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Abstract

With the vast availability of Ethernet in Local Area Networks (LAN) deployed
globally and connecting LANs to Metropolitan Area Networks (MAN) and Wide Area
Networks (WAN) via the current transport technologies (i.e., Synchronous Optical
Network (SONET) in Americas and Synchronous Digital Hierarchy (SDH) in the rest of
the world), there exists a need to resolve bandwidth gap between access networks and
transport networks. Ethernet Passive Optical Network is one of the potential solutions
offering to solve the bottleneck issue of access networks and adaptability of carrying
Ethernet frames from subscribers to service providers. This study reviews Ethernet
Passive Optical Networks (EPON) and then proposes a Priority Queueing (PQ)
Algorithm in order to offer differentiated service and Quality of Service (QoS) in EPON.

The scope of this study aims to encompass in detail some of the most prominent
features involved in the priority scheduling in Ethernet passive optical networks
(EPONSs). The main items presented in this study include a review of the current
developments in the access networks, a detailed review of the passive optical networks
(PONs), and analysis of scheduling in EPON. In addition, the simulation results are
presented to verify and validate the proposed scheme. Special attention is also given to

the delay and bandwidth requirements of the service disciplines.

“No problem can stand the assault of sustained thinking.” -VOLTAIRE
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Chapter 1 Introduction

1.1 Background

Telecommunication networks may be divided into three main categories of access
networks, metropolitan area networks (MANSs), and core networks. Access networks link
end users to central offices (COs). The main objective of an access network is to
concentrate generated upstream traffic, to reduce the size of the access switches and
interfaces. Currently users’ traffic is transported to metropolitan area networks (MANSs)
in the CO via synchronous optical network/synchronous digital hierarchy (SONET/SDH)
systems. Core networks are responsible of the long haul transport of all kinds of traffic.

Access networks originally were twisted-pair loops running to subscribers. They
were designed to support a voice frequency with a 4 kHz bandwidth. Dial-up modems
utilize this low frequency band for data transfer speeds up to 56 kbps. To increase the
data rate further, digital subscriber line (DSL) technologies were developed. The first
DSL technology was basic Rate Integrated services Digital Network (ISDN), transporting
two 64 kbps payload channels and one 16 kbps signalling channel through telephony
network. Subsequent higher speed DSLs were aimed at business users with speeds in the
T1/E1 range and geographical coverage of a few kilometers without any need to a
repeater.

However, for high speed residential access the signal must be diverted from the
telephony network that having class 5 voice frequency switches with data rates support of
up to 56 kbps to a high speed data network. Asymmetric Digital Subscriber Line (ADSL)

carries traffic from 0.5 to 6 Mbps in the downstream and with lower data rates in the



upstream, bypasses the telephony switch at the central office (CO). Similarly, very high
speed DSL (VDSL) carries asymmetric traffic with up to 50 Mbps in the downstream.

Next generation access networks must comply with the requirements dictated from
new applications (e.g., Voice over Internet Protocol (VoIP), video on demand (VoD),
multimedia broadcasting, real-time audio/video communications, etc.). Such
requirements are lower delay, higher bandwidth and low jitter. The bandwidth in the
current access networks cannot provide a reliable and wide enough bandwidth to all
subscribers. Access networks are the last segment to be upgraded to fiber-based
technologies in order to provide decent future-proof services and applications.

Broadband services have been the center point of many research activities in
industry and academia due to this overwhelming pressure dictated by the subscribers to
the service providers and carriers. Current broadband networks are not capable of
supporting the tremendous forthcoming needs for newer access networks providing the
ultimate broadband services to the subscribers with sufficiently high speeds. Due to
copper-based and wireless-based constraints, they are not suitable candidate for this
purpose. The only decent solution filling up the shortcomings of the previous mentioned
techniques is fiber-based technologies. These technologies are commonly referred as
Optical Access Networks (OANs). This family of networks consists of active solutions
and passive solutions. By active solutions we mean that there will be a need for providing
power to the equipment in the transmission path between subscribers and central office
(CO) and main signal is actively switched. In passive solutions on the other hand, main
signal is passively split and there is no requirement for providing power to the equipment

in the transmission path. Active optical networks (AONs) are not considered here and the



focus of this thesis is on the passive optical networks (PONs). The range of technologies
developed based on these networks consists mostly of Asynchronous Transfer Mode
(ATM) based, and Ethernet-based systems. Due to the fact that more than 90% of the
LANs worldwide are Ethernet-based [CHIO4], Ethernet passive optical networks
(EPONS) have been one of the center points of broadband networks research. Current
EPON systems can operate at up to 1 Gbps over distances of up to 20 km that is 40 times
greater bandwidth delivery than ADSL2 can achieve at 1 km. Therefore it is an
unchallenged fact that fiber, as a communication medium, offers almost infinite
bandwidth over far greater distances relative to all other transport mediums.

This thesis addresses passive optical fiber systems for the access network.
“Access,” network is the so-called last mile (or recently re-named as the first mile)

network that connects subscribers to the service provider’s backbone networks.

1.2 Motivation and Objective

The unprecedented and unpredictable path of Internet expansion and new wave of
its applications is opening new directions in the way we live and we do business
[NOUO04]. Bundling the services tailored for individual users are placing increasing
demands from both business and private customers for flexible, transparent, high speed,
customized high bandwidth services. Huge technological advances have been witnessed
in the long haul in the last decade; however, access networks due to their wide
penetration represent one of the most crucial problems in providing broadband services to
subscribers. Increasing competition is one of the main drivers for the network evolution
in the last mile segment of subscribers’ battle ground for more cost effective bandwidth

and services. The growing demand in high-bandwidth multimedia applications and the



abundance of fiber optic have created a fertile environment for optical access network to
seed and grow. However the survivals of proposed optical access techniques rely on their

speed, performance, reliability, flexibility, and cost.

Telecom carriers are motivated to increase revenues by transporting various types
of client traffic across their networks and optimizing their bandwidth utilization [FIS04].
Current access networks cannot cope with the increasing demand from both businesses
and residential subscribers. There is an inevitable need to replace and/or upgrade current
access networks with a newer one, being able to handle current and future traffic for the
foreseeable future. Although having the most suitable characteristics for broadband
communications, fiber has the lowest physical medium penetration in the access

networks.

In this thesis, we examine thoroughly the technical and architectural aspects of the
various alternative solutions for the optical access networks. We focus on the type of
optical access networks that can offer bidirectional interactive services to residential
users and businesses in the subscriber loop. In order to provide Quality of Service (QoS)
for subscribers, we introduced a scheduling algorithm to differentiate users and

applications.
1.3 Thesis Contributions

This thesis studies Ethernet passive optical networks as one of the candidate for the
next generation access networks, being able to cope with the high speed and bandwidth
demand. As various users are requiring different services, it is important to support

quality of service (QoS) in access segment. In order to do so, due to the fact that in



upstream transmission (i.e. from user to CO), medium is shared amongst users, there
must be a mechanism to schedule users’ transmission in a collision-free stream. Thus, the
study of upstream scheduling algorithms in EPON is the main focus of this study. We
concentrate on a kind of upstream scheduling algorithm supporting quality of service
(QoS). We analytically model our algorithm and calculate the experienced delay by users
for different types of services. In order to differentiate customers, we propose using
priority scheduling to have preferential treatment for different services, due to the fact
that every service has different requirements. Discrete event simulation then verifies the
model and validates the obtained results. Summary of this contribution can be found in

references [NOU04], [NOUO5a], [NOUO5b] and [NOUO5c].
1.4 Thesis Overview

The thesis covers systems based on Ethernet passive optical networks (EPON5s) that
take advantage of a high-bandwidth, low maintenance, unpowered outside plant. The
distinctions between them and the relative advantages/disadvantages of the various fiber-
to-the-premises networks: asynchronous transfer mode PON (APON), broadband PON
(BPON), Ethernet PON (EPON) and Gigabit PON (GPON), is the subject of the second
chapter. The third chapter presents a study of quality of service in EPON in depth and in
breadth, and various ways to provision QoS are investigated. In Chapter 4, performance
analysis of the proposed scheme is provided and validation of results based on a discrete-
event simulation program is shown. Finally conclusion of the study and closing thoughts

are presented in Chapter 5.



Chapter 2 Ethernet Passive Optical Networks -
State-of-the-Art

2.1 Introduction

There is a substantial need from both the users and the networks, dictating novel
access infrastructure installations. The next generation access networks must be capable
of carrying higher volumes of traffic to a poll of preferential customers with their
individual set of requirements. The only suitable medium coping with the increased
traffic is fiber optics that is the least deployed transmission medium in the access
networks. Fiber-based solutions are now viewed as the cost-effective and future-proof
conduit to provide high-bandwidth “triple play” service (voice, video, and data) to

residential and business customers.
2.2 Passive optical network (PON)

One of the best solutions to bypass the capacity problems of access networks is by
using a Passive Optical Network (PON). It is called a passive network because there is no
active element in the signal path from Central Office (CO) to the subscriber. In the
downstream direction (toward user) it is like a broadcast signal, i.e., point-to-multipoint
(P2MP). Every Optical Network Unit (ONU) receives the transmitted signal by Optical
Line Terminal (OLT)-but it picks up the signal destined for it by checking the destination
address in the Medium Access Control (MAC). In the upstream direction (toward CO) it
is a Multi Point-to-Point (MP2P) communication. With some arbitration mechanism
ONUs transmit to OLT in a collision free manner.

Deploying PONs in access network will have several advantages:



- Longer distances between central office (CO) and customer premises (CP) can be
covered, around 20 km.
- Fiber deployment is minimized in local exchange office and local loop.
- Higher bandwidth is available due to more fiber optic penetration.
- Video broadcast in downstream as either Internet Protocol (IP) video or analog video.
- No need for active elements in the optical signal path between central office and
customer premises, minimizing the maintenance and operation costs.
- End-to-End transparency, providing higher bit rates upgrades [YONO3].

Typically a PON consists of OLT, ONU, and passive optical splitters/combiners.
The optical line terminal (OLT) is the host of the optical access network, consisting of
optical access interfaces to service provider network [GUMO04]. ONUs are located at or
near the user site and transforming the broadband optical signal to the appropriate
signal(s). Splitters/Combiners are connecting ONUs to OLT without any need for power
provisioning.

A typical PON configuration is depicted in Figure 2.1.

OLT { Splitter/Combiner

< Up to 20 km ;l
Figure 2.1 A typical PON Configuration.
PON can be implemented in various topologies, (e.g., tree, bus, and ring). Various

PON topologies are depicted in Figure 2.2. The most common topology between OLT

and ONU is tree topology, branching is achieved via splitters/combiners. In a bus



topology all ONUs are connected to a common fiber from OLT. In a ring configuration
ONUs are joined to a fiber running from OLT in a ring like connection. Redundancy can

be added to any part of the network, like trunk of the tree in Figure 2.2 (d).

OMNUS ONUS
{a) Tree topology {d) Ring topology

(b} Bus topology {cd) Tree with redunclant trunk

Figure 2.2 Various topologies of EPON [KRAO2a].

In the following we briefly review current PON technologies.

APON was developed based on the ATM signaling layer. It supports downstream
data rates of 155 Mbps and 622 Mbps, with ATM protocol overheads subtracted,
generally support up to 448 Mbps of usable bandwidth in the downstream direction and
in upstream 155 Mbps. Downstream traffic band is 1480 to 1580 nm and upstream band
is 1260 to 1360nm, laying one single fiber between OLT and ONU [KAMO02]. With
having two fiber cables connecting OLT to each ONU, the downstream/upstream band is
1260 nm to 1360 nm. By Wavelength Division Multiplexing (WDM) overlaying around
1550 nm (i.e., 1539 nm to 1565 nm), an additional band is provided to enhance
downstream traffic delivery capability.

BPON is a broadband version of PON supporting data rates of up to 622 Mbps in

the upstream and 1.2 Gbps in the downstream direction. Being an APON variant, ATM



signalling is used as in APON. In upstream every frame consists of 53 cells, each
containing 53 byte data and 3 byte overhead. Downstream frames are filled with 56 cells
each with 53 bytes.

GPON is a standard that supports both legacy traffic in its native format and IP
traffic. GPON supports two methods of encapsulation: the ATM and GPON
encapsulation method (GEM). The ATM method is an evolution of existing
APON/BPON standards. With GEM, all traffic is mapped across the GPON network
using a variant of SONET/SDH generic framing procedure (GFP). GPON supports
asymmetric traffic rates of up to 2.5 Gbps and using generic framing procedure (GFP)
that is SONET compatible enables end-to-end (E2E) Time Division Multiplexing (TDM)
hierarchy. GPON supports both Ethernet signaling required for quality of service (QoS),
and also supports the traditional mapping of voice trunks via SONET/SDH signaling via
GEM.

Contention in upstream is resolved by using a Time Division Multiple Access
(TDMA) approach via "Grant" mechanism in response to ONU's "Request" for sending
upstream traffic. ONUs must be synchronized in order to avoid contention; a ranging
process is used, so OLT will have an estimate of every ONU distance from it. After
ranging, OLT put equalization delay at each ONU, and by that all ONU are virtually
placed at same distance from OLT that is the distance of the furthest ONU [KIMO03].

Due to point-to-multipoint (P2MP) nature of downstream traffic, every ONU is
receiving even the traffic that it was not destined to that ONU, leading to security flaws.
To alleviate the issue, scrambling is used by encrypting each payload with a periodically

changing 24-bit key. Originally in standards ITU-T G983.1 through G983.3, there is no



QoS provisioning. However with new G983.4, with the use of dynamic bandwidth
assignment (DBA), allowing the allocation of different bandwidth to different customers
based on their agreed service level agreements (SLAs). The new set of standards, ITU-T

G 983.5, with redundancy features, is addressing the reliability and survivability issues.

2.3 Ethernet PON (EPON)

With the emergence of Ethernet as the convergence layer in access networks,
dominating 95 % of the LANS, speed increase from 10 Mbps to currently 10 Gbps, a new
breed of PON, namely Ethernet PON (EPON) has evolved. Based on IEEE802.3ah
standard it supports symmetric data rates of up to 1.25 Gbps [PES03]. It transports data
encapsulated in variable-length Ethernet frames to and from users. Addressing the speed
and bandwidth gap between WAN and LAN in a cost effective and efficient manner
relying on the widely deployed Ethernet protocol as a promising solution.

In downstream, packets are transmitted to ONUs, but ONUs will filter the packets
intended to them if the MAC address is in match with their address. All other received
non-system packets are discarded. In upstream, TDM is used, by assigning different
timeslots, ONUSs are able to transmit in a collision-free fashion.

Maturity of Ethernet and its wide deployment, cost, speed scalability, simplicity,
and efficiency, are all resulting EPON to be a real contender among PON technologies
battling for their access market stake. End-to-end QoS provisioning in Ethernet-based
networks remain an open problem due to the lack of scalability of Virtual Local Area
Networks (VLANs) [GAGO3]. Scalability is one of the major advantages of Ethernet
compared to ATM and Frame Relay. ATM scales up to 622 Mbps, and Frame Relay run

from 1.5 Mbps to 45 Mbps, but Ethernet offers rates from 1 Mbps to 10 Gbps in
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increments of 1 Mbps. In EPON, IP is the sole service layer. This makes it possible to
deploy a uniform service model throughout the network. This also homogenizes packet
delivery as traffic originates and gets transported as IP over Ethernet. Therefore packet
life cycle all is in Ethernet.

In the downstream, packets are broadcasted by the OLT in a Point-to-Multi Point
(P2MP) fashion. After passing through splitter stage(s), ONUs receives packets. Packets
are selectively extracted based on their MAC address. A typical downstream packet

scheduling is depicted in Figure 2.3.

ONU 1 il User 1

OLT

ONU 2 User 2

ONUN User N

HlEld

Figure 2.3 Downstream scheduling.

In the upstream direction (toward CO) it is a Multi Point-to-Point (MP2P)
communication. Because of the directional coupling of combiner, ONUs’ transmitted
packets will reach only the OLT, and not any other ONUs. EPON’s upstream
characteristic in this sense is similar to that of Point-to-Point (P2P) architecture.
However, in upstream ONUs may transmit simultaneously causing packet collision. To
alleviate this issue some arbitration mechanism in the upstream is required. A typical

upstream scheduling is depicted in Figure 2.4.
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Figure 2.4 Upstream scheduling.

ONU 1

ONU 2

ONUN

Various passive optical network (PON) technologies reviewed here and their main

characteristics are compared in Table 2.1 [NOU04].
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Table 2.1 Various PON characteristic parameters.

PON APON BPON EPON GPON
Technology
Protocol ATM ATM Ethernet +FEC ATM ATM and GEM
Standard ITU-T G.983.1 ITU-T G.983.3 IEEE802.3ah ITU-T G.983.1 ITU-T G.984
(including (Amendment 2)
Amendment 1)
Data Packet | 56 bytes (53 ATM 53 bytes (48 1,518 bytes Variable size, from 53 bytes up to
Cell Size cell-load and 3 payload and 5 1,518
overhead) overhead)
Maximum 155Mbps, 622Mbps | 1.2Gbps Up to symmetric Downstream configurable from
Bandwidth downstream; downstream; 622 1.25Gbps 1.2Gbps to 2.5Gbps; upstream
155Mbps upstream Mbps upstream configurable in 155 Mbps, 622 Mbps,
1.25Gbps, or 2.5Gbps
Downstream 1480-1580 nm 1480 nm to 1500 nm 1550 nm 1480 nm to 1500 nm
Wavelength
Upstream 1260-1360 nm 1260 nm to 1360 nm 1310 nm 1260 nm to 1360 nm
Wavelength
Traffic ATM ATM Ethernet ATM, Ethernet, TDM
Modes
Voice DM TDM VoIP or TDM Native TDM
Video Not supported 1550 nm overlay 1550 nm overlay Either as RF or over IP
ODN Classes B, and C A, B,and C Aand B A, B,and C
Supported
Split Ratio Upto 32 Upto 32 16/up to 32 Up to 64
Fiber Type ITU-T G.652 (single | ITU-T G.652 (single | 1000BASE-PX10: ITU-T G.652 (single or Dual fiber)
or Dual fiber) fiber) single fiber 1310 nm 0.36 dB/km
Avg. 1310 nm 0.36 1310 nm 0.36 1000BASE-PX20: dual 1550 nm 0.23 db/km
Attenuation dB/km dB/km fiber
1550 nm 0.23 db/km | 1550 nm 0.23 db/km | (no fiber type specified)
Reachable 20 km 20 km 1000BASE-PX10: 10 20 km 10 km FP
Distance km 20 km diff. fiber types
1000BASE-PX20: 20
km
Optical 25dB 25dB PX10:21dB 25dB
Budget PX20: 26 dB
Data Rates Symmetric: Symmetric: Symmetric: 1.25Gbps Symmetric: Symmetric:
155.52/622.08 Mbps | 155.52/622.08 Mbps 155.52/622.08 1244.16
Asymmetric: Asymmetric: Mbps /2488.32 Mbps
DS: 622.08Mbps DS: 622.08Mbps Asymmetric: DS: | Asymmetric:
US: 155.52 Mbps US: 155.52 Mbps 622.08/1244.16 DS:
Mbps 1244.16/2488.32
UsS: Mbps
155.52/622.08 US:
Mbps 155.52/622.08/
1244.16 Mbps
GigE No No Yes Yes
Interfaces

Class A: 5-20 dB between ONU and OLT
Class B: 10-25 dB between ONU and OLT
Class C: 15-30 dB between ONU and OLT

Power Budget Calculation in PON
Optical power budget is calculated as the following;

GEM: GPON Encapsulated Method
FEC: Forward Error Correction
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P, =P, +L, +Msys

where PTX is the transmit power, PRX is the receiver sensitivity, L 1 is the link loss and M is the system

Sys
margin, typically is around 6-8 dB.
Link loss is calculated as following;

— *
LL - af L+ acon + asplice + adev

where & ! is the fiber loss, L is the maximum fiber run length, & con 18 the connector loss, & is the fiber splice

splice

loss, and &, is the device loss.

2.4 EPON’s principle of Operation

The IEEE802.3 defines two basic configurations for an Ethernet network. One
being deployment over a shared medium, and using Carrier Sense Multiple Access with
Collision Detection (CSMA/CD) protocol and the other one being connecting stations
through a switch, using a full duplex point-to-point links [DIX03]. Properties of EPON
are in a way that it is a combination of both of these configurations.

In the downstream path, medium is shared among all ONUs. Ethernet frames are
broadcasted by OLT, passing through a 1: N passive splitter, to ONUs. Received packets
are extracted if their media access control (MAC) address is a match with ONU MAC
address.

Due to the directional properties of passive optical combiner (s) in the upstream
path, transmission from any ONU will reach only to the OLT and it will not be received
by any other ONUs. Hence in the upstream the medium is considered to be a multi point-
to-point (MP2P). However without any arbitration mechanism to control upstream
transmission, packets might collide and bandwidth may not be fairly shared among
ONUs.

Again due to the directional properties of passive optical combiner, ONUs cannot
detect any collision at OLT that makes the implementation of a contention-based media

access control very difficult. OLT can detect the collision and sending a jamming signal
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for this purpose to ONUs, but because of the experienced propagation delays, efficiency
is degraded. Contention-based schemes are providing statistical averages that timely
delivery to nodes might not be guaranteed, which causes unsatisfactory results in
residential access. However, this issue is less important in enterprise networks due to
shorter and over-provisioned links carrying mostly data traffic.

Non-contention and TDM-based schemes are proposed to introduce determinism in
frame delivery. OLT assigns timeslots to ONUs after they are synchronized to a common
time reference. If the buffered frames fit into assigned time slot, they will be transmitted
with the full link speed. If the buffer is empty, 10-bit idle characters are transmitted. Two
main timeslot assignments are static TDMA with fixed timeslots and dynamic timeslot
allocation based on the instantaneous queue occupancies of ONUs. Other timeslot
schemes can be based on quality of service metrics, service level agreements contracts,
service prioritizations, etc.

Timeslot assignments can be done in centralized and decentralized way. In
centralized approach, OLT is responsible for allocating timeslots. However in
decentralized approach, ONUs are allocating timeslots based on the arrived traffic. Due
to the need for informing other ONUs of the intention for transmission and the EPON
limitations that there is no direct communication between ONUs, this scheme is posing
some constraint on the EPON. Centralized-schemes are realizable in EPON for allocating
channel access to ONUs.

With centralized approach, OLT is aware of network status and can make decisions
based on the ONU states. Hence, ONUs have much simpler functionalities and they will

be cheaper that leads to less costly ONUs for subscribers. However, in centralized
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approach, for OLT in order to make a well informed time allocation decision requires of a
priori knowledge of ONUSs’ buffer occupancy. The bursty nature of arrived traffic to
ONUs rules out buffer occupancy prediction mechanisms. Polling schemes are used to
inform OLT of ONUs buffer status with the use of Grant and Request messages in such a
way to overcome this issue. ONUs will inform OLT of any status changes by sending a
Request message. In response to Request messages received from ONUs, OLT will
process these messages and assigns transmission timeslots with the start time, and

duration of the granted window. This information is delivered using Grant messages.

2.5 Multi-Point Control Protocol (MPCP)

Multi-point control protocol was defined by IEEE 802.3ah task force. Its operation
is based on the two Gate and Report messages. Gate is sent in downstream and it is
granting ONUs upstream transmission timeslot. Report is an upstream message to inform
the OLT of any ONU conditions, e.g., queue occupancy, arrived traffic class of service,
arrival rate, etc.

Two modes of operation have been defined for MPCP: auto-discovery
(initialization) and normal operation. The former is used to detect ONUs joining the
network and discovering round-trip delay and MAC address of the specific ONU, and
other future features are to be defined later. Normal mode is used to grant transmission
timeslots to all initialized ONUs.

ONUs can report their local conditions simultaneously; auto discovery is a
contention-based procedure to solve this issue. MPCP is described below:

1. OLT allocates an unassigned initialization timeslot with a certain time

length depending on the roundtrip time and transmission window.
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OLT informs ONU of its granted time slot start time and duration by
sending a Gate message and timestamp this message.

Only new joining ONUs will respond to the initialization message. After
receiving this message, ONU will adjust its local time to the arriving Gate
message timestamp.

When ONUs local time reaches its transmission start time, the ONU will
transmit its Report message containing its address and the time that the
Report was sent.

OLT by receiving the Report message from newly joined ONUs will

record their MAC addresses and their round trip times.

After receiving Gate message, newly joined ONUs transmit their Report messages

and collision might occur. In that case, the ONUs that have collided Report messages will

not get any timeslot. The collided ONUs will arbitrarily after some random number (e.g.

exponential back-off) of initialization cycles will attempt to send another Report

message.

Normal operation of MPCP is described below. The main purpose for MPCP is to

deliver the operational messages from OLT to any ONU and vice versa, and it does not

consider any bandwidth allocation schemes.

1.

MPCP receives a request to transmit a Gate message to a particular ONU
from MAC. It will consist of the start time and the duration of the
transmission.

OLT and ONUs will adjust their clocks. MPCP will timestamp the Gate

message.
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ONUs after verifying the MAC address of the received Gate message will
set their local registers with the transmission start time and duration that
they received. ONU will check the arrival time of the Gate message with
the timestamp of the Gate message. If the difference is more than a pre-
defined threshold, the ONU will assume it has lost its synchronization and
will switch itself to un-initialized mode. It will not be able to transmit and
has to wait for the next initialization message.

If the arrival time of the Gate is close to the timestamp enclosed in the
Gate, ONU will update its local clock to the timestamp. By reaching the
transmission start time, ONU will start transmission for the allocated
duration. Frames are not fragmented. Frames that will not fit into the

timeslot will be deferred for next timeslot.

Report messages are sent in the assigned transmission windows along with the data

frames. Report messages are sent either automatically or on-demand. A Report message

is generated in the MAC control client layer and is time stamped in the MAC control

[DIX03]. Report will contain ONU’s local condition such as queue length. ONUs should

take into consideration for following overhead, namely 64-bit frame preamble and 96-bit

inter frame gap (IFG) associated with every frame.

After the Report arrival in OLT, it is passed to the MAC control client layer

responsible for bandwidth allocation decision. OLT will recalculate the round trip time to

that ONU. Due to changes in refractive index caused by temperature change, there might

be some deviation from new calculated RTT to previously measured RTT. If this

deviation is greater than some expected value, OLT will consider that ONU to be out of
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synchronization and it will not grant any further transmission window until that ONU is
initialized again. For the sake of simplicity, other details are not explained here and more

details are under discussion within the IEEE 802.3ah task force.

2.6 Literature Survey

It is very important to be able to provide quality of service in access networks in
order to comply with different subscribers’ service requirements. Due to the nature of
passive optical networks, in the downstream we are having streamed broadcast from
central office to subscribers, and they will be able to capture only the information that
was intended to be received by them. However, in the upstream, due to the multipoint-to-
point nature of the network, it is crucial to provide service prioritization among
subscribers. In the following we will review researches that had been done and
undergoing in this area.

Kramer et al. in [KRA02b, and KRA02c] presented one of the early papers in this
area, based on a protocol called interleaved polling with adaptive cycle time (IPACT). It
is an OLT-based polling scheme, in a manner that next ONU is polled before the
transmission from the previous one has arrived. IPACT provides statistical multiplexing
for ONUs resulting in efficient channel utilization.

In this scheme OLT has knowledge of round trip time (RTT) to/from any ONUs
and knows how many bytes are waiting in each ONU’s buffer. OLT will allow Optical
Network Terminals (ONTs) to send with Grant message in response to their Request
messages. OLT will broadcast data to all ONUs, ONUs will only capture the data
destined to them based on the MAC addresses contained within data. Guard times

provided in order to compensate for RTT fluctuations and variations of processing times.
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In this scheme, ONU synchronization is not required. Also contrary to TDMA schemes,
ONUs are not required to perform the ranging process that makes them to appear
equidistant from OLT. OLT will perform all scheduling and bandwidth allocation
functions with regard to provided information by every single ONU.

For solving the granted window size they propose several schemes (i.e. fixed
service, limited service, constant credit, linear credit, and elastic service). In fixed
service, regardless of requested window size, maximum window is always granted. In
limited service, requested window size is granted if it is not greater than the maximum
window size. In the constant credit, a constant credit is added to the requested window
size. In the linear credit, size of the added credit is proportional to the requested window.
And finally, in elastic service, the maximum window is granted in a manner that the
accumulated size of last N Grants does not exceed N*maximum window size. [PACT
minimizes unused bandwidth by using time polling messages that are interleaved on
downstream traffic. There are two issues with IPACT, it does not consider the fact that
different ONUs have different bandwidth requirements and IPACT’s dynamic bandwidth
allocation introduces burstiness in the upstream traffic. [IPACT can provide on-demand
bandwidth based on user queue length, but it has some difficulty to provide QoS
guarantee to different users and it does not support different QoS levels for a single ONU.
IPACT can provide a small delay under the light load, with an increase in the load, the
average delay performance deteriorates quickly. Due to the fact that [IPACT concentrates
on bandwidth utilization, it also cannot provide different QoS guarantee to sources

especially delay and delay variation bound.
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Ma et al. in [MAO3] provided a bandwidth guarantee polling (BGP) MAC protocol
that allowing the upstream bandwidth to be shared based on the service level agreements
(SLAs). This scheme provides premium services to business customers and best effort
(BE) to residential customers preferring low-cost services. Their algorithm is mitigating
two issues in EPON. First, difficulties in implementing conventional contention-based
carrier sense multiple access protocols and secondly, issue of providing controllable and
guaranteed bandwidth allocation to each ONU. A reservation-based time division
multiple access scheduling scheme utilizing a common wavelength that makes every
ONU using same kind of transceivers resulting in more cost effective equipments. ONUs
are divided into two groups, one group has ONU members requiring guaranteed
bandwidth and the other group contains members without the guaranteed bandwidth
requirements.

By combining polling with TDM, two advantages of overcoming TDM
synchronization problems and TDM inflexibility and poor efficiency are achieved. This
polling scheme is a roll-call polling (i.e. OLT polls ONUs consequently in an adaptive
manner to allow ONUs to send their data, and keeps an entry table of polled ONUs).
Table entries include one bandwidth unit for either bandwidth guaranteed ONUs or non-
bandwidth guaranteed ONUs. Table entries include ONUs’ number and propagation
delay to OLT. Bandwidth guaranteed ONUs will be polled more than once in a polling
cycle and they will consume more bandwidth. Their proposed BGP algorithm has two
parts, scheduling and even distribution algorithm (EDA). Scheduling is responsible for
polling ONUs. On the other hand EDA, evenly distributes multiple entries of the same

bandwidth guaranteed ONUs among all other table entries. Their simulation results
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indicate that the bandwidth guaranteed ONUs will face less average delay. And also non-
bandwidth guaranteed ONUs will suffer more delay than the bandwidth guaranteed
ONUs with more than one entry, and it is very similar to [IPACT under light loads. Their
results prove the more entries a bandwidth guaranteed ONU has, it results less average
delay, higher throughput, shorter queue length and lower loss rate. The bandwidth
guaranteed ONUs with multiple entries have a better performance than an ONU under
IPACT and on contrary to [IPACT scheme, it can provide differentiated services.
Nikolova et al. in [NIKO3a], presented a novel dynamic bandwidth allocation
(DBA) scheme using multipoint control protocol (MPCP) with threshold reporting and
also capable for inter and intra-ONU priority scheduling. Due to the fact that frames are
not fragmented in EPON, concept of threshold reporting is introduced in order to achieve
higher bandwidth efficiency. In front of each frame there exists a preamble of § bytes and
between two frames there is at least a 12 byte inter packet gap (IPG) [IEE02]. Time
elapses between two executions of scheduling algorithm are defined as a cycle confined

by lower and upper bounds (7, and7 , ). Algorithm will allocate B, between B

max

and B, where B, is found by multiplying 7 by line rate. During each cycle, each ONU

is granted exactly one transmission window, at least sufficiently large enough for sending
one Report message. They defined two priority scheduling schemes, full priority
scheduling (FPS) and Interval priority scheduling (IPS). The former is the normal priority
scheduling scheme and in the latter scheme, the ONU remembers the total number of
bytes (per queue) that it reported in last Report message. One threshold is assigned either
statically or dynamically to each queue of any ONU. Three varieties of this algorithm

were proposed, IPSA, R-FPSA and R-IPSA which, they differ in their Constant Bit Rate
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(CBR) traffic allocation as well as in their intra-ONU scheduling. With IPSA, bandwidth
losses were reduced, but with the expense of higher average queueing delay and jitter for
highest priority in high loads. With R-IPSA (combining IPSA and CBR scheduling), high
load delay increments were reduced. Combining FPS and CBR scheduling at ONU
results R-FPSA, hence improving average queueing delay with having lower bandwidth
efficiency.

Zhang et al. [ZHAO3] suggested a dual deterministic effective bandwidth (DEB)
generalized processor sharing (GPS) scheduler to provide delay constraint and lossless
QoS guarantee and avoiding QoS degradation due to statistical multiplexing. Scheduling
is performed in two locations, master scheduler at OLT and slave scheduler at ONU. In
the former, bandwidth weights are assigned according to QoS mapping and in the latter,
by optimizing delay variation, bandwidth utilization is improved. A positive real
number, namely weight is assigned to each traffic stream and bandwidth is allocated
dynamically based on their corresponding weights and traffic load. In addition to delay
bounds, a bound on variation of delays of one source and (or) different sources is
guaranteed. Delay variation bounds are providing source synchronization and service
fairness is achieved and results in more efficient bandwidth and buffer utilization.
Different types of traffic sources are mapped into QoS-aware and best-effort sources.
With weight assignment, each QoS-aware traffic source receives a minimum service rate
equal to its deterministic effective bandwidth, ensuring a lossless deterministic QoS and
delay-constrained service. In order to control the inter-source delay variation constraint, a
slave scheduler is added to each ONU. Slave scheduler will record all arrival and service

time stamp of every packet of the incoming traffic. It also calculates each source delay
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and inter-source delay variations. Backlog clearing time is calculated by collecting the
queue length information of each QoS source. Any source completing its backlog, the
according bandwidth will be released and re-allocated among the still backlogged
sources. On contrary to most of the DBA schemes that only OLT schedules upstream
transmission, the proposed scheme has two schedulers, one at OLT and the other is
located at each ONU. OLT scheduler receives requests from different QoS classes
collected from different ONU and multiplexed to calculate bandwidth allocation among
QoS classes. ONU scheduler, further select the proper bandwidth or grants allocated to it
from OLT based on its own queueing status and QoS contract. This study did not
investigate the performance issues corresponding to queue length effect on different
services at ONUs.

Zheng et al. in [ZHEQOS] proposed an adaptive polling protocol called the earliest
packet first (EPF) algorithms that schedules the transmission order of different ONUs
based on the arrival time of the first packet waiting in the queue of each ONU. Due to the
bursty nature of traffic, with fixed timeslot allocation for each ONU, high bandwidth
utilization cannot be achieved. A multipoint control protocol (MPCP) has been widely
adopted to implement dynamic bandwidth allocation, using two messages of Gate and
Report. A Gate message is used by the OLT to allocate a transmission window to an
ONU. A Report message is used by an ONU to report its local conditions to the OLT. A
polling protocol must schedule not only the transmission start time and duration of each
ONU transmission but also the transmission order of different ONUs. Instead of round
robin (RR), which is simple to implement, but it is not taking into account the

instantaneous traffic conditions at each ONU, they propose the earliest packet first (EPF)
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algorithm. In order to support this scheme, Report message from any ONU must carry
additional information on the arrival time of the first packet waiting in the queue of that
ONU and the polling table at the OLT must maintain this information for each ONU. The
polling table maintains not only the ONUs’ bandwidth demand and round trip time to
each ONU but also the arrival time of the first packet waiting in the ONUs’ queue. The
OLT schedules the transmission of different ONUs in an ascending order of the arrival
time in the polling table. In order to increase bandwidth utilization, an interleaved polling
mechanism is used that allows the OLT to poll the next ONU before the transmission
from the previous ONU arrives. It was shown that under medium traffic load the adaptive
polling scheme can reduce the average packet delay and maximum packet delay
compared to a polling protocol using round robin scheme. However, these improvements
come with the price of having a more comprehensive polling table.

Lee et al. [LEEO4] suggested a two-step scheduling algorithm to support dual
bandwidth allocation policies. Their algorithm provides a simple scheduling process to
combine static bandwidth allocation (SBA) and dynamic bandwidth allocation (DBA).
The main idea of the proposed algorithm is to separate the process of Grant start-time
calculation from the process of Grant generation. In the first step, Grant messages are
generated by each module according to its own bandwidth allocation algorithm and
multiplexed by the scheduler. In the second step, multiplexed Grant messages are
converged with downstream data traffic. Four priorities in descending order of their
precedence is SBA, minimum bandwidth queue, DBA, and auto-discovery GATE queue.

With the simulation, they showed the proposed algorithm exhibits similar queueing delay
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performance characteristics and service characteristics as SBA-only or DBA-only
schemes.

In [HSUO3], Hsueh et al. introduced a hybrid slot size/rate (HSSR) media access
control protocol to enforce quality of service and fairness in EPONs. For simplicity they
consider two traffic classes, high priority and best effort. Each frame is divided into two
parts. One steady part for high priority traffic and the other is the dynamic part for best
effort traffic. Their proposed MAC protocol minimizes packet delays and delay variations
for the higher priority traffic, while increasing throughput efficiency for the best effort
traffic by reclassification of incoming traffic to take advantage of the available bandwidth
in the guaranteed time slots. By dynamically allocating the excess bandwidth according
to users’ service rates, fairness is achieved. High priority traffic is always assigned in the
fixed location of the frame to minimize delay variations, and best effort traffic can be
reclassified and assigned in high priority time slots for efficient use of available
bandwidth.

Luo et al. [LUOOS] presented a dynamic bandwidth allocation with multiple
services (DBAM) algorithm to support various types of traffic. Rather than providing
multiple services among ONUs and among end users separately, DBAM integrate both of
them into the REPORT/GRANT mechanism with class-based bandwidth allocation.
DBAM takes frames arriving during waiting time into consideration, and hence reduces
frame delay and queue length.

2.7 Summary
This chapter presented the basic concept behind passive optical network and gave a

more detail discussion of EPON systems. EPON’s principle of operation and the
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standardized protocol governing it was also presented. A comprehensive literature survey
of the proposed algorithms to support Quality of Service (QoS) also provided different
approaches to provision desired quality for applications. In the next chapter, Quality of

Service in EPON and queueing analysis is provided.
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Chapter 3 Priority Queueing Scheduling for QoS
Management in EPONs

3.1 Introduction

In real-time communications [ADA97], the quality of communication depends on
the time at which messages are successfully delivered to recipients. Quality of Service
(QoS) refers to the capability of a network to provide better service to selected network
traffic over various technologies, including Frame Relay, Asynchronous Transfer Mode
(ATM), Ethernet and 802.1 networks, SONET, and IP-routed networks that may use any
or all of these underlying technologies. The primary goal of QoS is to provide priority
including dedicated bandwidth, controlled jitter and latency (required by some real-time
and interactive traffic), and improved loss characteristics. Also of equal importance is
making sure that providing priority for one or more flows does not make other flows fail.
QoS technologies provide the elemental building blocks that will be used for future
business applications in campus, WAN and service provider networks. Network Quality
of Service (QoS) requirements are typically formulated in terms of performance metrics
such as deadline, delay jitter, and loss rate.

The deadline is the specific maximum delivery delay bound, which is an
application-layer, end-to-end timing constraints. Another important performance metric is
delay jitter, which is the maximum variation in delay experienced by packets in a single
connection. Some real-time applications such as non-interactive television and audio
broadcasting require bounds on jitter but not on delay. The delay jitter is usually
controlled, at cost of additional delay, by using buffers. For continuous media playback

applications, the ideal case would be that the network introduces only constant delay, or
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zero delay-jitter. Having a bounded delay jitter service from network makes it possible
for the destination to calculate the amount of buffer space needed to eliminate the jitter.
The smaller the jitter bound, the less amount of buffer space is needed. Since it is more
important to provide end-to-end delay and delay-jitter bounds than average low delay for
guaranteed service (GS) class, packets arriving too earlier may not even be desirable in
such an environment. In fact, the earlier a packet arrives before its delay bound or
playback point, the longer it needs to occupy the buffer. This is one of the most important
differences between the performance requirements of the guaranteed-performance service
and the best effort service provided by the traditional computer networks. Performance
bounds are more important for the guaranteed service while average performance indices
are more important for the best effort service. The third important parameter is the loss
probability. Loss rate will specify tolerable loss for certain traffic undergoing
transmission in the medium. Packet loss can occur due to buffer overflow or delay bound
violation. A statistical service allows a nonzero loss probability while a deterministic
service guarantees zero loss. With a deterministic service, all packets will meet their
performance requirements even in the worst case scenario. With a statistical service,
stochastic or probabilistic bounds are provided instead of worst case bounds. Statistical
service allows the network to overbook resources beyond the worst case requirements,
thus may increase the overall network utilization by exploiting statistical multiplexing
gain.
3.2 Quality of Service (QoS)

New challenges are dictating new user requirements from Service Providers (SP) in

today’s competitive telecom market worldwide. As a result of choosing broadband
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services by users and enterprises, an opportunity for offering a combination of feature-
enhanced voice and bandwidth-intensive multimedia services is materialized by service
providers.
3.2.1 Customer QoS preferences

Different customers can be classified based on their QoS preferences. Following

groups are distinguished:

- Best effort traffic users: the amount of bandwidth and quality of service are not a main
concern for the customers’ applications: e.g. e-mail, file transfer protocol (ftp), and web

traffic.

- Users with hard preferences: customers won’t be satisfied if the available QoS is under
certain threshold. For example we can consider an audio application that under certain bit

rates the quality of transported audio will not be acceptable.

- QoS oriented users: this category of customers due to their applications requirements

they are demanding higher QoS levels, e.g., real-time video/audio conferencing.

3.3 Service Differentiation
The basic goal of Differentiated Services (DiffServ) architecture [BLA98] is to
fulfill the performance requirements of users. Users requesting a certain performance
level (e.g. required bandwidth, delay, and delay variation) and hence network provides it
as long as the user traffic has certain characteristics. The performance level provided and
the characteristics of the traffic to be injected in the network are defined in SLA.
Differentiated Services define a model for implementing scalable differentiation of

QoS in the Internet. The main approaches of service differentiation are to (a) classify
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traffic at the boundaries of network, and (b) regulate (condition) this traffic at the
boundaries. The classification operation entails the assignment of the traffic to Behavioral
Aggregate (BAs). These behavioral aggregates are a collection of packets with common
characteristics, as far as how they are identified and treated by the network. The network
classifies the packets based on the content of the packet headers. The idea is to have a
small number of classifications to simplify the allocation of resources for the traffic
classes. As can be seen in Figure 3.1 each one of the queue will provide different

treatment for user packets based on the requested Service Level Agreement (SLA).
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Figure 3.1.: Four different classes of service.
3.4 Queueing Analysis

Queueing algorithms can be thought of as allocating three nearly independent
quantities: bandwidth (which packets get transmitted), promptness (when do those
packets get transmitted), and buffer space (which packets are discarded by the gateway).
The most common queueing algorithms are First-Come-First-Serve (FCFS) or First-In-
First-Out (FIFO) which essentially relegates all congestion control to the sources, since
the order of arrival completely determines the bandwidth, promptness, and buffer space

allocations. That means FCFS inextricably intervenes these three allocation issues. There
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may indeed be flow control algorithms that, when universally implemented throughout a
network with FCFS gateways can overcome these limitations and provide reasonably fair
and efficient congestion control. With today’s drivers and decentralized computing
environment, it is unrealistic to expect universal implementation of any given flow
control algorithm. This is not merely a question of standards, but also one of compliance.
Even if a universal standard was adopted, malfunctioning hardware and software could
violate the standard, and there is always the possibility that individuals would alter the
algorithms on their own machine to improve their performance at the expense of others.
Consequently, congestion control algorithm should function well even in the presence of
ill-behaved sources.

Several algorithms, such as Drop Tail, Random Exponential Marking, Fair
Queueing, Virtual Queue, etc., proposed recently try to provide an efficient solution to
this problem. The design of a traffic scheduling algorithm involves an inevitable tradeoff
among its delay, complexity of implementation, and fairness. Among the three, the delay
and implementation complexity are clearly the most important criteria for the selection of
an algorithm for use in a real system. While the fairness properties of the algorithm affect
only the short-term distribution of service offered to the sessions sharing the link, a larger
delay bound implies increased burstiness of the session at the output of the scheduler,
thus increasing the amount of buffering needed in the switches to avoid packet losses. In
addition to minimizing the end-to-end delay in a network of servers, the delay behavior
of an ideal algorithm must include:

- Insensitivity to traffic patterns of other sessions (isolation);

- Delay bounds that are independent of the number of sessions sharing the outgoing link;
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- Ability to control the delay bound of a session without depending on the internal

parameters of the scheduler.

3.4.1 Priority Queueing

Consider the M/G/1 system with the difference that arriving customers are divided
into n different priority classes. Class 1 has the highest priority amongst all; class 2 has

the second highest and so on. The arrival rate and the first two moments of service time

of each class k are denoted by 4,, Z = L, and 3(? , respectively. The arrival processes
H

of all classes are assumed independent, Poisson, and independent of the service times.
Non-preemptive Priority: We consider the Non-preemptive Priority rule whereby a
customer undergoing service is allowed to complete service without interruption even if a
customer of higher priority arrives in the meantime. A separate queue is maintained for
each priority class. When the server becomes free, the first customer of the highest
nonempty priority queue enters service. This priority rule is one of the most appropriate
for modeling packet transmission systems. Here an equation for average delay for each
priority class will be developed. This is similar to the P-K formula and admits a similar

derivation. Denote

N : = Average number in queue for priority k ;
W, = Average queueing time for priority k ;

A e L .
p, =—% = System utilization for priority k ;

Hy
R = Mean residual service time.

We assume that the overall system utilization is less than 1, that is
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ptp,tatp, <1 3.1)
When this assumption is not satisfied, there will be some priority class k such that

the average delay of customers of priority k and lower will be infinite while the average
delay of customers of priority higher than k will be finite.
As in the derivation of the P-K formula [KLE75a], we have for the highest priority,

W, =R+LN; (3.2)

H
The derivation is similar for all priority classes k > 1. The general formula for the

queueing waiting time for priority k is:

W, = R
(1_,01 _"'_pk—l)(l_pl —-~-—,Dk)

(3.3)

Proof of these results can be obtained from any standard textbook on queueing
theory. The average delay per customer of class k is,

T -Lw (3.4)

Hy

The mean residual service time R can be derived as for the P-K formula. We have
R= %ZA,}? (3.5)
i=1

The average waiting time in queue and the average delay per customer for each class is

obtained by combining formula obtained for W, with the formula obtained for R:

i=1

W, =
C20-p - p)A=p = p)

(3.6)

The analysis given above does not extend easily to the case of multiple servers,

primarily because there is no simple formula for the mean residual time R. If, however,

34



the service times of all priority classes are identically and exponentially distributed, there
is a convenient characterization of R.

Note that it is possible to affect the average delay per customer by choosing the priority
classes appropriately. It is generally true that average delay tends to be reduced when
customers with short service times are given higher priority. (For an example from
common experience, consider the supermarket practice of having special checkout
counters for customers with few items. A similar situation can be seen in copying
machine waiting lines, where people often give priority to others who need to make just a

few copies.)

3.5 Quality of Service in EPON

A key issue for quality of service (QoS) provisioning in EPON is adding some
enhancements to multipoint control protocol (MPCP) in order to provide QoS [NIKO03b].
By adding these extensions, EPON will support users’ quality of service and service
differentiation is achieved. Based on the service and applications requirements
variability, every user’s SLA is distinct and distinguished from others. Services could be
differentiated based on their delay, jitter, bandwidth, tolerable loss rate, and etc. in the

following we review bandwidth allocation schemes in EPON.

3.5.1 Bandwidth Allocation Schemes

In order to distribute bandwidth amongst all users in upstream, an arbitration
mechanism should be in place to distribute bandwidth. There are two main ways of
bandwidth allocation: i) static bandwidth allocation (SBA) and ii) dynamic bandwidth
allocation (DBA). In the former, each ONU is receiving a fixed timeslot with a fixed

window size. In the latter, bandwidth is distributed in a dynamic manner based on the

35



ONU requirements. The OLT dynamically allocates bandwidth based on the queue status
of the ONUs that is informed through a REPORT message. In the next sections these two

schemes are described.

3.5.1.1 Static Bandwidth Allocation (SBA)

In this scheme bandwidth is allocated based on a static distribution mechanism and
every ONU receives a fixed timeslot. The OLT generates a GATE message without a
REPORT from the ONUs, allocating a fixed amount of bandwidth in a static manner.
SBA works exactly like time division multiple access (TDMA) in that the time slot of
ecach ONU is fixed ahead of time without traffic arrival rate considerations of ONUs.
Without the overhead of the queue status Report and transmission Grant, SBA is the
simplest method to distribute bandwidth among the ONUs and also it is easy to
implement it. It suits the time-sensitive or constant-rate transmission services such as E1,
T1 and plain old telephone service (POTS) quite well [LEE04]. Due to the fact that ONU
will occupy the upstream bandwidth during its assigned time slot even if there is no
frame to transmit, hence resulting in the increased delay for all other ONUs buffered
packets. Due to lack of statistical multiplexing between the ONUs and the fact that
upstream bandwidth might be either idle or lightly loaded, upstream bandwidth is not

utilized efficiently.

3.5.1.2 Dynamic Bandwidth Allocation (DBA)

In this section we review the DBA algorithms proposed in the literature. As we
stated earlier in upstream in order to avoid contention, TDMA is used. However, due to

the lack of statistical multiplexing [KRAO2a] and burstiness of traffic, some timeslots
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might not be filled and that is leading to underutilized bandwidth. Dynamic schemes on
the other hand adaptively adjusting the time slot size, allowing the excess traffic to be
carried in unused timeslots. We will briefly review various DBA approaches.

Interleaved Polling with Adaptive Cycle Time (IPACT)

An upstream bandwidth allocation using maximum window size was reported by
[KRAO2c]. They used an interleaving scheme in a way that multiple polling requests are
overlapped in time to avoid accumulation of switchover times. Ranging is not required in
this scheme as is required in traditional TDMA. By adapting the granted transmission
window to ONU’s respective load, bandwidth is dynamically distributed among ONUs.

Latency Classification Scheme
In order to provide service satisfaction, a DBA scheme was proposed based on the

delay profiles [YOS02]. Two service classes of low delay and normal delay were
defined. Low delay service class is favored delay sensitive applications like audio, real-
time video, etc. On the other hand normal delay service class is suitable for delay
insensitive applications like data transport, email, etc. Bandwidth allocation for low delay
services has priority over normal delay services. Low delay services will be provided by small
granted bandwidth and large Grant frequency, hence reduced latency but efficiency is degraded.
Normal delay services will be getting high granted bandwidth but with small Grant frequency,
hence delay is increased and efficiency is improved.

Generalized Processor sharing (GPS) -based DBA

A deterministic bandwidth estimation in order to comply with delay constraint and
providing lossless QoS guarantee is presented by Zhang et. al. [ZHAO03]. Obtaining a bound on
delay and backlog is the main objective of a GPS scheduler. They proposed using two schedulers,
one in OLT and the other one in ONU. Master scheduler, residing in OLT, is responsible for

mapping the QoS specifications into deterministic effective bandwidth, and assigns the weight
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correspondingly. However, slave scheduler, residing in ONU is in charge of improving

bandwidth utilization in order to optimize the delay variation.

3.5.2 Dynamic Bandwidth Allocation (DBA) Formulation
In this section we formulate our problem of dynamically allocating the bandwidth

based on customer-tailored QoS metrics [NOUOS5a].

-1,(t)denotes the incoming traffic of i th flow, constrained by the service level
specifications (SLSs) agreed and contracted between customer and service provider.

- P, denotes the priority class of i th flow.

- T,(¢) is the transported traffic of the i th flow.

- L () is the i th flow queue length.

- R, 1s the allocated rate of i th flow.

- D, is the delay tolerance of the 7 th flow.

- d, () is the experienced delay of the i th flow.

- B 1is the available bandwidth.

N traffic streams with various QoS levels are considered, representing various delay
and bandwidth requirements for different customers. Systems dynamics are described

below,

L®=1®)-T(),i=12,..,N 3.7
denotes that queue length is the difference of the transported traffic from the incoming

traffic for every flow.

T() _ P
LOE N (3.8)
T.()" P,

J
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indicate that the rates of transported traffic of various flows are related to their
corresponding priorities.

d(t)<D,,i1.2,...N 3.9
defines that the experienced delay must be less or equal than the delay tolerance of a

stream.

YR <B,i-12,..N (3.10)

i=1"

states that allocated rate cannot exceed the available bandwidth.

3.5.2.1 Policing

We consider three different QoS levels as priorities, and the customers select among
these priorities based on their service requirements. After QoS assignments, the packets

have to be scheduled. In the next section we will review the queueing discipline.

3.5.2.2 M/G/1 priority system

We propose a single server M/G/1 non-preemptive priority system. The higher
priority packet(s) will be served immediately after finishing packet currently in service.
The arrival of all traffic classes to any ONU is assumed independent, Poisson, and
independent of the service times. QoS levels are considered to be of M levels mapped to
M priorities. In the present work, delay D and customer throughput A are considered as
QoS criteria. In an M/G/1 non-preemptive priority system, the average waiting time

W, for a priority k can be estimated as:

W, = R
(I-p)1-p)

(3.11)
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where p, =0, p, = z:—’ , ( p, 1s the utilization for priority k), R = %Z/L X, 2, (X,1s
'z

the service time for the i th customer), uis the link capacity, 4, is the i th customer’s

arrival rate. The average service time for a customer isl (see [KLE75a, b, and TAK93]).

7

In order to satisfy every individual customer QoS level, we have,

D, =W, Yk ell,..., M] (3.12)

R
A

- 1A,
1- 1-» =
-2, ﬂ)( 2o #)

and the total delay for every traffic class will be,

I,=W,+D,, +D,+85, (3.13)
Where D, , is the round trip delay associated with each ONU for priority k, D, is the

processing delay (we assume this delay to be fixed and similar for every ONU), and S, is

the service time for class k traffic (S, = 1 )-

Hy
Let us assume that every customer based on different applications has a different set

of link characteristics requirements. As an example for every customer’s profile, two

parameters of delay D, and priority pare considered. We assume three different levels of

priorities. Each arrived traffic to be transported based on the corresponding class of
service must be verified to meet that CoS requirements. A typical matrix of N customers

and three priorities will look like the following:

(L1, pi)s (T, 1), (T3, Pr3)
(Ty15 P21, (T35 P )> (T3, P3)
(correryerrens ) I CRTTS Y (SURRRTINY
(T Pv1)>Tyz> Pya)s(Tyss Pys)

(3.14)
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Based on different instances of arrival traffic, we want to maximize throughput with
regard to two constraints of delay and priority. QoS metrics will be examined for the
waiting traffic to be transported, if the constraints are satisfied traffic will be sent. Service
allocation matrix based on priorities and delays of every individual traffic flow can be

demonstrated by:

S1158125 513

831589758
2129225923 (3.15)

crsvgenese gesene

Sn1sSn2:S N3
Due to the fact that at every instance, one kind of traffic will arrive to the system, so
we will have only one value of “1” in every row. After priority assignment to traffic

flows, bandwidth and delay throughput are optimized.

3.6 Summary

This chapter presented Quality of Service (QoS) in EPON. Queueing analysis and
priority queueing analysis were also provided. Formulas for finding delays for higher
priority and lower priorities based on higher priorities were derived in this chapter.
General formula for finding delays for priorities was obtained and presented in a closed
form. In the next chapter discrete event simulation is used and results provided to verify

our analysis.
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Chapter 4 Performance Analysis and Results

4.1 Introduction

The basic objective of the mathematical modeling of computer communication
system is the prediction and analysis of the system performance [HAYO04]. Data traffic
considered to have three properties of being bursty, asymmetric, and delicate. In many
applications, there is short activity periods followed by long idle periods, hence
burstiness of data is implied. Data burstiness have two implications, the long term
average usage by a single source is small and making resource sharing as an economical
method. The other issue is that, sources transmit at a relatively high instantaneous rate,
reducing the resource dedication time to any data source. Data asymmetry implies that, in
many of the applications the volume and speeds are different in outgoing and incoming
traffic. Delicacy refers to data susceptibility to errors; hence there is a need for error
counter measurement methods.

Network flowing traffic can be classified into several types. Two of the dominant
traffic types are Ethernet packets/frames and ATM cells. All messages are broken down
to either packets or cells; depending on the network segment that message is traversing it.
The Ethernet packet length varies from 60 bytes to 1500 bytes. The ATM cells have a
fixed length of 53 bytes. Aggregation of billions of these packets and/or cells is what is
called network traffic. Fitting the appropriate traffic model to capture the stochastic
nature of the telecommunication networks is an extremely important task before studying
and evaluating their performance. Sniffers can be used to collect network data and

analyze packets that were dumped during the time sniffer was used. With sniffing
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source and destination, its length, its type, etc. For the purpose of fitting a traffic model to
a telecommunication network only arrival time and length are sufficient. In the next

section QoS in EPON is reviewed.

4.2 Simulation and Results

In order to obtain a realistic and accurate performance analysis, it is important to
simulate the system behavior with injecting appropriate traffic patterns to the system. A
discrete event simulator was developed under C++. Windows 2000 was the operating
system used. Simulations were run on an IBM PC, having an Intel Pentium 4, 3.20 GHz
processor, 760 MB of ram and a 40GB hard drive capacity.

ONUs are distributed randomly away from OLT. Distances between OLT and
ONU s are varied between 10 km to 20 km. The trunk capacity was set to 1000 Mbps and
ONU’s access rate was 100 Mbps. Each ONU was assigned a common buffer space of 10
MB for all three classes of service.

Three classes of service are considered and their corresponding traffic is generated
based on some assumption taken from real data traffic. Each ONU have three queues for
three classes of service. CoS 0 is used to emulate the DiffServ’s Expedited Forwarding
(EF) and is suitable for delay sensitive and low-loss applications. CoS 1 is used to
emulate the DiffServ’s Assured Forwarding (AF) suiting low-loss traffic. CoS 2 is
representing Best Effort (BE) traffic. Class of service 0 considered to be CBR with an
average rate of 4.5 Mbps and packet size of 70 bytes, emulating T1 services. The other
two classes of service were considered as ON-OFF sources with ON-OFF intervals
according to a Pareto distribution, to model self-similar traffic, with an average rate of

approximately 47.5 Mbps. Three packet sizes of 64, 594, and 1518 bytes and their
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corresponding probabilities considered to be 0.62, 0.10, and 0.28. Each point on the plots
were collected after several runs of the simulation program and corresponds to a sample
of more than 100 million packets. Generated packets for every class of service is
randomly generated and randomly distributed to different ONUs. To provide QoS,
priority treatment of arrived traffic has been considered. Higher priority traffic will

receive lower delay than other lower priority traffic.

4.3 Simulation Results
ONUs were distributed in a random manner by the simulation program, the

following figure shows ONUs distances from the OLT.

ONU distances from OLT (Km)

Distance

ONU Number

Figure 4.1 ONUs distances from OLT.

ONU'’s distances are ordered in ascending order from OLT and it is presented in

Figure 4.2.

44



ONU distances to OLT

Distances (Km)

0 5 10 15 20
ONU number

Figure 4.2 ONUs distances from OLT. (Ascending order)

In the following figure, average delays for ONUs are presented based on their initial
random distribution prior to sorting ONUs in an ascending order. CoS 2 is showing most
delay fluctuations compared to other class of services. This is due to two reasons, one
being ONUs geographical distributions and the other is CoS 2 traffic has to wait for

completion of other higher priorities traffic of other classes of service.

Average Dealy per ONU
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3 200 1 s

o '

z 0 Avg Delay COS
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Figure 4.3 Average delay per ONU for various CoS.

In the following figure average delay for various class of service (CoS) is shown
[NOUO05¢], and it can be seen from the figure that higher priorities as it is expected
experiencing minimum delay and higher priorities are delayed after service of higher

priority traffic are completed.
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Average delay for various CoS
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Figure 4.4 Average delay per ONU. (ordered)

In Figure 4.5, average delay for three classes of service is represented. Class of
service 0, due to its higher priority comparing to other classes of service is experiencing
much lower delays. Other classes of service depending on their traffic priorities they will

experience delays substantially more than CoS 0 delays.

Average Delay
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Avg Delay per COS

1 2 3 4 5
Simulation Time

Figure 4.5 Average delay per ONU.

Average delay for three classes of service is presented in Figure 4.6. ONUs are
ordered based on their distances from OLT. Class of service 0 is showing the lowest

delay among all other classes of service and class of service 1 is having higher delay than
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CoS 0 but lower delays than CoS 2. Class of service 2 is experiencing higher delays than

other higher priority traffic and it is showing a sporadic behavior.

Average delay (msec)

Avg. delay for various CoS-distance ordered

5 10
ONU number

15

——CoS 0
~—&— Co0S 1
CoS 2

20

Figure 4.6 Average delay for various COS (ONUs are ordered)

Packets are generated in a random fashion and are arbitrarily distributed to different

ONUs. Number of received packets for each ONUs for different CoS is presented in Figure

4.7.

Number of packets received

Received number of packets for various CoS

ONU number

Figure 4.7 shows number of packets received in the ONUs for different CoS.

Figure 4.8 presents maximum number of packets in queues for different class of

service for each ONU.
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Maximum number of packets in queue
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Figure 4.8 Maximum number of packets in queue for classes of service per ONU.

Maximum number of queued packets and delays for various classes of service for
each ONU is presented in Figure 4.9. Higher priority traffic is having smaller share of the
randomly generated packets and their delays are substantially lower. Lower priority

traffic is receiving a larger number of packets and hence their delays are greater.

CoS delay and Max. queued packets relation
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Figure 4.9 Classes of sevice delays and maximum queued packets for each ONU.

Maximum queued packets for each class of service for every ONU is presented in

Figure 4.10.
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Figure 4.10 Maximum number of queued packets for each ONU.

From Figure 4.11, average throughput of three classes of service is presented
[NOUOSb]. Throughput of each class of service was graphed based on their
corresponding transported traffic to the total input traffic. Higher priority traffic is having
a lower throughput than other traffic streams due to the fact that percentage of higher
priority traffic to other priorities is much lower, hence their link utilization is much lower

than others. Class of service 1 is showing the highest throughput due to their highest

traffic intensity.

Average throughput
@
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3 —e— Avg througput
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- Avg Throughput
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Figure 4.11 Average throughput for various CoSs [NOUOS5b].
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respectively in Figures 4.12, 4.13, and 4.14.
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Figure 4.12 CoS 0: Average delay versus number of packets.
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Figure 4.13 CoS 1: Average delay versus number of packets.
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Figure 4.14 CoS 2: Average delay versus number of packets.

Average delay versus number of packets for CoS 0, CoS 1, and CoS 2 is shown
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As can be seen from Figures 4.13 and 4.14, experienced delay by lower priorities
depends on the higher priority traffic and cannot have a smooth relation between the

arrived traffic and the delay.

4.4 Summary

This chapter presented an algorithm to provide preferential treatment between users
and applications. Results from discrete event simulator verified our analysis and
algorithm. A delay-based treatment depending on the user’s agreed service level

agreement (SLA) is realized. Next chapter is devoted to conclusion and future research.
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Chapter 5 Conclusions

5.1 Concluding remarks

A variety of access technologies are under development due to growing customer
demand for greater bandwidth, integrated services and rapid service deployment. Passive
optical networks comprising of passive devices between subscribers and service
providers’ networks are one of the well-suited candidate for offering bandwidth-rich
services for emerging bandwidth-hungry multimedia applications. PON technologies are
eliminating the costly maintenance that is the case with any access networking
technology. Among the PON technologies, the thesis concentrated on EPON. EPON is
the first public network that was not developed from telephony or cable communications,
but from enterprise data networks [KRAOS]. As it was iterated in order to provide quality
of service (QoS), an arbitration mechanism to provide bandwidth based on the customers
service level agreements (SLAs) is required. There are two general way for this purpose,
static and dynamic bandwidth allocation algorithms. With dealing with ever changing and
bursty traffic, static bandwidth allocation schemes cannot provide QoS guarantee for
users. In this regard, a novel dynamic bandwidth allocation (DBA) algorithm was
proposed to support QoS for EPON subscribers. Proposed scheme provides customers
with their required service requirements (i.e., bandwidth, and delay) and based on delay
criteria customers can be differentiated and hence a preferential treatment is provided.
Three classes of service were considered with different delay requirements. Applications
with different delay requirement were classified and directed to the corresponding queue
to receive the agreed upon delivery. Highest priority traffic were ahead of other traffic to

be delivered and other lower priority traffic without the presence of a higher priority
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traffic in the queue were delivered to the OLT. Depending on the packet classes, packets
experienced delays based on their priorities. Higher priority traffic received the least
delays among all other traffic types. Lowest traffic experienced the most delay comparing
to the two higher priority traffic classes. With this scheme, customers could receive
preferential treatment based on their service requirements and service agreements,
meeting their needs. Results presented here shows that different applications can be
classified and receiving corresponding service based on the assigned priority. Highest
achieved throughput belongs to class of service 1 due to their higher incoming traffic.
Lowest throughput among all three classes was for class of service 0 representing their
lower traffic among all. Class of service 2 achieved an average throughput between the

other two classes of service.

5.2 Future Directions

With the adaptation of EPON in the access networks, a whole new stream of
applications will follow. This will require new investment in the metro and long-haul
networks, due to the tremendous increase in traffic. At the same time, EPON networks
might need to be enhanced to support more bandwidth and higher data rates. Various
system enhancements can be considered in a more comprehensive manner as the potential

future research directions.

One possible extension is wavelength-based and will provide new wavelengths for
both upstream and downstream traffic. Adding various wavelengths in the EPON

network is an interesting topic to be studied. By doing so, fewer ONUs will share the
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available bandwidth, resulting in higher bandwidth efficiency. Currently major issue for

supporting different wavelength is the cost of tunable lasers in the transceivers.

Another interesting research topic to be carried out is the support of higher data
rates, with the finalization of the 10 Gbps Ethernet standards by the IEEE. In this
scenario, only a portion of ONUs may support the higher data rates and further changes
will take place with the time as the need arises from subscribers. In this aspect the
network should be able to support various data rates, adding to the system complexity
and cost. This transitional period from lower rate to higher data rates in the network and

its effect on customers should be considered ahead of time in more details.

Another possible research scenario is the provision of multi fiber deployment from
CO to the splitter. Some branches might be reconfigured, by attaching to the new fiber.
This new fiber might be installed initially for future proofing to alleviate the issue of new
fiber redeployment. Depending on the expansion scenario and geography of the area and
service providers’ implications, different research intensive studies should be carried out

with the complete technical analysis for system under study.

Other issues to be consider is fair bandwidth allocation for users and service
providers sharing broadband networks, and scheduling algorithms are important issues to
be considered. However, scheduling algorithms utilized by different systems could either
be interoperable or be standardized. Currently different vendors are providing their
proprietary equipments and they are not interoperable. Interoperability of EPON
networks is a major concern to be studied in order to provide a transparent service and

enhancing system throughput. Providing fair and prioritized bandwidth to users in a way
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that some users will not be exhausted is an interesting research topic to be further

investigated.

Security is another major concern, due to the fact that downstream traffic is
forwarded to all subsribers. Users must be protected against malicious intruders.
Providing security by some cryptographic or ciphering key will be one future research
path to be implemented in a cost effective manner. Adding complexity to ONUs will
have a cost burden on customers and their willingness to subscribe to the next generation

access networks.

Survivability of the service is also important. As content becomes more rich and
extensive, any service interruption will cause more data loss that is translated into more
monetary loss. Recovery of the data and service, by some restoration mechanisms i.e., IP
mechanisms or other methods, is another research direction to be investigated in more

details.

It can be finally mentioned that implementing dynamic bandwidth allocation in a
network is a very research intensive task. Imposing real customers’ behavioral constraint
on the working system in real time is a motivating task to be considered for future

research.
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Appendix A: Queueing Models

Packet Queueing Algorithms

In trying to provide an efficient solution to congestion collapse problem several
Packet Queueing Algorithms have been proposed. In this section we deal with the
descriptions of some of these algorithms.
- Drop Tail Algorithm: Drop Tail (DT) is the simplest and the most commonly used
algorithm in the current Internet gateways, which drops packets from tail of the full
queue buffer. Its main advantages are simplicity, suitability to heterogeneity and its
decentralized nature. However, this approach has some serious disadvantages, such as
lack of fairness, no protection against misbehaving or non responsive flows (i.e. flows
that do not reduce their sending rate after receiving the congestion signals from gateway
routers) and no relative Quality of Service (QoS).
- DEC-bit Algorithm: DEC-bit was developed for use on a connectionless network with a
connection-oriented transport protocol. What takes place is each router monitors the load
it is experiencing and explicitly notifies the end node when congestion is about to occur.

This notification is implemented by setting a bit (DEC-bit) in the header of the
packet that flows through the router. The router sets this bit if the average queue length is
greater than or equal to 1 at the time the packet arrives at the router. The last step
involves the source adjusting its sending rate in order to avoid congestion. The sender
decreases the congestion window by 0.875 times if 50 percent or more of the last
windows worth of packets have the DEC-bit sent, otherwise the sender increments the

congestion window by one packet.
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- Random Early Detection Algorithm: Random Early Detection (RED) Algorithm
is a mechanism that detects congestion and provides feedback to end hosts by dropping
packets. The motivation behind RED is to keep the queue size small, reduce burstiness
and solve the problem of global synchronization. RED drops packets before the actual
physical queue is full. It operates based on the average queue length that is calculated
using an exponential weighted average of the instantaneous queue length. RED drops
packets with certain probability based on the average length of the queue. The drop
probability increases from 0 to a maximum drop probability as the average queue size
increases from a minimum threshold to the maximum threshold. If the queue size goes
above the maximum threshold, all packets are dropped. The RED algorithm can be
broken up into two separate parts. The first part is an algorithm to compute the average
queue size. This determines the level of burstiness that will be allowed in the gateway.
The second part is an algorithm for calculating the packet marking probability. This
determines how frequently the gateway marks packets, given the current level of
congestion.

- Fair Queueing Algorithm : Fair Queueing (FQ) provides isolation between flows, thus
protecting the well-behaved flows against the ill-behaved ones. At the same time it
distributes bandwidth fairly among the flows. In particular, the criteria used to distribute
bandwidth, is max-min fairness. These algorithms are mainly used in the multimedia
integrated services (IntServ) networks for their fairness and delay boundedness. Some
important variation of Fair Queueing Algorithms are briefly described below:

* Round-Robin and Weighted Round-Robin Algorithm: Round-Robin Scheduling (RR)

distributes each request sequentially around the pool of real servers. Using this algorithm,
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all real servers are treated as equals without any regard to capacity or load. This
scheduling model resembles round-robin DNS (Domain Name System/Service/Server)
but is more granular due to the fact that it is network-connection based and not host-
based.

Weighted Round-Robin Scheduling (WRR) distributes each request sequentially
around the pool of real servers but gives more jobs to servers with greater capacity.
Capacity is indicated by a user-assigned weight factor, which is then adjusted upward or
downward by dynamic load information. Weighted round-robin scheduling is a better
choice if there are significant differences in the capacity of certain real servers in the
pool. However, if the requested load varies dramatically, the more heavily weighted
server may answer more than its share of requests.

* Weighted Fair Queueing Algorithms: Weighted Fair Queueing (WFQ) provides traffic
priority management that automatically sorts among individual traffic streams without
requiring that you first define access lists. WFQ can also manage duplex data streams
such as those between pairs of applications, and simplex data streams such as voice or
video. There are two categories of WFQ sessions: high bandwidth and low bandwidth.
Low-bandwidth traffic has effective priority over high-bandwidth traffic, and high
bandwidth traffic shares the transmission service proportionally according to assigned
weights. When WFQ is enabled for an interface, new messages for high-bandwidth traffic
streams are discarded after the configured or default congestive messages threshold has
been met.

However, low-bandwidth conversations, which include control message

conversations, continue to enqueue data. As a result, the fair queue may occasionally
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contain more messages than its configured threshold number specifies. With standard
WFQ, packets are classified by flow. Packets with the same source IP address,
destination IP address, source Transmission Control Protocol (TCP) or User Datagram
Protocol (UDP) port, or destination TCP or UDP port belong to the same flow. WFQ
allocates an equal share of the bandwidth to each flow. Flow-based WFQ is also called
fair queueing because all flows are equally weighted.

* Core Stateless Fair Queueing Algorithm: An alternate approach to achieve congestion
control is to provide router support for fair bandwidth allocations. In this way we achieve
protection against ill-behaved flows. In addition, each flow is ensured to receive its fair
share no matter what control algorithms, if any, the end hosts implement. The major
disadvantage of this approach is that the known algorithms to achieve fair share are
complex, as they require routers to perform per flow management. More precisely, a
router needs to perform:

(1) per-packet classification,

(2) per-flow buffer management, and eventually

(3) per-flow scheduling.

This complexity may prevent them from being cost-effectively deployed at high
speeds. To address this problem, a network architecture and an algorithm, called Core-
Stateless Fair Queueing (CSFQ), has been proposed. This significantly reduces the
implementation complexity yet still achieves approximately fair allocations. The
architecture differentiates between edge and core nodes. While edge nodes do perform

per flow management, core nodes do not perform per flow management, and therefore
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can be efficiently implemented at high speeds. In addition, edge nodes themselves are
simpler than regular fair queueing nodes.

- Priority Queueing Algorithms: Priority Queueing (PQ) allows you to define how traffic
is prioritized in the network. You can configure various traffic priorities. You can define
a series of filters based on packet characteristics to cause the router to place traffic into
these four queues; the queue with the highest priority is serviced first until it is empty,
then the lower queues are serviced in sequence. During transmission, PQ gives priority
queues absolute preferential treatment over low priority queues; important traffic, given
the highest priority, always takes precedence over less important traffic. Packets are
classified based on user-specified criteria and placed into one of the output queues high,
medium, normal, and low based on the assigned priority. Packets that are not classified
by priority fall into the normal queue.

- BLUE and Stochastic Fair Blue Algorithms: In order to stem the increasing packet loss
rates caused by an exponential increase in network traffic, we may consider the
deployment of active queue management techniques such as RED. While active queue
management can potentially reduce packet loss rates in the Internet, one can show that
current techniques are ineffective in preventing high loss rates. The inherent problem
with these queue management algorithms is that they all use queue lengths as the
indicator of the severity of congestion. In light of this observation, a fundamentally
different active queue management algorithm called BLUE is proposed. BLUE uses
packet loss and link idle events to manage congestion. Using simulation and controlled
experiments, BLUE is shown to perform significantly better than RED both in terms of

packet loss rates and buffer size requirements in the network.
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Stochastic Fair Blue (SFB) Algorithm is a novel technique for enforcing fairness
among a large number of flows. SFB scalably detects and rate-limits non-responsive
flows through the use of a marking probability derived from the BLUE queue
management algorithm and a Bloom filter. Using analysis and simulation, SFB is shown
to effectively handle non-responsive flows using an extremely small amount of state

information. Next a review of queueing theory is provided.

Overview of Queueing Theory

In this section we use the following notation for simplicity:
Kendall-Lee Notation:
A/B/x/ylm- 7 (A.1)
- A: letter for arrival distribution,
“M” = exponential interarrival distribution (M=Markovian, memoryless); Poisson
process
“D” = deterministic, constant interarrival times
“G” = general (unspecified)
“Ek” = Erlang-k distribution
“PH” = phase distribution
“Cox” = Cox distribution
- B: letter for service distribution,
“M” = exponential service time distribution
“QG” = general service
- X: number of service channels,

- y: number allowed in queue + servers (default: o),
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- m: total job population  (default: ),

- Z : queue discipline (default: FIFO).

The M/M/1 Queucing System
In this part we will focus on M/M/1 queueing system. Note that M/M/1 refers to

negative exponential arrivals and service times with a single server. This is the most
widely used queueing system in analysis as pretty much everything is known about it.
M/M/1 is a good approximation for a large number of queueing systems. M/M/1
queueing systems assume a Poisson arrival process. This assumption is a very good
approximation for arrival process in real systems that meet the following rules:

- The number of customers in the system is very large.

- Impact of a single customer on the performance of the system is very small, i.e. a single
customer consumes a very small percentage of the system resources.

- All customers are independent, i.e. their decisions to use the system are independent of
other users. It is known that M/M/1 can be applied to systems that meet certain criteria.
But if the system under consideration can be modelled as an M/M/1 queueing system, it
is a straight forward process.

First we define p, the traffic intensity (sometimes called occupancy). It is defined as
the average arrival rate (A) divided by the average service rate (). For a stable system the
average service rate should always be higher than the average arrival rate. (Otherwise the
queue would rapidly race towards infinity). Thus p should always be less than one. Also

note that we are talking about average rates here, instantaneous arrival rate may exceed

65



the service rate. Over a longer time period, the service rate should always exceed arrival
rate.

o= (A2)

yii
Lastly we obtain the total waiting time (including the service time):

1
T'=—— (A.3)
H—2
Again we see that as mean arrival rate (A) approaches mean service rate (i), the waiting
time becomes very large.
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