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Abstract

This thesis examines and suggests solutions to some of the technical problems and
performance problems encountered when designing, modeling, and evaluating a
Connection-Oriented (CO) data service in Distributed Queue Dual Bus (DQDB)
Metropolitan Area Network. The CO data service primarily supports applications
with high Quality of Service (QoS) requirements, such as video and audio. These
applications usually are time-sensitive so that a guaranteed bandwidth and limited
access delay should be warranted. The challenges in designing the CO service will
involve issues such as performance, reliability, evaluating of the system, availability,
etc.

We present and study a CO service in ihe base of a former proposed theorem. Our
research emphasizes on the ability of CO service to support various types of
applications and source sharing among CO and other services. The proposed CO
service is designed following the standard distributed queue principle of providing a
moderate fairness of utilization. It provides scalability while maintaining the
requirement of the two most important performance metrics: CO service throughput,

and CO service response time.
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Chapter 1

Introduction

1.1 Background

Communication networks are becoming commonplace nowadays. The local area
network (LAN) [29, 30] is used in connecting equipment owned by the same
organization over relatively short distances such as campus and institute. The wide
area network (WAN) provides long-haul communication services to various points
within a large geographical area, e.g., a continent. As the performance of LANs
degrades when the area of coverage becomes large, LANs have limitations in
geography, speed, traffic capacity, and the number of stations they are able to
connect. Meanwhile, WANSs are not proper to serve for a modest community of users
within a 25-km radius due to such factors as history, design, cost, performance, and

service types.

There is a need for an intermediate network that operates over a metropolitan area at
comparatively high data rates and with reasonable protocol complexity [31, 32].
With some characteristics of LANs and some of WANS, the metropolitan area
network (MAN) technology embraces the best features of both [1, 33, 34, 35, 36,
37]. The interconnection of LANs, MANs, and WANS is shown in Figure 1.

Metropolitan area networks are basically an outgrowth of LANs. The MAN effort
was started in 1982, about two years after IEEE project 802 was initiated. The



functional goals were to provide for interconnection of LANSs, bulk data transfer,
digitized voice, and video, as well as conventional terminal traffic. It was assumed

that cable television (CATYV), fiber optics, and radio were valid choices of media.

The concept of a MAN is modeled after that of a LAN, operating at speeds of at least
10 Mbps, but applied to a larger geographical area (nominally 50 kms in diameter).
Typically, a MAN spans an entire office park, an entire campus, or an entire city and
its suburbs. A MAN is therefore a high-speed network that interconnects a number of

LANSs, thereby allowing the sharing of resources and information within a metro

community.
LAN \ . A LAN
LAN | WAN LAN
LAN LAN

Figure 1. Interconnection of LANs, MANSs, and WANSs.

After many years of research on MANS, a number of alternatives have been explored

and rejected. One approach has emerged that has received widespread support from



providers and users, and has been standardized by the IEEE 802 committee as IEEE
802.6. It is useful to look at their definition:

A MAN is optimized for a larger geographical area than a LAN, ranging from
several blocks of buildings to entire cities. As with local networks, MANS can
also depend on communications channels of moderate-to-high data rates. Error
rates and delay may be slightly higher than might be obtained on a LAN. A
MAN might be owned and operated by a single organization, but usually will be
used by many individuals and organizations. MANs might also be owned and
operated as public utilities. They will often provide means for internetworking
of local networks. Although not a requirement for all LANS, the capability to
perform local networking of integrated voice and data (IVD) devices is
considered an optional function for a LAN. Likewise, such capabilities in a

network covering a metropolitan area are optional functions of a MAN.

There are two kinds of services MANs can provide. The first type is a broadband
nonisochronous service over a metropolitan area. This service, known as switched
multi-megabit data service (SMDS), has already been defined and deployed. The

second type of service is to provide isochronous service (video and voice).

The IEEE 802 committee has reached a consensus to use the distributed-queue dual-
bus (DQDB) protocol as the standard MAN. Besides the IEEE DQDB MAN, other
types of MAN have been proposed. Expressent and Fasnet are first successful two
sets of protocols to be proposed in MANSs [38, 39, 40, 41, 42]. The fiber distributed
data interface (FDDI) [43, 44, 45, 46], the most popular example of an extended
LAN, is also proposed as a dual token ring to support MAN. One may classify the
different proposed non-DQDB MANS into three categories: (1) tree-based MANS,
(2) toroid-based MANSs, and (3) LAN-based MANS.



Although the metropolitan area network is closer to implementation today than it
was several years ago, it has not yet realized its full potential because metropolitan
area networks need to address problems that local area networks do not face. The key
issues facing MANSs includes: (1) cost, (2) security, (3) reliability, (4) compatibility
with current and future networks, (5) human factors, and (6) network management.
Although some of these issues are interrelated, they are the major factors that can
influence the choice of schemes. The issues are holding back MANs from realizing
their full potential and must be addressed in implementing MANs. Any MAN

service must offer capabilities to address these and other related issues.

1.2 Research Contributions

With respect to proposed mechanism and performance of the DQDB network, this
thesis adds new contributions and results to the existing literature. The contributions
and results are mostly focused on the full definition of connection-oriented (CO)

service in DQDB network and its performance analysis. They are:

1. To develop the CO service in a simulated DQDB network;

[\

To analyze and improve some existing problems for the implementation of the

CO service;

3. To provide efficient methods on solving the interference between the different
service;

4. Description of more complicate mechanism to realize multiple services in each
node;

5. To analyze the system with known traffic model;

Reusability of simulation for future research.

During the course of this research, the following conference paper was published:



X. Tao, L. O. Barbosa, Tuning-up the DQDB Connection-Oriented Data Service,
Proceedings of IEEE CCECE’98, pp.137-140, Waterloo, Canada, May 23-26 1998.

1.3 Outline of the Thesis

Chapter 2 presents an overview of the DQDB network. Important notions such as
characteristics, physical and functional architectures, frame structure, access unit and
access mechanism are described. The bandwidth balance (BWB) mechanism is also
mentioned as it is already standardized by the IEEE 802.6 committee for the queue-

arbitrated (QA) service.

Chapter 3 gives an introduction to applications that are suitable to be supported by
the CO service. Two main problems, the interference between two CO service nodes
and disturbance from QA service, are mentioned and analyzed. Several methods are
suggested to solve these problems. A dynamic adjustment mechanism is introduced
to set up the CO system parameters. Furthermore, a detailed flow chart of CO service
is given with analysis of access delay and priority mechanism in integrated service

node.

Chapter 4 considers more advanced DQDB network configuration. Self-similar and
MPEG video traffics are used to evaluated the CO service and compared with the
results obtained using traditional Poisson traffic. Some strategies are included to
alleviate the problems encountered in simulation. The performance metrics observed

include access delay, throughput, bandwidth utilization, etc.

Chapter 5 gives a conclusion with respect to the topics investigated in this thesis.



Chapter 2

Distributed-Queue Dual-Bus

The IEEE 802 committee perceived the need for high-speed services over wide areas
and formed the IEEE 802.6 Metropolitan Area Network (MAN) committee in 1982.
Several systems were proposed to the IEEE 802.6 committee, but in November 1987
the committee reached a consensus to use Distributed-Queue Dual-Bus (DQDB) as
the standard medium-access-control (MAC) protocol. DQDB is modeled after the
Queued Packet and Synchronous Exchange (QPSX) protocol, developed at the
University of Western Australia and proposed by Telecom Australia to the IEEE
802.6 committee [47]. Besides being a MAC standard tor MAN, DQDB is also
regarded by the ANSI TIS1.l committee as the major component in the broadband

ISDN user network interface standard.

Based on DQDB, vendors can build components that will allow communication

services within a metropolitan area not exceeding 50 km in diameter.

2.1 Basic Features

The DQDB standard is both a protocol and a subnetwork. It is a subnetwork in that it
is a component in a collection of networks to provide a service. For example,
multiple DQDB subnetworks could be interconnected by bridges, routers, or
gateways to form MANs and WANs. The term distributed-queue, dual-bus refers to
the use of a dual-bus topology and a MAC technique based on the maintenance of

distributed queues. In other words, each station connected to the subnetwork



maintains queues of outstanding requests that determine access to the MAN medium.
The DQDB MAC protocol may be regard as a hybrid multiplexer managing both

ctrcuit-switching and packet-switching traffic.

The DQDB subnetwork has many features, some of which make it attractive for

high-speed data services:

e Shared Media: It extends the capabilities of shared media systems over large
geographical areas.

e Fault Tolerance: It is tolerant to transmission faults when the system is
configured in a loop.

e Congestion Control: It is based on a distributed queuing algorithm as a way of
resolving congestion. This protocol ensures that a high utilization of the
transmission resources and their fair allocation are possible under overload
conditions. Also, a priority mechanism is provided that enables a network
operator to provide preferential performance to some types of traffic over other
types.

e Connectionless Service Provision: It provides a connectionless services at the
MAC layer as other IEEE LANSs.

e Segmentation: Its use of ATM technique allows long, variable-length packets to
be segmented into short, fixed-length segments.

e Flexibility: It is able to utilize a variety of media, including coaxial cable and
fiber optics. It can simultaneously support both circuit-switched and packet-
switched services.

e Compatibility; It is compatible with current IEEE 802 LANs and future networks
such as B-ISDN. In fact, many view DQDB as an early implementation of B-
ISDN.

The DQDB standard allows a MAN to be formed by interconnecting DQDB

subnetworks via bridges, routers, and gateways. DQDB may also serve as a



backbone network. A major difference between DQDB and most of earlier slotted
networks is that a reverse channel is used to reserve slots. Also, DQDB supports
traffic of multiple priority levels. The network span of about 50 km, transmission
rate of about 150 Mbps, and slot size of 53 bytes allow many slots to be in transit

between the nodes.

2.2 Architecture

2.2.1 Physical Architecture

The DQDB dual-bus topology is identical to that used in Fasnet. As both buses are

operational at all times, the capacity of the subnetwork is twice the capacity of each

bus, In this network, nodes are connected to two unidirecticnal buses, which operatc

independently and propagate in opposite directions as shown in Figure 2. The nodes
are attached to both buses via a logically OR writing tap and a reading tap that is
logically placed ahead of the writing tap. Every node is able to send information on
one bus and receive on the other bus. The head station (frame generator) generates a
frame every 125 ps to suit digitized voice requirement. The frames are continuously
generated on each bus so that there is never any period of silence on the bus. The
frame is subdivided into equal-sized slots. The empty slots generated can be written
into by the other nodes. The end station (slave frame generator) terminates the
forward bus, removes all incoming slots and generates the same slot pattern at the
same transmission rate on the opposite bus [48]. (The node at the head of the bus is
sometimes called the head of bus.) The slots are 53 octets long, the same as ATM

cells, to make DQDB MANSs compatible with BISDN.

The subnetwork operates in one of two topologies: open bus (Figure 2) or looped bus
(Figure 3). The two topologies provide basically the same service. The looped bus

topology is well suited for network configuration in case of physical break or failure.



A single node is the head of both buses in a looped bus topology, whereas two

stations take on the HOB functions in open bus architecture.
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Figure 2. Open bus topology of DQDB network
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2.2.2 Functional Architecture

The functional architecture of a typical DQDB node consists of the physical layer
and the DQDB MAC layer, as shown in Figure 4. The physical layer, which
corresponds to the OSI physical layer, is responsible for timing and synchronization
issues and monitoring the error rate on the incoming transmission links to ensure
quality service. The layer incorporates a convergence protocol, which provides a
consistent service to the DQDB layer regardless of the transmission system. The
three transmission systems referenced in the standard are DS3 transmitting at 44.736
Mbps over coaxial cable or fiber, SONET transmitting at 155.2 Mbps over single-
mode fiber, and G.703, which transmitting at 34.368 Mbps and 139.264 Mbps over a

metallic medium.

The DQDB layer is equivalent to the MAC sublayer. It is responsible for addressing,
framing, sequencing, error detection, medium access control, fragmenting messages
into individual slots, and reassembling slots into messages. It is intended to provide

three major services:

1. A connectionless data service, which provides support for connectionless MAC
data service to LL.C

2. An isochronous service, which provides support for users which require a
constant interarrival time. This allows the transfer of data between two
isochronous service users over an already established isochronous connection.

3. A connection-oriented data service, which supports the transfer of segments

between nodes sharing a virtual channel connection

10



2.2.2.1 Physical Layer Functions

The generic physical layer contains three functional entities: the transmission

system, the physical layer convergence function, and the layer management

functions. Each of these functions is described in the following subsections.

The Physical Layer service is provided to the DQDB Layer entity at a node through

two SAPs. Each SAP is associated with one duplex transmission link connecting the

node to an adjacent node.

LLC ACU ICU
A
MCP ICP
Asynchronous Isochronous
Transfer Control Transfer Control
(ATC) (ITC)

y

Access Control Component (ACC)

MAC
Layer

PHY Instance 1 n—l PHY Instance 2

BusBl T Bus A Bus B l T Bus A

Figure 4. Functional architecture of a DQDB node.
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Transmission System

The transmission system function provides a standard transmission interface used to
access the transmission link between adjacent nodes. Standard public network
transmission systems identified as suitable to provide this function are those
specified in CCITT Recommendation G.703 [54], the DS3 rate specified in T1.102
[55], T1.107 [56], and CCITT Recommendation G.707 [57], G.708 [58], G.709 [59]

SDH. Other transmission systems may also be supported in the future.

Physical Layer Convergence Function

In order to allow the DQDB Layer to operate independently of the nature of the
transmission system, a physical layer convergence function is used. This function
provides the standard Physical Layer to DQDB Layer service, irrespective of the
nature of the underlying transmission system. Therefore, each different transmission
system will require the definition of a unique Physical Layer Convergence Procedure
(PLCP). This standard will define the physical layer convergence procedure for each
standard transmission interface supported. If the transmission system already

provides the defined Physical Layer service, the PLCP would be a null function.

In the future this standard may also define a PLCP that does not use an existing
standard transmission system, but which defines this function as part of the protocol.
This approach may be suitable for private backbone networks using the DQDB

access mechanism.

Physical Layer Management Entity (LME)

The Physical LME performs management of the local Physical Layer Functions. The
Physical LME also provides the Physical Layer Management Interface (LMI) to the

12



Network Management Process (NMP) for the remote management of the local

physical subsystem.

2.2.2.2 DQDB Layer Functions

Within the DQDB Layer there are four principal types of functions: the common
functions, the access control functions (Queued Arbitrated (QA) and Pre-Arbitrated
(PA)). the convergence functions, and the layer management functions. Each of these

functions is described below.

Common Functions

“UnClici GIOCK acis as a DQDB Layer relay for ihe iransfer of siots
and management information octets between the two SAPs to the local Physical
Layer entity. Thus, the Common Functions block allows the QA Functions block and

PA Functions block to gain read and write access to the QA and PA slots.

The Common Functions block also operates on the slots and management
information octets to support functions that operate at some or all of the nodes in the
subnetwork. These functions include the head of bus function, the Configuration

Control Function, and the MID Page Allocation Function.

The Configuration Control and MID Page Allocation Functions manage DQDB
Layer objects necessary for nodes to communicate on the subnetwork. Hence, these
functions are part of the DQDB LME. However, there is a requirement for
coordination of the DQDB LMEs at all nodes to support these functions. The
Common Functions block of the DQDB Layer supports the DQDB Layer
Management Protocol for coordination of the Configuration Control and MID Page

Allocation Functions.
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Queued Arbitrated (QA) Functions

The QA functional entity provides an asynchronous data transfer service for 48-octet
segment payloads. The QA functional entity accepts the segment payloads from a
convergence function, and adds the appropriate segment header, including VCI, to
the segment payload to create a QA segment. The QA segment is queued for access
to the dual bus by use of the Distributed Queueing Function. QA segments received
by the QA functional entity are stripped of the segment header and the payload is
passed to the correct convergence function, based on the VCI value in the segment

header.

Pre-Arbitrated (PA) Functions

The PA functional entity provides access control for the connection-oriented transfer
over a guaranteed bandwidth channel of octets that form part of an octet stream. The
operation of the PA functional entity requires the previous establishment of a
connection. As a result of the connection establishment, the PA functional entity will
be informed of the VCI value for segments used in the connection and the offset of
the octets to be used for reading and writing within the multiple user PA segment

payload.

The PA entity accepts the single octets from a convergence function and writes them
into the pre-allocated positions within the payload of PA segments with the
appropriate VCI value in the segment header. The VCI value will have been set by

the Slot Marking Function at the head of bus.
To receive an octet stream, the PA functional entity, on receiving a PA segment with

the correct VCI value, will copy octets from the pre-allocated positions within the

segment payload. The octets are passed to the correct convergence function, based
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on the VCI value in the segment header and the offset of the octet in the PA segment

payload.

Convergence Functions

It is intended that the DQDB Layer will provide a range of services including
connectionless data transfer, isochronous data transfer, and connection-oriented data
transfer. These services are provided by convergence functions placed above the QA
and PA functional entities. This standard specifies the convergence function to
support the connectionless MAC data service to LLC and gives guidelines for the

provision of an isochronous service.

DQDB Layer Management Entity (LME)

The DQDB LME performs management of the local DQDB Layer Functions. It also
communicates with the DQDB LMEs at other nodes to provide distributed
management of the DQDB Layer resources. The communication uses a DQDB
Layer Management Protocol supported by the DQDB Layer Common Functions
block. The DQDB LME also provides the DQDB Layer Management Interface to the
Network Management Process for the remote management of the local DQDB Layer

subsystem.

2.3 Frame Structure

In a DQDB subnetwork, the frame (and consequently the transmission bandwidth) is
segmented in slots. The frame structure and slot format are shown in Figure 5. Each

slot consists of a 53-byte transmission unit for isochoronous and asynchoronous
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traffic, comprised of a 1-byte acess control field (ACF), a 4-byte segment header,

and a 48-byte segment payload.

The ACF (the first byte of each segment header) is composed of 8 bits (1 octet or 1

byte) whose functions are as follows:

I. BUSY: This bit indicates if the slot has data (BUSY=1), or can be accessed

(BUSY=0).

2. TYPE: There are two slot types, and this bit indicates whether the slot is

prearbitrated (PA) for transfering isochoronous segments, TYPE=1 or is queue

arbitrated (QA) for carrying asynchronous segments, TYPE=0. The prearbitrated

access mode is reserved for isochoronous services, that is, services that require a

fixed but smooth bandwidth, such as voice and video services.

RESERVED: This bit is for future use and is presently set to O.

PSR: This indicates whether or not the previous slot has been received.

REQUEST: There are four REQUEST bits indicating if a slot contains a request

for transmissions. The four bits offer four priority levels.

Frame Cycle

Frame Header | Slot1 Slot 2 . . Slot N ggtzr;
BUSY | TYPE | RESERVED | PSR | REQUEST | JEment | Sesment
(1) (1) (1) (1) (4) (32) (384)
ler. ol N
v Access Control Field L Segment o

Figure 5. Frame structure and slot format of a DQDB node.
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A segment consists of a header and a payload as shown in Figure 6. The segment
payload carries the 48 bytes of data. In PA segments, the segments may be shared by
a number of isochronous service users. In QA segments, the contents of the payload

are not restricted. The segment header field consists of the following:

I. Virtual channel identifier (VCI): This is a 20-bit field used in identifying the
virtual channel to which the segment belongs. (A virtual channel is a logical
connection.) Since there is no destination or source address associated with an
isochronous connection, the VCI and the byte offset determine the byte in a PA
slot that has been preassigned to a node. The VCI value of all ones (hexadecimal
FFFEF) corresponds to the connectionless service; other nonzero VCI values are
for other services.

2. Payload type: A 2-bit field indicating the type of data being transmitted. It is
presently set to 00 for user data.

3. Segment Priority: Another 2-bit field presently set to 00 for a multiport bridge,
which connects many subnetworks.

4. Header checker sequence: This 8-bit field is meant for detecting error in the
segment header field. The generating polynomial used for this purpose is

G(x)=x"+x"+x+1

2.4 Access Unit (AU) and attachment

The nodes on the DQDB subnetwork consist of an access unit and the attachment of
the access unit to the two buses. The access unit performs the node’s DQDB Layer
Functions and attaches to a bus via one read and one write connection. The writing
of data to the bus is a logical OR of the data from upstream with the data from the
access unit. The read connection is placed logically ahead of the write connection

and allows all data to be copied from the bus unaffected by the unit’s own writing.
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The read and write functions can be implemented using either passive or active
techniques. An example implementation of the AU connection is shown in Figure 7.

With this connection arrangement, an AU can copy data that passes on the bus, but

can never remove it, and only alter data when it is permitted by the access protocol.

Segment Segment
Header Payload
! [4] Tl [48]
P
! I ~
§ s -
N
! S~ -~
t T~ -
e
Virtual Payload Segment Header Check
Channel Identifier Type Priority Sequence
(20) (2) 2) (8)

[ I=length of field, in octets
( )=length of field, in bits

Figure 6. DQDB segment and segment header format.

With the exception of AUs performing the head of bus functions, the operation of the
bus is only loosely coupled to the operation of each AU; an AU can fail (provided
that it does not destructively write to the bus), or even be removed from the DQDB

subnetwork, with no consequence on the operation of the rest of the subnetwork.

Under normal conditions there is a single source of slot timing for the subnetwork,
which is used to ensure that all nodes in the subnetwork transfer data (i.e., slots and
management information octets) at the same average rate. This is necessary to ensure
stable operation of the Distributed Queue access mechanism and to ensure that
isochronous communications can be supported without slips being introduced by

different timing sources at the two communicating entities.
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Passive or active

BUS A L
BUS A

ACCESS

READ
WRITE
S BUS B

Passive or active

Figure 7. Example Access Unit Attachment.

The timing source can be traceable to an external timing source, such as that
provided by a public telecommunications network. Any node or nodes can be
designated by network operations procedures to provide the External Timing Source
Function. If the subnetwork is supporting certain isochronous services and is
connected to a public network, then the external timing source may be required.
However, in the absence of an external timing source, one node with the capability
specified below will be selected by subnetwork configuration control procedures to
be the source of subnetwork timing. In this case, the selected node must have

available and operate a local clock that has a nominal period of 125 ps.
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2.5 Access Mechanism

Unique to the DQDB subnetwork is the concept of distributed queues (Dgs). Unlike
the local queues, the distributed queues are merely logical queues. The service
mechanism within each distributed queue is nonpreemptive priority queueing of
segments with FCFS for each priority. The distributed queue is implemented by
having stations keep track of segment requests from stations downstream, as
observed on the reverse bus. To archieve this, each station has a set of two physical
counters per priority: the request-bit counter (RC) and the countdown counter (CD),
as shown in Figure 7. The RC keeps track of current empty-slot requirements of the
downstream stations, whereas the content of the CD indicates the number of empty
slots to be passed before the station’s own data transmission takes place. Access to

the buses is controlled by these counters.

As mentioned earlier, two types of slots are carried on the bus: queued arbitrated
(QA) and pre-arbitrated (PA) slots. Corresponding to the two kinds of slots are two
different access methods: QA and PA.

2.5.1 Queued Arbitrated Access

The QA access method supports services that are not time-sensitive, such as
asynchronous data transfer. Nodes gain access to QA slots by using the distributed-
queue access protocol augmented by two features designed to optimize the protocol:
bandwidth balancing and priorities. This access protocol is a distributed reservation
scheme. This implies at least three things: (1) time on the medium is divided into
slots; (2) a node that has data to transmit must reserve a future slot; (3) the nodes

collectively determine the order in which slots are granted.
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When a node has a QA segment to transmit, it chooses the bus that leads to the
intended destination (forward bus) and then sends on the other bus requests for free
slots. Assume, without loss of generality, that a node is transmitting on bus A and
making a request for transmission on bus B. (The same discussion holds true for
transmission on bus B because the operation of both buses is identical.) The node
joins the distributed queue by putting its request on bus B (thereby informing
upstream nodes) and waits for its turn. Each node maintains the state of the
distributed queue in a distributed queue staie machine (DQSM), which monitors the
transmission procedure through the request counter and the countdown counter. The
DQSM can be in either of two states: idle or countdown. When a station has no
segments to transmit, the DQSM is in the idle state. In that state, the RC is
incremented by [ for every slot with a reserved request (REQUEST=1) passing by
on bus B, and decremented by I for every empty slot (BUSY=0) passing by on bus
A. When the queue has segments to transmit, it enters the countdown state. In that
state, the content of RC is copied into CD and RC is reset to O, then the CD is
decremented by 1 for every empty slot passing by on bus A. Through the CD, each
node knows how many empty slots it must let pass by before its turn. When the
value of the CD reaches 0, the station grabs the next empty slot, sets the BUSY bit to
| and writes its data on the payload field. After the station accesses the slot, it enters
the idle state again and monitors the requests as before. Figure 9 gives the state

transfer chart of QA service. Here busy state is countdown state mentioned above.

A station is allowed to send only one request for every transmission and cannot send
another request before it transmits the segment corresponding to its previous
reservation. Only after a request has been serviced can the next request be sent.
Hence, for two buses and four priority levels, there can be at most eight pending
requests for each station. To summarize, to gain access on a bus using the QA

protocol, a node

e Sends a request for transmission to the upstream nodes

e Joins the distributed queue by using the countdown counter
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e Maintains the distributed queue with the request counter
e Allows the passage of enough empty slots to satisfy the request of the nodes
ahead of it in the distributed queue

e Sends its own data when its turn comes

Empty Packets on Bus A

I [ |

Decrement
y
Request
Bit Countdown
Counter Counter
Increment

A

L1 | L] J

Request Bits on Bus B

Figure 8. The request and countdown counters.

Ideally, priority queueing enables selective degradation, under overloaded
conditions, of lower priority services, allowing preferential access to higher priority
delay-sensitive services. The distributed queue mechanism with priority, specified in
the standard, can be relied upon to provide fair sharing of capacity and preferential
access if the active stations accessing a given bus span a distance that is less than the

equivalent of one 53-octet slot, i.e., approximately the following:

2km at 44.736 Mb/s
546m  at 155.520 Mb/s
137m  at 622.080 Mb/s
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A segment arriving,

CD=RC
RCO
> Request bit of the slot on the
Request bit of the slot reverse bus = 0.
onthe reverse bus = I, Set the request bit of the slot
RCRCH Busy bit of the sl
Busy bit of the slot on on the data bus =0,
thedatabus =1, D=0,
RC=RC-1 =CD-1
IfRC<). RC0 bt of the <
Busy bit of the slot on R"“““R e b on
the databus =1 RC=RC+I
D=0,
Sending the segment
Idle State Busy State

Figure 9. State transfer chart of DQDB QA service.

Beyond these distances, particularly under overload conditions, the effectiveness of
the priority queueing mechanism decreases with increasing number of slots on the

bus between contending stations.

2.5.2 Pre-Arbitrated Access

The PA access method supports time-sensitive applications such as isochronous
connection-oriented services. Nodes gain access to the PA slot by following a
request-and-assign procedure. A node establishes connection with another node by
requesting bandwidth from a call/connection control entity. The HOB is responsible
for marking the slots and placing a VCI (virtual channel identifier) in the slot header.
The HOB also sends a sufficient number of PA slots to meet the requested
bandwidth. Each node examines the VCI in passing slots and maintains a table

indicating each VCI value it must access and the position(s) within the slot for
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reading and/or writing. If the VCI matches one listed in the node’s table, the node

reads from and/or writes into the appropriate position(s) in the slot.

Unlike in a pure ring architecture, data does not pass through each station. A station
on the bus reads the addresses of passing information slots and copies the data if the

destination address in the information slot matches that of station.

DQDB is able to integrate traffic with two different priorities, where the lowest
priority is subdivided into four priority levels. The high-priority slots are allocated
by the master station to be shared between a number of selected stations; the low-

priority slots can be used by all stations.

The major advantages of the network are full bandwidth utilization and low waiting
delays. The main cause of performance degradation in DQDB is due to the packet

segmentation and the resulting accumulated slot overhead.

2.6 Provided services

The Queued Arbitrated and Pre-arbitrated Functions of the DQDB layer provide
access control to the dual buses. These access control functions are used by a range
of convergence functions to create the DQDB Layer services. The standard specifies
the convergence function for the provision of the I[EEE 802 MAC Sublayer service
to the LLC Sublayer (ISO 8802-2). Also specified is a general isochronous service.

At no time do two convergence functions simultaneously use same VCI at a given

node. Hence, if a node is to receive a particular segment, the VCI can be used to

direct the segment to the appropriate convergence function at the node
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2.6.1 Provision of MAC Service to LLC

The provision of MAC service to LLC consists of the segmentation of the MAC
Service Data Unit (MSDU) at the source into fixed-length units and the transfer of

these fixed-length units to the destination, which reassembles them into the MSDU.

The segmentation process follows the formation of an Initial MAC Protocol Data
Unit (IMPDU) by the addition of an IMPDU header, an optional Header Extension,
an optional 32-bit CRC, a Common PDU trailer, and a variable-length PAD Field to
the MSDU. The PAD Field ensures that all of the fields added to the MSDU are 32-
bit aligned. The IMPDU is fragmented into fixed-length segmentation units for
transfer in QA segment payloads. There may be padding of the IMPDU with trailing

zero octets to ensure complete filling of the last segment unit.

All segment payloads that support the MAC service are called Derived MAC
Protocol Data Units (DMPDUSs) and consist of a header field and a trailer along with
the segmentation unit. The DMPDU header field consists of three subfields. The first
is the Segment Type Subfield. The second is the Sequence Number subfield. The
third subfield is the Message Identifier (MID). The DMPDU trailer field consists of
two subfields. The first is the Payload Length Subfield. The second subfield is the
Payload CRC.

The MID is used to provide the logical linking between segmentation units derived
from the same IMPDU, and should be unique on a subnetwork while the IMPDU is
being transferred. Each AU will have at least one unique MID. The allocation of the
MID numbers is controlled by the MID page allocation scheme, which is a
distributed method for claiming and keeping MID values that are unique across the
whole subnetwork. The MID identifies all of the DMPDUs derived from a single
IMPDU, and is used in the reassembly of the segmented IMPDU at the destination.
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2.6.2 Provision of Isochronous Service

The Pre-Arbitrated access control mechanism does not necessarily accept or deliver
isochronous service octets in an isochronous fashion. The variation from isochronous
delivery occurs when the node at the head of bus does not generate Pre-Arbitrated
slots in an isochronous fashion. If the user of the isochronous service requires the
DQDB Layer to accept and/or deliver the octets isochronously, there is a requirement
for some buffering. The nature of this buffering depends on the isochronous service

user and is performed as part of an isochronous convergence function.

2.6.3 Provision of Connection-Oriented Data Service

DQDB provides both connectionless and connection-oriented telecommunication
services. Connectionless services are asynchronous and correspond to the datagram
form of packet switching. Connection-oriented services involve a call setup and

correspond to virtual-circuit packet switching, and circuit switching.

Connection-oriented services can use the DQDB network after an initial call setup
procedure until the connection is broken. As a result, of the call setup process a
virtual channel identifier (VCI) is allocated to the call, which uniquely identifies it
amongst all calls in progress at the same time. The VCI is carried in the header of the
DQDB slot. Standards for call setup itself are available for use in conjunction with

DQDB.

There are two types of connection oriented services offered by DQDB: isochronous
and asynchronous. Isochronous services handle a regular stream of octets seperated
by equal time intervals and are designed for pulse code modilated (PCM) voice and

fixed-bit-rate video services. The essential requirement of these services is that there
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be very little mean end-to-end delay and very little variability of end-to-end delay.
On the other hand, asynchronous services operate on a virtual channel and are
designed for users with asynchronous data, which can tolerate some delay in

transmission.

In the case of connectionless services, data packets containing a destination address
are transmitted on to the DQDB network without any call setup procedure. In this
case, a special VCI is used to indicate that the destination of the packet is given in
the data portion of the DQDB slot rather than by the VCI itself. This is the basis of

the switched multimegabit data service.

2.7 Bandwidth Balancing

It has been observed that early versions of DQDB were unable to provide a fair
distribution of bandwidth to stations under overload traffic conditions, because
upstream stations can use a larger transmission bandwidth than downstream stations,
and stations using a large amount of bandwidth tend to prevent other stations’ access.
One way of explaining this unfaimess issue is that the DQDB protocol pushes the
system too hard. The problem was overcome by adding the bandwidth balancing
(BWB) mechanism to the protocol [49, 50, 51]. The main purpose of the modified
protocol is to compel heavy users not to take unfair advantage of their position and
monopolize the network. The BWB mechanism leaks some bandwidth in order to
prevent the hogging of bandwidth under overload conditions. It does this by forcing
nodes whose offered load is larger than the available bandwidth to be rate controlled.
Each of these nodes is allocated a fraction R of the available bandwidth. The value of
Ris
r=B1=S5) M
1+ NS
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where S is the total bandwidth used by the nodes that are not rate controlled, N is the
number of nodes that are rate controlled, and f is a proportionality constant known
as the BWB modulus. With a startup value (or default value) of 8, the value of B

varies from O to 64 and is set according to traffic conditions.

To implement the BWB mechanism, one more counter for each direction at each
node is required. This counter, known as the trigger counter (TRC) is increased by 1
every time the node transmit a data segment. When the value of the TRC reaches the
value of B, the RC is increased by 1 and the TRC is set to 0. This artificial increment
of the RC forces the rate-controlled node to let one empty slot pass by on the node
after every B slots, even though no request was sent by the downstream nodes. The
downstream nodes may not use this empty slot, resulting in bandwidth wastage.
Thus, the bandwidth balancing mechanism creates some other problems. It forces the
network to leave a certain percentage of the available bandwidth unused. so full
bandwidth utilization is given up to provide fairness to all stations. Also, the four

levels of priority given by the original protocol are eliminated.

Since its adoption by the IEEE 802.6 committee, the DQDB subnetwork has
generated a significant interest due to the simplicity of its medium access control

protocol. This intense interest has led to a literature explosion on DQDB.

2.8 New Connection-Oriented Service Standard on DQDB

IEEE Standard Board has presented the standardized Connection-Oriented Service
on a Distributed Queue Dual Bus (DQDB) Subnetwork of a Metropolitan Area
Network (MAN). Enhanced Queued Arbitrated (QA) Functions, which can support
applications requiring bandwidth guarantees and delay limits on a DQDB

subnetwork, are specified. Connection-Oriented Convergence Functions (COCFs)
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using the enhanced QA Functions, which are necessary to support connection-

oriented service, are also specified.

Different COCFs optimized for different types of applications are envisaged on top
of the QA Functions block, using for example, AAL3/4 or AALS. The enhanced QA
functions are necessary for providing services with bandwidth guarantees and delay
limits. The enhanced QA functions are compatible with the QA functions as defined
in ISO/IEC 8802-6: 1994. Due to the layered approach, the enhanced QA functions

can be used by different convergence functions.

Applications that are expected to be supported by this services fall into the category
of low to medium bandwidth compressed digital video, i.e., 348 kbits/s to 44.2097
Mbit/s. Other applications such as time-critical data communication or frame relay

interworking are not precluded.
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Chapter 3

Connection Oriented Data Service

The Connection Oriented Data Service (CO service) has been defined by the IEEE
802.6 committee to support variable-bit-rate (VBR) data services over DQDB
MANSs. The main aim of the CO service is to be able to guarantee the QoS required
by a wide variety of VBR services, such as real-time computer interconnection,
interactive CAD/CAM, realtime control, telemetry, video conference, video-
telephony, video mail service, video and audio distribution, telemedicine, electronic

publishing, TV, videography and many others.

Tiie CO service under siudy herein is different from the connection-oriented service
described in the previous chapter. The latter makes use of pre-arbitrated (PA) slots to
convey the information among the communicating nodes. Furthermore, it requires
the establishment of a connection between the peer entities using a signalling
protocol similar to Q.931. On the contrary, the CO service to be introduced in this
chapter makes use of the QA access mechanism and it does not require the
establishment of a connection between the peer entities. Otherwise, the CO service
makes use of the segmentation and reassembly procedures also used by all the other
services (connectionless and connection-oriented). In particular, it uses the same

format for the Common PDU header and Common PDU trailer.

The CO service has been designed around a control mechanism known as the
guaranteed bandwidth (GBW) protocol. Many studies have been conducted on the
performance of the GBW protocol being used as the underlying mechanism of the
CO service of DQDB MANSs. However, none of these studies has clearly specified

the requirements for the effective implementation of the GBW protocol. In this
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thesis, we undertake a detailed study of the implementation issues for the effective

operation of the overall CO service.

From now on, we will refer to the connection-oriented data service simply as the CO
service and to the connectionless service as the QA service. We have preferred to
keep the name QA service since this term has been widely used in the literature. For
simplicity, we will refer to the nodes implementing the CO or QA services simply by
CO nodes and QA nodes, respectively. Furthermore, we will often refer to node 1 as
the node placed at the upstream end of the data bus and all subsequent nodes as
nodes i, fori =2, 3, ..., n with node n being the one placed at the downstream end of

the data bus.

3.1 The GBW protocol

In [52], Karvelas has described the operation of the Guaranteed Bandwidth (GBW)
protocol. Under the GBW protocol, a Credit Counter (CC) and three parameters: the
Segment Cost (SGC), the Income Per Slot (INC), and the maximum credit (CRM)
are used by each node for supporting the CO data service. A node increases its CC
by INC for every slot passing by on the reverse bus, also called the request bus, i.e.,
the bus used by the node to set a request for a free slot on the data bus. Whenever
the node has a segment ready to transmit for which a request has not been already
sent and if CC > SGC, the node issues a request and decreases CC by SGC. By
requiring each node to transmit only on reserved slots and by appropriately selecting
the values of INC and SGC, the GBW protocol can guarantee the bandwidth required
by a CO node. For instance, if the channel bandwidth is 155 Mbps by setting
INC=30 and SGC=155 a bandwidth of 30 Mbps is guaranteed. This can also be
explained as follows. Assume that CC has been set initially to 0. CC will be
increased by INC for every slot passing by on the reverse bus. CC will only become

greater than SGC after having seen 6 slots on the reverse bus. At this time the node
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can issue a second request while setting CC=25. The node is not allowed to place
another request but 5 slots after while setting CC to 20. Following this procedure,
CC will be reset to 0 again (one period), 31 slots from the initial time during which a
total of 6 requests have been placed. Therefore, in one period, 6 out of 31 slots will
be used by the node. In the case of a channel rate of 155 Mbps, the guaranteed
bandwidth is 155 x 6/31=30 Mbps.

In order to prevent CC for increasing indefinitely during the periods when the node
is idle, a maximum value of credit CRM is introduced. That is, if the value of CC
exceeds CRM, the node will not continue to increase CC although it will observe
slots passing by on the reverse bus. It is evident that the minimum value of CRM
that will provide the node with the guaranteed throughput is the one that satisfies the

following inequality:

CRM >{ SGC/INC| e INC )

where [ x| is the minimum integer which is greater than x.

The GBW protocol is intended to be used by the nodes implementing the CO
service. Some performance studies have shown the effectiveness of the GBW in
providing the guaranteed bandwidth under various scenarios [52][53]. However,
there are still many issues to be addressed. In this study we undertake the analysis of
the following main issues: 1) implementation requirements of the CO service, 2)
integration of QA and CO services, 3) tuning of the CO parameters, 4) fairness, and
5) operation of hybrid (CO/QA) nodes.

3.2 Multiple Requests
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According to the specifications of the GBW mechanism, a node implementing the
CO service can issue multiple requests. It is therefore important to analyse the
requirements to implement effectively this feature. To do so, we conducted a set of
simulations. We considered a system consisting of three nodes with the most
upstream node, node 1, implementing the QA service while the two other nodes,
node 2 and node 3, implement the CO service. At the beginning of the simulation,
the QA node occupies the whole channel capacity. Each one of the two CO nodes
requires 25% of the total channel capacity. Both nodes implement the CO service by
using the GBW procedure, but they do not make use of a RC nor of a CD counter.
The distance between two adjacent nodes has been set to 10 slots. The access delay
for both CO nodes as a function of the running time is shown in figures 10a and 10b.
The access delay is defined as the time elapsed between the instant when a node
places a request and the instant when the node initiates the transmission of the

segment associated to the request.

Under this scenario, Figure 10a, the node 2 becomes active before node 3. When
node 3 becomes active, node 2 remains active and ends its transmission after node 3
has finished transmitting. As shown in Figure 10a, when the node 2 becomes active
and as long as node 3 remains inactive, the access delay for node 2 remains constant
to 20 slots. This delay corresponds to the round-trip delay between node 2 and 1.
After node 3 starts to send its segments, the access delay of node 2 decreases to zero
and node 3 experiences a longer access delay (60 slots). This delay becomes ever
longer for some segments of node 3 because they can not be sent before node 2 stops
sending even though no more segments come to node 3 for a long time. Those
segments will experience very long access delay (330 slots) as they have to wait for
node 2 finishing its segments sending. If we switch the active time of node 2 and 3,
the access time of node 3 is 40 slots at first. After node 2 becomes active, its access

delay increases to
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Figure 10. The access delay and throughput of CO service nodes without usage
of RC and CD (Node 2 starts first and ends last.).
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60 slots while node 2 will not experience any access delay. The access delay of node
3 returns to 40 slots only after node 2 stops sending. Similar situation will happen if
we change the start and stop times of these two CO service nodes. It is not avoidable
that upstream CO service nodes occupy the slots originally for downstream CO
service nodes under overload situation. Figure 11 indicates all the other situations

that the violations happen. Only the access delay diagram is given.

The reason is that CO service node sets request for each segment it wants to send and
multiple requests are allowed. Under overload situation, only the number of free
slots which equals to the number of CO service requests will pass downstream. Thus,
the upstream CO service node has chances to use the slots originally supplied to
downstream CO node because the upstream CO node does not know there are
downstream CO service nodes. Seeing figure 10(b), the throughput of node 2
increase when node 3 becomes active. That indicates the node 2 uses the free slot for
the requests of node 3 until all queued segments of node 2 with requests set access
the network. A throughput pulse of node 3 happens when node 2 ends its
transmission. Thus, some segments of downstream CO service nodes may be
blocked for a very long time. The longer the upstream CO nodes work, the longer the
block time will be. This sometimes will let the segments and whole packet nonsense
because CO service mainly supports the application required high QoS. This

shortcoming is not tolerable for CO service.

To solve this problem, we suggest adopting RC and CD from QA service to realize a
distributed queue for CO service. Then each CO node will record the downstream
CO service requests and let certain number of free slots passing by to satisfy the
requirement of downstream CO node before its segment is sent according to its local
CO service queue. As CO node can send multiple request, for each segment with
request sending a CD is needed to hold the number of downstream CO request sent
before it. Therefore, an array of CD is required. The number of CD needed depends

on how much bandwidth the CO node requires and how far the
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Figure 11. Other violation situations appeared in the two CO service nodes

under overloaded condition.
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Figure 11. Other violation situations appeared in the two CO service nodes

under overloaded condition.

distance between the CO node and the most upstream node is. This value (ng) is
bounded by the following formula:
np <[ 2d ¢B,/B | (3)

where d, is the distance between CO node i and the most upstream node, B, is the
required bandwidth of CO node i and B, is the total bandwidth of DQDB network

Fig. 12 gives the results for same configuration as Fig. 10 with RC and CD array for
each CO node. Due to RC recording the CO requests of node 3, node 2 will not
occupy the free slots belonging to node 3 and let free slots passing for the

downstream CO segment with request sent earlier than its own segment. Thus, no
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nodes under overloaded condition.

matter which CO node starts or ends first, the access delays of node 2 and 3 are
always 20 and 40 slots. No segments of downstream CO service will be blocked.
Also, the other violation situations are recovered from the usage of RC and CD
array, as shown in Fig. 13. The throughput of both CO service node is constant and

node 2 do not use the free slots of node 3’s requests when node 3 becomes active.
Therefore, in order to ensure the proper operation of CO service, especially under

overload situation, it is necessary to use RC and CD array. Even in light load

situation, it may be helpful to control CO service with RC and CD array.
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3.3 CO and QA services

One of the first issues of interest is to make possible the integration of the CO
service into the DQDB protocol architecture. Since the CO service makes use of QA
slots, it is reasonable to evaluate how the CO service may affect the performance of

the QA service and vice versa.

Due to the fact that the CO service operates at a higher priority level than the QA
service, it is obvious that the requests upcoming from the downstream QA nodes will
not have any effect on the number of QA slots that the CO service may get to use. In
other words, even though a QA node may have placed a request by setting the
request bit in a slot passing by on the request bus, the CO can still issue its request
on the same QA slot by using the high-priority request bits reserved for this purpose
in the ACF fields of the slot. Furthermore, the CO node will get to see the data slots
before the QA nodes located downstream. On the contrary, the CO nodes may face
some problems getting the required bandwidth when competing for bandwidth with
one or more QA nodes located upstream. In this case, the QA nodes have somehow
to be made aware of the presence of CO nodes. According to the IEEE 802.6
standard, a QA service node requires to take into account all the requests before
transmitting a segment and let all outstanding requests be satisfied before
transmitting its own QA segment. However, in practice only the requests having
been sent and having reached the QA node will be served in the proper sequence.

This constraint has a direct impact on the quality of service that a CO node may get.

In order to evaluate the impact on the QoS on the CO service due to the presence of
QA nodes at the upstream end of the data bus, we have conducted the following
study. Consider a system consisting of two nodes, a QA node is placed at the
upstream end of the data bus while the second node implements the CO service.
Under this scenario, at the beginning of each simulation the node implementing the

QA service occupies the whole channel bandwidth, i.e., the node is ready to transmit
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at every time slot. After a warm-up period, the CO node is activated with a
bandwidth requirement set to a fixed value for the whole duration of the simulation.
Under these network conditions, the CO node should be able to gain access to the
channel at regular intervals as well as to be able to acquire the needed bandwidth

share.

Figure 14 depicts the mean access delay for the node implementing the CO service
under this scenario (labeled without modification in the figure) for various
bandwidth requirements. The mean access delay reported for most bandwidth
requirements was found equal to two times the distance between the CO node and
the QA node. However, for CO bandwidth requirements equal or greater than 70% of
the channel capacity, the reported mean access delay increased as a function of the
CO bandwidth requirements. This increase clearly indicates that the CO node is
unable to get the bandwidth required. This results mainly by the fact that a QA node
can gain access to the bus without having first to place its request. According to the
standard, a QA node having a segment ready to transmit can transfer the contents of
the RC to CD and proceed to decrement CD. As soon as CD=0, the QA node can
transmit the segment even without having to place the request for transmission. In
the case of light to mild CO capacity requirements, the number of slots left by the
CO service are enough for the QA service to operate without affecting the operation
of the CO service. In this case, the time between the instant when the CD is
transferred to RC and CD=0 is long enough to allow the number of slots required by
the CO node to pass by. However, as the requirements of CO increases, the QA node
has a clear advantage to gain access. As soon as the QA has a segment to transmit
the contents of RC is transferred to CD and the countdown process starts. In this
case, CD is decreased by one only by counting the number of free slot seen passing
by on the data bus. Due to the distance between the QA and CO nodes, the requests
being issued by the CO nodes after the QA node has set its RC and CD counters are
not taken into account. It is clear that the QA node can gain access at a higher rate

than it should. In order for the CO node to be able to get the required network
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capacity, the QA node needs to be made aware of the requirements of the CO node,

i.e., of the spare capacity.

In order to evaluate the spare capacity, we propose the use of one of the following
two methods described below. The principle of operation of both methods consists in
throttling the QA nodes based on the traffic intensity (bandwidth requirements) of
the CO nodes.
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Figure 14. Access Delay of CO service node downstream to a QA service node

Vs. required bandwidth.

Method 1: In this first method, we propose a slight modification to the QA service.

Since the QA nodes require to be made aware of the needs of the CO nodes, QA
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nodes need to keep track of the number of CO requests during a certain period. In
this way, QA nodes can change their request rates accordingly. Assuming that the
length of the observation period is set to N slots and that a QA node has counted C

requests of type CO, QA node can determine the amount of available bandwidth to it

by:

B,=(1-C/N)eB, 4)

where B is the total channel bandwidth (per bus).

Under this method, a QA node implements a similar procedure to the CO service.
However, in this case the SGC of a QA node is fixed to Bt and INC is set to Br,
which varies in a slot by slot basis according to (4). In the same way that for the CO
service, a QA node makes use of a credit counter, CC. A QA node will be allowed to
issue a request provided that the node has a segment ready to transmit, the CD
counter has reached zero and it has accumulated enough credits (CC>SGC). Each
time the node gets to transmit a segment, it decreases CC by SGC and updates its CD
array. Figure 15 depicts the procedure of QA service node with reference to the data

bus.

Method 2: Method 1 requires each QA node to keep track of the number of CO data
slots transmitted during a time period of length N. In order to achieve this, each QA
nodes must be provided with an additional counter. Furthermore, setting up the
length of the observation period may depend on the system configuration, e.g., cable
length and distance between nodes. Method 2 provides a more effective way for a
QA service node to determine the bandwidth requirement of the CO service and
requires little change to the specifications of the QA service as specified in the IEEE

802.6 standard.
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According to the QA service specifications, once the value of RC moves to CD the
QA node will move into the countdown state. From there on and as long as the QA
node has not sent its request, the RC counter will be incremented by one for each
new request seen in the request bus, as the new coming requests will be. The CD
counter is decreased by one for each free slot passing on the data bus. In other words,
the QA service specifications have been defined without taking into account the
requirements of the CO service. It is therefore required to modify the QA service to
take into account the requirements of the CO service. To overcome this problem, the
method presented herein is based on the principle that the CO request should be
allowed to be served before all outstanding QA requests. This can be easily
implemented by modifying the rules governing the CD and RC counters. Since all
the required information to keep in sequence the channel access requests is
embedded in these two counters. In this case, the QA node does not require to

estimate the bandwidth requirement of downstream CO service.

Figure 16 depicts the flow chart of the proposed method. A node implementing the
QA service should take into account both the low and high priority requests passing
by on the reverse bus. Furthermore, if the QA node sees a high-priority request and it
finds itself in the countdown state, it should increment the CD counter by one. By
adding one to the CD counter, the node is practically moving back on the distributed

queue kept across the MAN.

Both methods can ensure the QoS required by the CO service as shown in Fig. 14
(case 2: with modification). Under the worst scenario, even if an upstream QA node
attempts to fully occupy the channel bandwidth, the CO node is able to get its share.
Under these conditions, the length of the period required for a CO node to acquire its
share does not exceed the round-trip time from the upstream QA node fully using the
bandwidth and the CO node. In the case that the QA node only makes use of part of
the total bandwidth, the CO service can acquire the required bandwidth in a shorter

period of time. More details will be mentioned in following section.
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Figure 16. QA service node procedure for data bus — method 2.
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From here on, we only consider the use of the second method 2. This is due to the
fact that this second method requires only a simple modification to the QA service as

specified in the IEEE 802.6 standard as well as to its simplicity of implementation.

3.4 Access mechanism and flow chart of CO service

Upon points mentioned above, we could give the whole procedure of proper CO data
service that can guarantee required bandwidth with access delay limited. As CO data
service mainly supports traffic as video transmission, real time control and so on, it
should operate in high priority to ensure their QoS. In order to ensure that CO data
can access media prior to any other data, QA service should be modified to be suit
for this priority order then supports CO data service to get access as soon as possible.
That is the reason for using different priority request level and trying to let QA

service know the bandwidth requirement of CO service.

Figure 17 and 18 depict the flow charts of the CO service procedures to access the
data bus and set request on reverse bus respectively. Unlike the QA service, a CO
node is required to send a request for each segment to transmit and can send multiple
requests according to its mechanism. The QA service can send its segment after CD
is set by the value of RC, even though the request of this segment is not sent yet, i.e.,
before CD decreases to zero. But CO service must send request first then this
segment with request sent can access to the network in next free slot after its CD
goes to zero. This request is important to upstream CO and QA service nodes to
amount the requirement of this CO node. Thus, those upstream QA and CO nodes
can do correspondent behavior to record this request and let free slot passing down to
serve it. CO service sends its requests only depending on the accumulated credit and
if the request bit of the slot on reverse bus is free. So multiple requests will be sent

and multiple segments with request sent will wait in the queue for service.
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On reverse bus (Figure 17): For each coming slot on the reverse bus (Request Bus),
the node increases its credit first (add INC to CC). If accumulated credit exceeds the
maximum credit limit (CRM), CC is limited to the value of CRM. The purpose of
limiting CC to CRM is to prevent CC from accumulating too much credit during idle
period of CO service. Otherwise, the CO node may occupy too much bandwidth for
a long time after it becomes active other than it should be. If the high priority request
bit of this slot is set by one downstream node, request counter increases by one. If
not, the node will check whether CC is greater than SGC. If CC > SGC, this means
that the node has enough credit to send a request for its foremost segment of those
waiting in the queue and without having request sent. After sending a request, CC
decreases by the value of SGC, a new element is added to CD array with its value
equal to RC and RC is set to 0. And a new segment is added to the list of segments

that have already set a request and wait to be transmitted.

On data bus (Figure 18): For the data bus, for each coming slot, if the slot is
occupied, the node does not do any things. If it is a free slot, the node does different
things depending on which state it is. If the node is idle, RC is decremented by one.
Otherwise, if the first element of the CD array (CD(0)) is greater than zero, CD(0) is
decreased by one. If CD(0) is equal to zero, the node will use this slot and transmits
the segment associated to the request, i.e., the one for which CD(0) is equal to 0. As

the segment is sent, the CD array is updated.

From these two flow charts, we find that the node sends its segments just by the way
as same as QA service (The procedure on the data bus is similar to the procedure in
QA service.). The additional thing that CO service needs to do is the node has to
refresh its CD array after sending its segment. Due to the first element of CD array is
zero and meaningless, node should remove it from CD array and rearrange the index

of CD array. Then the next element of CD array is began to
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decrease if there is one. Only those segments for which a request has been sent can

actually be transmitted.

3.5 Dynamic setting of CRM

So far, we have analyzed the performance of the GBW protocol used by the CO
service and proposed methods to make the QA and CO services coexist.
Furthermore, we have also suggested using an array of RC and CD counters to
implement more effectively the CO service. In this section, we propose the use of a
method to set up the service parameters as required to guarantee the QoS

requirements of various applications.

Assume a DQDB network with the most upstream node (node 1) implementing the
QA service and two other nodes (node 2 and 3) implementing the CO service and
requiring 25% and 40% of the total bandwidth, respectively. The distance between
two consecutive nodes is set to 10 slots. Node 2 is upstream to node 3 and becomes
active before node 3 does. Based on equation (2), we fix the value of CRM of node 2
and 3 to 156, 186 respectively. According to equation (2), these values of CRM
should work out to guarantee the bandwidth requirements of the node. At the
beginning of the simulation, the QA service node (node 1) takes the whole channel
capacity, then node 2 becomes active after 400 slots time and node 3 becomes active
400 slots time later. As seen from Fig. 19, before node 3 starts its transmission, node
2 is able to get 25% of the total bandwidth. As node 3 becomes active, the bandwidth
of node 2 decreases to 20% instead of keeping to 25% as expected. Similar results
are obtained even in the absence of QA service node (node 1). And when switching
the bandwidth requirement of node 2 and 3, the result shows that after node 3
becomes active the throughput of node 2 decreases to 37.5% from 40%. Several

similar situations were detected during our simulations. When the network becomes
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larger and more CO service nodes send their segments at the same time, this problem

tends to happen more often.
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Figure 19. The average throughput (gotten bandwidth) of CO and QA service
nodes without using dynamic adjustment (node 2: 25%, node 3: 40%).

The interference among these CO service nodes can be explained as follows.
According to [52], a node making use of the CO service requires to place a request
for every segment to transmit. Under some traffic conditions, a node may have to
delay its request due to the fact that other nodes may have already set the request bit
of the passing slot. Consider the following scenario (depicted in Fig. 20), which is
based on the above example. Assume a sequence of slots and that node 3 has already
set requests in slots 1, 4, 6, 9 and 11 according to CO service for its 40% of total
bandwidth (we can get these index numbers through analyzing the CC with INC and
SGC). Node 2 plans to set slots 1, 5 and 9 to request 25% of the network bandwidth.

However, since node 3 has used slot 1, node 2 has to delay its request by one slot to
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set request in slot 2. As CRM limits the credit that node can accumulate, node 2 also
has to delay its following request by one slot to slot 6, 10, and 14. Again, as slot 6
has been set by node 3, node 2 has to delay one slot to set slot 7, [ 1 and 15. Node 2
will find again that node 3 has also set slot 11 and its request will be delayed once
more. Finally, node 2 can only set slots 2, 7, 12, 17 and so on through this procedure.
Under this situation, the actual bandwidth node 2 can get is 20% of the total

bandwidth (one slot in every five slots).

As the downstream CO service nodes have advantage to set requests on reverse bus,
they shrink the space for upstream CO service node to access the network. In order
to overcome this problem, nodes upstream should be allowed to transmit more often.

In order to be able to do so, two possible methods can be considered:

1) toincrease INC or

2) to change CRM.

The purpose to change CRM is to let node accumulate more credit so that it will
have more chance to access network without changing its bandwidth requirement. If
we fix the CRM according to equation (2), a node can set a request only at particular
time slots. If there is a delay due to conflict with downstream node’s requests, the
node has to delay all the requests to follow. Thus, by increasing CRM dynamically
when necessary, the node will not delay all following requests when forced to delay

one request.
The purpose of increasing INC is to raise the bandwidth available to the CO service

node. So changing CRM seems more feasible since it does not change the total CO

service requirements of the network.
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Figure 20. The illustration of bandwidth depression of upstream CO service

node.

The value of CRM should be changed dynamically allowing the node to adapt to the
loading conditions of the network. In other words, CRM has to be changed to allow
the node to compensate for the delays encountered, but without affecting the
performance of other users. The main objective is to be able to accommodate the
requirements of all active nodes as much as possible. Equation (2) establishes the
baseline on how to setup CRM. However in order to be able to compensate for
delays encountered, a node should be able to accumulate more credits while waiting
to gain access to the network. For the case of two consecutive transmissions, this

principle can be simply stated as follows:

CRM - SGC = SGC — ([ SGC/INC1-i) ¢ INC (5)
withi=1,2, 3, ... and i <[ SGC/INC]
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which can be simply interpreted as follows. After a node has been successfully in
sending a request and having paid SGC units to do so, it should be able to
compensate for the delay by being allowed to transmit i slots before than normally

expected.

The above equation defines the maximum value of the credit counter, CRM, as

follows:

CRM 22 ¢ SGC — (| SGC/INC] - i) ® INC (6)
withi=1,2, 3, ... and i <[SGC/INC]

This principle will be used to illustrate the method to dynamically adjust the value of
CRM.

Another important issue is how to decide if the node has got enough bandwidth to

satisfy its requirement. Two methods can be considered to perform this task:

e to check the throughput of the node, or
e to check the number of segments waiting in the queue without request

sent (or buffer size)

To check the buffer size is ambiguous because the buffer size depends not only on
the bandwidth requirement but also the traffic type and other traffic characteristics. It
is difficult to decide if the requirement is satisfied at which buffer size. To check the
throughput will be more feasible. A margin &€ of accuracy can be defined to
determine the level of accuracy. For a given bandwidth requirement, if the difference
between the actual throughput and the node’s requirement is greater than €, the node
is said to have problems to get its requirement fulfilled and its CRM should be
increased. Otherwise, the CRM can be decreased or nothing will be changed

depending on the value of CRM. The period of measurement depends on the value of
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€. The period should be long enough so that the accuracy of measured throughput is

smaller than €.

We illustrate the proposed solution using a simple example. If a CO node requires
25% of bandwidth, it will set one request in every four slots. However, the node may
be required to delay its requests when some other CO nodes downstream have
already set the request bits of the corresponding slots. When other CO nodes
downstream are also setting, the following way provide a basic idea to set down this

problem of delay:

As a CO node with a 25% of bandwidth requirement must wait for four slots
passing by on reverse bus before it is allowed to send a request, the delay of
a request results on the delay of the requests to follow. If we increase CRM of
this node to another value, that can let the node send the following request
only after three slots passing on the reverse bus, the node will be able to
compensate the last delay. Thus, if the new CRM is increased to 2e SGC-
3e INC (=5e INC because originally SGC=4e INC in this example), after
sending a request the CC will decrease to CRM-SGC=5e INC-
4e INC=INC. This idea is based on the following inequality:

CRM-SGC+(SGC/INC-1)eINC = CRM-SGC+3eINC > SGC 7

After rearrangement, (7) becomes

CRM 2 2eSGC-3¢INC = 5¢INC 3)

Then the CO node can send next request only after three slots passing by
instead of four. The delay incurred in the last request is canceled by this

advance.
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Figure 21 depicts the result of increasing CRM using the above method. Under the
same situation as figure 19, increasing the CRM to 5¢INC can properly solve the
problem in allowing to acquiring 25% of the bandwidth. Any value of CRM below
this one will not make any improvement. For generality, we should give a procedure
taking into account different bandwidth requirements on how to change CRM

compatible with the GBW protocol.

For CO service with any bandwidth requirement, INC is set equal to bandwidth
requirement in transmission rate if SGC is set to the value of total transmission
bandwidth. So in theoretical point-view, one slot in every SGC/INC slots will be
used by this CO service. As CRM is firstly set to [ SGC/INC| e INC according to
[52], we can add transmission chance to CO service on the following (for a detailed

analysis, see the appendix A):

If INC < 2¢SGC/3,
The new CRM will obey

CRM - SGC + ([ SGC/INC] - 1) « INC > SGC, )

That is

CRM = 2¢SGC - (( SGC/INC] - 1) » INC. (10)
If INC > 2¢SGC/3

The (6) is not suit because the old CRM is greater than the new one if we

apply equality. And [ SGC/INC | = 2 in this condition. We can crease CRM to

CRM - SGC + ([ SGC/INC | - 2) « INC > SGC (1n

That is
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CRM 2 2eSGC (12)
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Figure 21. The average throughput (gotten bandwidth) of CO and QA service
nodes with using dynamic adjustment (node 2: 25%, node 3: 40%).

Under some conditions, the CO service has to delay its request more than two slots.
So it is not enough to compensate just one slot. Figure 22 illustrates this situation. In
this instance, there are two CO service nodes, the upstream node requires 80% of
total bandwidth and downstream node requires 16.67% of total bandwidth (1/6 of
total transmission bandwidth). The CRM, and INC of the upstream CO node are 248
and 124 (SGC is 155 according to Equation (2)). After the downstream node
becomes active, the upstream node can only reach 60%-70% of total bandwidth (Fig.
22 (a)). If the CRM of upstream node is increased to 310 following (12), the
throughput of the upstream node is around 70%-80% (Fig. 22 (b)). Although the
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throughput has been improved, there still is difference between the required and
acquired bandwidth. That means the upstream CO node has been unable to
compensate a delay and CRM should be increased to a higher value to provide more
access chances. As [ SGC/INC] is equal to 2 and the CRM has reached 2¢SGC, we
have let the accumulated credit to be greater than 26SGC after a request is set and 2

slots have passed on the reverse bus. That is

CRM - SGC +[ SGC/INC] e INC > 2SGC (13)

As CRM — SGC +[SGC/INC | e INC > 2SGC will generate a new CRM that will not
be greater than the old CRM. Thus, we apply in a similar way as before:

CRM - SGC + (| SGC/INC] - 1)  INC = 2SGC (14)
1e.,

CRM 2 3SGC - (( SGC/INC] - 1)  INC (15)
In this example we get a new CRM = 341 through (15). The result in this CRM
shows the throughput of node 2 has increased to 79% but still below the required
bandwidth. Applying the same methodology and again, we find that the next CRM is
372, which is defined by:

CRM - SGC +[ SGC/INC] ¢ INC 2 3SGC (16)

because this CRM is smaller than the value from

CRM ~ SGC + ( SGC/INC | - 2)  INC = 2SGC (17
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This time the acquired throughput reaches to 80% as shown in figure 22 (d). In this

case, CRM has changed three times before the node can get the required bandwidth.

We are now in the position of defining a general principle to dynamically adjust the

value of CRM according to the network conditions and nodes’ requirement:

1.
2.

Seti=0andj=1;
Set the CRM initially to the value specified by Equation (2), i.e. CRM =
[SGC/INCT e INC;
Count the number of segments sent during Is slots;
IF | measured throughput — required capacity | < € THEN goto 3;
IF measured throughput < required throughput THEN
IF i <[ SGC/INC| THEN
i=i+1;
ELSE
i=0andj=j+1;
ELSE
[F i >0 THEN
i=i-1;
ELSE
IFj>1THEN
j=j-1
CRM > j ¢ SGC - (| SGC/INC 1~ i)  INC;
Goto 3

Through this procedure, CRM can be set dynamically as a function of the acquired

capacity and required bandwidth. Figure 21 shows the throughput of upstream node

requiring 25% of total bandwidth when using this procedure with ¢ = 0.05 and Is =

10 slots and Figure 22(d) gives the throughput of the upstream node requiring 80%
of total bandwidth when using this procedure with € = 0.005 and Is = 40. All these
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results show that CO nodes can readjust their CRM to suit for different network

situation and ensure its required bandwidth quickly.

3.6 Access delay analysis

Although CO data service can ensure the bandwidth required by application, another
service quality also should be considered: access delay. For some application as
video and audio transfer, segments with very long delay can not make any sense to
users and will be discarded by the application. Though, we expect to apply CO data

service with limited access delay.

According to access mechanism of CO data service, CO service nodes set high
priority request bit in reverse bus for its segment waiting in the queue. QA service
nodes will record these high priority requests depending on their state. If QA service
node is idle, RC will increase by one. If there are segments waiting in the queue of
QA service node, CD will increase by one and thus the delay to send its own
segment for satisfying the requirement of CO service. For CO service nodes, these
high priority request will be recorded by RC and same number of free slots will pass
by before CO service nodes send their own segments. Thus, CO service nodes can
fetch the bandwidth from QA service nodes when network is overloaded and send
segments depending on the order which is indicated by CD and RC of each CO

service node based on distributed queueing theory.

Because CO service nodes only record high priority request passing on reverse bus,
the worst situation in which the CO service nodes will experience the longest access
delay is when there isn’t any QA service nodes downstream and all the bandwidth is
occupied by other CO service nodes and upstream QA service nodes. The CO
service node has to wait until the upstream QA service nodes notice its requests and

let free slots pass by to reach it. This access delay depends on the distance between
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the CO service node and the QA service nodes that will shrink their bandwidth for
the requirement of the CO service node. Thus, the access delay of CO service is

bounded by the following inequality:

T

access — delay

<2eT, (18)

where T, is the time taken by slot traveling from the most upstream node (node 1) to
node n (the observed CO service node). The equality exists only in the situation that
the most upstream node is the unique QA service node and the network is
overloaded. The actual value of access delay of CO service depends on the distance
between the CO service node and nearest upstream QA service node and whether
this QA service node can supply the required bandwidth. If QA service applies BWB
mechanism to solve the unfairness, the access delay of CO service will decrease due
to additional free slot left by QA service. But it will make QA service take more time
to convergence to steady state. If there is a QA service node downstream to CO
service node, the CO service node will occupy the free slots destined for the QA
service node because the CO service node can not beware of the existence of
downstream QA service node. The access delay of CO service node is reduced in this

manner while downstream QA service node will suffer longer access delay.

3.7 Unfairness to QA service node

CO data service provides guaranteed bandwidth for those applications requiring QoS
guarantee. Though, there still are QA data services to support general data transfer
which only worry about the rightness of transmission. The unfairness happens to
these QA service nodes when network is overloaded. Due to different position of

each node, upstream nodes tend to occupy more bandwidth than downstream nodes.
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When there is CO data service co-existing, the problem of unfairness will be more

serious.

Fig. 23 illustrates one situation of this kind of problem. Here, four nodes compete to
access network. Node | and 3 are QA data service nodes and try to occupy all
available bandwidth. Node 2 and 4 are CO data service nodes and are active at time
of the 2000th and 4000th slot with requirement of 40% bandwidth. Node 2 stops
sending segments around the time of the 7000th slot after node 4 finishes at the time
of the 6000th slot. The CO service nodes can get its bandwidth requirement and QoS
without any problem. All CO service nodes can access to network and get its
required bandwidth with limited access delay. But for QA service nodes, there is a
serious unfairness among them. In Fig. 23, node 1 almost fetches all the bandwidth
at first and lets node 3 only occupy a small fraction of total bandwidth because node
L is upstream to node 3. After CO service nodes become active, the throughput of
node 3 is shut down to O and all rest of bandwidth left by CO service is used by node
L. Until all CO service nodes have ended their transmission, the downstream QA

node can retrieve a small part of bandwidth with still existing unfairness.

In the IEEE 802.6 DQDB standard, BWB mechanism has been adopted to solve the
unfairness in QA service nodes. Here we apply this technique to check if it still
works when CO service exists with QA service. Furthermore, another method called

DQDB+/- is introduced to get a better resolution [5].

3.6.1 Bandwidth balancing mechanism

A bandwidth balance mechanism has been introduced in the final draft of the DQDB

standard. This mechanism, whose behavior depends on a parameter called the

bandwidth balancing modulus (BWBM same as B in (1)), requires each node to leave

one usable slot empty, and therefore available to the downstream nodes when it has
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already used a number of slots equal to the BWBM. In this way a sort of channel of
free slots is created on each of the two buses, which permits an effective distributed

control on the sharing of the system bandwidth for QA data service nodes.
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Figure 23. The throughput of CO and QA nodes without applying any method
to solve the unfairness of QA nodes (node 2 and 4 are CO service nodes with

requirement of 40 % bandwidth, node 1 and 3 are QA service nodes trying to
use all available bandwidth).

The net effect is that each QA service node is granted at least a minimum amount of
bandwidth to be available all the time. This value is called the control rate. When the
network is overloaded, the QA service nodes that offer a load under the control rate
(the so-called non-limited stations) and CO data service nodes are managed to
transmit under all their required traffic rate, whereas the bandwidth that are not used

by the non-limited nodes and CO service nodes are divided evenly among the other

67



stations. The cost that must be paid for such an improvement in fairness is a modest
loss in the total available bandwidth. It should also be noted that the unfairness
observed under low traffic conditions in the distribution of access delay is not solved
by the BWB mechanism. This inconvenience is not as serious as the unpredictability

of the bandwidth sharing under heavy traffic conditions.

Fig. 24 gives the result of using BWB mechanism to QA service nodes with same
configuration as Fig. 23. During all the time, both QA service nodes (node | and 3)
are sharing the bandwidth left by CO service with same portion. But a portion of
bandwidth is wasted due to the BWB mechanism. The wasted bandwidth can be
calculated as following [34]:

I—=s

Bu=Bo T Ng (19)

where B, is total bandwidth, s is the portion in percentage which used by non-limited
nodes and CO service nodes, B is the BWBM and N is the number of QA nodes
which controlled by BWB mechanism. The BWBM is generally set to 8 because this
value can get a good balance between the bandwidth convergence and bandwidth
wastage. The smaller the BWBM is, the more bandwidth is wasted and the faster all
the QA nodes converge to a steady state in which all QA nodes share same portion of

bandwidth, and vice versa.

In the simulation we choose the BWBM as 8 and then the wasted bandwidth is 1/17
of total bandwidth when no CO service exists, 3/85 when one CO service becomes
active and 1/85 when both CO service nodes are active. Furthermore, it takes a little
bit long time for both QA service nodes to converge to balancing state especially
after node 4 starts to send its segment and stops sending. When upstream CO service
node (node 2) is active, it fetches the usable slots from both QA nodes. Then these
two QA nodes can retain to steady state quickly. After downstream CO node (node

4) becomes active, it mainly fetches usable slots from downstream QA node (node
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3). Thus, the balance is destroyed seriously and it takes long time to converge to

steady state. Same situation happens after downstream CO node (node 4) stops

sending.
0-7 L L} L L] 11 ¥ 1 L )
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Figure 24. The throughput of CO and QA nodes with applying BWB
mechanism to solve the unfairness of QA nodes (node 2 and 4 are CO service
nodes with requirement of 40% bandwidth, node 1 and 3 are QA service nodes

trying to use all available bandwidth).

So two major problems exist when applying BWB mechanism. The wasted
bandwidth is extremely great, especially when there isn’t any CO service and non-
limited QA service. Also the time to take the QA nodes converging to steady state is
too long. This will let downstream QA node suffer longer access delay. Some
scheme has been proposed to overcome these two major problems for BWB
mechanism. [2] introduces a closed loop bandwidth balancing mechanism to solve

the wastage of bandwidth. [3] shows a mechanism to equalize the access delays of
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the different nodes, irrespective of the node’s offered load. [4] proposes a method to

adapt the bandwidth allocation according to the offered load.

3.6.2 DQDB +/- mechanism

DQDB+/- is a new mechanism introduced by [5] based on DQDB QA access
protocol. This new scheme has several advantages over bandwidth balancing

mechanism, such as:

e Better adaptation towards changes of the network load,
e Full utilization of the bus, and
¢ Better performance at high transmission speeds and/or physically long

buses.

In DQDB+/-, QA nodes are partitioned into two sets: the set of overloaded QA nodes
and the set of underloaded QA nodes. An underloaded QA node obtains all the
bandwidth it needs for transmission. An overloaded QA node cannot satisfy its
bandwidth requirements and obtains the same bandwidth as all other overloaded QA

nodes like in BWB mechanism.

All the nodes use reverse bus to send reservation requests to upstream nodes.
However, only underloaded QA nodes send a reservation request for each segment
following the same QA access protocol as before. If an underloaded QA node
becomes overload, it stops sending reservation requests and sends a signal (+) on
reverse bus to notify the upstream nodes that it is overloaded. Once the signal is set,
no more reservations are sent. If an overloaded QA node becomes underloaded, it
sends an opposite signal (-) on reverse bus to indicate that it is underloaded. Then the

QA node resumes sending reservation requests, one for each segment.
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Before a QA node is allowed to transmit a segment it has to consider all reservations
from downstream nodes. For each reservation request and for each overloaded QA

node downstream the QA node has to leave an empty slot on data bus.

To implementing DQDB+/-, two additional bits are needed in the slot header,
referred to as the plus bit and minus bit. Except for busy bit, all other bits are set by a

node for sending reservation requests.

An underloaded QA node sends a reservation request by setting a request bit in a slot
on reverse bus. One request bit is set for each segment to be transmitted. If an
underloaded QA node becomes overloaded, it sets a plus bit in a slot on reverse bus.
After setting the plus bit, no more reservation requests are transmitted. If an
overloaded QA node becomes underloaded, it sets a minus bit and resumes setting

request bits.

Each QA node determines its turn to transmit a segment with four counters, the
request counter (RC), the countdown counter (CD), the overload request counter
(ORC), and the overload countdown counter (OCD). RC and CD have the same
functions as before in DQDB standards. An idle QA node, i.e., a QA node that does
not have a segment queued for transmission, increments RC for each passing slot on
reverse bus with the request bit set. ORC is incremented for each passing slot on
reverse bus with the plus bit set and decremented by one for each slot with the minus
bit set. For each empty slot passing by on data bus, the QA node decrements RC by

one as long as RC is greater than zero.

If a segment arrives at an idle QA node, the contents of RC and ORC are copied to
CD and OCD respectively, and RC is set to zero. The value of ORC remains
unchanged. Now, RC is still incremented for each set request read on reverse bus.
ORC s still incremented for each set plus bit and decremented for each set minus bit.

For each empty slot on data bus, CD is decremented by one. If CD is zero, the QA
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node decrements OCD by one. If an empty slot is read and both CD and OCD are
zero, the empty slot is used for transmission of the segment. If the QA node has more
segments waiting for transmission, RC and ORC are copied to CD and OCD, and

RC is set to zero.

Each QA node can determine whether it is overloaded or underloaded. Most of the
required information is stored in counters RC, CD, ORC, and OCD. Three additional
counters are needed. SEG_CTR contains the total number of segments queued for
transmission, SLOT_CTR is incremented for each arriving slot on reverse bus, and
BSY_CTR is incremented for each busy slot read on data bus. A QA node evaluates
its state each time after an interval of basis slots have passed by on reverse bus

(SLOT_CTR = basis). Then it calculates

basis— BSY _CTR—RC-CD
ORC +1

QUOTA = (20)

and sets counter SLOT_CTR and BSY_CTR to zero. QUOTA provides the local
value of a share of the network load, that is, the maximum number of slots a QA
node can transmit during a period of basis slots. If SEG_CTR > QUOTA the QA
node is overloaded; otherwise, the QA node is underloaded. If a state change has

occurred, the QA node takes the appropriate action as described above.

The value for parameter basis can be chosen from a wide range of values without
having an effect on the performance of the network. Since the propagation of
information in a dual bus architecture is limited by the round-trip delay, we set basis
to the sum of the slot lengths of data bus and reverse bus. Then QUOTA denotes the

maximum number of segments each QA node can transmit in round-trip delay.
Fig. 25 shows the results of setting up QA nodes by applying DQDB+/- in same

network configuration as Fig. 23 and 24. Here QA nodes can equally share the

bandwidth left by CO service without any waste of bandwidth. Furthermore, the time
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it takes to reach steady state is quicker than it with BWB mechanism. In previous
simulation, it takes at least 240 slots time (three times of round-trip delay) to reach
steady state in which all overloaded QA nodes share the rest bandwidth equally by
using BWB mechanism. With applying DQDB+/- and having tried all possible
situations that we change the active time of each node, the maximum time to let
overloaded QA nodes reach steady state is less than 240 slots time and generally, the
convergence time is around 120 slots (two times of round-trip delay). [6] provides

some mathematical analysis of basic theorem of DQDB+/-.
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Figure 25. The throughput of CO and QA nodes with applying DQDB+/-
mechanism to solve the unfairness of QA nodes (node 2 and 4 are CO service
nodes with requirement of 40% bandwidth, node 1 and 3 are QA service nodes

trying to use all available bandwidth).

There are also many other ways to solve the unfairness of QA nodes under

overloaded situation. [7] provides an access protection solution to limited the access
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ability under heavy load to solve the unfairness. [8, 9] proposes the slot reuse to
improve the efficiency of protocols and then decreases the unfairness under heavy
load. In [10, 11, 12, 13], a multiple priority solution is improved to settle the

unfairness down.
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Chapter 4

Real Traffic Analysis

The purpose of metropolitan area networks is to interconnect local area networks and
communication systems dispersed over a city area, providing integrated
communication services such as voice, data and video. Nowadays, it is expected that
a variety of traffic types will be carried by the DQDB network. Among the various
diverse types of traffic, a large number require high bandwidth. Unlike data
transmission, the concept of service quality is of vital important in many new
services, in other word, different traffic types can have different requirements on the
Kind o
In [14, 15, 16, 17], the concept of ATM is introduced into the DQDB MAN and a
pure ATM solution is adopted to support isochronous and non-isochronous services.
Although the details in the references are different, data, CBR (constant bit rate) and
VBR (variable bit rate) services are supported by the QA access method in a unified

manner.

The CO service in QA access method as the most recently proposed service is
mainly to provide the convenience to those application such as voice, video and
DS1/DS3/E1/E3 circuit emulation services with high quality requirement. These
applications need to have higher priority than the other services especially when the

network is busy because most of them are time sensitive application.

In this chapter, we undertake the analysis on the stability of the CO service under
two traffic models. The concerned issues are throughput of the CO service, access

delay and response time of both CO and QA services. For the MPEG-2 traffic, we
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also consider the time delivery of each video frame. The access delay is defined as
the period between the time that a node sends a request and the time at which the

segment is sent. The response time includes the time that a segment stays in a node.

4.1 Self-similar Traffic Analysis

In recent years, a new traffic called self-similar traffic has been observed from LAN
and WAN [19, 20, 21]. The observed data series have the following common

features [22]:

1. Qualitative features of a typical sample path:

a) There are relatively long periods where the observations tend to stay at a high
level, and on the other hand, there are long periods with low levels.

b) When one looks only at short time periods, then there seem to be cycles or
local trends. However, looking at the whole series, there is no apparent
persisting trend or cycle. It rather seems that cycles of (almost) all
frequencies occur, superimposed and in random sequence.

c) Overall, the series looks stationary.

2. The variance of the sample mean seems to decay to zero at a slower rate than n™'.

In good approximation, the rate is proportional to n™ for some 0 < ot < 1.

3. The sample correlation decay to zero at a rate that is in good approximation
proportional to k™ for some 0 < o <1.

4. Near the origin, the logarithm of the periodogram plotted against the logarithm of
the frequency appears to be randomly scattered around a straight line with

negative slope.

The appropriate mathematical results with detailed statistical analyses have been
reported in [23, 24, 25, 26]. In the simulation for self-similar traffic, all the self-

similar traffic series are adopted from the measured value at Bellcore on August and
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October 1989. In the simulated network configured with 10 nodes, the node 1, 4, 6, 9
are QA service nodes while the other four implement the CO service. All ten nodes
have self-similar traffic as input stream. The transmission rate of the network is 15

Mbps so that the average bandwidth requirement of ten nodes is a slightly over the

periods.

network capacity. Thus, the system will experience both overload and underload
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Figure 26. The packet series of self-similar traffic.

As the self-similar traffic is too bursty (as seen in figure 26), it will lead to a longer
service time if we do not dynamically change the setting of INC value. So it is not
suitable to calculate INC through the mean arrival rate in a certain period. We have
to use a dynamic adjustment of INC to control the throughput of the CO service. In
the first step, the proposed dynamic adjustment method realizes the change of INC
based on the size of the latest arriving packet. Thus, we define two transmission
rates: the peak cell rate and the low cell rate. The reason for defining these two rates

is that the self-similar traffic has a property similar to a switch (this property can be
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seen from figure 26). The sizes of most of the packets are the maximum packet size
(around 1500 bytes) or the minimum packet size (around 100 bytes) The peak cell
rate is defined to the rate that the node gets the packets of maximum size
continuously. For the low cell rate, the packets of minimum size are assumed to exist
on the node permanently. Then the INC is calculated through these two cell rates.
When a packet arrives to the node, its size is checked. If the size of this packet is
over a threshold (in the simulation, we let the threshold be the average of maximum
and minimum packet size), we set the INC according to the peak cell rate. Otherwise,

the INC is set according to the low cell rate.

Table 1. The simulated results of each node with incoming Self-similar traffic

under heavy load (two levels).

Node Index|Mean Arrival Rate |Efficience |Access Delay |Response Time |Mean Buffer Size
1 0.0931 88.10% 27.4023 1594.85 32.3
4 0.11891  79.50% 44124 a319.59 22168
6 0.1498 75.20% 22.3592 765.84 16.68
9 0.0407 100% 23.6781 989.69 60.32
2 0.0705 100% 2.96 162.04 5.65
3 0.142 100% 2.92 189.61 23.98
5 0.1109 100% 3.44 225.53 13.39
7 0.1241 100% 5.51 218.62 25.5
8 0.0968 100% 4.58 215.58 26.85

10 0.1109 100% 12.39 225.52 23.35

Table | indicates the simulation results for our simulations. As the self-similar traffic
is too bursty, the response time in some period is still long, all CO service nodes
won’t experience the unfairness existing in the QA service nodes if the QA nodes
don’t apply BWB mechanism or other similar mechanism. The CO service
requirement should not exceed the total bandwidth for ensuring its QoS,
theoretically. Thus, in some period when more than two CO nodes have burst traffic,
the whole CO service requirement may exceed the network limit and it has to
experience a longer service time. From the results of access delay and response time,
the CO service is proved to suit for self-similar traffic comparing to the QA service,

especially in the busy period.
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In setting INC with the use of this method, there is still minutia that we haven’t paid
attention to. The interarrival time between two successive packets is not constant so
that just setting the INC based on the packet size is improper in some situations.
Sometime the CO service is over-supplied, while other times it is under-supplied.
Because of different interarrival time, the arrival rate of each instant is changed
dramatically. A better solution should take into consideration both the interarrival
time and the packet size. Therefore, more levels of the value of the INC are given.
With the packet size and interarrival time, a more accurate arrival rate can be found.
Thus, based on the more accurate arrival rate and given more choices of the value of
INC, the node can adjust its throughput quickly with the change of the incoming

traffic to achieve a better service quality.

Table 2 gives the result that includes the consideration of both packet size and buffer
size in INC setting. As the interarrival time has impact on the buffer size in one
moment, the simulation partly uses the interarrival time as one element of its
verification rule for bandwidth requirement level. In the simulation, there are four
levels of INC setting: heavy load and large arriving packet (level 1), heavy load and
small arriving packet (level 2), light load and large arriving packet (level 3), light
load and small arriving packet (level 4). After a packet arrives to the node, the

following procedure goes through:

I. The buffer size is examined;

o

If the buffer size is accumulated over 30 segments (nearly to the number
of segments that the maximum packet holds), the heavy load is said to
happen, else goto 3. If the arriving packet is over the packet size
threshold, INC is set to level 1. If the arriving packet is small, INC is set
to level 2

3. The load is light. If the arriving packet is over the packet size threshold,

INC is set to level 3. If the arriving packet is small, INC is set to level 4.
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The result shown below indicates that the CO service with four INC levels can give
guaranteed throughput with smaller response time and buffer size than those shown

in table 1. And the CO service becomes more stable.

Table 2. The simulated results of each node with incoming Self-similar traffic

under heavy load (four levels).

Node Index|Mean Arrival Rate |Efficiency |Access Delay |Response Time |Mean Buffer Size
1 0.0931 88% 16.43 6217.8 847.5
4 0.1189 72.70% 17.18 4352.2 941.8
6 0.1498 81% 2747 2831.8 731.9
9 0.0407 81.80% 22.85 6472.8 1072.8
2 0.0705 100% 18.28 196.6 28.3
3 0.142 100% 14.27 2255 15.2
5 0.1109 100% 14.01 146.3 19.8
7 0.1241 100% 14.6 194.5 224
8 0.0968 100% 12.05 198.5 20.5

10 0.1109 100%! 17.92 1738 228

If more INC levels are defined and more exact thresholds are decided, the outcomes
of simulation will be more accurate. Of course, this will bring more complexity to

the system.

4.2 MPEG II Traffic Analysis

In the MPEG coding scheme, three types of frames have been defined. Each type
uses a slightly different coding scheme. I-frames use only intra-frame coding based
on the discrete cosine transform and entropy coding. P-frames use similar coding
algorithm to I-frames, but with addition of motion compensation to the previous I or
P-frame. B-frames are similar to P-frames, except that the motion compensation is
done with respect to previous I or P-frame, the next I or P-frame, or an interpolation

between them (see figure 27).
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Figure 27. Example of MPEG temporal structure.

Typically, I-frames require more bits than P-frames. B-frames have the lowest
bandwidth requirement. The different ways in coding frames result in different
traffic characteristics for the different frame types. At the encoder side, the frames
are arranged in a deterministic periodic sequence, e.g. “IBBPBBPBBPBBPBBI",
called Group of Pictures (GOP). This pattern is repeated periodically until the whole
stream is compressed. The pattern is defined by the numbers and types of P and B-
frames between successive I-frames. The transmitted sequence is a permutation of
the ordering of the original sequence, e.g. “IPBBPBBPBBPBBIBB”. The GOP plays
a major role in the source statistics of an MPEG video stream as it fixes the periodic

nature of the MPEG-2 video source [27, 28].
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Figure 28 gives the statistics of traffic series of MPEG movie Mr. Bean in unit of
bytes. After an I-frame there are several P and B frames following. The size of I-
frame is around 60000 bytes while P and B frames ranges from 40000 to 10000

bytes. The average frame size over a long period is around 20000 bytes.

framme size (unit=byte)

O I L 1 1 L 1 1 L L

0] 100 200 300 400 500 600 700 800 900 1000
frame index

Figure 28. The frame series of movie Mr. Bean.

First, we can take the simple situation in which only one of ten nodes in the network
supports MPEG-2 video traffic and employs CO data service to transmit segments.
All other nodes traffic is Poisson distributed traffic and are set to QA service or CO
service. The transmission rate of the DQDB network is around 80 Mbps so that the

peak rate of MPEG-2 traffic will not exceed the total bandwidth of network.

In the first simulation for MPEG-2 traffic, the CO service node calculates its INC for

each frame after the frame arrives to the node (called frame base INC calculation).
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Thus, the node will send all segments of one frame before the next frame comes into
the node. As the time interval between two conseutive frames is fixed to 1/30

seconds, the INC is set as:

INC=SGC e (frame size in bits ® 30 / transmission rate) 21

Under this INC calculation method, the node will send the frame uniformly spread
over a frame time as shown in figure 29. The transmission time of each frame will be

around 1/30 sec.

End of frame time End of frame time
N-1 N
l?is.:.c_.... [..Acs.ls..r....... End of frame tme
TR T N+l
Start of frame time Start of frame time Start of frame Gme
N N+ N+2
Frame time N Frame time N+1

Figure 29. The segments transmission of the frame base INC calculation

Table 3 gives the value of frame size and the transmission time of these frames. This
transmission time is the time elapsed from the arrival of the frame to the node to the
time that the last segment of the frame leaves the node. Under this INC setting, the
transmission time for each frame is kept around the 1/30 sec (6060 slots) regardless

of the frame size. That conforms to the above analysis of the transmission time.
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Table 3. The transmission time of MPEG-2 video traffic with frame base INC

calculation.
Frame 1 Frame 2 Frame 3 Frame 4
Frame Size (in slots) 637 80 78 221
Transmission Time (in slots) 6012 5966 5969 6004

If we transmit the MPEG-2 frame in the previous way, the delay is as large as 1/30
sec. This is because the node sends its segments periodically within one frame time
according to the INC which is fixed in a frame-time basis. In order to guarantee a
better QoS, one way is to increase the required bandwidth of CO service for the

transmitting of MPEG-2 video traffic, i.e. to increase the value of INC, whenever

cee

possibic.

Our purposed method is as follows: In the AFC of each QA slot, there is one bit
reserved for future use. If we use this bit to indicate the slot usage i.e. to indicate if
the slot is used by CO service, combined with the CO service requests from
downstream nodes each node can verify the bandwidth occupancy of CO service of
the other nodes. (Or we can deduct one request bit for this purpose.) If a CO node
sends a segment in one slot, the slot usage bit is also set to indicate it is a CO service
slot. Then each node can calculate the bandwidth occupied by CO service in a

passing certain period in the following way.

Each node requires two additional counters. One (COSC) is used to record the
number of CO requests seen on reverse bus in this certain period. The other (CORC)
is to count the number of CO service slots seen on the data bus. Then the node can
calculate the percentage of CO service applied by the other nodes using the

following formula:
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Usage of CO service (%) = (COSC + CORC) / observation period (slot) (22)

Table 4. The transmission time of MPEG-2 video traffic with slot base INC

calculation.
Frame 1 Frame 2 Frame 3 Frame 4
Frame Size (in slots) 637 80 78 221
Transmission Time (in slots) 672 112 109 253

If the bandwidth occupied by the CO service including the target CO node’s
requirement does not exceed the total bandwidth of network, this CO node can
increase its bandwidth requirement by certain value until the bandwidth of CO
service reaches the full network transmission ability. We call this implementation
slot based INC calculation because we calculate the INC and make the decision at
each slot time in the simulation. Table 4 shows the new transmission time of each
frame under the mentioned method. Here we increase INC by the value that makes
the total occupied bandwidth of CO service equal to the bandwidth of network. The
transmission time is decreased dramatically from around 6000 slots to the value near
the frame size in slots compared to frame based INC calculation. Figure 30 illustrates
the scenario of segments transmission that appears in the slot base INC calculation.
Unlike the frame base INC calculation, the node will try to send the segments in a

block until there isn’t any segments left in the queue.

End of frame time: End of frame time
N-1 N
First segment Last segment .
of the frame of the frame E“““&‘l“““‘
Start of frame time Start of frame time Start of frame time
N N+l N+2
Frame time N Frame time N+1

Figure 30. The segments transmission of the slot base INC calculation
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Conflicts may arise when more than two CO nodes are sending MPEG-2 video
segments in the same time. All nodes attempt to occupy their full bandwidth share.
In this case, the overall CO service requirement may exceed the capacity of the
network. Thus, proper mechanisms should be proposed to let these nodes to increase

their bandwidth evenly or proportionally according to the frame length.

With the same scenario as before (10 nodes in the network), nodes 2, 3, 5, 7, and 8
support MPEG-2 video traffic. We consider both frame base and slot shemes to set
the value of INC. The average MPEG-2 traffic input equaling to 60% of total
bandwidth (so that the transmission rate is around 40 Mbps), the two methods are
compared in terms of the probability of frame loss. If one frame can not be
transferred totally in 1.5/30 second (one and half frame time), a deadline missing is
said to happen. Table 5 gives the five MPEG video statistics. The mean arrival rate
of five MPEG-2 streams is 21.27 Mbps. But the peak arrival rate of one MPEG-2
stream may be over the network capacity. Thus, the deadline missing can not be
avoided. If we want to diminish all deadline missing, the best way is to expand the
network capacity. Here we just verify if these two methods can limit the number of

missing deadlines.

Table 5. The five MPEG-2 video traffic properties.

MPEG Video mean rate (Mbps) peak rate (Mbps)
Movie "Terminator” 2.66 19.09
News 3.65 41.53
Movie "Mr. Bean'’ 3.83 54.98
MTV 4.59 47.87
Soccer Game 6.54 43.77

Under the frame base INC calculation, the available bandwidth will be less than the
required bandwidth of CO service when one of MPEG video reaches its peak rate.
Under this situation, the node only can occupy the available bandwidth and try to
send the remaining within the next frame. Thus, at the beginning of each frame time,

the node calculates the INC, the required bandwidth, based on the frame size and the
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segments left before (i.e., left bandwidth requirement). At the end of this 1/30 sec,
the node will count the number of the segments that are sent and count the number of
segments left in the queue. These segments can not be transmitted and will be added
to the next incoming frame to calculate the new INC for the next 1/30 sec. In the slot
base INC calculation, the node just works as mentioned before. Each CO service

node just tries to use all available bandwidth left by the other CO service nodes.

Table 6. The number of deadline missing in 10 seconds by applying both slot
base and frame base INC calculation with different starting time.

No. of deadline missing (slot base) No. of deadline missing (frame base)
Node 2 6 70
Node 3 7 51
Node 5 16 0
Node 7 6 0
Node 8 4 0
total 39 121

During the simulation, we first let each CO node get MPEG-2 frames input at
different times in a 1/30 second but they still start in same 1/30 second. Table 6 lists
the number of deadline missing when applying both the slot-base and frame-base
INC calculation. The slot base INC calculation shows better results than the frame
base INC calculation as far as the number of deadline missing is concerned. The
frame base INC calculation exposes the unfairness in deadline missing. The
upstream CO service nodes tend to have more deadline missing than the downstream
CO service nodes. As the CO service need to send request for each segment before it
is transmitted and the free high priority request bits can not satisfy the requirement of
upstreamn CO nodes. When the total CO requirement exceeds the network capacity,
the upstream nodes have to delay their transmission until the overall CO requirement

decreases. The downstream CO nodes have advantage in setting their requests.

Table 7 presents the number of deadline missing when all the CO service nodes start
to send at almost the same time. This is one kind of worst situations. The probability

that more than two CO service nodes reach peak rate is increased. Although the slot
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based INC calculation method has smaller number of deadline missing, both INC

calculation methods exhibit unfairness towards the upstream CO service nodes.

Table 7. The number of deadline missing in 10 seconds by applying both slot
base and frame base INC calculation with same starting time.

No. of deadline missing (slot base) No. of deadline missing (frame base)
Node 2 39 102
Node 3 28 47
Node 5 7 0
Node 7 4 0
Node 8 1 0
total 79 149

In order to resolve the unfaimess on the distribution of the number of deadline
missing for the frame based INC calculation method, a solution is proposed which
we hope could solve this problem. Because the downstream CO service nodes can
access the network without too many disturbances through the advantage in request
setting, to send one frame in just one frame time is not a problem for these nodes.
Thus, we can expend the transmission time of one frame of downstream nodes to
certain value that is limited by the deadline missing time (That is transferring a frame
in certain period between one frame time and the deadline missing time, i.e. one and
half frame time, instead of just in one frame time.). Thus, the bandwidth requirement
of downstream CO nodes is decreased and upstream CO nodes will have less worries

about the short of bandwidth.

In the following simulation, we expend the transmission time of a frame to [.3 frame
time. When a deadline missing happens, the node stops expending the frame
transmission time for at least five frames. The result indicated in table 8 shows the

unfairness still exists but the number of deadline missing is decreased.

Basically, neither the slot base INC calculation nor the frame base INC calculation

method can completely solve the problem of deadline missing. They jusi provide
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ways to allocate the bandwidth evenly. CO service is set up under the assumption
that total CO service requirement should not exceed the network. While the real
reason of the deadline missing is the shortage of available bandwidth during some
period of time. By the way, if all MPEG-2 stream do not start simultaneously in 1/30
second, the probability that more than two MPEG-2 streams reach the peak arrival
rate will be extremely small. Then the chances of the deadline missing will also be

small.

Table 8. The number of deadline missing in 10 seconds by applying frame base
INC calculation with same starting time (modified).

No. of deadline missing (frame base)
Node 2 53 .
Node 3 39
Node 5 8
Node 7 0
Nods 8 0
total 92

The CO service of the DQDB subnetwork for the MPEG-2 video transmission is just
like the UBR service in the ATM network, if we choose the frame base INC
calculation method. To have a good understanding on how this similarity is, a
DQDB network is given with the capacity of 40Mbps, but only four nodes exist in
the DQDB network. Node 2 and 4 are CO service nodes for the MPEG-2
transmission. Node 1 and 3 are saturated QA service nodes that want to occupy each
slot for its own segments transmission. Figure 31 illustrates the simulation results of
the throughput for these four nodes. The QA service nodes adapt the bandwidth
balance to evenly share the bandwidth Ieft by the CO service as the ABR service in
the ATM network. The throughput figure shows that CO services work as VBR of
ATM to adjust its bandwidth according to the frame size and QA services compete

for the left bandwidth as the ABR service of the ATM network.
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4 sending MPEG-2 frames.
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Chapter 5

Conclusions and Future Work

Interest on MANSs has been spurred by the need of providing broadcasting facilities
rarely found in the traditional point-to-point and switched network techniques used
in WANs. The purpose of MANS is pivotal in the sense that LANs and WANSs can
be interconnected within a city for the purpose of providing high-speed and
integrated services. After many years of research on MANSs, a number of alternatives
have been explored and rejected. DQDB has received widespread support from
service providers and users, and has been standardized by the IEEE 802 committee
as IEEE 802.6. Three services have been defined: the isochronous service, which
provides support for user that require a constant interarrival time in effect, i.e., a
circuit-switched service; the connection-oriented virtual circuit service, which
supports users sharing a virtual channel connection, and the connectionless data
service, which provides support for connectionless communication via the LLC
protocol. However, the development of more applications with new challenges
requires to properly service such applications as video and audio. Performance
demands are becoming more critical, especially when the traffic load to MANs
includes a large number of video and audio packets, interworking, broad range
activities, etc. These are the main reasons the design, analysis and evaluation of CO
service are considered as important attributes in providing new type of service in

DQDB networks to support high QoS applications.

In chapter 1, the reasons behind the creation of MANs were presented. A detailed
definition was also given with a description of the services provided by the MANS.
Many possible protocols have been proposed to support MANs and the DQDB
protocol was selected by IEEE 802 committee as the standard MAN. Chapter 1 also

stated the objectives, problems, and challenges to which this thesis provides some
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solutions. We identified that the CO service is a good solution to satisfy the required
high QoS of some applications. General questions were formulated, for which

answers were provided throughout this thesis.

We started introducing DQDB from its history and evolution in chapter 2. The basic
features illustrate the attractiveness of DQDB network to those high-speed data
services. There are two topologies supported by DQDB networks: open bus and
looped bus. For different service requirements, two types of slots (QA and PA slots)
have been defined in the standard. The QA access method uses an on-demand access
method (packet-switched like). A node implementing this access method carries on

the following steps:

® Sends a request for transmission to the upstream nodes,

¢ Joins the distributed queue by using the countdown counter,

¢ Maintains the distributed queue with the request counter,

* Allows the passage of enough empty slots to satisfy the request of the nodes
ahead of it in the distributed queue,

e Sends its own data when its turn comes.

The CO service has been developed on top of the medium access control protocol of
DQDB. Along the way PA access method is also mentioned to explain how to
realize isochronous service and connection oriented virtual circuit service. The main
pitfall of DQDB network is the unfairness under heavy load network conditions. The
BWB mechanism is adopted by IEEE 802.6 committee as the standard to solve this
pitfall.

Chapter 3 first described the fundamental theorem for the implementation of CO
service. This theorem was proposed by Karvelas [52]. A credit counter and three
parameters (SGC, INC, and CRM) are needed to guarantee the bandwidth.

Nevertheless, the given definition can not ensure a proper operation of CO service
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under many situations. Thus, we had to solve the encountered problems step by step

and define the CO service thoroughly.

Since the CO service will be used in conjunction with other services, it is important
and necessary to let all services co-exist. Both CO and QA services transmit through
QA slots, some modifications to the QA service have been needed. Two possible
solutions were considered and both proved to get the similar results. The first
method employs a mechanism similar to the CO service allowing the node to
recognize the bandwidth left by the CO service then to confine the QA service
demands. The first method restrains the segments of the QA service sending
according to the accumulated credit. Compared to the first techniques, the second

method offers a simpler solution in accommodating the QA and CO services.

The second problem encountered in the simulation was to figure out that the absence
of RC and CD in the CO service will let downstream CO service experience long
access delay. In some of worst situation, some segments were blocked in the queue
even when the node has become idle for a long time. Different situations of this kind

of violation are analyzed and deciphered with usage of RC and CD array.

Furthermore, another problem was detected when setting the CO service using the
Karvelas’ method to set up the protocol’s parameters [S2]. A detailed analysis was
built to find out the misbehavior. Due to minimum effect on other CO service nodes,

a dynamic setup mechanism for CRM was proposed.

Two flow charts were included to explain the whole procedure to be implemented by
the CO node in respect of data bus and request bus. It was shown that the longest
access delay encountered by a node under the worst case will not exceed the round

trip time from the node to the most upstream node.
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In chapter 4, two types of real traffic were taken into account. Self-similar traffic is a
recently commonly recommended traffic model. The proposed method for the INC
setting is based on both the arriving packet size and the length of queue which holds

the segments waiting to be sent.

MPEG coding scheme becomes the most popular compressing scheme for video. We
explored the use of the CO service to transmit VBR MPEG-2 traffic. Two possible
solutions were suggested to set the value of INC. As we want to send the MPEG
frame as soon as possible, the CO service tries to capture all available bandwidth left
by other CO services until its CO service queue becomes empty (solution 1). Under
the second scheme we calculated the INC on a frame base (solution 2). For each
arriving frame, INC is set to the value that can guarantee the frame to be sent out in a
fixed period. If the available bandwidth can not fulfill the requirement, the unsent
parts of frame will be added to next frame for new INC calculation. The number of

frames having missed the deadline is statistically counted.

In recent presented IEEE 802.6 DQDB CO service standard, CD and RC counters
are also mentioned. But a different way of setting INC is adopted. Due to the
multiple requests supported by CO service, an array of CD or RC counters is needed
although it isn’t mentioned by the standard. The way to set the INC is very similar to
VBR service in ATM network. Two arrival rates were defined to set INC and SGC.

Only when both credit counters get enough credit, a request can be sent.

Further work on CO service in DQDB includes the specification and modification of
a standard which is documented by the IEEE 802.6 in 1994. We have already studied
the GBW protocol for additional scenarios with two priority sources simultaneously
active. In these studies the GBW protocol proved to be quite insensitive to load
characteristics, distance enlargement and total load at high and/or low priority.

However, additional studies are necessary on several points:

94



Service requirement of other variable bit rate applications: The GBW protocol
may be tuned for specific applications but prospective users have not yet joined
the standardization effort.

Guaranteed delays: In its current form, the CO service can guarantee both the
bandwidth and access delay but the access delay can be improved through many

efficient ways such as slot reuse and so on.
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Appendix A

Analysis in changing CRM

To increase the CRM, we must ensure the new CRM should be greater than the old

one from Equation (2). From formula (5), the new CRM is

CRM 2 2eSGC~([ SGC/INC] —-1)eINC @)
While the old CRM from formula (2) is

CRM 2[ SGC/INC]eINC, (if)
The following inequality should be satisfied:

2eSGC—([ SGC/INC1-1)eINC >[SGC/INC | oINC (iii)
Thus

2SGC = 2¢ [ SGC/INC | ¢INC-INC. @iv)
If we apply equality. we get

2eSGC = 2¢[ SGC/INC | «INC-INC )
Because SGC > INC, the above equation can be written as
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2eSGC = (2en—1)eINC, n=1,23,4, ... (vi)

For n = 1(SGC = INC), the inequality (iii) is always true. For n =2 (2¢INC > SGC >

INC), from the equation (vi) we get
SGC/INC =372 (vii)

Thus, if 26SGC/3 > INC = SGC/2, i.e.,

SGC 3
—e|—,2
INC 2

the inequality (iii) is true. Otherwise (SGC > INC > 2eSGC/3), the new CRM will
not be greater than the old one and we have to increase it further. Based on the same
idea, the next CRM follows:

CRM-SGC+([ SGC/INC|-2)eINC > SGC (viii)
Since [ SGC/INC | = 2 under the condition, the inequality can be written as

CRM = 2¢SGC (ix)
The new value of CRM will be 2¢SGC.
When n =3 (36INC > SGC > 2¢INC), the equation (vi) becomes

SGC/INC =5/2 (x)

Then if 26SGC/5 > INC > SGC/3, i.e.,
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SGC (5 J
—e|=3
INC (2

the inequality (iii) is true. Otherwise, we apply the same strategy. Then the CRM

follows

CRM-SGC+([ SGC/INC] —2)eINC > SGC (xi)
After rearrangement, (xi) becomes

CRM 2 2eSGC—([ SGC/INC | -2)¢INC = 26SGC~INC (xii)
Also, we can get

When n =4 (4¢INC = SGC > 3¢INC), if 26SGC/7 > INC > SGC/4, i.e.,

SGC (17
——e|=4
INC |2

the new CRM comes from (iii). Else we apply (viii).

When n =5 (5¢INC = SGC > 4eINC), if 26SGC/9 > INC = SGC/5, i.e.,

SGC 9
—e| =5
INC 2
the new CRM comes from (iii). Else we apply (viii). And so on.

In generality, when we need to increase CRM from the original value from Equation

(2), the following rule is obeyed:
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SGC ([ &=L i i=234,.
INC 2

THEN

CRM = 2eSGC — ([ SGC/INC | - 1)eINC

ELSE ie.,
36 o fi-1[Z21)] i=234...
INC (2

THEN

CRM = 2¢SGC — ([ SGC/INC | — 2)eINC.

First of all, CRM is changed within the following inequality:

CRM 2 j#SGC — ([ SGC/INC] - i)eINC
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(xiii)

(xiv)

In the case that CRM should be increased more than one time, an order is followed.

(xv)

where j and i are integers, j =2 and i is from O to [ SGC/INC . The initial value of jis
2 and the initial value of i is 0. At first step of CRM increasing, i equals to 1 or 2
based on the value of SGC/INC belonging to which range. The next step is to
increase i by 1 to get a greater CRM. When i reaches to [ SGC/INC], we can not
increase it any more and have to reset i to O and increase j by 1. When decreasing

CRM, it goes to an opposite way. First i is decreased. When i equals to 0, it is reset



to [ SGC/INC] and j is decreased by 1 until CRM reaches to the value of Equation
2).
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