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Abstract

In this paper, the author proposes a new data forwarding scheme, named Multi-
Protocol synchronous Label Switching (MPsLS), suits for the integrated data network.
MPsLS is a novel data forwarding scheme for the core areas of the integrated data network.
It provides an interface between layer-3, the network layer, and layer-2, the data link
layer. It successfully integrates layer-2 synchronous frame transfer, similar to DTM, with
asynchronous packet transfer based on label switching.

In the MPsLS network, data are transferred in cyclic mode with a constant period
(1 = 125pus) called a frame. A frame consists of a number of slots with the same size (512
bits). A few slots in the header part of a frame are used as control slots, which dedicate
to communicate with neighboring nodes and exchange the network control information
for routing and setting up connections.

The remaining slots in a frame are data slots, which carry the application data and
temporary control message. A slot carries only a segment of a layer-3 packet. Two-bits
tag is introduced on the header of each data slot to distinguish the types of the slots.

MPsLS has two types of channels with different characteristics on data transfer, named
appointed channels and filler channels.

Appointed channels of MPsLS provides connection-oriented service. Time-sensitive
traffic is transferred synchronously on specified appointed channel. Since the number
and the positions of the appointed channel slots are fixed, time-sensitive application flow
can be identified by checking the positions in the frame and referring the corresponding
channel table.

While non time-sensitive traffic is forwarded pseudo-asynchronously by filler channels
which shares slots in the frame. The number and the positions of the filler channel slots
are variable, thus, an additional 32 bits switching label like MPLS following tag bits is
introduced to a filler slot in order to identify non time-sensitive flows.

The appointed channel has two possible connection modes, exact synchronous con-
nections and less strict synchronous connections. Although less strict synchronous con-
nections lead to a little longer delay than exact synchronous connections, but the delay
values of the time-sensitive applications can be controlled within a given offset range of
the slots positions according to QoS requirement.

Since the number and positions of each appointed channel slot are reserved to per-
flow, and the traffic belonging to distinct time-sensitive applications is isolated each other.
Besides, the appointed channels are dynamically set up at the beginning of a session and
are kept all the time during the session. Therefore, it naturally provides per-flow QoS
guarantees for the time-sensitive application.

On the other hand, the introduction of tag bits and additional switching label to filler
slots makes the filler channel possible to use not only free slots which are not reserved
for time-sensitive applications, but also to use temporary idle slots which are reserved for
time-sensitive applications. When the slots are temporarily idle, the slots in that positions
can transfer non time-sensitive traffic, though the appointed channels for time-sensitive



traffic have priority to non time-sensitive traffic. Therefore, non time-sensitive traffic
is transferred at best-effort model on filler channels. The use of the idle slots has not
influence upon the performance of the time-sensitive applications, while the utilization of
network resources is improved remarkably.

Therefore, MPsLS successfully combines the advantages of synchronous transfer mode
and flexibility of label switching technology. It provides capabilities of guaranteeing QoS
for time-sensitive applications and maintaining high network resource utilization.

keywords: QoS, switching, synchronization, frame, slot, appointed channel, filler
channel, exact synchronization channel, less strict synchronization channel
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Chapter 1

Introduction

1.1 Aims of Research

Over the past decades, many communication networks dedicated to various application
media have been developed with the advance of computer and digital information tech-
nologies. For example, telephone networks (ISDN) [1, 2, 3] for voice communication.,
cable TV networks (Broad Band-ISDN) for video communication [4, 5, 6, 7, 8, 9], and
data networks (packet networks such as IP networks) [10, 11] for text communication.
The fact of various communication networks existing separately results in the huge
wastage of the network resources. To reduce the cost of building and maintaining dedi-
cated networks for the variety of media, the best method is integrating voice, video, and
plain data communications into a public network. However, the challenge of integrated
multimedia network is how to guarantee quality of service for real-time multimedia ap-
plications (such as voice, video-conferencing) that require guarantees in strict delay and
delay jitter, while to maintain good scalability and high resource utilization to be adapts
for rapidly growing application traffic. Therefore, the aim of this research is to develop a
new switching technology which adapts to future integrated multimedia service networks.

1.2 Quality of Service

Quality of Service (QoS) can be defined in a variety of ways and includes a diverse set
of service requirements [12, 13, 14, 15, 16, 17, 18], such as performance, availability,
reliability, security, etc. All these service requirements are important aspects of an network
offering QoS levels.

In this dissertation, the author will take a more performance-centric view of network
QoS and focus primarily on the issues in providing performance guarantees.

1.2.1 Main Parameters Evaluating Performance

Typical performance metrics defining network QoS are bandwidth, delay, jitter, and loss
ratio.

e End-to-End Delay

Delay refers to the latency of information data on a transmission medium and/or
in transmission devices from a transmission node to a reception node.



End-to-end delay means the total latency from a source node to a destination node
along the transmission path.

The delays typically consist of two components: a fixed delay and a variable delay.

The fixed delay arises on the transmission links when the signal propagates and
in the originating and terminating endpoints where the signal is processed. Fixed
delays depend on the current state of technology.

Variable delays result primarily from the queuing and processing of the packets.
They depend on the traffic intensity, the characteristics of the network route, in-
cluding the number of hops (nodes), the type and speed of links.

Jitter

Jitter means the distortion of information arrival timing influenced by traffic flow
state as it is propagated through the network. Information arrival timing varies
from its original reference timing depends on flow state, and information does not
arrive consecutively or on a timely basis at its destination.

In packet-switched networks, jitter is a distortion of the inter-packet arrival times
compared to the inter-packet times of the original transmission, and also, referred
to as delay variance.

This distortion give serious damage to multimedia traffic.

A typical method for suppressing jitter is to add a fixed buffer delay that exceeds
the maximum variable delay time. This can be successfully introduced into local
area networks and corporate intranets with minimal jitter. However, wide area
networks cannot introduce the additional fixed delay because the increased delay
that were the sum of maximum variable delay along the path would be too great
for communication purposes. Thus, the decision of a fixed delay value or buffer size
is a trade-off between acceptance of large delays and tolerance of jitter arising.

Bandwidth

Bandwidth is the maximum transmission capacity of a connection, which is theoret-
ical value. Available bandwidth or throughput is the practical value because some
negative factors shrinking the theoretical bandwidth can cause transmission delay
that deteriorates service quality.

Packet Loss Ratio

Packet loss rate is defined as a ratio of the number of lost packets to the total number
of transmitted packets. There are several reasons for packet loss: 1) transmission
impairments, 2) excess delay and 3) congestion. Transmission impairments are likely
to occur and cause packet loss if there are physical problems in the transmission
equipment comprising a network. Excess delay can lead to packet loss if the delay
exceeds the ”time-to-live” (TTL) value of the packet. If the TTL value is exceed,
then the packet is discarded.

Another frequent source of packet loss is congestion. Packets travel in an IP network
with a hop-by-hop methodology. At each hop, a router must read the packet header
and get the destination information (address) of the packet, and then determine the
next hop router.



For the "bursty” nature of data communications, the router queue occasionally
grows extremely large when the traffic flocks to an output port. When the router
queue is filled up, it falls into the congestion state. A common decongestion algo-
rithm for the routers is to dispose packets in the queue. Thus all packets in the
queue are discarded to ease congestion state according to the service discipline for
packet delivery.

e Multicasting Capability

Multicasting is an efficient way delivering information to a select group of destina-
tions on the Internet or an internal network, much like the conference call among a
select group of people. Instead of sending same messages to the individual recipi-
ents, a single message is sent to a multicast group, which includes all the recipient
who want to participate in the multicast session.

1.2.2 How to Guarantee QoS

The main parameters from the user view affecting QoS are delay, jitter, loss ratio and so
on. Those parameters are, in principle, determined by more basic network characteristics,
such as communication network architecture, speed of processing units, bandwidth of the
link, and so on. The latter two depend on current technology level.

In this paper, the author mainly analyzes the performances of his proposed commu-
nication network architecture.

In theory, in order to guarantee excellent QoS, two capabilities are required, i.e., path
reservation and resource reservation (including for both processing and transmitting).

Path reservation is an indispensable capability, because the transmission through dis-
tinct routes have different propagation time and arrival time interval through distinct
path varies.

Although fluctuation of arrival time interval can be hidden with the buffer at the
destination node, growth of delay is inevitable. Therefore, path reservation capability
enables that all data are transmitted along a designated path during a session. Otherwise,
jitter or delay will be generated.

Resource reservation is another necessary capability. This requires that resource can
be allocated dynamically at any moment if necessary.

Presently, since all units comprising a network are used in time-division multiplexing
manner, when the data arrive the processing or transmitting unit and they can not obtain
momentary enough resource, they must wait till the processing or transmitting units to
be idle. This also leads to the growth of delay or jitter.

So-called guaranteeing QoS for time-sensitive applications does not pursue removing
completely variable delay or jitter. It is enough that the delay and jitter satisfy the QoS
requirements.

As developing information technologies, the applications requires more strict QoS
emerges. In order to satisfy those special requirement, it is necessary to develop new
network technologies that have capability of providing good performances, as short vari-
able delay and small jitter as possible.

Strictly to say, although it is very difficult to completely remove variable delay or jitter
of time-division multiplexing. We can accomplish a purpose at core area in the network.
It is worthwhile, because degradation of QoS performance mainly arises at core area.



A feasible scheme such as synchronous channels is for a specific mechanism assigning
application traffic low to specified channels and allocating resource for that flow.

1.3 Main Contribution of This Dissertation

In this paper, a novel switching scheme, MPsLS, is proposed, which can be used to forward
data in integrated data network. MPsLS combines the advantages of synchronous transfer
mode and flexibility of label switching technology. It enhances MPLS concept, uses fixed
slots to forward synchronously time-sensitive application flows and uses floating position
slots to forward the non real-time application flows. Therefore, MPsLS has capabilities of
both guaranteeing the QoS required for time-sensitive application flows and maintaining
high network resource utilization.

1.4 Organization

The rest of this dissertation is organized as follows:

Chapter 2 describes background information, introduces two prominent network mod-
els, datagram model and virtual circuit model including ATM. The former is the foun-
dation of today’s Internet, but only provides best-effort service. Besides, three QoS
improvement schemes, Integrated Services, Differentiated Services and Multiple Access
Protocol over SONET/SDH, have been described. The latter is considered as great rev-
olution of telecommunication industry research into packet network with huge efforts to
exploit the advantages of multiplexing circuits. ATM uses fixed-size cell, which enables
high QoS by means of fine-grain scheduling policies, and reduces the contention between
traffic flows. However, due to the essential features of asynchronous transmission, the
resource contention and the congestion of the packets or cells are inevitable because of
the stochastically arriving process of the packets or cells, which leads to degradation of
the application QoS.

Furthermore, a synchronous transfer mode, DTM, is described, which provides com-
plete QoS guarantee for specific applications. It has, however, drawbacks of lower channel
utilization and longer switching delay.

Chapter 3 proposes a novel approach called ” Multi-Protocol synchronous Label Switch-
ing (MPsLS)” to improve QoS performance of per-flow. Firstly the framework and ar-
chitecture of MPsLS are explained, then its implementation details at ingress and core
nodes are introduced.

Chapter 4 analyzes the access performance and capability of network providing ap-
pointed channels to carry time-sensitive applications.

Analytical and numerical solutions are obtained to demonstrate the main performance
of MPsLS network, based on the assumption model and the parameters. The results show
that less strict synchronous channels have high calling success probability, at the same
time, over 80% bandwidth can be used to support appointed channel service.

Chapter 5 discusses the delay performance when the application passing MPsLS cloud,
and derives of the analytical solutions of local delay at ingress and core nodes. Further-
more, this chapter gives derivation of an approximate expression of estimating edge-to-
edge delay. The results illustrate that MPsLS has smaller delay than DTM.



Chapter 6 discusses the effect of idle appointed slot positions being used or not to
carrying non time-sensitive traffic temporarily on average delay of non time-sensitive
traffic. The results show that MPsLS scheme when idle appointed slot positions being
used to carrying non time-sensitive traffic can improve the throughput and, at the same
time, reduce the average delay of non time-sensitive application traffic.

Chapter 7 compares the maximum delay and jitter in MPsSLS with the values in other
QoS improvement schemes based on asynchronous transfer models, DiffServ and CBR. of
ATM,; also compares the calling loss probability of non time-sensitive traffic in MPsLS
with that in synchronous model, DTM.

Finally, Chapter 8 summarizes the conclusions of the dissertation, and simply discusses
other MPsLS performances, such as transmission loss, large bandwidth and multicast
capability.



Chapter 2

QoS Requirement and Current QoS
Improving Schemes

Currently, there are many kinds of the communication networks for the variety of services,
such as telephone networks for voice, cable TV networks for video, and data networks for
text.

The typical telephone networks utilizes circuit switching technology, where a dedicated
channel (circuit) between two end points is set up when they need to communicate each
other. The channel remains busy for the entire duration of the call, whether the channel is
actually used or not. The network using circuit switching has capability of transmitting
analog or digital information without distortion and inflection, and can provide best
service quality. However the utilization (and throughput) of the links are low because of
feature of the dedicated channels.

The data networks, such as Internet, carry information in packets, where original
information (a message) is separated into segments and is contained into packets. A
packet is switched and transmitted through the network. The packets are reassembled
at the destination to reconstruct the original information. In packet switching networks,
the resources are shared by all applications, at switch nodes, the packets are processed
at certain scheduling mechanisms, simple FCFS, Round Robin and so on, therefore, they
have superior flexibility and high resource utilization.

Recently, since the advance of computer and digitization technologies, new multime-
dia develop rapidly, the wide-spreading of information presents a high requirement to
current communication networks, namely, the networks must provide QoS guarantees to
time-sensitive applications, and maintain high resource utilization to adapt to explosively
increasing of the digital information.

In this chapter, we will introduce several typical models that can improve the network
performances.

This chapter is organized as follows. Section 2.1 firstly introduces the types of main
multimedia and QoS sensitivities. Section 2.2 describes the datagram model, and three
QoS improving schemes, IntServ, DiffServ and MAPOS. Section 2.3 introduces virtual
circuit modeles, MPLS and ATM model. Although the purpose of MPLS itself is not
to improve QoS, but it can be achieved the better QoS when it is combined with other
QoS schemes. ATM model can provide better QoS than datagram modeles. Section 2.4
explains a typical synchronous transfer model, DTM. At last, Section 2.5 summarizes this
chapter.



2.1 Types of Multimedia Information and Their QoS
Sensitivities

The term multimedia information implies that the information is consisted of more than
one types of media, for instance, text, audio, images, video, and animation. Each single
media has its basic characteristics. Text text media commonly has small size, but it
requires very high accuracy. Audio/video media has larger data size, but it allows certain
degree of error or loss of data. Animation media has not only very large size, but also
requires strict time delay.

The multimedia consist of well-selected media according to different features of single
medium.

The multimedia applications are classified into either time-sensitive or non time-
sensitive. Time-sensitive multimedia require either hard or soft bounds on the end-to-end
delay /jitter, while non time-sensitive media have not any strict constraints on delay, but
may have rigid constraints on error.

Wide range of applications have different QoS sensitivities. The QoS values for some
typical applications are summarized in Table 2.1.

Table 2.1: QoS Requirements of Typical Applications

Application Bandwidth Sensitivities

Type requirement Loss Delay Jitter
Voice Very low Medium High High
E-commerce Low High High Low
E-mail Low High Low Low
Telnet Low High Medium Low
Web-browsing Medium Medium Medium Low
File transfers High Medium Low Low
Video conferencing High Medium High High
IPTV High Medium High High

To satisfy the QoS requirements for different types of applications, the transmission
networks need to provide the performances, such as high bandwidth, low loss probability,
small delay and jitter, and high resource utilization.



2.2 Datagram Mode

The current Internet is the representative network, in which packet switched Internet
Protocol (IP) [10, 11] is applied. IP network uses datagram model, and supports only
one basic service: best-effort datagram, which does not provide any guarantee of reliabile
delivery or strict timeliness. This behavior was acceptable when most of the data carried
over the Internet were textual and non real-time in nature. Almost all efforts to make a
reliable communication medium for text were concentrated on the Internet.

However, as the Internet evolves into a global commercial infrastructure, there are
growing needs to provide more powerful services than best-effort such as QoS guaranteed
services. They are necessary of transferring multimedia applications, such as IP telephony,
video-conferencing, and remote diagnostics. Therefore, providing these services in the
Internet has been one of the major challenges in the network research.

Now, several typical schemes have been deployed [16, 19], for example, IntServ, Diff-
Serv and MAPOS.

2.2.1 Integrated Services Model

Integrated Services (IntServ) [20, 21, 22, 23, 24] is an Internet service model in order to
support real-time applications over the Internet, which was developed by the Integrated
Services working group in the Internet Engineering Task Force (IETF).

It is usually used with Resource Reservation Protocol(RSVP) [25, 26, 27, 28] together.
RSVP can reserve the resource to per-flow at all network nodes along the path from source
to destination. Therefore, it requires applications to notify their traffic characteristics
beforehand and to inform reserved resources satisfing them to the intermediate network
routers.

Accordingly, if the requested resources are available, the routers reserve them and send
back a positive acknowledgment to the source, which can then start sending data. On the
other hand, if sufficient resources are not available at a router in the path, the request is
turned down and the request has to try again in some time.

Intserv includes three service classes: Guaranteed service, Controlled Load service and
Best-effort service.

Guaranteed Service

The guaranteed service class provides maximum end-to-end delay bound, because in net-
work, maximum queuing and routing delay of packet can be approximately computed
by the flow state, and the flow state is determined by the the token bucket size and the
data rate. Therefore, the maximal queuing delay can be controlled by setting the bucket
parameters to each application flow.

Controlled Load Service

The controlled load service provides better performance than the traditional best-effort
service. It is only assumed that the end-to-end behavior of the aggregate traffic flow can
be determined under loaded conditions. The load is defined by the admission control
algorithm according to the measurements of the current aggregate network load.



The network does not give any quantitative guarantees for each flow. Therefore, it
only ensures that adequate bandwidth and packet processing resources to handle the flows
are available, but it does not gaurantee specific target values for delay or loss.

Thus, controlled-load service merely provides a service that the flows are transmitted
under lightly loaded conditions that makes the flows experience little or no congestion
loss.

Best-Effort Service

The best-effort service class does not provide any admission control to the flows, thus,
there are no QoS guarantees that the network provides.

2.2.2 Differentiated Services Model

Differentiated services (DiffServ) model [29, 30, 31] is proposed by diffserv working group
in the IETF for the Internet, which handles traffic at aggregate levels rather than the
IntServ approach of handling individual flows.

DiffServ puts complex processing in the edge routers, and core routers are simply
forwarding and scheduling the already classified data.

In differentiated services domains, the routers are divided into boundary nodes and
interior nodes, the former performs certain edge functions like admission control, packet
classification and traffic conditioning. The admission control algorithm limits the number
of flows that are admitted into the diffserv domain. For any admitted flow, the packets
arrived the DS domain is classified and marked as belonging to one of the service classes,
called ”Behavior Aggregates (BA)”. Each such behavior aggregate is assigned a distinct
8-bit codeword, called the DS code-point. The later only performs packet forwarding.
When a packet with a particular DS code point arrives at this node, it is forwarded to
the next hop, according to some pre-defined rule associated with the packet class. Such
pre-defined rules are called Per-Hop Behaviors (PHB’s). Aggregates are grouped into
per-hop behaviours (PHBs), which are marked in the DiffServ code point (DSCP). The
DSCP is located in the first six bits of the IP Type of Service field. The typical models
are Expedited Forwarding and Assured Forwarding.

Expedited Forwarding PHB

Expedited Forwarding (EF) [32], also known as premium service, which provides the
services of the departure rate of a traffic class being equal or exceed the configured rate.
therefore, a bound on delay and jitter can be obtained.

To achieve this service, the departure rate of the aggregate on each outgoing link must
be greater than or equal to the sum of maximum arrival rates on incoming links. The
traffic forwarding process is based on the queueing methods, such as simple priority queues
(PQ), weighted round robin queue scheduling (WRR), and class based queues (CBQ).

EF does not deal with individual user flows, but rather the aggregates of them. There-
fore, no bounds are placed on individual flows.



Assured Forwarding PHB

Assured Forwarding (AF) [33, 34] is primarily for applications which require reliability
better than best-effort service. AF guarantees minimum bandwidth and buffer space to
each aggregated class. But the flow rate beyond the defined rate is allowable, however,
this part of traffic is marked with high drop precedence, in the case of congestion, these
packets are dropped at priority. To achieve this service, assured queues (AQ) are used
and managed through Random Early Discard(RED).

2.2.3 Multiple Access Protocol over SONET/SDH (MAPOS)

Multiple Access Protocol over SONET/SDH (MAPOS) [101, 102, 103, 104, 105, 106,
107, 108, 109], proposed by NTT Laboratories, is a data link layer protocol of HDLC-
like frame over SONET /SDH. MAPOS encapsulates a upper layer variable length packet
such as an IP packet in a HDLC-like frame and sends it in SONET/SDH payloads.
In an SONET/SDH frame, HDLC-like frames are separated by a HDLC flag sequence
”01111110”. IP addresses are mapped into HDLC addresses and nature of connection-
less is turned over.

Therefore, weakness of asynchronous packet switching is inherited and it is unavoidable
to develop queuing delay according to traffic condition, although high-speed switching
is conducted by HDLC addresses, shorter format than IP address, and efficient data
transmission is performed on SONET/SDH frames.

2.2.4 The Disadvantages of Improvement Schemes Based on
Datagram Mode

Although the models above all have ability to improve QoS for time-sensitive applications
in IP networks, they can not satisfy the requirement of the high quality multimedia
applications due to their obvious disadvantages:

IntServ

IntServ uses RSVP to make per-flow reservations at routers along a network path. At early
of IP network development, due to the limitation of router’s speed, it suffers scalability
problem, since the routers have to maintain per-flow state for every flow that is passing
through the router, which can lead to huge overhead. Moreover RSVP is a soft-state
protocol, which means that the router state has to be refreshed at regular intervals. This
increases traffic overhead. But at present, with the development of router technologies, the
problem caused by reserving states for per-flow has no existance, on the contrary, it has
become the common measure of QoS guarantee for high quality multimedia applications.

Its main disadvantage is that the congestion of the packets and contention for the
processing or transmitting resource are unavoidable due to the randomness of the packets
arriving, which usually leads to increasing of delay and loss of the packets.

DiffServ

At early, DiffServ model is intended to address scalability and complexity. By not re-
quiring per-flow state to be stored in the routers, and no complex signaling protocols.
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Therefore, DiffServ is highly scalable and relatively less complex. In DiffServ only the
edge routers have to maintain per-flow states, it is difficult to provide quantitative QoS to
individual flows. It is primarily designed for and used by ISPs, and is not too useful (or
even intended) for end users. Additionally, DiffServ does not offer any receiver control,
and the congestion and contention for the resource caused by stochastic arriving process
still exist.

Accordingly, the improving schemes based on datagram mode, although, have high
resource utilization, they can not remove the jiiter, and the delay also is kept on a high
level because of the stochastic arrival process of the packets and variable length packets.

2.3 Virtual Circuit Modes

The typical virtual circuit models include MPLS and ATM.

2.3.1 Multiprotocol Label Switching Model

Multiprotocol Label Switching (MPLS) [35, 36, 37, 38| is an Internet Engineering Task
Force (IETF)-specified framework that provides for the designation, routing, forwarding
and switching of traffic flows through the network. Its initial goal of label based switching
was to bring the speed of Layer 2 switching to Layer 3. Label based switching methods
allow routers to make forwarding decisions based on the contents of a simple label, rather
than by performing a complex route lookup based on destination IP address.

Since the label switching can be easily done in hardware, it results in very high speeds.
But with the advancement of high speed Layer 3 switching technology, such as Layer 3
switches (ASIC-based routers) have been able to perform route lookups at sufficient speeds
to support most interface types, the speed of MPLS is no longer perceived as the main
benefit. The current advantages are connection-oriented and extensively usage, due to
the feature of connection-oriented, makes it possible of Traffic Engineering (TE) [39, 40],
while it can use to different Layer 2 transports, such as Ethernet, ATM and Frame Relay,
because the MPLS label is situated between the Layer 2 and Layer 3 headers.

Similar to Diffserv, an MPLS network is consisted of boundary nodes, called Label
Edge Routers (LER), and interior nodes, called Label Switching Routers (LSR). When
packets enter an MPLS domain, a label edge router (LER) assigns a short fixed-length
label to them. Then, the packets are forwarded through a series of label switched routers
(LSR), till the destination. The entire path is called as a label switched path (LSP).
Therefore, the most important implementation is label assignment, which is realized by
a label distribution protocol, the simple Label Distribution Protocol (LDP) uses existing
IP routing information to discover the LSRs, then establishes paths through an MPLS
network by distributing the appropriate labels.

To obtain improved transmission performance, two complex label distribution proto-
cols are proposed.

CR-LDP

Constraint-based [41] Routing over Label Distribution Protocol CR-LDP was developed
over Label Distribution Protocol (LDP), by adding traffic engineering capabilities. In
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CR-LDP;, the label request is sent from the ingress to egress LER through either tradi-
tional routing protocols or explicitly stating the path, when the request passing through
intermediate LSRs, the resource reservation is made before forwarding the request, if the
request arrives the egress LER, it means the path satisfying the resource requriment is
found, a label mapping message is sent back towards the ingress LER containing a new
LSP label and information regarding the reservation just made, and a new LSP label
is created, and the forwarding table is updated for the new LSP. Therefore, CR-LDP is
considered as resource reservation based on the sender’s requiring.

RSVP-TE

RSVP-TE [42, 43| is an extension to RSVP that includes mechanisms for MPLS traffic
engineering. Being different with CR-LDP, RSVP-TE is considered as resource reservation
of the receiver oriented. When the path request message is sent to the egress LER from
ingress LER, a requested reservation (RESV) message is formulated, then a new LSP
label is attached to the RESV message and returned back through the reverse path. In
intermediate LSRs, the label is renewed hop by hop, the forwarding table also is updated
according to received new label, till the ingress LER. Then, a new LSP is created.

Since it runs over a raw [P transport, it has mechanisms present to account for message
loss. Additionally, its soft state nature requires periodic refreshes to keep reservations from
being removed. Similar to RSVP, reservations requests are receiver oriented. To make
a new LSP, a PATH message is sent from the ingress to egress LER similar to that of
CR-LDP. The PATH message is traversed through all intermediate nodes using existing
routing protocols, explicitly specified paths, or partial paths. Upon reaching the egress
LER, a RESV message is formulated containing a flow descriptor describing the requested
reservation. After making its own reservation, a new LSP label is attached to the RESV
message and returned back through the reverse path. Intermediate LSRs will attempt to
make any reservations, update the forwarding table with the label received, and attach
a new LSP label. The ingress LER will do the same, without the need to attach a new
label.

Like DiffServ, MPLS uses the concept of Forward Equivalence Class (FEC) to provide
differential treatment to different media types. In theory, it is possible to define a separate
FEC to per-flow or for every media type, however, which can result in large overhead.

Combining MPLS with DiffServ and IntServ [44, 45, 46, 47], better QoS can be ob-
tained than simple DiffServ or IntServ.

2.3.2 ATM

Asynchronous Transfer Mode (ATM) [48, 49, 50, 51, 52, 53, 54] is a set of international
interface and signaling standards defined by the International Telecommunications Union-
Telecommunications (ITU-T) Standards Sector standard for cell relay wherein information
for multiple service types, such as voice, video, or data. ATM transfers information in
small, fixed-size cells. Unlike other packet technologies, ATM is a connection-oriented,
virtual circuit-based packet switching and multiplexing technology. Because the cells are
all the same size, cell delay at ATM switches is more predictable and manageable.
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In contrast to connectionless transmission protocols, ATM is connection-oriented. An
ATM connection is a transmission path made up of a number of Virtual Paths, each of
which contains a number of Virtual Channels. Therefore, a virtual channel connection
is the basic unit, which carries a single stream of cells. A virtual path connection is a
collection of virtual circuits, which is shown in Figure 2.1. A connection between ATM
end services is defined by a virtual path identifier (VPI) and a virtual circuit identifier
(VCI).

When a network device, such as a router, wants to send cells into an ATM network,
it requests a virtual circuit. That request is passed from the initial ATM switch to other
ATM switches in the network, with each switch determining whether it can handle the
request. If all switches along the path can accommodate the request, the virtual circuit is
established. If not, the request must be repeated. A Virtual Channel only exists for the
duration of the call, bandwidth is only allocated for that call therefore it is very efficient.

An ATM network uses virtual paths internally for the purpose of bundling virtual
circuits together between switches. Two ATM switches may have many different virtual
circuit connections between them, belonging to different users. These can be bundled
by the two ATM switches into a virtual path connection. This can serve the purpose of
a virtual trunk between the two switches. This virtual trunk can then be handled as a
single entity by, perhaps, multiple intermediate virtual path cross connects between the
two virtual circuit switches.

Virtual circuits can be statically configured as permanent virtual circuits (PVCs) or
dynamically controlled via signaling as switched virtual circuits (SVCs). They can also
be point-to-point or point-to-multipoint, thus providing a rich set of service capabilities.
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SVCs are the preferred mode of operation because they can be dynamically established,
thus minimizing reconfiguration complexity.

Service Classes in ATM

Due to the diversity of traffic in network, such as low jitter tolerance traffic, real-time
variable bit rate jitter intolerant traffic, non-real-time VBR low latency traffic, best-
effort traffic and so on, in order to satisfy different service requirements, the ATM traffic
management specifications define five categories of service [56, 57, 58]: constant bit rate
(CBR), real-time variable bit rate (rt-VBR), non-real-time VBR (nrt-VBR), availble bit
rate (ABR) and unspecified bit rate (UBR).

e Constant Bit Rate(CBR)

CBR primarily to accommodate time-sensitive applications with stable bit rate.
It specifies a fixed bit rate(usually peak cell rate) so that data is sent in a steady
stream. Therefore, it is mainly used to emulate the time-division multiplexed circuit
switching connections.

e Variable Bit Rate(nrt-VBR and rt-VBR)

VBR is a popular choice for voice and videoconferencing data, it provides a specified
throughput capacity but data is not sent evenly. At the same time, it adds the
ability to statistically oversubscribe user traffic, traffic is managed by the network
according to a guaranteed sustained cell rate (SCR) or a peak cell rate (PCR), and
a maximum burst size. CBR cannot be exceeded, but the guaranteed bandwidth is
a lower SBR. Further, VBR consists of real-time VBR and non-real-time VBR.

e Available Bit Rate(ABR)

ABR provides a guaranteed minimum capacity and but allows data to be bursted
at higher capacities when the network is free. It has a minimum cell rate option and
several flow control mechanisms to provide some level of guaranteed bandwidth and
data transmission integrity. A PCR has also been defined for ABR service, which
can be set at the maximum information rate of the end user terminal interface.
ABR is a very promising category, due to it can be maintained without wasting
resources.

e Unspecified Bit Rate

UBR provides a best-effort service, which makes no guarantees about traffic band-
width or latency. This is used for applications, such as file transfer, that can tolerate
delays.

It is important to note, however, that just because data is not guaranteed for delivery
by some ATM service classes doesn’t mean it won’t arrive. Rather, higher layer
service applications like TCP will request a re-transmission, and eventually all the
data or application should arrive.
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Traffic Management in ATM

When an ATM circuit is set up, each switch is informed of the traffic class of the con-
nection, then, to avoid the congestion and guarantee service quality, strict bandwidth
provisioning is done by service level agreements (SLAs) at the virtual circuit (VC) and
virtual path (VP) levels. The SLA consists of several elements: peak cell rate (PCR), sus-
tained cell rate (SCR), maximum burst size (MBS), and permissible cell delay variation
(CDVT).

The PCR specifies the absolute maximum bandwidth to be apportioned to a VC.
The sum of PCR of all the VCs on a link could potentially exceed the link bandwidth.
The traffic rate averaged over a long period of time is limited to the SCR, though it
may spike over short time intervals. The traffic rate spike is limited to the PCR and its
time duration is limited by the MBS. MBS is specified in number of bytes or number of
cells. Determining the PCR, SCR and MBS enables a fine level of control over bandwidth
apportioning in ATM. Based on the SLAs and its parameters, main control methods
[59, 60, 61, 62] include:

e Virtual Circuit Routing and Call Admission

Most ATM networks supporting SPVPs, SPVCs, and SVCs use the Private Network
Node Interface or Private Network-to-Network Interface (PNNI) protocol. PNNI
uses the same shortest path first algorithm used by OSPF and IS-IS to route IP
packets to share topology information between switches and select a route through
a network. PNNI also includes a very powerful summarization mechanism to al-
low construction of very large networks, as well as a call admission control (CAC)
algorithm that determines whether sufficient bandwidth is available on a proposed
route through a network to satisfy the service requirements of a VC or VP.

e Traffic Policing

After the virtual paths and circuits established, a traffic contract is reached between
the application and management module. Traffic contracts are usually maintained
by the use of "Policing”, which includes Shaping (a combination of queuing and
marking of cells) and scheduling.

Shaping Traffic shaping is usually done at the entry point to an ATM network
and attempts to ensure that the cell low will meet its traffic contract. The shaper
maintains a pool of soft queues per traffic category to buffer cells for future trans-
mission. This pool of per traffic category soft queues is replicated for each egress
port. Among the soft queues in the pool, one queue in each category is marked
as the current queue. The current queue pointer in every category is updated to
point to the next soft queue in the pool after every max queue depth cell periods.
To maintain network performance, traffic policing is used to police virtual circuits
against their traffic contracts. If a circuit is exceeding its traffic contract, the net-
work can either drop the cells or mark the Cell Loss Priority (CLP) bit (to identify
a cell as discardable further down the line).

Scheduling Besides shaping, scheduling is used to manage output queues at each
ATM nodes, the scheduler module runs periodically, once every cell period, to service
all the soft queues associated with an ATM egress port. This ensures that cell bursts
are effectively spread in time, thus ensuring SCR, conformance.
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Usually, the egress module does a priority round-robin dequeue from the set of
current queues for each physical egress port. The CBR queue has the highest priority
followed by rtVBR, which has a priority higher than nrtVBR, which in turn has a
higher priority than the UBR. The CBR queue is completely drained before visiting
any lower priority queues. This behavior ensures that CBR and rtVBR cells are
processed with the least possible latency.

2.3.3 The Disadvantages of Virtual Circuit Models

Although virtual circuit models can improve QoS further comparing to state-less datagram
transfer mode, they still have following disadvantages:

MPLS

MPLS itself is not a QoS technology. Rather, it introduces a networking environment
that is capable of transporting different traffic over a common infrastructure, while being
able to enable QoS effectively. Thus, it is only a QoS-enabling technology, and provides
a flexible solution for QoS deployment and management.

ATM CBR Service Model

Now, ATM has been accepted all over the world as the transfer mode used for B-ISDN
(Broadband Integrated Services Digital Networks), which can handle any kind of infor-
mation i.e. voice, data, image, text and video in an integrated manner. ATM provides
a good bandwidth flexibility and can be used efficiently from desktop computers to local
area and wide area networks.

However, at core nodes each switch forwards the CBR cells only by means of priority
queue to schedule them, therefore, in the strict sense, the conflict of the cells with same
priority can not be removed because of the stochastic arriving process of the cells from
different links. Namely, the jitter still exists.

In addition, the overhead caused by cell header reaches to near 10%.

2.4 Synchronous Transfer Mode

In principle, asynchronous tranfer leads to the congestion and the contention for the
resource due to the stochastically arriving process of the packets or cells on the case of
time-devision multiplexing, therefore, it is inevitable of increasing delay or jitter, which
can lower the service quality. It is well known that the synchronous scheme is a feasible
approach avoiding the congestion and contention for the resource because synchronous
transfer can specify arrived flow traffic, and avoid the randomness of the packets or cells
arriving.

Dynamic synchronous Transfer Mode (DTM) [78, 79, 80, 81, 82, 83, 84, 85, 86], DTM
is a typical synchronous transport network technology developed by Swedish company,
Netinsight AB ( http: //www.netinsight.se). It is a true broadband network archi-
tecture based on a synchronous fast circuit switching solution with dynamic reallocation
of resources.
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2.4.1 DTM Networks Structure
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Figure 2.2: Dual Bus Topology
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Figure 2.3: Hosts Connected to DTM Network through a Node

The basic topology structure of DTM network is the dual bus on which a set of nodes
are connected. A dual bus is a pair of optical fibers where each fiber is used for data
transmission in one direction. It is illustrated in Figure 2.2. For each node, there are
several hosts can be connected to it. The hosts can be super computers, multimedia
workstations, HDTV cameras and monitors, and local area networks, the connection is
shown in Figure 2.3. Since the DTM protocols and medium access technique can, in
principle, be used on any types of networks. Besides the dual bus, the topologies can be
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other types, such as a ring or mesh structure. The mesh structure is interconnected by
several dual buses through a few switching nodes, as shown in Figure 2.4. In order to
communicate for hosts on different dual buses, the channels on the fibers from the sender
to the receiver have to be linked together into a route. Each switching node on the route
is responsible for creating an outgoing channel on its bus. When a node has created the
outgoing channel, the node starts switching by copying slots from incoming to outgoing
channel.

2.4.2 DTM Channels

In DTM networks, the bitstream on a DTM fiber is organized into a flow of contiguous
slots, where each slot contains 64 bits and the slots are grouped in 125 microsecond long
cycles. The bit rate is determined by the number of slots in a cycle, so one slot corresponds
to a bit rate of 512 kbps. By allocating a different numbers of slots, the transmission rate
for a channel can be changed in steps of 512 kbps.

The structure of the frame is shown in Figure 2.5, the slots are divided into control and
data slots. The control slots are statically allocated to a node and are used for signalling.
Every node has at least one control slot allocated to it. The data slots are used for data
transmission and each slot is always owned by a node. A node is only allowed to send the
data in owns slots. The ownership of the slots is controlled by a distributed algorithm,
where the nodes can request slots from other nodes. The algorithms for slot distribution
between the nodes affect the network performance.

DTM nodes transfer the data flows, slot by slot, from the incoming to the outgoing
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side of the fiber. A node only reads the data in the slots that it owns in incoming
fiber, and write the data into the slots in outgoing one. The DTM fiber access protocol
[87, 88, 89, 90, 91, 92, 93] ensures that a node does not write data into slots that already
carry data. A node does not have to read a slot to see if it is free to use. Likewise, a node
does not have to read a slot to decide what data to write into it.

2.4.3 Merits of DTM

DTM is a natural circuit switched technology, based on the same principles with telephony
networks. The main merits are:

e Constant Delay
At each switching node, the delay is constant, and equals cycle period, thus, the
delay from ingress to egress of DTM networks is predictable.

e Arbitrary Channel Sizes

In DTM, the channels can have an arbitrary size in steps of 512 kbps up to full
link bandwidth. Therefore, the channels can be provisioned to fit the service requri-
ment at minimum limitation, which dramatically increases bandwidth utilization.
Besides, the channel is exclusive between the sender and a destination for each flow,
which separates the traffic from other traffic flows.

e Non hierarchical switching
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The channels can be switched arbitrarily between network links, without considering
network hierarchies. Links can be setup as desired to build large network structures,
there are no hierarchy limitations of the size of the channels being switched.

e Signaled end-to-end provisioning

Out-band signaling protocol handles the setup of the channels through the network.
Only requiring identification of end points, then the channels automatically find
their paths through the network according to the provision. .

e Multicast

DTM channels can be point-to-multipoint, a resource can accommodate media ser-
vices of high quality to a large number of receivers.

e Routers Replaced Partly by Switches

DTM networks use switches instead of routers in a part of connection points, because
when a channel has been established between sender and destination, the forwarding
process of the traffic in each crossing is only implemented based on the switching
of the slot positions, needs not read and analyse each packet’s address, the less
complex function can be realized by the switches replacing the routers.

2.4.4 The Disadvantages of DTM

Although, DTM has many excellent inherent characteristics, such as structure simplicity
and avoiding computation-intensive policing, queuing, buffering and control mechanisms,
specially, dynamic allocation of bandwidth improves channel utilization. However, for
the time-sensitive applications, it is not enough to maintain high utilization, because if
implementing dynamic allocation of bandwidth for each time-sensitive dialogue within
session period, there is a danger of failing to establish channel for some dialogues, if the
channel is maintained all the time during the lift time of whole session, thus, due to the
idle slots allocated to active applications can not be shared by other flows, which leads to
the remarkable decrease of utilization of the channels, on the other hand, the fact of the
frames being buffer one frame period at switching nodes, although removing the jitter of
delay during transmission, but increasing the delay.

In addition, in DTM the data link topologies can be bus, ring or mesh structures,
however, the mesh structure is only based on bus, it does not support complex mesh
structure such as star-shaped links. Omn the bus, the slots have low utilization since
whole bus is dedicated to only one communication at moment even if more than one
communication areas are not overlapped.

2.5 Summary

In the first part of this chapter, we overviewed the datagram model and virtual circuit
models based on asynchronous transmission, in the former, the data traffic is transmitted
by the packets with variable size. Each one includes an address tag in its header showing
the destination. When a packet passes through the network, its address is read at the
router nodes, then is forwarded to the next hop, one by one, till the destination. It
supports best-effort service. in addition, three schemes to improve QoS for time-sensitive
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applications, Integrated Services (Intserv) model, Differentiated Services (Diffserv) model
and MAPOS technology are introduced. In the latter, the data traffic is transmitted
based on virtual circuit, which obviously shortens the routing time. Specially, ATM mode
uses the cells with same size replacing variable size packets, the advantages comparing to
datagram model are, on the one hand, the small and same size cells reduce the uncertainty
of data traffic, it makes traffic management easier, on the other hand, the small cell header
and determined virtual path increase the forwarding speed and decrease the delay.

However, all improvement schemes still maintain the inherent shortcomings of asyn-
chronous communication network, due to using time-division multiplexing, when several
traffic flows unite into a larger stream in a switching node, the packets or cells in each
individual stream will mix and be forwarded. The confluence process of the streams in-
evitably leads to congestion of the packets, even the discard of the packets which overflow
the buffer queue in a moment due to stochastic arriving process of the packets.

In the second part of this chapter, we introduced typical synchronous transfer mode,
DTM. DTM performs synchronous circuit switching model, and is designed to fully utilize
the almost unlimited capacity of optical fiber, it achieves better characteristics, including
constant delay, almost zero delay variation, dynamic allocation of bandwidth, and full
traffic isolation between channels. In nature, DTM has the capability of providing QoS
guarantee for time-sensitive applications. However, there is the shortcoming of lower
channels utilization, to obtain better quality of service further, in the next chapter, we
will present our solution to provide better services in the integrated network.

21



Chapter 3

The Architecture of Multi-Protocol
synchronous Label Switching
Networks

In the past few years, several effective QoS improvement schemes for multimedia applica-
tions, such as video-conferencing, telephony, and video-on-demand, into public networks,
have been proposed, such as IntServ, DiffServ, CBR model of ATM and DTM.

IntServ and DiffServ are schemes based on traditional IP technology, which adopt the
priority queues to schedule traffic packets corresponding to an output link in order to
assure QoS for time-sensitive flows, however, on the case of time-division multiplexing,
the congestion of the packets and contention for network resource is inevitable because
the arrival of the packets is undetermined process on asynchronization transmission.

CBR class service model of ATM improves the performance by using small and fixed
size cells, at core switches, the priority queues are used to schedule cells, therefore, the
contention among cells with same priority from different links also exists, which leads to
little increasing of the delay, besides, the introdution of cell header generates about 10%
(5/53 = 9.4%) overhand.

DTM provides circuit switching emulation service, however, due to implementing
frame-level synchronization at switching nodes, it leads to little longer delay, in addition,
since the channel reserved for an application can not been shared by other applications
even if the slots are idle during the life time of the session, which results in low utilization
of the fibers.

Due to there still exist some shortcomings in present schemes, to obtain better QoS
for time-sensitive multimedia applications, we propose a novel forwarding scheme, Multi-
Protocol synchronous Label Switching(MPsLS), which is combination of both MPLS and
synchronization transfer. MPsLS inherits the advantages of DTM, which reserves the
channels all the time during the life of the connection, and it isolates the traffic on
different channel, which means that the traffic in one channel do not disturb that in the
other one, therefore, it naturely can guarantee QoS for time-sensitive applications. On
the other hand, the idle slots can be used to temporarily carry filler slots due to the
introduction of tag bits and MPLS header in filler slots, which remarkably improves the
resource utilization of integrated network comparing to D'TM.

This chapter is organized as follows. The basic architecture of MPsLS and transfer
principle are introduced in Sections 3.1 and 3.2, then the control elements also are intro-
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duced in Section 3.3, after that the implementation processes at ingress and non ingress
nodes are described in Sections 3.4 and 3.5, respectively. Sections 3.6 simply introduces
the link between MPsLS network and non MPsLS networks, and convertion process of
the transfer modes. At last, we summarize this chapter in Section 3.7.

3.1 Architecture of MPsLS

MPsLS is an extension of layer-2 (the data link layer) using asynchronous transfer model.
It successfully integrates synchronous frame transfer similar to DTM and asynchronous
transfer similar to ATM into new layer-2, therefore, MPsSLS supports synchronization and
asynchronization two kinds of different transfer mode simultaneously, synchronous trans-
fer is realized by using position-fixed data piece in the frames, asynchronous transfer is
realized by variable positions data piece with multi-protocol label, the main characteristics
of MPsLS networks are as following:

3.1.1 Network Topology
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Figure 3.1: The MPsLS Network Topology

A MPsLS network is the network where the data traffic is transmitted at MPsLS
switching model, MPsLS network is usually used to a backbone, the users are linked to
MPsLS network directly or through LAN, the topology is shown in Figure 3.1, in MPsLS
network the main equipments are switching nodes and link fibers. The switching nodes are
divided into two types, core nodes and edge nodes (or switches). The former constitutes
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the backbone links, which connects only with other MPsLS nodes, the latter connects
the core nodes with the nodes outside of the MPsLS cloud and provide the functions
of entering to or exiting from the MPsLS network. The entering edge nodes are called
ingress nodes and the exiting edge nodes are called egress nodes. Each port of MPsLS
nodes has a unique HDLC address, which is identified by the address. Each link fiber
connects two nodes at its two ends, it is supposed to be a base band or WDM optical
fiber.

3.1.2 Layer Architecture of MPsLS Network
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Figure 3.2: Layer Architecture of MPsLS Network

The layer architecture of MPsLS network is shown in Figure 3.2. In data link layer
(or MPsLS layer), the data need to be segmented and assembled into slots, then further
assembled into MPsLS frame, because the transmission of the data is done at frame
pattern, but at switching nodes, the forwarding is implemented at slot level synchronous
mode.

The layer under MPsLS layer is the physical layer, which is responsible for the ultimate
transmission of data over network communications media. It operates with data in the
form of bits that are sent from the Physical layer of the sending (source) device and
received at the Physical layer of the destination device. In MPsLS networks, the physical
layer bases on SONET/SDH structure, the network layer over MPsLS layer also uses IP
protocol.
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3.2 Transfer Principle of MPsLS

In MPsLS networks, the applications are divided into two types, non time-sensitive appli-
cations and time-sensitive applications. The former is insensitive to the delay and jitter,
such as file transfers and E-mail service. The latter is sensitive to the delay and jitter, it
is possible to lead to noticeable degradation of service quality with the increase of delay
and jitter, such as live voice and video data transmission.

3.2.1 Service Classes

For different applications, MPsLS provides two classes of services, QoS guarantee class
and best-effort services class. The former is used to transfer time-sensitive applications
on appointed channels; the latter is used to transmit non time-sensitive applications on
filler channels. Furthermore, although MPsLS only provides two classes services, which
also can satisfy the QoS requirements for different applications, because the service level
can be limberly configured by reserving different number of slots according to the QoS
requirement: if reserving the channels at peak bit rate, the applications can receive best
service quality; if equiping longer queues for the applications, the service quality with
larger delay but smaller loss ratio can be obtained; on the contrary, equiping shorter
queues, networks provide smaller delay but higher loss ratio service quality.

In addition, to guarantee the quality of service, and avoid the impact of traffic from
different time-sensitive applications during transmission, MPsLS uses isolated channels
to transmit time-sensitive applications traffic, while uses shared filler channel to transmit
all non time-sensitive traffic.

3.2.2 Structure of Frames

In the MPsLS network, data are transferred in cyclic mode with a constant period called
a frame. Each frame is divided into a number of slots with the same size. And each slot
carries only a segment of a layer-3 packet. The structure of the frame is shown in Figure
3.3. Each frame is classified into two fields, a fixed control slots field and a data slots field.
The fixed control slots field is located in the header part of the frame, the number of the
slots in each frame is decided by the number of the neighbouring nodes, those slots are
used dedicately to communicate with neighbouring nodes and to exchange the network
control information for routing and setting up connections. The data slots field is in the
remaining part, and which carry the application data and temporary control message.

The slots carrying time-sensitive data are called appointed slots, because which only
use some appointed positions within the channel region; those carrying non time-sensitive
data are called filler slots, which can utilize any free slots and idle positions reserved for
appointed channels.

Let the period of frames be 125us, and the length of each slot be 512 bits, then, the
size of the frame is determined completely by the link rate of a fiber or a lambda link. For
usual optical fibers or lambda paths of WDM (Wavelength Division Multiplexing) with
the bandwidths of 5Gbps to 20 Gbps, the number of the slots within each frame is 1200
to 4800.

The bandwidth of the appointed channels including only one slot in a frame is,
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where L is the length of the data in a slot carrying effective application data, which
equals 512 — 2(length of tag bits)= 510 bits. 7 is the frame period.

= 4.08 M bps (3.1)

3.2.3 Formats of Slots and Identification

In MPsLS network the data are classified into three types except fixed control message,
dynamic control message for time-sensitive application, time-sensitive application data
and non time-sensitive data.

The types of data carried by slots are distinguished by the tag bits located in the
header, the formats of the slots are shown in Figure 3.4. Because the number and positions
of the appointed slots carrying time-sensitive traffic are determined, the slots belonging
to different application flows can be completely identified by referring to the channel
table and checking only the corresponding tag bits, the rest parts after 2-bits tag bits are
payload; but for non time-sensitive traffic, the positions of the filler slots are not fixed, it
needs an additional label header like MPLS to identify different flows, therefore, the next
32 bits following the tag bits provide a switching label like MPLS, after that, carrying
the payload, and the slots not carrying any effective data are called free slots.

However, the introduction of tag bits and a label header can cause the overhead,
the overhead ratios for the appointed slots and the filler slots are 2/512 = 0.4%, and
(3242)/512=6.6%, respectively.
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Figure 3.4: The Formats of Different Slots

3.2.4 Slot Switching

During forwarding process, the positions of the slots carrying time-sensitive traffic are
fixed in the frames on each linking section, which are determined when the connection is
set up, and are reserved during life time of the connection, thus, the data are transmitted
synchronously in different frames; while the slot positions carrying non time-sensitive
traffic are variable with the temporary state of the traffic, therefore, the transmission of
the data is asynchronous. Since those reserved slot positions are used at priority by the
time-sensitive traffic, the performances of time-sensitive applications are predicable, the
service quality can be guaranteed according to their own parameter requirements, while
non time-sensitive applications receive only best-effort service.

The forwarding process is illustrated in Figure 3.5. In incomming frames, if the slots
carry time-sensitive traffic, the data are forwarded to corresponding reserved positions in
outgoing frames, otherwise, the non time-sensitive traffic data are firstly sent to an queue
according to FIFO mechanism, then filled in any free or idle slot position in the outgoing
frame.

3.2.5 Channel Models

MPsLS channels are divided into two types: appointed channels and filler channels. The
former is used to transfer time-sensitive applications, its connection path is determined,
bandwidth and the positions of the slots in the frame are also fixed; the latter is used to
transfer non time-sensitive applications, only its connection path is determined, although
average bandwidth is also determined, but the instantaneous value is variable according
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Furthermore, the appointed channels are divided into two sub-types, exact synchro-
nization and less strict synchronization channels.

The exact synchronization channel is shown in Figure 3.6, where all slots consist
of the channel belong to a strip areas, the area at each different link section along the
path has same offset range ¢, the distribution of the slot positions in each offset range is
fixed, and d indicates the lag of the corresponding slot positions between two neighbouring
link sections, and the values equal the minimum latency time, n,, which includes pipeline
processing, buffer and reorder process.

The less strict synchronization channel is shown in Figure 3.7, where all slots
consisting of the channel also belong to a strip areas, the area at each different link section
along the path has same offset range c¢, the difference with the exact synchronization
channel is that the lags between the header and tailer of the offset ranges in any two
neighbouring link sections is constant, the value is n,. The distribution of the slot positions
in each offset range is variable, but within an offset range ¢, used slot positions are fixed
all the time during a session.

Which type of channels should be set up, it is determined according to the QoS re-
quirements, when the slots are forwarded passing theough core nodes, those on the exact
synchronization channel have less delay than that on less strict synchronization channels,
however, in general, the exact synchronization channels have smaller calling success prob-
ability than less strict synchronization channels, besides, the values also depend on the
the hops between two edge nodes, required channel bandwidth and current utilization.

From the description on exact synchronous and less strict synchronous channels, it is
clear that the strip ranges for both types of channels are no-overlapped even if the widths
of offset ranges are same.
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3.2.6 Idle Slots in Appointed Channels Utilized by Filler Slots

In MPsLS networks all time-sensitive traffic is transferred on appointed channels, for each
appointed channel the number and positions of slots are reserved for per-flow during the
life time of the whole session, even if momentary gaps or silence. While all non time-
sensitive traffic is forwarded by asynchronous filler slots with multi-protocol label, for non
time-sensitive applications the number and positions of slots used are not reserved, since
tag bits and the MPLS label are introduced in filler slots, by which the appointed slots can
be easily differed from the filler slots. Therefore, the filler slots can use not only free slots
which are not reserved for time-sensitive applications, but also temporary idle slots which
are reserved for time-sensitive applications, but on these channels the time-sensitive traffic
is priority to non time-sensitive traffic, therefore, the use of the idle slots does not impact
the performance of the time-sensitive applications, however, the utilization is improved
remarkably, while the non time-sensitive applications receive best-effort service.

Figure 3.8 indicates the case of the idle slots reserved for appointed channel being
used to carry filler slots temporarily. In Figure 3.8, an appointed channel includes three
slots, in some frame periods, if three appointed slots arrived, all three positions are used
to carry appointed slots, if only one or two appointed slots arrived, the same number of
positions are used to carry appointed slots, left ones are temporarily used to carry filler
slots.

=]
& appointed slots

filler slots

free slots or reserved
slots for other
frames appointed channels

appointed
channel

period i period i+1 frame period 1

Figure 3.8: The Reserved Slots are Used by Filler Slots Temporarily When They are Idle
During the Life Time of Appointed Channel Connection

This mechanism, on the one hand, isolates all appointed channels, avoides the im-
pact of the time-sensitive traffic each other, on the other hand, makes it possible of the
appointed channels being shared by appointed slots and filler slots, but appointed slots
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are priority to filler slots, therefore, MPsLS provides QoS guarantees for time-sensitive
applications, also maintains high resource utilization simultaneously.

3.3 Connection Establishment

In MPsLS cloud, all connection routes between edge to edge are pre-determined, the
information is kept in link route information database, while the circuit switching at core
nodes is based on data forwarding database.

3.3.1 Link Route Information Database

In MPsLS network, there is a management database which is dedicatedly responsible for
providing link information, the deployment may be centralized server(a server is shared by
several edge nodes), separated server (a server is dedicated to an edge node) or imbedded
module (management part is imbedded in edge node).

When an user wants to communicate with others, it sends out a request, where includes
the type of the application and necessary parameters, for time-sensitive applications, the
parameters include average bit rate, peak bit rate and required average delay; for non
time-sensitive applications, needs only average bit rate.

When the message arrives the edge MPsLS node, MPsLS node sends out a route
request message to management server or module, where the message is analyzed, and
the route from ingress edge MPsLS node to egress node is obtained.

3.3.2 Data Forwarding Database

In each node of MPsLS network, there are several control information databases which
are used to manage slots switching.

Channel Switching Table The channel switching table is table-driven, and which
recodes the information of each channel. It tells the node the output port of each channel
and the slot positions consisting of the channels within the frame. The channel switching
table is only used for channel switching. It is updated when each appointed channel is
set up or torn down. For each arrived slot, the node firstly examines its tag bits, if it
is an appointed slot, then turn to consult channel switching table to find corresponding
outgoing port and the slot positions within outgoing frame.

Label Switching Table In MPsLS network, non time sensitive traffic is transmitted
by filler slots, the label switching table is used to record the information of filler slots
forwarding, it is also updated when each filler channel is set up or torn down. For each
arrived slot, firstly the tag bits are examined, if it is filler slot, the label situated in the
header after tag bits is consulted and swapped, then, sent to corresponding queue to wait
to be transmitted.

3.3.3 Establishing Connection and Channel

For time-sensitive application, the edge MPsLS node at sender side of the applocation
sends out the channel request message along the route hop by hop till the egress node,
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if the requirement is satisfied, the channel is set up, otherwise, the request is refused.
For non time-sensitive application, the ingress edge MPsLS node sends out the request
message, if only there is enough left bandwidth, the channel is set up, otherwise, the
request is refused.

Furthermore, the setup processes of appointed channels are as following: firstly MPsLS
edge node inspects the channel switching table, if there is enough free slot positions within
an offset range ¢, from a to a + ¢, records the tailer position a + ¢ of the offset range c,
then, sends out the request message to second hop, which include the positions a + ¢ and
value ¢, then, this node investigates if or not there is enough free slot positions within
the new range from a + ¢+ n, to a + n, + 2 - ¢, and so on, hop by hop, till the egress
edge node, if free slot positions can be found at all sections along the path, the channel
is set up, otherwise, do another attempt by selecting a new offset range at ingress link
section, which is not overlapped with that used before, namely, replacing a with a + ¢,
where ¢’ > ¢, and repeatting the process above. If given number of attempts are all failed,
calling request of this application is rejected.

3.4 Architecture of Edge Node

The ingress edge nodes of MPsLS provide more functions than core nodes, not only
construct the frames, but also establish connections, differ from the types of service, and
segment and reassemble the layer-3 packets.

3.4.1 Establishing Connections

MPsLS networks are connection-oriented, thus, the channels must be established firstly
before transferring data.

For a time-sensitive application, when the application request message arrives to the
ingress edge node from the users, MPsLS edge node firstly consults the management server
or management module to obtain the route between source and destination edge nodes
of MPsLS, then, sends out channel request message hop by hop along the route until the
egress nodes. If all resources and time constraints can be satisfied according to the QoS
requirement, the appointed channel is set up, otherwise, the connection is refused. For a
non time-sensitive application, if only enough bandwidth can be met, the connection can
be established, otherwise, the request is rejected.

3.4.2 Segmentation and Reassembly of Packets

All information in the IP networks is transferred in the form of variable length packets.
But, in the MPsLS area information is transferred in fixed length slots. Since the length
of most packets is longer than a slot, the packet must be segmented into short data
pieces at ingress nodes according to their traffic type. The packets carrying time-sensitive
applications are segmented into data pieces of 510 bits length, then insert two bits tag
signal in the header of each data piece, and consist of the MPsLS slot. Those carrying
non time-sensitive applications are segmented into data pieces with length of 478 bits,
then insert two bits tag signal and 32 bits MPLS header label.
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If MPsLS network is directly linked to some special real-time equipments which send
out the data at bit stream, MPsLS edge node can also segment the bit stream into data
pieces so that the packetization process is cut.

At egress nodes the slots are handled after the whole frame has arrived; the slots of
frames are reassembled into packets or bit stream according to their original order.

For the packets whose size is not integral times of the slot length, packet segmentation
may cause a decline in the channel utilization, due to last slot carrying the tailer of the
packets may be not full.

3.4.3 Frame Level Synchronization

At all output ports of each ingress node, the frames are sent out at frame level synchro-
nization, it is shown in Figure 3.9.
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Figure 3.9: Frame Level Synchronization

3.4.4 Sharing Appointed Channels

Because the minimum bandwidth of the channels with one slot in a frame is 4Mbps,
if reserving such a large channel for an application with small bit rate, such as 64kbps
network phone, although which does not waste network resource, since the idle slots
can be temporarily used by filler slots, but it must result in the reduction of number
of time-sensitive application flows transmitted at a moment. To increase the quantity
of time-sensitive application flows in the network, we suggest to use bundle technology,
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namely, let several small bit rate real-time application streams share a channel if their
edge nodes(both ingress and egress nodes) are same.

For the channels shared by several sub-flows, former 6 bits next tag bits are used to
identify the flows, thus, the maximum number of flows sharing a channel is 63, which mean
that maximum period of each independent application sub-flow becomes 637, namely, a
slot including L' = 512 — 2 — 6 = 504 bits is transmitted in cycle for each sub-flow in
interval of 63 frame periods. The minimum bandwidth of the sub-flows is,

L' 504bits
637 63 x 125us

bsup = = 64kbps (3.2)

3.5 Architecture of Core Node

Data forwarding in core nodes of MPsLS is done at slot level synchronization.

3.5.1 Slot Level Synchronization

Due to the long linking distances, there is a noticeable fiber buffer effect, therefore, at
non ingress nodes, the arrived frames through different ports must be non frame level
synchronous, which is illustrated in Figure 3.10, thus, only slot level synchronization
forwarding is implemented at all input ports of each non ingress node. But all output
ports of each non ingress node still implement more strict frame level synchronization
transmission.

To achieve slot level synchronization on the case of fiber buffer effect, the little time
offset less than one clock time among data flows from different links is regulated with
fiber loops and that less than a slot time is adjusted with shift registers.

3.5.2 Structure of Reorder Buffer and Implementation

For less strict synchronous channels, it is possible that the slots in incoming frames arrive
early, but depart late in outgoing frames, which requires to adjust the orders of the
appointed slots. In this paper, we use reorder buffer to realize the function. The structure
of reorder buffer is shown in Figure 3.11, it is consisted of a memory block, which consists
of several storing units, the length of each unit is 512 bits, which equals the length of the
slots. At every slot period, the slot in the header of reorder buffer is read out, and filled
in the outgoing frame, at the same time, the rest slots in reorder buffer shift forward one
unit.

Assume that the header address of the reorder buffer is m, for a slot, if the lag between
the slot positions in incoming frame and in outgoing frame is 1,4, it is sent to unit 1,5 +m
in reorder buffer after processed, then, it shifts forward an unit every slot period, till reachs
to the header of the reorder buffer after n;,, periods, at last, it is read out from the header
of reorder buffer, and filled into the outgoing frame. Specially, for exact synchronous slots,
the lag between the slot positions in incoming frame and in outgoing frame just equals
the processing time n,, it means that processed slot is just sent to header unit of reorder
buffer.

Within the strip range with width of ¢, since the slot in any position in the former
link section can utilize any one position in the later link section, specially, if the channel
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Figure 3.10: Slot Level Synchronization

including only one slot, and in the former section it is located in the header position,
while in the later section it just is located in the tailer position, thus, it is necessary of
large reorder buffe which accommodates enough space to satisfy the long waiting time,
the minimum size is 2 - ¢ units. For different time-sensitive applications, the c is variable
with the QoS requirements, let the size of the reorder buffer be 400 units, the allowable
maximum offset range, or the width of the strip is 200 slots.

3.5.3 Forwarding Process of Appointed Slots and Constructing
Out-going Frames

The forwarding process of appointed slots is shown in Figure 3.12, in this figure, Ay, A,p1
and A, are slots from different application flows, assume that A,,; is exact synchronous,
while A,,o and A,,, are less strict synchronous, therefore, processed A, is just situated in
header of reorder buffer when it enters reorder buffer, the interval, n,, is minimum latency
time inluding buffer, pipeline processing and reorder process. A,,1, Appo and A,y address
their positions in reorder buffer according to lags between the positions in incoming frame
and outgoing frame.

Figure 3.13 shows the process of constructing the outgoing frame. At each output
port of the core nodes, only one slot is filled in current position of outgoing frame in each
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slot period, the slot may be appointed or filler, if there is an appointed slot in the header
of the reorder buffer, waiting to be sent out, it is read out at priority, otherwise, a filler
slot will be read out from the header of queue storing filler slots, if the queue is free, the
corresponding slot in outgoing frame is idle. Then, similar process is done at every slot
period one by one.

Furthermore, the scenario of slots forwarding process at core nodes is illustrated in
Figure 3.14.

3.5.4 Pipeline Processing

All incoming slots are forwarded at slot level synchronization. The forwarding process
consists of scanning slots in a frame, identifying slot types, looking up the channel tables
or label switching tables, and assembling new outgoing frames. It is difficult to finish these
sub-processes within only one synchronous slot period. In order to reduce the latency time
during forwarding process, we suggest using slot level pipelining. One or two processing
steps are implemented in each pipeline stage. The usage of the pipeline can lower the
performance requirement for the nodes. The number of pipeline stages is determined by
the software and hardware resources.

Furthermore, two different types of pipelines are used for appointed channel slots and
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filler channel slots, respectively, which is easy to implement by hardware, and specialized
hardware for different slot formats can gain higher speed that common hardware.

Figure 3.15 illustrates the pipeline process of appointed channel slots. In the figure,
A,, and Fjy,, indicate slot types, appointed slots or filler slots. Number 0, 1,2, - -+ mean
the order of the slots in incoming frames.

At an input port, the slot in incoming frame is sent to buffer in order in each slot
period, then the type of the slot in buffer is indentified by checking tag bits, if the slot is
appointed, it is sent to pipeline for appointed slots, the pipeline includes several stages,
the table look up stage T'L, the position finding stage PF', and the data copying stage
DC.

In T'L stage looking up the appointed channel table, finding the output port, in the
PF stage calculating the position in reorder buffer, and then, in the DC' stage copying
data to the proper position in reorder buffer situated in output port.

In the case of the exact synchronization mode, the slot from the buffer just arrives the
header position of reorder buffer, it is put away in next slot period, and filled in outgoing
frame.

While in the less strict synchronization mode, in PF' stage calculating the position in
reorder buffer, then, the data in the buffer are copied to the proper position in reorder
buffer, later, the slot is shifted one by one at each slot period, till the header of reorder
buffer, after that, it is filled in outgoing frame as that in the exact synchronization model.

If the slot is filler, the processing is done by other pipeline dedicated for filler slots,
which is shown in Figure 3.16, the pipeline includes the label switching table look up
stage T'L, the header modifying stage H M, and forwarding to output queue stage F'Q).
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Firstly, in T'L stagethe looking up the label switching table, after that, in HM stage
modifying the label header of filler channel slots, at last, the slot in the buffer is sent to
queue in the corresponding output port in stage F'Q).

The complexity of control message forwarding is resolved with non pipeline software.
The control slots at the header part of a frame (the outband control slots), and other slots
carrying control information (the inband control slots), may be handled by software.

3.6 Application of MPsLS

An MPsLS network is a network implementing MPsLS protocol, it performs MPsLS
switching in layer 2, while supports upper layer multi-protocol including IP, TCP, UDP
and so on, therefore, MPsLS is closed network liking Frame Relay, ATM.

MPsLS can link directly with other networks implementing different protocols, such as
Frame Relay, ATM, as shown in Figure 3.17. Namely, MPsLS supports multi-protocol at
edge nodes, edge MPsLS nodes have not only frame processing function which is speculiar
in MPsLS, but also the functions of MPLS edge node, therefore, MPsLS edge node can
automatically identify the multi-protocol packets and convert the transfer models between
MPsLS and others, but in the core area, only MPsLS transfer mode is performed.

The applications have two access models into MPsLS network: 1) directly link with
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such as computer and workstation, 2) indirectly through non-MPsLS networks.

In 1)., the whole network is a simple MPsLS network, the MPsLS edge node needs to
support only basic frame function, (this type of edge node can be called simple MPsLS
edge node or MPsLS edge node), the route to destination node across MPsLS area can be
found by investigating the management module of MPsLS edge node, then the sender side
of the application data flow sends out a resource request message, if the application data
flow is time-sensitive, in the message, some stream characteristics, such as bandwidth and
delay requirement, are included, the parameter values can be identified by digital item

adapter similar to Digital Item Adaptation (DIA) engine [113] of MPEG-21 standard.
The mapping of the stream parameters to connection channel is

AP
leot

Nslot — L
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where | %] denotes an integer not smaller than %, L, is the bandwidth corresponding
to a slot, AP is peak bit rate of the application flow A, Ny, is the number of required
slots.

And

Dmam Lframe
. 3.4
T 2. Nh(,ps1 (3-4)

Coffset = [

where [x] denotes an integer number not larger than x, ¢, s is the width of the strip
including the channel, Nj,,,; is the hops number, 7 and L ¢4, are period and length of the
frame, respectively, D,,.; is maximum variable delay except the access delay at ingress
node, since the access delay can be considered as constant, half of the frame period, if the
channel is reserved according to the peak bit rate. Therefore, a pair of stream parameters
(AP.D,,0,) can be mapped into channel parameters (N, Coffset)-

In 2)., the MPsLS edge node needs to support both functions of MPsLS edge node and
MPLS edge node, (this type of edge node can be called gateway), if the message arriving
MPsLS edge node is a IP packet, IP-header is investigated as in MPLS edge node, then
[P destination address included in it is mapped into equivalent MPsLS address by using
subnet mask, then consult the mapping table, find the MPsLS edge node directly linking
the destination user, finally, looking up the MPsLS connection table, obtain all hops along
the suitable route. All IP packets will be considered as non time-sensitive applications,
which are carried by filler channel passing through MPsLS area.

If the traffic is from MPLS or ATM, when the request message applying for virtual path
arrives the edge MPsLS node, the parameters including in the message are investigated
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as in MPLS edge node, then the virture path like in MPLS or ATM is replaced by the
MPsLS channels in MPsLS cloud, at this case, the whole MPsLS area can be considered
as a blackbox for all outside applications, specially, if the request message includes QoS
requirement, the channels across the MPsLS area will be set up as appointed channels,
otherwise, as filler channel. After setting up the virtual path or channel, the application
data transmission is performed at MPLS mode and MPsLS mode in outside and inside of
MPsLS cloud, respectively. There is a convertion process at linking gateway.

Accordingly, for the applications directly linking to MPsLS network, the determined
service QoS can be guaranteed when the traffic across the MPsLS cloud; while for the
applications linking to MPsLS network through other networks, the QoS depends on the
added effects across different areas.

3.7 Summary

This chapter mainly described the architecture of MPsLS networks, furthermore, main
characteristics, several important control elements and implementation process of data
forwarding at MPsLS edge and core nodes are explaned carefully. Due to using syn-
chronous channels to transmit time-sensitive applications traffic, avoiding the contention
for outgoing slot positions and congestion of arrived appointed slots, in theory, MPsLS
can provide better QoS for time-sensitive applications, besides, due to introducing tag
bits, the idle slots reserved for appointed channels can be utilized by filler slots carry-
ing non time-sensitive applications traffic, therefore, MPsLS can maintain high resource
utilization, simultaneously. In later four chapters, we will quantificationally analyze the
performance of MPsLS scheme.
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Chapter 4

Access Performance of
Time-sensitive Applications and
Percentage of Appointed Slots in
Frames

In MPsLS networks, all appointed channels are connection-oriented, not only the quantity
of used slots consisting of the channel is determined, but also their positions in the frames
are fixed during transmission, thus, both conditions of enough bandwidth and suitable slot
positions must be satisfied for establishing an appointed channel, otherwise, the channel
can not be set up.

Therefore, the access performance is one of important parameters to evaluate MPsLS
network. Besides the dynamic access performance, the statical parameter, the percent-
age of appointed slots to total slots in frames is also very important for evaluating the
performance, because the appointed slots can transfer both time-sensitive and non time-
sensitive traffic (if time-sensitive traffic arrives, which is transmitted at priority, if not,
non time-sensitive traffic is transmitted temporarily). Therefore, the larger the ratio of
appointed slots to total slots in frames is, the better the flexibility of MPsLS network is.

In this chapter, we discuss both dynamic access performance of time-sensitive appli-
cations, and the percentage of the appointed slots in frames.

4.1 Access Performance of Time-sensitive Applica-
tions

For each access request, only if the number of free slots is enough and the slot positions
are also satisfying the requirement, the new channel is allowable to be set up, then the
application traffic can be transmitted, therefore, we can use calling success probability to
express the access performance in MPsLS network. So-called calling success probability
is the probability of an application obtaining enough free and suitable slot positions for
establishing an appointed channel corresponding to once time request attempt within a
strip range along a path.

According to the mechanism of setting up appointed channels, all slots consisting of
a channel are limited to given strip range, which is the searching area for each calling
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attempt.

Assume that the width of the strip range corresponding to once attempt is ¢, the
number of slots required for setting up one or more time-sensitive applications is x, then
the calling success probability, Ps,.., on once attempt within this strip range, satisfies,

where 7 is the number of free slots along a path, p is the probability.

4.1.1 Simplified Model on Distribution State of Used Appointed
Slots

If the network is completely time-sensitive traffic free, namely, there is not any time-
sensitive traffic passing through the network, thus any new calling attempt for appointed
channels with the bandwidth less than the width of the strip range is always successful,
because all slot positions can be allocated to the channel according to completely same
slot positions distribution in all link sections, on this case, Py,. always equals 1, this is
only a special case.

But generally, there is time-sensitive traffic in the network, namely, some slot positions
in the strip range have been reserved for other time-sensitive applications as appointed
channels, therefore, we need to give a model to describe the distribution state of time-
sensitive traffic before theoretical anlysis.

Since MPsLS supports general network topology of star-shaped mesh structure, on
this case, a switch node has several input and output ports, a link fiber connects two
switches on its two ends. We consider three nodes shown in Figure 4.1, the links X — Y
and Y — Z are two of many fiber links.

If a path passes through link sections X — Y and Y — Z, due to there exists time-
sensitive traffic, some slot positions in the frames passing two sections have been partly
reserved by other appointed channels, thus the calling success probability of setting up a
new channel does not strictly equal 1, the value is determined by the distribution state
of used slots and the number of used slots (or utilization). We suppose that the used
slot positions in different link sections are completely stochastic and independent, the
reason is that: for any two neighbouring link sections, X — Y and Y — Z, due to the
joint switching node Y has several input and output ports, respectively, the traffic passing
through sections X — Y is not always passing Y — Z, and vice versa, therefore, the most
of traffic passing through sections X — Y and Y — Z is unrelated, only small part of
traffic passes through both sections simultaneously. Furthermore, even if for the related
traffic, the relationship of the slot positions used in both sections is variable with the
types of the channels (for example, if the channels are exact synchronous, each slot has
constant lag value, otherwise, whole channel has a lag, the value of each slot is variable).
Therefore, it is reasonable of assuming that the slot positions used in different sections
are independent and stochastic, furthermore, the states (used or not) of each slot position
in strip range can be decided by binomial distribution.

Based on the general network structure and distribution feature of used slot positions,
we will discuss dynamic calling success probability on different utilizations to two types
of appointed channel models, exact synchronous and less strict synchronous channels.
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4.1.2 Exact Synchronization Channels

An exact synchronous channel is shown in Figure 4.2, where the distribution of the slot
positions is completely same in different link sections, the lag between adjacent offset
ranges is constant, the value equals minimum latency time, n,, which includes pipeline
processing, reorder processing and so on.

Analytic Solution

Within the strip range, any slot position in an offset range has only one corresponding
position in each other offset range, assume that the width of the strip range is ¢, it
means that the offset range in each link section is ¢, from ingress edge to egress edge, if
the application data flow passes through h hops, besides, the usage state of each slot is
completely independent and stochastic within ¢, and the values of the utilizations of any
slot positions on the different linking sections equal py, po, - - -, pp, respectively.

Then, for any one slot position, the probability of this position being free on all sections
along the path is,

h

Py =TI~ pm) (42)

i=1

On the contrary, the probability of it being non free is,

P,,=1- H(l - pi) (4.3)

=1
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Therefore, for each calling attempt, the calling success probability of a new channel
with x slots is,

c h h
Psucc - ZCOJ . (H(l - pz))] : (1 - H(l - Pi))cﬁ (44)
j=x i=1 i=1
To simplify the calculation, let p = p; = py = --- = py, then
Pyyee = Z ch : (1 - P)h] ’ (1 - (1 - p)h)07j (45)
j=z

Calculation Results

Currently, the mean distance between two users in Internet is about 15 hops [97], since
the access of the users into Internet usually passes by local networks, thus, the average
hops between edge MPsLS nodes in backbone area should be less than 15 hops.

Here, to keep stringency, we still assume that the average distance between two edge
MPsLS nodes is 15 hops, then, the calling success probability for requesting a new ap-
pointed channel on different utilization can be calculated by equation (4.5). Since the
average hops is 15, we calculate the value on the conditions of the hops equal 5, 10, 15
and 30, the number of the slots consisting of the channel is 1, 5 and 25, respectively. On
different ¢ = 20, 50, 100, 200, 400 and 500, the calculation results are illustrated in Figures
4.3 to 4.14:
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The results show that: (1) there exists an area where the calling success probability
changes very quickly with the increasing of the utilization. On the condition of low
utilization, there is high calling success probability, when the utilization increases to a
value, the calling success probability drops sharply. (2) the hops have a larger affect to
the calling success probability. It means that calling success probability is remarkably
different for different path even on the conditions of same utilization and setting up a
new channel with same bandwidth. (3) the bandwidth of new channel also has some
degree of impact to the calling success probability, comparing corresponding figures on
same hops, it is clear that the channel bandwidth has larger impact on the small hops,
and has smaller affect on the large hops. (4) calling success probability is sensitive with
the offset range, ¢, when ¢ is small; while it is insensitive when ¢ is large, specially, when
c is larger than 200.

As a whole, the exact synchronous channels is established easily on the conditions of
only small hops, small bandwidth, low utilization and large offset range.

4.1.3 Less Strict Synchronization Channels
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Figure 4.15: The Slots Positions Distribution of Less Strict Synchronous Appointed Chan-
nels

For less strict synchronous channels, the distribution of used slot positions within strip
range, is variable in different link sections, it is shown in Figure 4.15, but the lag between
tailer slot position in former section and header slot position in later section is constant,
n,, which indicates necessary minimum latency time measured at slot periods, it includes
pipeline processing, reorder processing and so on, thus, the calling success probability can
be calculated as following:
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Analytic Solution

Because the offset ranges in different link sections are not overlapped, any slot positions
consisting of a channel in former link sections can use any combination of slot positions
within the offset range of later link sections, therefore, calling success probability in any
one link section within the strip range is

p1= chi(l —p)'p (4.6)

where x is the required slot number by the new channel. If there is A hops along whole
path, the channel calling success probability is

Psucc - plf (47)

Calculation Results

By using equation (4.7), the calculation results of the calling success probability on less
strict synchronous model are shown in Figures 4.16 to 4.27. In these figures, the horizontal
axis indicates utilization, and the vertical axis illustrates the calling success probability
for setting up a new channel.

The curves indicate that: (1)there exists a narrow range where the changing of the
calling success probability is very sharp with the increasing of the utilization. (2) the
impact of the bandwidth of new channel to the calling success probability is very strong
in the case of same range c. (3) the hops is insensitive, it hardly affects the calling success
probability. (4) the calling success probability is very sensitive to ¢, when the utilization
is about 0.9, the calling success probability is almost 100% for the new channel with 1
slot if ¢ > 50, while for the new channel with 5 slots and 25 slots, ¢ needs to be larger
than 200 and 400, respectively. (5) in contrast to the results on exact synchronous model,
the less strict synchronous model can obtain larger calling success probability on same
conditions of utilization, hops and strip range c.

Furthermore, if implementing at most three times attemps on different non overlapped
strip ranges when the first or the second times attempt is failed, the calling success
probability can reach to

Psucc,three — Psucc + (1 - Psucc)Psucc + (1 - Psucc)2 . Psucc (48)

where Pi,.. is success probability, 1 — P, is failure probability. Based on the analysis
above, substituting P;,.. in equation (4.7) into equation (4.8), we can obtain P, three
values. Specially, when P, is not less than 0.8, then Py,ccnree can exceed 0.8 + 0.2 x
0.8 +0.22 x 0.8 = 99.2%. Therefore, even on the worse case of hops=30, 25 slots channel
and utilization being 0.8, if let maximum strip range, ¢, equal 200, the calling success
probability almost reaches to 100%.

4.2 Percentage of Appointed Slots in Frames

In general, calling success probability of exact synchronous channel is smaller, the ap-
pointed channels in MPsLS network mainly exist at less strict synchronous model. In
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0.98

0.96

0.94

0.92

0.9

0.88

Success Probaiility

0.86

for an appointed channel with 5 slots ;
0.84 hops=5 i 1

o.82 | oo
0.8 ' ' ' ' ' ' ' —
0 01 02 03 04 05 06 07 08 09

o)

Figure 4.20: The Calling Success Probability for Setting up Less Strict Synchronous
Appointed Channel with 5 Slots, When Hops=5
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Figure 4.21: The Calling Success Probability for Setting up Less Strict Synchronous
Appointed Channel with 5 Slots, When Hops=10
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Figure 4.22: The Calling Success Probability for Setting up Less Strict Synchronous
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Figure 4.24: The Calling Success Probability for Setting up Less Strict Synchronous
Appointed Channel with 25 Slots, When Hops=5
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Figure 4.26: The Calling Success Probability for Setting up Less Strict Synchronous
Appointed Channel with 25 Slots, When Hops=15
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this chapter, we will analyze the capability of providing appointed channel service on less
strict synchronous model.

4.2.1 Analytic Expression

Within a strip range with width of ¢ between two edge MPsLS nodes, let the average
number of the free slots which can be used to set up appointed channels be Napp,p when
the utilization of each slot position equals p, thus the potential capability dynamically
providing appointed channels utilizing residual bandwidth can be expressed by p,,

N,
py = e (4.9)

p, illustrates the ratio of new appointed slots in residual bandwidth to total strip
bandwidth.

Furthermore, the total ratio of appointed slots to total slots within strip range ¢
satisfies

Nappp+p-c

- (4.10)

Rp:p+pp:

R, indicates the capability of network providing appointed channel service, it includes
two parts, having been used part of each slot position (the current utilization) and the
potential part of each slot position (residual utilization).

Within a strip range ¢, the probability with j free slot positions is

pj=cCi(1—p)-pd (4.11)
the probability with more than j free slot positions is
1 cCis (L=p)t-p= j<ec
=) =1 cli
p1,>] { 0 ] =c

therefore, the probability with j free slot positions through whole connection path
with A hops is

D= %ﬁm nCon - D DL j<c
’ DPic j=c

furthermore, the average number of the free slots which can be used to set up appointed
channels,

Napp,p = Zj Py (4.12)
j=1
Then, substituting equation (4.12) into (4.10), we obtain

Yijpitp-c
(&

R, =

(4.13)

The function R, exists a minimum, it means that the MPsLS network can ensure the
ratio of appointed slots transmitting time-sensitive applications to total strip range being
not less than this minimum.
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Figure 4.28: Percentage of Appointed Slots within Each Offset Range, when ¢=50

The minimum value can be obtained by solving following equation

R, =0 (4.14)

or drawing the I, curves, then find the minimum from the figure.

4.2.2 Calculation Results

To clearly describe the variation of R, function, in this paper, we draw the R, variable
curves with the utilization on different ¢ = 50 and 200, and hops=>5,15 and 30.

The results of the percentage of appointed slots calculated by equation (4.13), are
shown in Figures 4.28 and 4.29. In these figures, the horizontal axis indicates current
utilization, and the vertical axis illustrates the ratio of appointed slots to all slots within
the offset range. There is a minimum at each curve, on the left hand side of the minimum,
the current utilization is small, but more slots can be found to establish new appointed
channels in residual bandwidth; on the right hand side of the minimum, the current
utilization is large, but less slots can be found to establish new appointed channels in
residual bandwidth.

Besides, the relationship between the minimum of the ratio of appointed slots to total
slots in strip range, ¢, is shown in Figure 4.30, the figure indicates that the minimum
of the ratio decrease with the increasing of hops, and increase with the increasing of the
range c. But there is sharp gradient when ¢ < 200, which means that the value is sensitive
with ¢ in this area, but when ¢ > 200, the value is insensitive with c.
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Usually, the value is larger than 80%, if ¢ > 20, except on the worst case of hops =
30 and ¢ = 20, the value is little smaller than 80%. If ¢ > 200, the value exceeds
90%, therefore, we conservatively consider that each strip range can provide over 80%
bandwidth to establishing appointed channel.

Because the total fiber bandwidth can divided into many non overlapped strip ranges
with same width ¢, the conclusion in each strip range can extend to whole fiber bandwidth
area.

4.3 Summary

In the first part of this chapter, we discuss the access performance of MPsLS network. For
different parameters p, hops and ¢, the calculation results illustrate that exact synchronous
channels have small calling success probability, it is difficult to set up the channel through
large number of hops; less stric synchronous channels have large calling success probability
on even worst case. Specially, for the new channels with variable slots, 1, 5 and 25, even
the utilization reaches to 0.9, the almost 100% calling success probability can be obtained
if ¢ is over 50, 200 and 400, respectively.

Anymore, for each calling request, if we implement three times attempts in non over-
lapped strip ranges, the dynamic calling success probability can be further improved.
If only the success probability of each attemp reaches to 0.8, the total calling success
probability after three times attempts can be near 100%, where it needs only ¢ = 200.

In the second part of this chapter, analytical solution and calculation results show that
within each strip range (also can extend to whole fiber bandwidth), MPsLS network can
averagely provide over 80% slots to establish appointed channels, specially, if let ¢ = 200,
the percentage can exceed 90%.
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Chapter 5

Delay Analysis

The delay is an important factor affecting the service quality, usually which is used to
evaluate the network performance.

In MPsLS network, time-sensitive applications are transmitted on appointed channels,
the channels are allocated and reserved to per-flow, the traffic from one application does
not impact that from other applications, therefore, the QoS of each flow can be completely
determined by the traffic state and network resource assigned to the flow, such as arrival
process of the traffic, channel bandwidth and position distribution of the slots in the
frame.

The transmission of the non time-sensitive applications is different with that of time-
sensitive applications, all non time-sensitive application flows share large filler channel, the
resource of the filler channel is not ensured, it is allowed to use any free slot positions and
idle slot position on the appointed channels which are utilized by corresponding appointed
slots at priority, thus, not only the traffic from different non time-sensitive application
flows is impacted each other, but also is affected by the traffic state of time-sensitive
applications.

In addtion, the delay tends to be separated into the constant parts(e.g. propagation
delay) and the variable parts(e.g. queue delay) which depends on forwarding mechanism
and traffic state. In this chapter, we carefully discuss the variable delay according to
different tranfer modes, exact synchronous and less strict synchronous modes of appointed
channels, and filler channels mode, respectively, which mainly arising at MPsLS nodes is
caused by processing and queueing of application data .

The remainder of this chapter is organized as follows. Sections 5.1 and 5.2 analyze
the variable delay of application traffic passing through core and edge nodes of MPsLS
network, respectively. And Section 5.3 proposes an expression of estimating whole delay
from edge-to-edge nodes. Then Section 5.4 summarizes this chapter.

5.1 Forwarding Delay at Core Nodes

At core nodes, variable delay is caused by buffering, processing, and reordering slots, we
call it forwarding delay.
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5.1.1 On Exact Synchronization Channel

Waiting Queue Assume that a core node has m input and m output ports, m input
ports share every output port fairly, and vice verse. And each input port carries same
amount of traffic, and traffic obeys same arrival distribution.

p=p +p buffer for real-time traffic —
real non p p p
at most one slot real non

| HEEEE J =1 |

| HEEEE one of outgoing frames
. 1]
o queue for non real-time traffic
[}

p real /m

p_/m

non

incoming frames

Figure 5.1: Forwarding Process of Slots at Core Nodes

The forwarding process of the slots at core nodes is illustrated in figure 5.1, if the total
average utilization of time-sensitive traffic is p,.,; and that of non time-sensitive traffic is
Pnon» DUt the average value is p,,, when there is not time-sensitive traffic. The traffic of
each input port contributing to any one output port is same, the values of the average bit
rates are preq/m and p,,,/m, respectively.

During a synchronization slot period, each time-sensitive traffic queue corresponding
to an output port receives at most one appointed slot, while each non time-sensitive traffic
queue receives at most m filler slots when there is not appointed slot arriving, or only
atmost m — 1 filler slots when there is an appointed slot arriving, and only one slot is sent
out, therefore, the sum of both queue lengths satisfies,

Lk+1 = Lk — Bk + Ak (51)

where Ly (or Liy1) is sum of length of both time-sensitive traffic and non time-sensitive
traffic queues in kth (or k + 1th) synchronization slot period.

Ay is the number of the slots that arrive in kth slot period, which includes time-
sensitive and non time-sensitive traffic slots, the utilizations are p,.q; and pp.,, respec-
tively. By is a function denoting the number of slots sent out in kth slot period, it satisfies
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_f1L>1
Bk_{OLkzo

Let Ly = Ly — By, thus the sum of both queue lengths L consists of an imbedded
Markov chain. L* and A are independent of each other, the probability generating func-
tion(pgf) of L satisfies

zo- (2 —1)- A(z)
z— A(2)

where A(z) is the pgf of arrival distribution A, ¢ is the probability when the sum of both
queue length equals zero, and

L(z) = (5.2)

Ty = 1— A,(Z)|Z:1. (53)
From equation (5.2) and (5.3), we obtain

_ A"(z)

L=Lz)-=[—-—

e )

Since arrival distribution A follows conditional binomial distribution in a synchroniza-
tion slot period, A(z) satisfies

+ A'(2)]]o=1 (5.4)

-1

3

A(Z) = P(Anon - i|Areal - 1)Prea12’i+1
=0
+ Z P(Anon = 7:|Areal - 0)(1 - Preaz)Zi (55)
=0
where
P(Anon — i|Areal - 1)
Pron i Pnon\m—1—i
= iCm— : : ]- - rea 56
Ly Py (5.6)
and

P(Anon - i|Areal — 0)
= (Cpp - (Premyi (= Bromymeiy ). (5.7)
m m

Substituting equations (5.6) and (5.7) into (5.5), then calculating the first and second
order derivatives of (5.5), we obtain

A'(2)|=1 = Preat + Pron — % (5.8)
and
A"(2)]o=1
(= 1) (2t + o — 2t o

m
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Substituting equations (5.8) and (5.9) into (5.4), we have

_ 1—
I = Dreal + pnon( preal)
m

(1 - pn%)(l - %)pnon
1— Preal — Pnon + rearlnnon

+

(5.10)

The first term of equation (5.10), prea, €quals the average queue length of time-sensitive
traffic, Ly eq,

Lreal = Preal (511)

and the rest is the average queue length of non time-sensitive traffic, L,,,, therefore,

me — pnon(l - preal)
m

(1 - pn%)(l - %)pnon
1— Preal — Pnon + rearln o

+

(5.12)

Mean Waiting Delay Since there is only at most one slot stored in a queue for the
time-sensitive traffic and its average length, L,.q;, equals p,.q;, the number of slot periods
waiting in the queue is,

Wiea = 1 (or
Preal

) (5.13)

For non time-sensitive traffic, since average arriving rate is 7,0, = Pnon(l — Prea/m)
according to equation (5.8), and equation (5.12), we can obtain the number of slot periods
waiting in queue for each connection,

LTLO’I’L

ﬁnon
(1 - preal)

m — Preal

1 — Lnon)(m — 1
+ ( 2 )?( n ) (5.14)
(1 — Preal — Pnon + reammm)(m - preal)

Wnon =

Simulation Results The calculation results from equations (5.11), (5.12), and (5.14),
and the simulation results are shown in Figures 5.2 and 5.3 on the conditions of total
utilization, p = prear + Pron = 0.9, and number of input ports, m = 20.

Figure 5.2 shows the mean queue length of time-sensitive and non time-sensitive traffic.
The curve indicates that the queue length of non time-sensitive traffic decreases rapidly
as the utilization of time-sensitive traffic increases, while that of time-sensitive traffic is
proportional to the utilization of time-sensitive traffic.

Figure 5.3 indicates the mean waiting time in queue for non time-sensitive traffic.

We also calculated the results of mean queue length and mean waiting time for both
time-sensitive and non time-sensitive traffic when p = prea+0,,,, = 0.5, they are shown in
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figures 5.4 and 5.5, the results illustrate that the variation of the queue length and delay
of non time-sensitive traffic with the time-sensitive traffic utilization is almost linear.
Comparing to corresponding values in Figures 5.2 and 5.3 when p = 0.9, the queue length
and delay remarkably decrease with the drop of total utilization p in network.

1 -
calculation results for non time-sensitive
calculation for time-sensitive
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Utilization of Time-sensitive Traffic

Figure 5.4: Mean Queue Length to Utilization (in Exact Synchronization Model)

Besides, from Figures 5.2 to 5.5, we can see that, although the queue length of non
time-sensitive traffic decreases as the utilization of time-sensitive traffic increases, the
mean waiting delay grows significantly. This is because time-sensitive traffic is transferred
at priority to non time-sensitive traffic.

The long waiting delay, however, is acceptable for non time-sensitive applications.

Impact of m We also investigate the influences of m and time-sensitive traffic to mean
delay of non time-sensitive traffic, when p = 0.9. The variation of the mean delay of
non time-sensitive traffic with m is shown in Figure 5.6. The results indicate that on
same time-sensitive traffic, the mean delay of non time-sensitive traffic increases with the
increasing of m, but when m > 5, the variation is very slow.

5.1.2 On Less Strict Synchronization Channel

In the less strict synchronization model the arrived appointed slots need to sojourn longer
time in reorder buffer than that in the exact synchronization model.

Because the channels are reserved exclusively and there is no contention for the same
output slot. Therefore, the average sojourn time equals
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Wreal =c (515)
where c is the width of the strip range. Therefore, average sojourn time is proportional
to the offset range c. it can fall in allowable range to assure required QoS by controlling
c.

We also have investigated the influence of the offset range of appointed channel to

waiting delay of non time-sensitive application flows.
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Figure 5.7: Mean Waiting Delay to Utilization (in Less Strict Synchronization Model)

Figure 5.7 exhibits the simulation results of the mean waiting delay for non time-
sensitive traffic when ¢=20 and 100, and m=20, comparing to the cures in Figures 5.7
and 5.3, which mean not only the types of the appointed channel, but also size of the offset
range have hardly influence to mean delay of non time-sensitive traffic when m is large.
The reason is that although the existance of ¢ can cause little bulk effect comparing
to exact synchronous model(in less strict synchronous model, for example, a case may
take place in special slot periods, at that time, maximum slot number which needs to be
processed exceeds m, reach to m+1, namely, m filler slots arriving plus a waiting appointed
slot), but the inflence becomes weak with the increase of m. Thus, mean delay of non
time-sensitive traffic when there are less strict synchronous channels can be approximated
by the value when appointed channels are all exact synchronous when m is large.
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5.1.3 General Expression of Total Forwarding Delay for Differ-
ent Types of Applications

From the analysis and simulation results in sections 5.1.1 and 5.1.2, time-sensitive traffic
transmitted in the less strict synchronization model hardly causes additional delay for
non time-sensitive traffic compared to that when all time-sensitive traffic is transmitted
in the exact synchronization model.

Therefore, for any application flow j, the total switching delay at each core node is
represented by

Dcore,j = Wj ' l +pr—=+ L (516)

N
The first term is the waiting delay obtained in previous subsections, the second term
is processing delay(including pipeline, buffer), where p is the sum of both number of
pipeline stages and buffers, and the last term means synchronization delay for slot level
synchronization.

For time-sensitive traffic in the exact synchronization model, W; = W, = 1; in the
less strict synchronization model, W; = W), , = ¢. For both models, p equals the sum of
both number of pipeline stages and buffers processing appointed slots, pgp.

For non time-sensitive traffic on filler channels, p equals the sum of both number of
pipeline stages and buffers processing filler slots, pyije,, and W; = Wy, which can be
approximately calculated by equation (5.14) on the case of appointed channels being less

strict synchronous.

5.2 Mean Delay at Ingress Nodes

At the ingress edge nodes, firstly long packets are split to data segments with slot size,
then are filled in corresponding positions of a large frame. Therefore, the entering delay
at ingress edge nodes includes splitting packets, assembling, and sending out frames.

Due to implementing frame level cycle at edge nodes, assume that the splitting delay
of packets, and assembling delay of the frame is very short comparing to frame periods,
therefore, we need only consider the waiting delay in the queues. For cycling transmission,
there is additional waiting queue delay for both time-sensitive and non time-sensitive
traffic, because although the appointed channels are reserved for time-sensitive traffic,
stochasticly arrived slots needs to wait own slot positions, while, similarly, filler slots also
need to wait free slot or idle appointed slot positions.

5.2.1 Mean Entering Delay

For simplicity, we assume that the arrival process of the slots is Poisson arrival, and
all packet have same size which equals the size of a slot. If the arrival process of jth
application flow is A;. In any two neighboring discrete frame periods, k and k£ + 1, the
following equation is satisfied for jth flow,

LA = [Lf — ny]* + A (5.17)

where,

L¥ —n. Lk >n,
E_ ]+ — J jty =Ty
(L5 = 4] {0 LY < n;
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the queue length, L;, consists of an imbedded Markov chain. For this type of group
service queue, Bailey gave the following solution based on the probability generating
function (pgf) in [99],

A(2)n; — B(A))(z - 1) " 2 — 2
2 — Aj(2) Il

k=1

L(z) = (5.18)

1— 2k
where L;(z) is a pgf of queue length L;, A;(2) is a pgf of the arrival process A;, and z,
k=0,1,2,---n—1, are the complex roots of characteristic equation, 2 — A,(z), specially,
zZ0 — 1.

The mean queue length is

- '  Var(4y)
Li=L;j(2) |,, = 3, — B(A;)]
E(A]) nj -1 ni 1 1
+—, s+ kXZjl T (5.19)

where E(A;) and Var(A;) are expectation and variance of the arrival process A;, respec-
tively.

Since the arrival A; follows the Possion distribution, substituting the relation, E(A;) =
Var(A;), to equation (5.19), we obtain the Bailey’s result [99],

— = —EBA)] S

T, = + Y — (5.20)
From the pgf of the characteristic equation, A;(z) = exp[A;7(z — 1)], we obtain,
Xj‘r(zkfl)
2 =wp-e " (5.21)

where ); is the average arrival rate of A;, 2 is the k' root, and wy is the k™ root of
complex number 1, wy, = exp(2mi - k/n), k = 0,1,---n — 1, especially when k& = 0, then
Wy = 1.

We can get numerical solutions by the following iteration expression,

27Ti'k—AjT(l—ZLn)
2 =e " (5.22)
Finally, since the system satisfies PASTA (Poisson Arrivals See Time Averages), thus,
the mean waiting time at ingress node can be calculated by

(5.23)

Dingress,j -

Zj T
Aj 2
Calculation Results The results of numerical calculation from equation (5.23) are
shown in Figure 5.8 when reserved slots for per-flow equal 1, 5 and 25, and the frame
length is 2400 slots.

Figure 5.8 clearly indicates that the mean waiting delay decreases as the number of
reserved slots in a frame increases at the same utilization.

Therefore, the greater the reserved bandwidth is, the stronger the ability to smooth
the arrival randomness is. When the number of reserved slots per-flow reaches to 5, the

mean delay is nearly 37/2 even if p = 0.9. At worst case of number of slots being 1, the
mean delay is only 57 if the utilization is p = 0.9.
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Simulation Results For non time-sensitive traffic, strictly to say, the delay can not be
calculated by equation (5.23), because the number of the slots in different frame periods
is variable, the value is related to prior time-sensitive slots, therefore, we investigate the
mean delay of non time-sensitive traffic when the mean bit rates of time-sensitive flows are
changable at binomial distribution within reserved channel area. On the cases of reserved
slots are 50% and 90% to total slots in frames, the relationship between mean delay and
utilization of reserved channel is shown in figure 5.9,

The simulation results show that the mean delay of non time-sensitive traffic is near
constant, and equals 0.57, because in theory the value is affected by prior time-sensitive
traffic, however, the larger filler channel has strong power to reduce the impact, since the
bandwidth of filler channel at least reaches to 10% of total bandwidth of the link fiber,
which natually remove the impact of the variation of time-sensitive traffic.

5.2.2 Delay of Sending and Receiving Slots by Turn at Edges

At the ingress and egress edge nodes, the frames are sent and received as a whole, respec-
tively, at ingress node the slots in the frame are transmitted one by one, each slot must
wait its order in the frame buffer; at egress node the decomposing process of the frame
must be done till whole frame arriving in the frame buffer, thus, the mean waiting delay
is(for all appointed slots):

We=W,+W.x~T (5.24)

where W, satisfies 0 < W,, < 27. Because for a given appointed channel, usually the
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Figure 5.9: Mean Waiting Delay of Non Time-sensitive Traffic to Utilization at Ingress
Node

entering frame at ingress node and departing frame at egress node are not synchronous in
frame level, the slot positions in the frame of egress node are different with those in the
frame of ingress node, the value is variable with different paths. To estimate the value
simply, assume that the positions in the departing frame at egress node are random, thus,
W, = 0.57; similarly, because the positions in the entering frame depend on the channel
distribution, hence, W; = 0.57. Furthmore, if the positions of used appointed slots are in
the place near to header, 0 < W; < 0.57, on the contrary, if the positions is near to tailer,
7 > W; > 0.57. Therefore, the delay can be slightly adjusted by allocating the positions
to appointed channels in entering frame.

5.3 Edge-to-Edge Mean Delay

For any core nodes in the MPsLS cloud, if traffic is independent with nodes and forwarding
process is uniform, the mean delay for any traffic low between ingress and egress edge
nodes can be described as

Ej - Ww + Dingress,j +h- Dcore,j (525)

where Dipgress,j and Deore j are delays of flow j at ingress edge and any one core node,
respectively, h is the number of hops along the path between ingress and egress edge
nodes, and the first term of the right-hand side in equation (5.25), W,,, denotes the sum
of the delays when sending and receiving slots at the edge nodes, which equals 7.

76



For time-sensitive application flows Since the channels are reserved at peak bit
rate, Dingress; = 7/2, thus,

e in the exact synchronization model:

-
Dcore,j - (pa,pp + 15) : N —0 (526)
thus,
Dreat(s) = 1.57 + h - (papp + 1.5) - % ~ 1.57 (5.27)
e in the less strict synchronization model:
T T

Dcore,j - (papp +c+ 15) : N — C- N (528)

therefore,
Dreai(ry = 157 + b (Dapp + ¢ + 1.5) - % ~157+h-c- % (5.29)

For non time-sensitive application flows All filler channels are shared, and usu-
ally the number of usable total slots is larger than 500. Furthermore, assume that no
congestion arises at the ingress nodes (or ppon, < 0.9), therefore, at ingress edge node,

\]

Dingress,j ~ 5 (530)

while at core nodes,

Dcore,j = (pfiller + 0.5+ Wnon) ' — Wnon : (531)

i T
N N
therefore,

Duon ~ 157 + h(priter + 0.5 + Wign) - % N 15T+ b Wgn - % (5.32)

Therefore, we can estimate the edge-to-edge mean delay for an application connection
path by the calculation results from the equations (5.27), (5.29) and (5.32). The value
is determined by the path, reserved bandwidth and utilization on the channel. Once the
parameters and path are determined according to QoS requirement, the mean delay can
be guaranteed.

Furthermore, at ingress node, both types of traffic has same average delay, 7/2, but
at core nodes, the exact synchronous model provides smallest delay, and in the non con-
gestion state, the average delay of non time-sensitive traffic is even smaller than that of
time-sensitive traffic transmitted on less strict synchronous model, because all non time-
sensitive traffic shares large residual bandwidth. However, since network is a larger sys-
tem, the congestion can not be avoided, in the congestion state, both exact synchronous
and less strict synchronous models can still provide assure service, the delay does not
vary with the traffic state, while the delay of filler slots will increase drastically, but it is
acceptable for non time-sensitive applications.

77



5.4 Summary

In this chapter, we analyzed the variable delay when the traffic is transferred along the
connection path between ingress edge and egress edge in MPsLS cloud. And propose an
approximate expression to estimate the total delay. For the time-sensitive applications
on less strict synchronous channels, on worst case of ¢ = 200, N = 2400 and h = 30, the
total delay can reach to D,cqp) < 4.57 < 0.6ms.
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Chapter 6

Maintaining High Utilization of
Resource in MPsLS

In MPsLS network, the resource is reserved at per-flow for all time-sensitive application
flows, each flow uses different bandwidth and synchronous slots according to own QoS
requirements.

The non time-sensitive applications are different with time-sensitive applications, which
all share large left bandwidth except for the parts used by all appointed channels, the
performances are affected by time-sensitive applications.

In this chapter, we simply discuss the contribution of the usage of idle appointed slot
positions to raise resource utilization and to reduce delay of non time-sensitive traffic.

The remainder of this chapter is organized as follows. Section 6.1 analyzes the resource
utilization on both idle appointed slot positions being used or not. Section 6.2 discusses
the influence of using idle appointed slot positions to non time-sensitive application delay.
Then, Section 6.3 summarizes this chapter.

6.1 Utilization of Channels and Throughput for Non
Time-sensitive Traffic

In our MPsLS scheme, the appointed channels are reserved for time-sensitive applications
at per-flow, while the filler channel is shared by all non time-sensitive applications. There-
fore, not only appointed channels and filler channel have different channel utilizations, but
also the utilizations of the appointed channels for different time-sensitive application flows
are variable.

Assume that the total link rate of a fibre is B bps, the period of a frame is 7 seconds,
and the length of a slot is Ly, bits, thus the bandwidth of a channel with a slot in a
frame, b, is

leot
b= 1
- (6.1)
and, the length of a frame, NV, is
BT
N=] 1 (6.2)



where [x| denotes an integer number not more than x. To simplify, we assume that
(B - 7)/Lge is integer, thus

_B'T

N
leot

(6.3)

6.1.1 For Time-Sensitive Flows

Generally, the reserved channel bandwidths for time-sensitive applications have relations
with their bit rate, assume that there are ¢ time-sensitive application flows being trans-
ferred simultaneously. The average bit rates of those flows are A; (j =1,2,---7). S; and
P; (j =1,2,---i) are reserved bandwidths and peak bit rates corresponding to the flow
A;, respectively.

Thus, the number of reserved slots, n; (j = 1,2,---7) is defined by the following
equation,

nj:LthJ+Nover,j ]:1;2,7/ (64)

where || denotes an integer not smaller than %, and Ny, ; is the number of over-reserving
slots. Accordingly, S; = n; - b, and their utilizations satisfy

= = — ]_, e . 65
Pi Sj leot Uz / ( )

Specially, when the bandwidths of the applications are reserved at peak bit rate, then

P
leot

n ==L j=1,2,--i. (6.6)

and the channel utilization is

Aj-T
7=

p
slot * nj

j=1,2,- 0. (6.7)

6.1.2 For Non Time-Sensitive Flows

Assume that there are numbers of non time-sensitive application flows besides ¢ time-
sensitive application flows. The sum of average bit rates is V,,,,. All non time-sensitive
flows share a large filler channel, the average bandwidth available for those non time-
sensitive flows is By,p,.

If idle bandwidth reserved for appointed channels can be used by filler slots temporar-
ily, the usable whole bandwidth of filler channel is

B,on = B — Z A, (6.8)
j=1
where B is the total bandwidth of a link fibre.
The average utilization of filler channel, p,,,, is

Vn on

non — 6.9
p B (6.9)
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Otherwise, if idle bandwidth reserved for appointed channels can not be used by filler
slots temporarily, the usable bandwidth is only

B,,=B-=> n;-b (6.10)
j=1
Similarly, the utilization of filler channel is
VTLOTL
Pron = i (6.11)

non

Comparing equations (6.9) and (6.11), since A; < n; - b even if Ny, ; = 0, thus,
P;wn > Prons if Nover,j 7£ 07 then p;wn > Pnon-

Therefore, if total bit rate of non time-sensitive flows is constant, then when idle slot
positions on appointed channels are used by filler slots temporarily, the filler channel has
small utilization because the usable bandwidth is large. While when idle slot positions
on appointed channels are not used by filler slots temporarily, the filler channel has large
utilization. On the contrary, if total bit rate of non time-sensitive flows is variable, when
idle slot positions on appointed channels are used by filler slots temporarily, the link can
provide large throughput for non time-sensitive applications.

6.1.3 Total Resource Utilization of Link Fiber

Besides increasing the throughput for non time-sensitive traffic, the usage of idle appointed
slots can also improve the resource utilization of total link fiber. If the state of time-
sensitive application and non time-sensitive application flows is as same as that described
in sections 6.1.1 and 7?7, the utilization of link fiber is

o Vnon + Eé':l A]
B B
When the idle appointed slots are used temporarily, since the maximum throughput
of non time-sensitive traffic can reach to B — E;‘:l A;, thus, the maximum utilization of
link fiber can be near 1. But when the idle appointed slots are not used temporarily, the
maximum throughput of non time-sensitive traffic is B — E;Zl nj - b, because n;-b > A;,
if usually existing some Noyerj # 0, then 375 n; - b>> 375 A, therefore, p < 1.

(6.12)

6.2 Impact of Using Idle Appointed Slots to Delay of
Non Time-sensitive Traffic

The usage of idle appointed slots not only improve the resource utilization and throughput
of non time-sensitive traffic, but also reduce the delay of non time-sensitive traffic. In this
part, we investigate the delay of non time-sensitive traffic at core and ingress nodes on
the cases of reserved bandwidths for time-sensitive traffic being 40% and 80%, and the
average utilization of appointed channels being 0.5 and 0.9, respectively.
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6.2.1 At Core Node

On both cases of the idle appointed slot positions being used or not by filler slots, the
mean delays are simulated, besides, when the idle appointed slots being used, the mean
delay can also be calculated by equation (5.14). The variation curves of the mean delay
with utilization are shown in figures 6.1- 6.4. The results indicate that (1) when the
idle appointed slot positions are not used, the delay of non time-sensitive traffic has not
relations with the utilization of appointed channels, but when the idle appointed slot
positions are used, the delay of non time-sensitive traffic decreases with the decreasing of
the utilization of appointed channels. (2) the usage of idle appointed slot positions can
improve the capability of carrying non time-sensitive traffic. (3) the congestion area of
the non time-sensitive traffic is deferred if the idle appointed slots are used, the congestion
area means that the delay drastically varies with the utilization.
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Figure 6.1: Mean Waiting Delay of Non Time-sensitive Traffic at Core Node

6.2.2 At Ingress Node

Similar to analysis in section 6.2.1, on both cases of the idle appointed slot positions being
used or not, the mean delays can be calculated according to equation (5.23), furthermore,
the simulation is done when the idle appointed slot positions being used, the curves are
shown in Figures 6.5- 6.8. The results show that (1) the congestion area of the non
time-sensitive traffic arrives later if the idle appointed slots are used, where the delay
drastically varies with the utilization. (2) the average delay almost equals 7/2 if only in
non congestion state.
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6.3 Summary

In this chapter, we simply analyzed the impact of the usage of idle appointed slot positions
to resource utilization and average delay of non time-sensitive traffic, the simulation and
calculation results show that MPsLS scheme not only improves resource utilization, but
also reduces the average delay of non time-sensitive traffic, specially, defers the arriving
of congestion area.
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Chapter 7

Comparison with Other Switching
Schemes

In a large network, the bottleneck tends to arise at core nodes, at core nodes, on the one
hand, the transmission of the traffic needs to slow down or temporarily stops in order to
investigate the message included in the data, on the other hand, there is larger utilization
at core area than edge area, the confluence process of the traffic may leads to temporary
congestion, which causes the degradation of the service quality.

As a new switching scheme, the main advantage of MPsLS is that in core area it
can specify the time-sensitive application flow traffic based on synchronous channels, and
reduce the randomness of the arrival process, thus, MPsLS can remove congestion and
contention for the transmission channel and processing resource at core node, accordingly,
it has a potential of providing better service quality to time-sensitive applications.

It is very difficult to compare the performance of two different schemes comprehen-
sively, in this chapter, we mainly compare delay performance of MPsLS at core node with
that in other typical schemes, such as DiffServ, ATM and DTM, which are considered as
effective schemes to improve QoS for time-sensitive applications currently. At the same
time, we also compare the calling loss performance in MPsLS with that in other schemes.

The remainder of this chapter is organized as follows. Section 7.1 analyzes the delay
and jitter performance in different schemes based on the simulation results. Section 7.2
simply discusses the calling loss. Then Section 7.3 summarizes this chapter.

7.1 Delay and Jitter

The delay and jitter are the important parameters to evaluate the network transmission
performance, although several network models deployed currently can improve QoS, the
delay performances are different.

7.1.1 Datagram Model

In usual IP network, the basic transfer mode is datagram model, in this part, we will
simulate the delay in both best-effort and DiffServ models, respectively by assuming that
the arrival of the flows is Poisson process, the size of the packets are variable, the average
length of the packets is 1/2 x 1500 bytes.
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7.1.1.1 Simple Best-effort Model
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Figure 7.1: Service Model in Usual IP Network

At a core node, the service model of simple best-effort is illustrated in figure 7.1, the
service time satisfies exponential distribution, if processing speed of the node is 10Gbps, let
the processing time of 512 bits (length of slots) be one unit time, thus average processing
time for a packet is about 1/2x1500x8/512 = 12 unit time, the system time of the packets
in service system on different utilization can be obtained with the variation of the time
interval of the packets arriving. The results are shown in figure 7.2, where the horizontal
axis indicates the utilization, and the vertical axis illustrates the ratio of system time
to unit time, the simulation results show that although the average delay is very small,
there exists lager maximum delay even if the utilization is small, which means that queue
increasing or temporary congestion is inevitable even on the small utilization case, when
the utilization is about 0.7, the maximum delay of the packets exceeds 400 unit time.
While for MPsLS model, although average value is larger than that in IP network on the
case of small utilization, the maximum delay is controlled by allowable offset range, even
if the utilization is 1, specially, when ¢ = 200, the maximum delay is 400 unit time; when
¢ = 50, the maximum delay is only 100 unit time. Therefore, MPsSLS can avoid the worst
case, but the cost is the increasing of the average delay on the small utilization.

7.1.1.2 Differentiated Service Model with Priorities

If the application flows are classified at different priorities, the service model is shown in
figure 7.3, furthermore, the implementation processes are divided into two types, preemp-
tive and non-preemptive, the former means that the priority is absolute, the implemen-

88



g

D 2000 .

) average system time for IP network ——+— j(

?5— maximum - PGenmnne:

_2 average value for MPsL S, when c=200 =———— 1

oo maximum s H

&

-l

= 1500 |

=

(2]

;:

S

[«B)

£ 1000 |

|_

je))

s

(o] "

o ;

& N

=] .

g 500 |

e T

5 o f

B L g ¢

& N S— 2

b AP e

_3 e . J

B o ; , .

= 0 0.2 0.4 0.6 0.8 1
Utilization

Figure 7.2: Relationship between System Time and Utilization

Ay
— >

°

® o

® priority

w

Mia
—_—) >
A —> Processing >
—_—p >

)

° - .

° > non-priority
M
_’ :

Figure 7.3: Service Model with Priority Classes in Usual IP Network (such as DiffServ)

89



tation of non priority class service can be interrupted when the traffic with priority class
arrives; the latter means that the implementation of non priority class service can not
be interrupted, although the former obtains smaller delay for priority service class than
the latter, it leads to large loss ratio and much worse performance to non priority class
traffic, therefore, usually non-preemptive priority class mechanism is used, in this part,
the relationships of maximum system time and jitter with utilization are simulated for
non-preemptive priority class service.

When the Ratio of Time-sensitive Traffic to Total Traffic being Constant

Assume that the ratio of the priority class traffic to total traffic is constant, for non-
preemptive, the variation of the average system time of both priority and non priority
class service with total utilization are shown in Figure 7.4, at the same time maximum
system time and maximum jitter of priority service class traffic are shown in Figure 7.5
when the ratio equals 1/3.
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Figure 7.4: Relationship between System Time and Total Utilization

Figure 7.4 indicates that the applications with priority service class can obtain smaller
average delay, therefore, which can provide better service quality than that in non dif-
ferentiated service model. While the average delay of non priority service class traffic is
enlarged, it is allowable. Even for priority service class traffic, the queue increasing or
temporary congestion is inevitable, the maximum delay exceeds 200 when total utilization
p>0.7.

Besides, Figure 7.5 shows that the jitter still exists, the maximum value is about 100
unit time.
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When Total Utilization being Constant

If assume that the total utilization of both the priority class traffic and non priority class
traffic is constant, for non-preemptive, the variation of the average system time of both
priority and non priority class service with the utilization of priority class traffic are shown
in Figure 7.6, while maximum system time and maximum jitter of priority service class
traffic are shown in Figure 7.7 when the total utilization equals 0.9.

The results illustrate that the maximum delay and jitter of priority service class traffic
increase with the increasing of the utilization of priority service class traffic when the total
utilization is constant 0.9, if the utilization of priority class traffic reaches to about 0.75
(while the utilization of non priority class traffic is about 0.15), the maximum delay will
exceed 400 unit time, the maximim jitter is near 100 unit time.

7.1.2 Virtual Circuit Mode

ATM is a typical virtual circuit model, which supports five types of service classes, among
them, CBR (constant bit rate service) is usually used to transfer time-sensitive applica-
tions, which has the ability of providing better QoS.

In CBR service class, the application traffic is shaped according to peak cell rate(PCR)
at edge node of ATM network, the shaping process is done by the algorithms, such as
leaky bucket or dual leaky bucket. At core nodes, the cells are forwarded based on priority
scheduling mechanism, since CBR service class has priority to others, the traffic is not
impacted by other types of traffic. Logicaly, the service model of CBR can be abstracted
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into Figure 7.8 if ignoring the short switching delay.

However, in constrast to switching delay of MPsLS, the scheduling delay also needs to
be considered. In the past few years, many researches on the scheduling algorithms have
been done, the most basic one is Round Robin among all CBR channels.

Because the flows may have different bandwidth, it is difficult to ensure all cells of the
flows being forwarded at fixed time interval even if implementing cell level Round Robin
scheduling, which results in the little delay increasing and jitter. Even on the ideal case
of all lows having same average bit rate, thus, the cell level Round Robin scheduling can
be easily implemented, obviously, the bandwidth can be strictly guaranteed, however, on
the one hand, the temporary bit rate may be variable with the time, the arrival of the
cells does not accurately match with the scheduling time assigned to it, which leads to
delay or jitter, on the other hand, even if the bit rate is constant, it is also impossible
of the arrived cells accurately matching with the scheduling time due to the asychronous
arrival process, besides, more than one cells may arrive simultaneously. Therefore, to
strictly say, CBR can not completely remove the jitter, the value is determined by the
scheduling mechanism, because usually the value is small, which is main reason of CBR
channels being considered as dedicated channels liking private lines by most users and
service providers.

In this part, we simulate the maximum jitter when the arriving process is Poisson.
Assume that there are four time-sensitive application flows with same average and peak
bit rates, thus, maximum utilization of each flow is 1/4, if the scheduling is implemented
fairly to four flows at cell level cycle, and the distribution of time interval between the
cells satisfies exponential distribution, but the minimum time interval between neighboring
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cells is four cells processing time, namely, peak bit rate is B/4, if reserving bandwidth of
B/4 to each flow, the simulation results of maximum jitter are shown in Figure 7.9.

The results indicate that maximum jitter is near 4 cells processing time, besides,
the average jitter is non-zero, although the value decreases with the increasing of the
utilization.

In fact, the number of the CBR channels is not only 4, the maximum jitter drastically
increases with the increasing of the number of the CBR channels, we consider another spe-
cial case, if there are 1000 CBR flows with same average and peak bit rate, the scheduling
period for each channel is 1000 cells processing time, thus the maximum jitter will reach
to 1000 cells processing time (or 1000 x 53 x 8/512 = 828 unit time). Therefore, in CBR
class service, the jitter also exists, the value is related to the number of the total CBR
channels and the scheduling mechanism.

The data in figure 7.9 illustrate that the average jitter decreases with the increasing
of the utilization, accordingly, a new question appears, when the application flows are
constant bit rate flows, if or not the average jitter is always zero? the answer is ‘no‘, we
consider a special case of all flows being constant bit rate, assume that there are four
constant bit rate flows, the bit rates are 1/12, 2/12, 3/12 and 4/12, respectvely, then the
ideal cell level scheduling is implemented liking figure 7.10, we can see that for some cells
the jitter still exists at least in one flow, therefore, even on special case of all flows being
constant bit rate, it does not guarantee that the jitter is always zero for all flows. Usually,
the value of the jiiter deponds on not only the flow state itself, but the flow states of other
applications.
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For MPsLS model, since the slot positions are fixed during each session, thus, the
jitter is O when the slots pass through core nodes, it is realized by specifying the arrival
process of the traffic based on the synchronous channel.

If bit rates are 1/12 : 2/12 : 3/12 : 4/12, and perform cell level
scheduling at different time interval

CBR class
service flows
—
cell level
scheduling

arriving at the same time, causing jitter

non CBR class !_! !_!
service flows mo .

Figure 7.10: Example of Jitter Existing Even for Ideal Constant Bit Rate Flows

7.1.3 DTM and MPsLS

DTM is a completely synchronous mode, all traffic is transmitted on synchronous channels,
while MPsLS is a concrescence mode, in which the time-sensitive traffic is transmitted on
synchronous channels, and non time-sensitive traffic is transmitted by pseudo-synchronous
channel. Therefore, although both modes are different, if network resource and segmenta-
tion parameters, such as total fiber bandwidth, frame period and length of the slots, are
same, the delay performance for the time-sensitive traffic also completely same on both
transmission modes, because the slot positions in each link section are reserved and fixed,
the jitter is zero when the traffic passes through a core node.

Besides, in DTM network, although the jitter is also 0 similar to in MPsLS at core
nodes, the switching delay at switch nodes equals one frame periods (or 125 s=2400 unit
time), it is much larger than that in MPsLS, the value in the latter is determinted by the
QoS requirement, the maximum delay is double size of offset range, usually the value is
less than 400 unit time (when ¢=200).

95



7.1.4 Qualitative Evaluation

Based on the analysis and simulation results to delay and jitter, the qualitative comparison
of the dealy and jitter in different schemes is shown in figure 7.1.

Table 7.1: Transmission Performance in Different QoS Improvement Schemes

\ranser Asynchronous Synchronous
modes mode
DiffServ | MPLS ATM MPSLS DTM
| of Application
Time-sensitive Fair Fair Fair Good Good
applications
Non Time-sensitive ,
applications Good | Good | Fair Good Poor

7.2 Calling Loss

The access performance is another important parameter to evaluate the network per-
formance, in different network modes, the access condition is different, for exemple, in
datagram mode, since best-effort service is main stream, only if there is enough resource,
the access is admitted. In ATM, since the traffic is transmitted by virtual channels, the
explicit calling setup is necessary. Furthermore, in synchronous mode, the more strict
access requirement needs to be considered, esbaslishing channel requires not only the
quantity of the slots, but the fixed positions, therefore, there exists remarkable calling
loss in synchronous mode.

7.2.1 DTM

DTM is a synchronous model, which uses dynamical resource allocation mechanism, in
constrast to statical channel allocation technology, DTM partly solves the issue of low
utilization, however, it still has some shortcomings, on the one hand, due to all traffic
is transmitted by dynamical channels, it causes the calling loss for non time-sensitive
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applications, on the other hand, for time-sensitive applications, since the temporary idle
slot positions can not be used during the session periods, which can not completely remove
the issue of lower resource utilization.

In this part, we investigate the calling loss of the sessions of non time-sensitive ap-
plications in DTM, assume that the number of arrived sessions at any time satisfies the
Poisson arrival process with average number of n., thus the probability of k£ sessions
arriving simultaneously is

ke
p(k) =e [

Then, the parameters are determined as following: firstly, assume that the average
size of each session includes 96 slots, then, n. is calculated by

(7.1)

Bnon
b

where B,,,, is the total number of the slots used to transmit non time-sensitive traffic
in a frame.

Besides, both the duration time of the sessions,Lgession, and the time interval, L;,tervai,
also satisfy exponentia distribution with the average value of Lsegsion and Linterval, TeSpec-
tively. Thus

(7.2)

nNe =

Zsession
= — i 7.3
P Lsession + Linterval ( )
and,
_ — 1—p
Linterval - LsessionT (74)

where p is the utilization of the fiber used to transmit non time-sensitive traffic.

Furthermore, if processing speed of the node is 10G, thus, the length of the frame in
DTM is about 19200 slots, among them, half frame is used to carry non time-sensitive
traffic, which is constant, therefore, B,,, = 9600 slots, and the size of the packets satisfy
the uniform distribution, then the calling loss probability on different utilization can be
simulated by varying the average session length and time interval. The results are shown
in figure 7.11, the curve illustrate that the calling loss probability remarkably increases
with the increasing of the utilization of the resource.

7.2.2 MPsLS

In MPsLS, since the non time-sensitive traffic is transmitted by filler asynchronous slots,
the arrived slots can be buffered in queues, it hardly exists the calling loss for non time-
sensitive applications if existing residual bandwidth.

7.2.3 Qualitative Evaluation

The qualitative comparison of the calling loss in different modes is shown in figure 7.2.
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Table 7.2: Calling Characteristic in Different QoS Improvement Schemes

Tr?vrlls:‘jer Asynchronous Synchronous
Performance\’ *o¢ modes mode

valuation
Type DiffServ MPLS ATM MPsLS DTM
of Application

Time-sensitive -k -k ok

S Fair Fair Fair . ke . ok

applications Fair Fair
Non Time-sensitive ke
applications Good Good Fair Good Poor
Note: Fair®  means only resource limit being required

Fai™  means explicit calling connection being necessary
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7.3 Summary

In this chapter, the simulation results in Sections 7.1 show that in datagram mode, since
the size of the packets is variable, there is little larger delay and jitter, which affects the
service performance of time-sensitive applications; in ATM model, because using fixed
size cells, the bandwidth of CBR service class is reserved at peak bit rate, although
the bandwith can be guaranteed, the processing time does not completely match with the
arrivaing process, because of the feature of asynchronous transfer, the jitter still exists, the
maximum jitter is variable with the scheduling mechanism and the number of CBR flows.
Besides, ATM has a remarkable overhead caused by adding ATM header. Therefore, on
the asynchronous service model, because of the undertimination of arriving process, the
jitter is inevitable.

DTM is a synchronous model, which can remove the jitter, but it remains low resource
utilization even if dynamical resource allocation mechanism is used because the idle slot
positions can not be used by other flows during the sessions.

In MPsLS, time-sensitive traffic is transmitted synchronously by the slot positions fixed
and reserved during the whole sessions, which limits the maximum delay and remove the
jitter, while non time-sensitive traffic can use idle appointed slot positions, it remarkably
increases the utilization. The qualititive comparison is shown in Table 7.1.

Similarly, Section 7.2 analyzes the calling loss, the qualititive comparison is shown
in Table 7.2. In datagram mode, there is hardly strict access limitation, only requiring
enough bandwidth, therefore, calling loss is zero; in virtual circuit mode, although it is
necessary of explicit calling connection, the virtual circuit is used to improve transmitting
speed and efficiency, the establishing of the channel needs only enough resource, the calling
loss is almost zero; in synchronous mode, the calling loss can not be ignored, the difference
between DTM and MPsLS is that the former uses synchronous channels to transmit non
time-sensitive traffic similar to time-sensitive traffic, therefore, there is remarkable calling
loss for non time-sensitive applications, the latter uses pesudo-synchronous channel to
transmit non time-sensitive traffic similar to vircuit circuit mode, the calling loss for non
time-sensitive applications is near zero.

Therefore, MPsLS has potential power to provide better service quality than other
switching schemes. But the cost is the increasing of the average delay at low utilization.
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Chapter 8

Conclusion

In this paper, we proposed a new data forwarding scheme used to the integrated data
network: MPsLS.

In MPsLS network, data are transferred in cyclic mode with a constant period(r =
125us) called a frame. A frame consists of a number of slots with the same size(512 bits).
Some slots in the header part of a frame are used as control slots, which dedicates to
communicate with neighbouring nodes and to exchange the network control information
for routing and setting up connections. The slots in the remaining part of a frame are
data slots, which carry the application data and temporary control message. And a slot
carries only a segment of a layer-3 packet.

MPsLS uses position-fixed slots to forward synchronously time-sensitive application
flows and floating position slots to forward asynchronously non real-time application flows.
The channels consisting of position-fixed slots are called appointed channels, those includ-
ing variable position slots are called filler channels.

Furthermore, appointed channels are divided into the exact synchronization model and
the less strict synchronization model. In exact synchronization model the distribution of
the positions of all slots on appointed channels is same along the connection path; while in
less strict synchronization model the distribution of slot positions may be different along
the connection path, although the positions are fixed in each at whole session time.

The appointed channels implement resource reservation at per-flow, each channel only
dedicates to one time-sensitive application, the different channels are isolated each other,
once an application gets the time slot, which can not been token away by other applications
till it is tear down after the session data are entirely finished, thus, the traffic state in one
channel does not impact that in other channels, therefore, each time-sensitive application
flow can receive expected service quality if the connection channel is established according
to the QoS requirements.

In addition, due to tag bits in each slot are introduced to differ the types of data carried
by the slots, the idle slots on appointed channels can be used to carry non time-sensitive
data temporarily, this mechanism improves the utilization of network resource.

Accordingly, MPsLS combines the advantages of synchronous transfer mode and flex-
ibility of label switching technology. Besides, MPsLS also has following performances:

e High Access Performance and Ratio of Appointed Slots

Analytic formula and calculation results show that MPsLS has good access perfor-
mance for less strict synchronous model, if allowable offset range is 200, the calling
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success probability can reach to near 100% for a new calling with 25 slots even if the
utilization being 0.9. Furthermore, the ratio of appointed slots to total bandwidth
can reach to 90%, even on the worst case, the value also exceeds 80%.

e Small Delay and Jitter

In core nodes, MPsLS transmits all data in slot level synchronous mode, for exact
synchronization channels, the delay passing each node is only several slot periods
(about one percent of the frame periods), even for less strict synchronization chan-
nels with offset range of 200 slots, the value is only 10% of the frame periods, which
is obviously less than the delay in DTM model. The delay jitter is 0 at each core
nodes.

e Low Transmission Loss

For time-sensitive traffic, at ingress nodes, due to usually equips longer queues for
each flow, the loss can drop to very low level, specially, if reserving the channel at
peak bit rate, the loss will almost disappear. At core area, since the outgoing slots
are reserved, the congestion does not take place, although there exists waiting in less
strict synchronous model, all appointed slots can be accommodated in the reorder
buffer, therefore, there is no loss. In a ward, MPsLS can control loss according to
time-sensitive application QoS requirement during transmission.

For non time-sensitive traffic, MPsLS does not lead to extra dropping compared
with usual IP networks, because MPsLS equips a long queue to store data when the
packet burst takes place.

e Large Bandwidth

MPsLS provides large bandwidth to support large bit rate service, if limiting the
offset range within 200 slots, the maximum bit rate to per-flow can reach to 4M x
200 = 800M, it can satisfy any current applications.

e Supporting Multicast of Appointed Slots

In MPsLS network, appointed channels transmission naturely support multicast,
because once the appointed channel is established, the only thing need to be done
for implementing multicast is copying the incoming slot to several outgoing slots,
while the data carried by the slot need not be changed, including tag bits.

In contrast to other QoS improvement schemes, such as DiffServ and CBR service class
of ATM mode, in principle, which are asynchronous transfer based on priority scheduling
mechanism, it is inevitable of temporary congestion or contention for resource on the case
of time-division multiplexing while the arrival process is stochastic. However, MPsLS
adopts synchronous slot transfer and reserves not only bandwidth but also slot positions
in the frames for time-sensitive flows, therefore, it avoids the jitter during transmission,
the fluctuation of average delay is predictable, it can be controlled according to QoS
requirement.
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Appendix A: Speed Requirement to
MPsLS Core Nodes

MPsLS is a novel switching scheme based on synchronous mode, therefore, it is necessary
of the switch having enough bandwidth to support the synchronous slots being forwarded
within each slot period.

A.1 Architecture Prototype

The architecture prototype of MPsLS core switch is shown in figure 8.1, the implementa-
tion is as following:

(ueue
Famesinall A . by ol —'EIO—'—’\ frames in all A
TO/E_’ Pipelined : Eo%(gaffer ar ::>
T Slots Switch Fabric Y t
BN Processing| _, (uae
Input Port =—0E ™ o [ —r0— /
DEMUX }”N 11T » Output Port
reorder buffer array
(ueue
L gE— ; 2N
OB pinelned | [T 803
4 Slots reorder buffer aray & :>
*E.::—'O/E—’ Processing|__, Queue
Input Port R 10 R —.-» Output Port
E0—%
[I1T]
reorder buffer array

Figure 8.1: Prototype of MPsLS Core Switch

In the input ports of MPsSLS core node, firstly, in each slot period, arrived optical
signal is demultiplexed according to different A, then, those optical signals corresponding
to different A\ are converted into electronical signal synchronously, the electronical signal
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data (slots) are processed and sent to corresponding output ports across the switch fabric,
while at output ports, firstly, the electronical slots storing in queue and reorder buffer array
are read out according to the positions in the frames, then they are converted into optical
signal with determined A, at last, multiplexing all the optical signals with different A into
one output optical signal.

A.2 Feasibility Analysis

In the architecture introduced in section A.1, currently, the wavelength division demul-
tiplexing and multiplexing are not bottleneck, the processing also can be performed by
multiple pipelines, the possible bottleneck is bandwidth of switch fabric, or width of the
data bus, if the fiber is single channel with 10Gb/s, the number of input ports is 20, the
required bandwidth is 200Gb/s, the increasing of the switch bandwidth can be realized
by increasing the stages of switch matrix [111, 112], such as in Clos-network switch [110],
a four-stages network can be scaled up to 320Gb/s; and a five-stages network may be
scaled up to 2Tb/s, which can satisfy the requirement of the fiber having 10 channels, if
the bandwidth of each channel is 10Gb/s.

A.3 Mechanism of Reading out Data from Reorder
Buffer Array

On less strict synchronous channels mode, it is possible that more than one appointed
slots arrive in each slot period, which can cause the writing contestion if using only one
reorder buffer corresponding to each output port. Accordingly, we suggest using reorder
buffer array to replace single reorder buffer in implementation. The reorder buffer array
includes several same reorder buffers, the value equals the number of the input ports, it
means that each input port utilizes a reorder buffer. At the headers of reorder buffers, the
logical "OR” is performed among all slots at bits, then the result is sent to the outgoing
frame, because at any slot period corresponding to each slot position in outgoing frame,
there is at most one slot being non-zero. This mechanism can avoid the writing contestion
in reorder buffer.
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