simple case of a two hop connection, traffic from the user terminals may simply
be switched from the local base station to a remote base station through the switch
for WATM networks. In this case the output queue of the switch corresponds to the
downlink of the remote base station. In all other cases. the output of the switch will
be the next downstream link after the uplink. In the OBS based Satellite networks.
the traffic arriving at the on-board switch will be switched to the appropriate down-
link. Since rt-VBR has to be given priority over nrt-VBR. the same frame based
scheduling is used over the downlinks/ downstream links. Our main objective is to
characterise the arrival processes of real-time and non-real-time traffic at the down-
link/ downstream link. so that performance at any downlink/ downstream link can

be studied. The typical situation has been presented in Chapter 3. in Figure 3.5.

6.1 Analytical Modeling of Downstream Link

To characterise the arrival process of real-time and non-real-time traffic at the down-

link/ downstream link. we only need to consider the aggregate buffer of real-time




traffic which stores cells arriving in the previous frame and the aggregate queue of
non-real-time traffic, from the user terminals to the base station or from the user ter-
minals to the scheduler on-board. In the previous chapter, assuming voice and video
traffic have the same delay and loss requirements, we considered a d-state MMPP
representation of aggregate voice and video traffic. For the non-real-time traffic we
considered a 2-state MMPP. Let us consider the downstream queue of F igure 3.5
shown in Chapter 3. The fixed size packets departing from the input port choose
the downstream output port according to a uniform distribution. This downstream
output port would actually correspond to the buffer and/or queue at the base station
for the downlink traffic. if the output port of ATM switch is directly connected to a
base station or the output port of the ATM switch. with the scheduler operating on
a TDMA frame basis. In the case of OBS based satellite network, the output port
would correspond to the downlink. In that case. the queueing model (Figure 5.1) of
the scheduler is applicable for the downlink/ downstream link queueing at the base
station or the output port of the ATM switch if the arrival process to the downstream
queue can be approximated by MMPPs. Thus. our uplink modeling analysis discussed
in previous chapter on the steady state distribution of the above queueing structure
can be used to analyse the queueing characteristics at the downstream queue.

An MMPP is characterised by the transition rate matrix of the underlying
phase process and a diagonal arrival rate matrix. Let Q, (of order m) and Qu(of order
n) be the transition rate matrices of the underlying phase process of real-time and
non-real-time traffic respectively, as discussed in previous chapter. Similarly, let .\, (of
order m) and \4(of order n) be the diagonal arrival rate matrices of the real-time and
non-real-time traffic respectively, again as discussed in previous chapter. Let 7 be the
frame time. Let P(V,(t) = k. J.(t) = j/J.(0) = i) be the conditional probability of
the number of real-time arrivals being equal to k by time ¢ and the phase of real-time
process being in state j at time t. given the phase of the counting process .V, (t) at

time 0 being in state i. Similarly, let P(NV,(t) = &, Ja(t) = j/Ja(0) = i) be the
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conditional probability of the number of non-real-time arrivals being equal to k by
time ¢ and the phase of non-real-time MMPP being in state j at time ¢, given that
the phase of the counting process N,(t) at time 0 being in state :.

In the next section we present the analysis for evaluating the covariance of the
number of real-time arrivals in frame i and number of real-time arrivals in frame (i+])
at the downlink/ downstream link from one single uplink or input/base station(see
Figure 3.5). In the subsequent section we present the analysis for evaluating the
covariance of the number of non-real-time arrivals in frame i and number of non-real-
time arrivals in frame (i+ j) at the downlink/ downstream link from one single uplink

or input/base station.

6.2 Covariance Function of Real-time Arrival Pro-
cess to the Downlink from an Uplink

The notable work on departure process analysis for the case of an ATM multi-
plexer with correlated inputs can be found in [70][72](73](74]. Our analysis is quite
different from these. due to the nature of the frame structure and priority based
scheduling[94](96]. Additionally, we focus our attention on the arrival process of traf-
fic to the downstream link after being switched. Since real-time traffic is handled on a
priority basis. its performance is not affected by the presence of non-real-time traffic.

Let .V; gr(iT) be the number of real-time arrivals from the uplink to the par-
ticular downlink of interest during i-th frame. Let Ng.rr(iT) be the total number of
real-time departures from the uplink during i-th frame. Since. the real-time packets
exceeding the capacity during each frame are lost. we can write down the probability

distribution of Ny gr(i7) as shown below.

P{Nyar(it) = k. J(it) = U/ J.((i = 1)7) = m}

_ | P{N(im) = k. J(ir) = U/ J((i - 1)) = m} 0<k<C-1
T ZZe P{N(iT) = i S (i) = U/ (i - )r)=m} k=C
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The probability expression on the right hand side of the equation represents the
probability of number of arrivals during i-th frame due to the real-time MMPP, at the
uplink. Let N;(it) be the random variable representing number of real-time arrivals
during i-th frame. Since, out of k departing real-time packets from the uplink. i of
them can be destined to the particular downlink of interest. with binomial probability
( k ) (—l—)i (1 - i)k—i we can write
i N N *
P{Nggr(it) = k. J.(ir) = U/ J.((i - 1)7) = m}

{ Yoico PINLAT(iT) = LU(i7) = 1/J.((n - 7) = m} (1 - 1)
c l
(

k=0
i ) =5 PNagrlin) =L lir) = U Jo((n-1)r) =m} 1<k<C

Using, this marginal probability and unconditioning on the phases of the input traf-
fic MMPPs at the uplink, we can calculate the exact CLR (by using multinomial
coefficients) of real-time traffic. since the arrivals from each uplink are independent.
But this process would easily become computationally difficult when .V and C in-
creases. Although this will solve obtaining only CLR of real-time traffic but it cannot
be helpful to solve for the performance non-real-time queueing process at the down-
link. Therefore, next. we consider solving for the joint distribution of No.gr(n7) and
Ne.rr((n+j)7). In other words. we need to know the joint distribution of Nirr(nt)
and Nggr((n + j)r). For j > 1.

YN P{Nurr(nt) = il. J((n — 1)7) = 1. Jo(n7) = [2. J,((n +j-1)7)=1.

1 12 3 M
Nagr((n+j)7) =2, J.((n+ j)r) = 14}

= P{Nyrr(nr) =il. Nyar((n + j)7) = i2}

The details of evaluating the joint probability distribution on the left hand side of
the above equation are as shown below.

We consider only those random variables on which .Vy gr(n7) and Nyrr{(n+

J)7) depend. By using the Markov property we can simplify the following joint

probability as shown below.
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P{Ngpr(nt) =il,J((n - 1)1) =11, J,(n7) =12, J.((n + ] - ) =13,
Nagrr((n+j)1) =i2,J.((n + j)7) = 14}

{1,

= P{Ngrr((n+j)7) =i2.J.((n + j)7) = 14/ Ny pr( (nT) =il. J:((n - 1)7)
J(nt) =12.J.((n+j - 1)T -13} x P{Nggr(n7) =il.J.((n - 1)7)
Je(nt) =12.J.((n +j - 1)7) =13}

{1,

where P{Nggpr(n7) =il. J.((n - 1)7) = [1.J,(n7) = 12, J r((n+j—=1)r) =13} can
be further simplified as shown below.

P{Nuygr(nt) = il.J;((n - V)7) =11 J,(n7) = 2. J.((n + j — 1)7) = (3}

= P{J((n+j=1)7) = 3/Nypr(nr) = il. J,((n — 1)7) = 1. J,(n7) = 12}

X P{Ngrr(nt) = il. Ji((n = 1)7) = (1. J,(nT) = (2}
where P{Nygr(n7) = il.J.((n — 1)7) = (1. J.(n7) = 12} can further be simplified as
shown below.

P{Ngpr(nt) =il.J((n - )7) = L. J(nT) =12} =

P{Nygr(nt) = il.Jy(nT) = 12/J.((n - )7) =11} x P{J,((n = )T ) =11}
Based on the Markov property these conditional probabilities, and hence the

joint distribution with which we started the simplification. can be written as shown

below.

P{Nypr(nt) =il J((n - 1)7) = L. Jo(n7) = 12. J((n + j — 1)) =13.
Narr((n+j)7) =2, J((n + j)T) = 14}
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= P{Narr((n+j)7) =2, J((n+j)r) = l4/J((n+ j - 1)7) = (3}
xP{J.((n+j - 1)7) =13/J.(nT) = 12}
X P{Nyrr(nt) = il.J.(n7) = 12/J.((n - 1)7) = 1} x P{J.((n - 1)7) = 11}

We already obtained the expression for the first factor, and third factor of
the right hand side of the above equation. The fourth factor is merely the steady
state probability of the phase of the real-time MMPP. The only unknown third factor

can be expressed in terms of the transition rate matrix of the phase process of the
real-time MMPP, i.e.,

PUA(n+ ) =1)r) =13/ Jo(n7) = 12} = [e@U-17]

Once we calculate P{Nygr(n7) = il. Nyar((n + j)7) = i2}, the joint proba-

bility P{Ng rr(nT) = il. Ny pr((n + j)7) = i2} can be written as follows.

P{Nurr(nt) = il. Nogr((n + j)7) = i2}

- EE(W)E (R

X P{Nygr(nt) = ml. Ny gr((n + j)7) = m2}

Using this joint probability, we can evaluate the covariance function of number
of real-time arrivals from a single uplink to a particular downlink, as shown below.

Ca”ind(Nn.RT(nT)v N’a.RT( (n + J)T)) =
E(Na.rr(n7) X Nagr((n + j)7)) = E(N2 gr(n7)) (6.1)

6.3 Covariance Function of Non-real-time Arrival
Process to the Downlink from an Uplink

In this section. we describe the method to evaluate the covariance function of non-real-

time traffic arriving to a particular downlink from a single uplink, as was done for the
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case of real-time traffic in the previous section. Let N, yzr(i7) be the number of non-
real-time arrivals from the uplink to the particular downlink of interest during the i-th
frame. Thus, we need to find the joint distribution of Nover(nt) and NV, yrr((n +
J)7). In other words. we need to know the joint distribution of Ny vrr(nt) and
Naxrr((n + j)7), where Ny xpr(nT)(Nyyrr((n + j)7)) is the number of non-real-
time departures from the uplink during the frame nr((n + J)7). From this joint
distribution of Ny vgr(n7) and Ny yverr((n+j)7), we can obtain the joint distribution
of Nowrr(nt) and Ny yrr((n + j)7). as for the case of real-time trafic. From the
law of total probability, we have.

XA YYYYYYYYY P(Navrr(nr) = il Jo((n = 1)7) = 11,

112 13 14 ;1 ;2 j3 ji sl s2 s3
Jo((n = 1)7) = jl.q((n — 1)7) = sL. J.(n7) = 2. Jy(n7) = J2.q(nT) = 52,
Je((n+j=1)7) =3, Jy((n+j - 1)7) =73.q9((n+j - 1)1) = s3.

Nuver((n+j)7) = 2. J.((n + j)7) = l4. Ja((n + j)7) = j4}

= P{Nuver(nt) = il. Nyyrr((n + j)7) = i2}

The details of evaluating the joint probability distribution on the left hand
side of the above equation are as shown below. We consider only those random
variables on which Nyygr(nt) and Ngyer((n + j)7) depend. Let .V4(nt) be the
random variable representing number of nrt packet arrivals during n-th frame. By
using the Markov property we can simplify the following joint probability as shown

below.

P{Naxrr(n7) =il. Jo((n = 1)7) = I, Jy((n - 1)7) = jl.q((n - 1)7) = sl.
Jr(nt) =12, Jy(n7) = j2.q(n7) = s2, Jo((n + j — r) =183, Ju((n+j - 1)7) = j3.
q((n+j = 1)) = 53, Nawrr((n + j)7) =2, J((n + j)7) = 4. J((n + j)7) = jd}
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= P{Naner((n+j)1) = 2. J((n + j)7) = 4. Jy((n + j)7) = j4/ Ny yrr(nr) = il.
Jr((n = 1)7) =11, Jy((n = 1)7) = jL,q((n = 1)7) = s1. J.(n7) = 12, Jy(nT) =
q(n7) = s2.Jo((n+j = 1)7) =18.Jy((n+j ~ 1)7) = j3.q((n + j - 1)7) =

X P{Nyxer(nt) = il. J.((n - 1)7) = 1L Jy((n = 1)7) = jl.q((n ~ 1)7) = s1.

Jr(n7) = 12. Jy(nT) = j2.q(n7) = $2.J,((n + j ~ 1)) = [3.

Ja((n+j = 1)) = j3.q((n + j - 1)7) = 53}

where the joint probability P{Nyysr(nt) = il.Jy((n — 1)7) = {1 Jy((n = 1)7) =

JL.q((n=1)7) = s1. J.(n7) = (2. Jy(nT) = j2.q(nT) = 52. Je((n+j-1)7) =13. Jy((n+
J=1)7) =j3.q((n + j — 1)7) = 53} can be simplified as shown below.

P{Nayrr(nt) =il.J.((n - 1)7) = 1. Jy((n - 1)7) = Jl.q((n-1)7) = sl.

Je(n7) = 12. Jy(n7) = j2.q(nT) = s2. J.((n + j - 1)t) =13.
Ja(n+J = 1)7) =j3.q((n+j - 1)7) = 53}

= Pla(n+j-1)1)=s3. J((n+j-1)7) =138, Jy((n +j - )7)
Naver(n) =il Ji((n ~ 1)) = 1. Jy((n - 1)7) = jL.q((n - 1)7)
Je(nt) = [2. Jy(nT) = j2.q(n7)

)

)=

3/

II
-«-4

X P{Ngnpr(nT) = il, J.((n - 1)7) = [1. Jy((n - 1)7) =jl.q((n - 1)r
Je(n7) = 12. Jy(nT) = j2.q(n7) = 52}

where P{Nyxer(nt) = il.J((n — 1)7) = L. Jy((n - 1)7) = Jlg((n - 1)7) =

sl, Jy(n7) =12, Jy(nT) = j2.q(n7) = 52} can be simplified as shown below.

P{Nyxpr(nt) =il.J((n - 1)7) = 1. Jy((n - 1)7) = jl.g((n - 1)7) = s1,
Jr(nT) = [2. Jy(nT) = j2.q(nT) = 52}
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= P{Nyyrr(nt) =il.q(n7) = 52, J,(n7) = (2, Jy(nT) = j2/
g((n = 1)7) = s1,J((n — 1)7) = 11, Jy((n — 1)7) = j1}
xP{g((n—1)7) =s1. J.((n - 1)7) =11, Jy((n — 1)7) Jj1}

Based on the Markov property these conditional probabilities, and hence the
joint distribution with which we started the simplification. can be written as shown

below.

P{Nyvrr(nt)=il.J((n - 1)7) = 1. Jy((n = 1)7) = jl.q((n - 1)7) = sl.
Jo(nt) = 12.Jy(n7) = j2.q(n7) = s2. J.((n + j — 1)) =13.Jy((n+j - 1)7) = 3.
a(n+J = 1)7) = 53 Nowgr((n + j)7) = 2. J((n + j)7) = W J((n + j)7) = jd}

= P{Nuver((n+j)7) = 2. J((n + j)r) = 4. Jy((n + j)7) = j4/
q((n+j-1)7) =383 J.((n+j - 1)7) = 3. Jal(n +j = 1)7) = 53}

xPlg((n+j-1)7)=s3.J((n+j - )r) =18 Jy((n+j - 1)7) = j3/

The main focus here. is to derive the conditional probabilities. the third factor on
the right hand side of the above equation. The first factor can be easily obtained
from the third factor. The second factor can be obtained by using the transition
probability matrix of the non-real-time queue at the uplink. The fourth factor is the
steady state joint probability of non-real-time queue at the uplink and the phases of

real-time and non-real-time MMPPs.



We proceed to derive the expression for P{N, ~Ner(nT) = k.q(n7) = 52, J.(nT) =
12, Ja(nt) = j2/q((n - 1)7) = s1, J((n = 1)7) = 1, Jy((n — 1)7) = j1}.

For s1 =0,

For k = 0.

For s2 = 0.

P{Nyxrr(nt) =0.q(n7) = 0. J.(n7) = 12, Jy(nt) = j2/
q((n=1)7) =0.J((n — 1)7) = 1. Jy((n - )7 ) =j1}
= P{Nd(m’ =0.J4(I’LT =j'7/Jd n—l) =j1}

xP{J:.(n7) = 12/J.((n - 1)7) = 1}
For s2 > 1.

P{Nyxrr(nt) =0.q(nr) = 52. Je(nt) = 2. Jy(n7) = j2/
q(n=1)7)=0.J((n - 1)7) = 1. Jy((n = 1)7) = Jj1}

= P{Nu(n7) = s2. Jy(n7) = j2/Jy((n - D)1 ) =J1}
X P{N(nT) > C.J.(nT) =12/ J.((n - 1) T) =11}

For1<k<(C-1),

For s2 = 0.

P{Nyxgrr(nt) = k.q(n7) =0.J, (nt) = 12. Jy(n7) = j2/
al(n = 1)7) = 0. Jy((n = 1)7) = [1. Jy((n — 1)7) = j1}

C—k

= 2 (P{Nuln7) = k. Ju(n7) = j2/Jy((n — 1)7) = j1}
=0

X P{N(nT) = i. Jo(n7) = 2/J,((n - 1)7) = 11}

86



For s2 > 1,

P{Nyxrr(n7) = k.q(n7) = 2, J,(n7) = 2, Jy(n7) = j2/
q((n = 1)7) =0.J,((n = 1)7) = [1, Jy((n — 1)7) = j1}

= P{Ni(n1) =(C - k). Jr(nT) =12/ J:((n - 1)7) = 1}
x P{Ny(nT) = (s2 + k), Ju(n7) = j2/Jy((n - 1)7) = Jj1}

For k =C.

P{Nyyrr(nt) = k.q(n7) = s2. J,(n7) = [2. Jy(n7) = j2/
¢((n = 1)7) =0.J((n = 1)7) =1L Jy((n - D)) = j1}

= P{Ni(n7) =0.J:(n7) =12/ J.((n - )7) = 11}
x P{Ny(n7) = (s2 + C). Jy(n7) = j2/Jy((n - 1)7) = j1}

For s1 > 1.
For k =0,

For s2 > sl,

P{Nyxrr(nt) =0.q(n7) = s2. J.(n7) = [2. Ja(nt) = j2/
q((n = 1)7) = sL. Jo((n = 1)7) = (L. Jy((n - 1)7) = j1}

= P{Ny(n7) = (52 = s1), Jy(n7) = j2/Ju((n - 1)7) = j1}
x P{N(n7) > C.J (n7) = 12/J.((n - 1)7) = {1}

For 52 < sl,

P{Nyxer(nt) =0.q(n7) = s2.J,(n7) = 2. Jy(n7) = Jj2/
g(n-1)7) =sl.J((n-1)7) =11. Jy((n - 1)7) = j1} = 0
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For1<k<(C-1),
For 1 <sl <k,

For s2 =0,

P{Nynrr(nt) = k.q(n7) = 0. J,(n7) =12, Jy(n7) = 52/
q((n = 1)7) =sL. J:((n = 1)7) = 1. Juy((n - 1)7) = j1}

-ZP{V,, = (k = s1). Jy(nt) = j2/Jy((n = 1)7) = j1}

=0

x P{N (n7) = i. J.(nT) =12/J.((n - 1)7) = {1}
For s2 > 1.

P{Nyvrr(n7) = k.q(n7) = s2. J.(n7) = [2. Jy(nT) = j2/
q((rn = 1)7) =sL. J.((n = 1)7) = 1. Jy((n - 1)7) = j1}

= P{Ni(n7) = (C = k). Jo(n7) = 12/ ((n = 1)7) = 11}
X P{Ny(n7) = 52+ (k - s1). Jy(n7) = j2/Jy((n — 1)7) = j1}

For s1 > k.
For s2 > (s1 - k),

P{Nyxrr(nt) = k.q(n7) = $2. J.(n7) = 2. Jy(nT) = j2/
q((n = 1)7) =sl. J.((n - 1)7) = 1. Jy((n = 1)7) = j1}

= P{N;(n1) =(C - k). Jo(n7) =12/ J((n - 1)7) =1}
x P{Ny(nT) = 52 — (s1 — k), Ju(n7) = j2/J4((n - 1)T) = j1}

For 52 < (s1 — k).
P{Na.yrr(nt) = k.q(n7) = s2.J:(n7) = 2. Jy(nT) = j2/
g((n—1)7) =sL.J((n-1)7) =L Jy((n- 1)) = j1} =
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For k=C.
For 1 <s1<C.
For s2 > 0,

P{Nyyrr(nt) = C.q(n7) = 52, J,(n7) = 2. Jy(n7) = j2/
¢{(n = 1)7) =sL J((n - 1)7) = 1. Jy((n - 1)7) = j1}

= P{Ni(n7) =0.J(nT) = 12/J.((n - 1)7) = 11}
X P{Na(n1) = 2+ (C ~ s1), Jy(n7) = j2/Js((n - 1)7) = j1}

For s1 > C.
For s2 > (s1 - ().

P{Nuaxrr(nt) = C.q(n7) = s2. J,(n7) = 2. Jy(nT) = Jj2/
q((n = 1)7) =sl. J.((n - 1)7) = (1. Ja((n = 1)7) = j1}

= P{N(n7) =0.J.(nT) =12/ J.((n - 1)7) = 1}
X P{Ny(nT) = 52 = (51 = C), Jy(n7) = j2/Juo((n - )7 ) =jl1}

For 52 < (s1 = C),

P{Naxrr(nt) = C.q(n7) = 52. J,(n7) = 2. Jy(nt) = j2/
qg((n = 1)7) = sL.J((n = 1)7) =1L Ju((n ~ 1)7) = j1} =

With these conditional probabilities evaluated. we can express the joint probability
P{Nyxrr(nt) =il.J.((n - 1)7) = 1. Jy((n - ) =jl.q((n - 1)7) = sl. J.(n7) =
12, Jy(n7) = j2.q(n7) = 2. J.((n+j—-1)7) = 3. Ja((n+j—-1)7) = j3.q((n+j-1)7) =
$3. Naver((n +J))7) = i2.J((n + j)7) = 4. Jy((n + j)7) = j4} in known terms
and hence the joint probability P{Ny yrr(n7) = 1. Vynrr((n + j)7) = i2} can be
evaluated.
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Therefore, we can evaluate the joint probability P{N, nrr(nt) = il, Ny yrr((n+
7)7) = i2} by using the following relationship (similar to the real-time case). Note
that to compute this joint probability we need the joint steady state probability dis-
tribution of uplink queue size, phases of real-time and non-real-time traffic. and the

method to calculate this, which was presented in Sections 5.2 and 5.3.

P{N.nrr(nt) = i1, Ny nver((n +j)r)=i2} =

ZC: ZC: ml ( 1 )zl <1 1 )ml—tl m?2 ( 1 >12 (1 _ 1 )m2—l2
ml=tl m2=:2 il v N 12 N v
P{Nynrr(nt) = mL Nyygr((n + j)7) = m2}

Therefore, we can evaluate the covariance of the non-real-time arrival process. as
shown below.

Coving(Na NrRT(nT). Ng vrT((R + §)T))

= E(Navrr(nt) X Nynrr((n+ j)7)) = E(N2 y gr(nT)) (6.2)

As we discussed for the real-time case, the departure process (Vg vgrr(nT)) is actually
a discrete-time Markov modulated process with phase transitions occuring according
to the phase of the non-real-time MMPP and non-real-time queue status with the
batch size. which varies over 0 to C with the dependence on the phase of non-real-
time MMPP and uplink queue status. However. characterising this as a discrete-time
Markov modulated process would mean taking into account an infinite queue and
hence an infinite phase. which would result in an infeasible computation or analysis.
With the analysis presented here, we can go one step further to calculate any n-th
order statistics of the counting process as and when the matching techniques need

because of the Markov property.

The last and final step would involve matching the second-order and first-order
statistics to the corresponding 2-state MMPP and solving for four parameters of 2-
state MMPP. The covariance of net arrival process to a particular downlink is the
sum of covariance of arrival process to the downlink from each uplink. We choose
the covariance at two different points and mean and variance of number of net arrival
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process to match to the corresponding values of 2-state MMPP(84]. The matching
algorithm that we used for non-real-time traffic case is presented as shown below.
The covariance of 2-state MMPP with parameters A;, Ao, g, 0» is given by[78],

0102+ (1 —elattoa)Ty2 () Ag)2elorFaalyT

Cou(N(n7). N((n +j)7)) = o

(6.3)
From Equation 6.2,
Covot(Nyrr(nt). Nyrr((n +1)7)) = N % Coving( Ny y rr(n7), Nayrr((n + 1)7))
Covie(Nyrr(nt). Nyrr((n + j)7)) = N % Coving(Na vrr(nT), Nayrr((n + j)7))

where .V represents the total number of uplinks. From Equation 6.3 and using the

above relationships. we can write,

. . . . 1
r = In(Covi(Nyrr(n7), Nyrr((n+1)7)) /Covea(Nyrr(n7). Nygr((n+j)r))) x =1
where r = 0| + g,. We choose o) = r/2. From Equation 6.3.
i ( 9 x 4
(’\l — ’\2)2 = CW‘OL(.V;V[H’(HT),lV;VM")((il +J)T)) r (6.4)
0’102(1 —e ’"")-e rT
ALog :": A2 - N * E(IV,:‘VM'(TI.T) (6.5)

Using Equations 6.4 and 6.5, we solve for \; and Aa.
The matching algorithm for real-time traffic case is the same as above, except

that we use corresponding real-time traffic parameters.

6.4 Illustrative Results

The CLR of rt-VBR real-time traffic and stationarv distribution of nrt-VBR queue
length at the downlink can be derived by using the analysis presented in the previous
section. First, using the above analysis. we compute the covariance of the net ar-
rival process of real-time traffic and non-real-time traffic at the downlink. We assume

symmetric and independent traffic conditions at the inputs. Also. we assume uniform
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Traffic Type | Data Dominant

RT Voice 20%
RT Video 10%
NRT Data 70%

Table 6.1: The nature of traffic mix.

destination distribution. Therefore the covariance of the net arrival process will sim-
ply correspond to the sum of the covariance of arrival processes from all uplinks to the
particular downlink. The same conditions hold for mean and variance of net arrival
process at the downlink. In the following, we present some examples with illustrative
results[94][96]. We take into account the overhead associated with the header infor-
mation and assume a WATM cell size of 54 bytes to carry an ATM SDU of 48 byvtes.
The WATM cell contains a header of 6 bytes. An additional byte as compared to
the standard 53-byte ATM cell is for the data link error control mechanism(26]. A
TDMA frame of 1msec is assumed. For the illustrative examples, we consider uplink
capacity of C, = 5Mbps. With a | msec frame length. this rate vields C = 11 slots
per frame. We consider a particular mix of traffic with data traffic being dominant.
The salient characteristics of voice, video and data traffic are shown in Table 5.1. The
mix of the traffic types, for the "data dominant” case is shown in Table 6.1.

In Figure 6.1 and Figure 6.2, we show both the simulation and approximation
results of logarithm of survivor function of non-real-time queue at the downstream
link for the case of 50% and 80% total load respectively. For our simulations. we
choose a confidence level of 95%: all of the simulation points are within the confi-
dence interval of 5% with this confidence level. For the details of calculating the
confidence interval for occupancy probability, refer Section 4.1. The CLR of real-
time traffic at the output queue of the ATM switch is 8.761 x 10~ obtained through

approximation and 1.703 x 107 obtained through simulation. for the case of load of
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At the Output of 4 X 4 Switch
Total Load = 50%
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Figure 6.1: The logarithm of the survivor function of NRT data queue length vs.

NRT data queue length for C, = 5Mbps and for a load 50%.
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Figure 6.2: The logarithm of the survivor function of NRT data queue length vs.
NRT data queue length for C, = 5Mbps and for a load 80%.
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50%. and 1.8567 x 10~° obtained through approximation and 9.856 x 10~5 obtained
through simulation, for the case of load of 80%. We have used our analysis on the
arrival process and approximation to 2-state MMPPs for both real-time traffic and
non-real-time traffic. as mentioned in the previous section. Note that the analysis
of covariance of arrival process is exact. However, in performing computation of co-
variance function of non-real-time traffic. we have to truncate the infinite matrix.
If the truncation can be performed such that the truncated rows are close to zero,
then the computation of covariance can be very close to actual value. We proceeded
in computing the rows whose probability values are greater than 10%(in Matlab).
The platform on which the computations were run, was SUN Ultra workstations. The
other approximation needed is matching these characteristics to MMPP’s characteris-
tics, which has extensively been discussed in the literature[84][69] [T1][72][73][74]. We
see clearly that our approximation results are very close to the actual results.

In the next chapter we present our conclusions and future work to be carried

from our research.




Chapter 7

Conclusions and Future Work

In this thesis. we developed analytical modeling techniques that can be used to eval-
uate the QoS of RT and NRT traffic with priority based scheduling at the nodes in
a differentiated services network. The RT and NRT traffic arriving at each node are
modeled as MMPPs. We presented typical system configurations in terrestrial wire-
less and satellite wireless networks. where this methodology is particularly applicable.
The solution methodology in evaluating the CLR performance of RT and NRT traffic
is based on the matrix-geometric technique. which is computationally intensive but
much more stable than other techniques in providing solutions.

Since priority is given to RT traffic over NRT traffic. the performance of RT
traffic can be analysed independently. We obtained an expression for calculating CLR
of RT traffic at the scheduler. On the other hand. since handling NRT traffic, depends
on how many RT cells arrive during the previous frame, an embedded Markov chain
analysis of NRT queue length at the beginning of frame periods after scheduling RT
and NRT traffic is developed by conditioning on number of RT cell arrivals. NRT
cell arrivals, and phases of RT MMPP and NRT MMPP. By identifving the elements
of the transition probability matrix with the structure of BMAP/G/1. we show how
the steady-state occupancy probability of NRT queue can be obtained. We present
results for the case of TDMA frame duration of 1 millisecond with C = 11 and C = 28

slots per frame for different mixes of RT and NRT traffic and examine the statistical
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multiplexing gain for all these cases. Each slot is assumed to carry a payload of 48
bytes. These cases correspond to the uplink capacity of 5 Mbps and 12.5 Mpbs in
a typical terrestrial wireless cluster. Our results can be used in deciding the type
and number of RT and NRT connections that can be allowed at the user terminals
by the base station scheduler and setting the NRT queue size for a particular CLR.
To compare the performance with actual on-off source models against approximating
MMPP models, we presented both analytical and simulation results corresponding
to these cases. We also present results for the case of TDMA frame duration of 24
milliseconds with C = 64 slots per frame for different mixes of RT and NRT traffic
and examine the statistical multiplexing gain for all these cases. These tvpes of
parameters are particularly typical of satellite networks.

To evaluate performance of priority based scheduling at any downstream nodes.
first of all we model the arrival process of RT traffic and NRT traffic as approximating
MMPPs. To do this. we derive the covariance function of RT arrivals/NRT arrivals
from an input port of the switch to an output port by using the Markov property,
assuming the priority based scheduling with MMPP sources at the input port and
each arriving RT/NRT fixed size packets or cells choosing an output port according
to the uniform distribution. Although this covariance function can be easily com-
puted for RT traffic. the computation of covariance function of NRT traffic is much
more intensive. Using the covariance function values at two different lags, and mean
and variance of arrival rate of RT and NRT traffic, we obtain the parameters of the
approximating 2-state MMPP for RT traffic and the parameters of the approximat-
ing 2-state MMPP for NRT traffic. With these MMPP representations. we use the
analysis outlined in the previous paragraph. to evaluate the CLR performance of RT
and NRT traffic at the output port with the priority based scheduling. We present
both analytical and simulation results for the case of TDMA frame duration of 1
millisecond with C = 11 slots per frame for the case of 4X4 switch at an output port
for the data dominant case at two different loads of 50% and 80%. The CLR values of
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RT traffic obtained through analysis and simulation are in good agreement. Similarly,
the survivor functions of NRT traffic obtained through analysis and simulation are
also in good agreement.

Thus. our research can be used to analyse the performance of priority based
scheduling at any node in the network. If the end-to-end performance needs to be
computed. we can do so by using the performance quantities obtained at each node
and using an independence assumption over the links.

In performing the computation with larger capacities and MMPPs with many
more states, the convergence of matrix-geometric solution is rather slow both because
of higher processing time and storage complexity. To overcome this problem. math-
ematical research on better techniques is going on(88]. Thus. the future work could
include discovering new fast techniques or improving existing techniques for obtain-
ing matrix geometric solution and/or obtaining approximate estimates of survivor
function(tail probabilities) by analytical approximations. Also. future work could in-
clude making the covariance function computation less intensive in terms of time and

memory by establishing a structural computation through theoretical analysis.
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Appendix A

Simulation Model of an Ideal
Switch

A.1 Outline of the Simulation Model

The node module used in this simulation model is shown in figure A.1.

O I

generatorg uplink0

O

generatort uplinkt

1deal_switch

0

generatorz2 uplink2

O I

generator3 uplink3

Figure A.1: The node module of the Opnet simulation model of the Ideal Switch.
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The Generator node module, would be generating packets according to the
process model called "trf_generator”. The ”trf_generator” process model would in
turn invoke the process models of voice, video and data MMPP packet generators.

At the uplink module the following activities are implemented:

® queuing real-time packets and data packets in two separate queues as and when

they arrive;

e at the end of every frame period. the real-time packets are to be transmitted on
a priority basis. If there are real-time packets that cannot be served they have
to be simply discarded. If there is capacity after sending real-time packets. the

corresponding number of data packets will be sent from the data queue.

At the Switch. the following activities are implemented:

e Since we are considering the symmetric case, packets not destined to a particular
downlink(we consider only one downlink) will be destroved. At the switch. only

those packets with one particular destination will be stored for the downstream
link.

e Thus. at the ideal switch module. we also implement the similar queueing ac-

tivities as those at the uplink module. by using similar process modules.

e Finally the module also collects the statistics on survivor function of non-real-

time queue at the downstream link and the CLR of real-time arrivals.

A.1.1 Process Models

At the uplink. the two activities mentioned above for the uplink processor module
are implemented by a process model called “input_buffer’. Thus. there is a process

model that simply receives packets and queues them in either real-time buffer or
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data queue depending on the type of the packet, each time an arrival occurs from
the generator module. The corresponding state diagram of the root process model
named ”input_buffer” is shown in figure A.2. The same process model at the end of
every frame period transmits real-time packets in a priority manner over non-real-time
packets.

At the switch module named "ideal switch”. the process model named "ideal_switch”
waits for the packets to be received from the input streams (which are four). Once
packets arrive. it simply chooses those packets whose destination is “0” and destroys
all other packets. From the chosen packets, it extracts the type of the packet. Ifit is
a data packet, it queues them in the non-real-time data queue. and if it is real-time
packet. it stores them in the real-time buffer. At the end of every frame period, the
same priority based scheduling operates on the real-time buffer and the non-real-time
queue. The CLR of real-time data and survivor function of non-real-time queue are
calculated as earlier. The corresponding state diagram of the “ideal_switch” process
model is similar to that shown in figure A.2. Note that although the state diagram of
“input_buffer” and "ideal switch™ looks similar the code is different for "ideal_switch”

since it deals with only those packets whose destination is "0".
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(END_SIM)

Figure A.2: The state diagram of input_buffer process model.



Appendix B

Simulation Model of a Scheduler

B.1 Outline of the Simulation Model

The node module used in this simulation model is shown in figure B.1.

At the terminal module the following activities are implemented:

® queuing real-time packets and data packets in two separate queues as and when

they arrive;

e at the end of every frame period, the request packet of number of real-time
packets in the buffer and number of non-real-time packets in the non-real-time

data queue, are to be transmitted to the scheduler.

e After receiving the real-time and non-real-time grants from scheduler, cell loss
ratio is calculated for real-time traffic and real-time queue is flushed out. Upto
the non-real-time grants, the packets from non-real-time queue are removed and
destroyed. The statistics on non-real-time queue are updated to calculate the

survivor function.

At the scheduler module the following activities are implemented:
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generatort terminals

generataera terminal2
generator3 terminal3 apduler
generators terminals
generators terminals
Ol il
generators terminals

Figure B.1: The node module of the Opnet simulation model of Scheduler.

e Based on the received requests, the scheduler distributes the Capacity in a
round robin manner until either the capacity expires or all real-time requests

are satisfied first.

o If there is still capacity available, the scheduler distributes the remaining capac-
ity in a round robin manner until either the capacity expires or all non-real-time

requests are satisfied.

e [t updates the next terminal to be served first in the next cycle. This terminal

update is done to consider the requests from terminals in a round robin manner
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apart from allocating in a round robin manner.

e [t calculates the aggregate CLR for real-time traffic of all terminals and survivor

function of aggregate non-real-time queue of all terminals.

e [t sends the grants to the terminals.

B.1.1 Process Models

At the terminals. the activities mentioned above are implemented by the process
model called "terminal input_buffer” shown in Figure B.2. The activities have one to
one correspondence with the states as shown in Figure B.2.

At the scheduler the process module named ”base_station_scheduler” . waits for
the request packets to be received from the input streams every frame and performs
the activities as mentioned in the list of activities at the scheduler. The state diagram
of this process module is shown in Figure B.3. For proper synchronisation of the
terminal process module and scheduler process module the frames start a bit later at

the scheduler as compared to the start times at the terminals.
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Figure B.2: The state diagram of terminal_input_buffer process model.
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D e Sy —

Figure B.3: The state diagram of base_station_scheduler process model.
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