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Abstract—The future multiservice communication
network will be packet based. Existing circuit swithed
telco networks have been designed on traffic
engineering principles, ensuring guaranteed QoS foall
classes of traffic within the network. Existing tréffic
models for circuit switched networks do not apply ¢ a
packetised network. Many packet based technologie
not address QoS. The traffic engineering feature of
MPLS provides the best QoS function for packetisetP
networks today (apart from legacy ATM). A Connectiom
Admission Control function is required to ensure
guaranteed services for class based or path basedftic
over a packetised network. This paper addresses the
question of whether information gathered from the
network could be useful in informing the Connection
Admission Control function. The network is represered
by the NS-2 network simulator. Performance metrics
(latency, jitter, and packet loss) are recorded dung
various simulated network conditions. These simulad
network conditions include:- step load, dynamic lod,
busy hour and disaster events. Traffic classes inde
common telco traffic:- web, ftp, voice and video taffic.
Performance metrics provide insight into the statef the
network and is useful for informing the design and
operation of the Connection Admission Control funcion.

Index Terms— Simulation, MPLS, QoS, CAC.

I. INTRODUCTION

TRAFFIC engineering (TE) is an essential part of th
design and operation of a telco network [1,2].
simplistically ensures that new calls entering tieéwork
experience a guaranteed level of quality of ser{@eS) for
the entire call duration; and that existing calishim the
network do not experience any degradation
notwithstanding the dynamic nature of calls enggrand
terminating within the network [2,3]. The
multiservice network will
packetised traffic exhibit behaviour unknown inefghone
traffic engineering models [1,2]. This implies thaew
traffic engineering practices are required for thew
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future
be a packetised network

multiservice network. TE consists of a few elemettisse
include the QoS guarantees for class traffic; d#ypac
dimensioning; and connection admission control (CAC)

QoS guarantees that the quality parameters such as
latency, jitter and packet loss are within tolemafimits for
the specified classes of traffic traversing themoek such
as time critical and non-time critical class traff2,3]. For
example, web based applications as well as filesfeas are
not time dependant to the user and therefore deldyjitter
is not a concern, while packet loss is. However, do
streaming video traffic application such as a npaltty
video conference, which is critically time depenglatelay
and jitter tolerances are more critical rather tmaodest
packet loss.

CAC is the second component of TE. This function
ensures that prior to its admission a new connectio
awaiting admission into the network is guaranteddval
of QoS within the network for the entire connection
duration [3,4,5]. The new connection is associawgt a
logical class of traffic within the network. The Clentity
needs to determine whether this specific classimithe
network has sufficient bandwidth and demonstrates
acceptable performance parameters in terms of ditizy
and packet loss. In addition, CAC provides a seaond
function ensuring existing connections will not etérate
in quality due to the new connection entering tleémork
[3,4,5].

Capacity dimensioning ensures that all parts of the
network have sufficient capacity to cater for thaxmum
Erlang traffic during the normal operations of thetwork

?excluding events such as New Year’s Eve). Addilbn
Ithis component of TE caters for future increasesetwork

load.
Multiprotocol Label Switching (MPLS) technology
combines both the advantages of packet switched and

n QO(ﬁrcuit switched technology. Key attributes of MPa& the

ability to dynamically configure a label switchedltp (LSP)
as well as configure static LSPs. MPLS also pravide
mechanism using labels to associate types of dradi
specified classes and cater for class based Qdfhwitie
network. These features differentiate MPLS as thé o
viable technology available today, that addressgS @ an
IP network using a traffic engineering approach Egart
from legacy ATM.
In this paper, we investigate whether performance

information can be gathered from the network thdt w
inform the CAC function. The network will be repeased



by the NS-2 network simulator, which is used tovjde
network state
latency, jitter and packet loss. The effects ofous loading
conditions on class based traffic in a MPLS netwark
examined. We propose that performance metrics geovi
insight into the state of the network and are ustdu
informing the CAC function. The results presentedhis
paper are obtained from simulated studies for wuario
loading conditions including: step loads, dynanoads,

information from performance metrics:

j= )

where:
t . is the arrival time of thé"ipacket at the sink node

Al

t is the average delay or latency

busy hour and disaster events. The classes ofictraff . s the total number of packets

investigated include data, voice and multimedia.

Section 1l presents the definition of performancetnos
used in the investigation. Section Il describes mietwork
simulator. Section 1V outlines the MPLS technolegy its
operation. Section V presents the types of traified in the
investigation. Section VI
environment and load tests. Section VII preserggdsults
of the investigations.

Il.  PERFORMANCEMETRICS

The performance metrics consist of latency, jited
packet loss. These metrics are defined to meakerére
taken for packets to traverse the network, the oand
nature of the delay as well as the loss of paclets to
buffer overload and link capacity limits. Perforncan
information as defined for purposes of this ingstion is
the measure of the above parameters between aesooule
of traffic and a sink node (Fig 1). These sourcd aimk
nodes are usually at opposite ends of a complekepiaed
network.
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Figure 1: Complex Packetised Network

A. Latency

Latency is the time taken for a packet to travetse
network from the source node to the sink node. alezage
delay is the latency metric

_ tv,i - tu,i
t= 41— (1)
n
where:
t,, is the send time of th& packet at the source node
t,; is the arrival time of thé"ipacket at the sink node

m is the total number of packets
n is the current packet

B. Jitter

Jitter is defined as the average standard devidtimm
the mean (latency) of the observed data

describes the experimenta

n is the current packet

C. Packet Loss

Packet Loss is the number of packets dropped when
transmitted from source to sink. Expressed as eepégige
in (3). The percentage packets lost is the lossitnet

m

Xreceivedi
= 1- - 100 ©)
Xsenti
i
where:
Xieconeq 1 1S the number of packets received after the i
sample
X is the number of packets sent after theample

sent,i

m is the total number of packets

The NS-2 [6] network simulator was used in this
investigation. NS-2 features simulating discretents at
packet level. Thus, state changes such as traffingb
introduced or terminated within the network are dexed
as discrete events. The original intention for shraulator
targeted research into packetised networks. Thelator
supports a wide variety of technologies [7] such psint-
to-point links, LANs, unicast and multicast netwark
transport protocols such as TCP and UDP, applicdé&eel
protocols (FTP, etc.), mobile networks, etc.

Two particular advantages of NS-2 are the detdilede
logs (Fig 2), which have been utilised to derivewoek
state information; and the visualization tool, whis useful
in providing information on topology, packet anima
and inspection tools.

N ETWORK SIMULATOR

<event> <time> <from> <to> <pkt> <size> -- <fid> <src> <dst> <seq> <attr>
+ 10 2 cbr 210 00.03.100
- 10 2 cbr 210
r 1.00234 0 2 cbr 210

Figure 2: Excerpt from a traffic trace.

IV. MPLS

According to Ahn and Chun [8], using the IP protpco
when a packet is forwarded to the next hop in tivark,
the IP router needs to lookup the destination addesnd
match the next hop based on forward equivalencsscla
(FEC). This requires much work for the router atela3
and also incurs time costs. In MPLS, the packatlixated
a FEC upon entering the network. The packet is then



provided with a label which is associated with plagticular . 1 Mb/s bandwidth on all links within the network

FEC. When the packet is forwarded to the next hibpimv (LSR1 - LSR2 — LSR3).
the network, the switch (layer 2) only needs tklop the - 2 Mb/s bandwidth in the Access links into the netwvo
next hop associated with the packet’s label. (Nodes 0 & 5 to LSR1; LSR3 to Nodes 4 & 6).

MPLS makes extensive use of the Label Distribution Class Based Queuing was implemented with a queue-
Protocol (LDP), which is used to establish Labelt&wed length of 12. All traffic was placed in the samass,

Paths (LSPs). The LDP protocol ensures that LSRs ar Since each test investigates the effects on indalid
setup for specified FECs from source to destinatipalso classes of traffic separately. _
ensures that labels are correctly associated inrghtng The test traffic was applied from sourcg_to sinkd an
tables of the MPLS Label Switched Routers (LSRS). was allowed to reach a steady state condition.
Explicit Routing allows the MPLS network to setup a A. Step Load Test

permanent LSP in the MPLS network from source b si  The experiment simulates a step change in loafictraf
with the required class-based QoS parameters. Thesen the LSP and investigating the effects therebt Test
features differentiate MPLS as the only viable regtbgy included separate investigations into the varidasses of
available today, that addresses QoS in an IP nktusing traffic (voice, video, ftp and web sessions). Déserstep

a traffic engineering approach [5], apart from BgATM. load test were conducted for incremental loading
conditions.
V. TrAFrICTYPES - The test traffic began at@0s.

Allowed 40s to reach a steady state.

The step loads were introduced at t = 40s.
Recorded results over a total time of 300s.
The test was repeated at incrementally larger
loads.

Common telco traffic can be classified into fouodul
classes of traffic. These classes of traffic cardbatified as
traditional constant bit rate voice traffic; varialbit rate
video traffic; bursty large file transfers; and wéurst small
size web based traffic. The characteristics of éhteaffic

types are tabulated in table 1. B. Dynamic Load Test

. ) The experiment simulated dynamic changes in the
Table 1: Comparisons of common traffic types P 4 9

loading conditions on the network. The test inctude

Characteristics | Voice Video Daa o pas | separate investigations into the various classesatffc
Packel size 100 - 1260 T 4‘20 (voice, video, ftp an(_j web sessions).
Bit rate CBR VBR VBR VBR - The test traffic began at@0s.
Transport UDP uDP TCP TCP - The traffic was allowed to settle to a steady state
Protocol - Incremental loads were introduced every 120s.
20 loads were simulated.
VI. EXPERIMENT ENVIRONMENT . The simulation ran for a total time of 2520s.

The experimental simulated MPLS environment was Busy Hour Test
used to investigate Performance metrics: lateriitgr jand
loss for various classes of traffic on a simple NPL
network. The generic topology of the network cotsscs 2
source nodes and 2 sink nodes (see Fig 2). Thdomgyp
remained constant for all tests.

The experiment simulated a Poisson arrival protass
the various classes of traffic. The average holdinge
was 120s and the interarrival time was 3s. The test
included separate investigations into the varidasses of
traffic (voice, video, ftp and web sessions).

D. Disaster Event

fodes) {é}?) Load P The experiment simulated an emergency event. This
RN A ~ R experiment investigates the effects on emergeradfidr
’ /’ N (separate class) by connections due to a disaeégrt.e

[y Tt \-{;;\i/ The loading was simulated using a Poisson arrik@tgss
) A N modelled with a minor random interarrival time &3@Ds
\%\ HPLS Domain / holding time. The load traffic was introduced irttoe
\Node() /f MNoded; network at 40s. The test included separate inesbigs
I Tev e into the various classes of traffic (voice, viddip and
web sessions).

Traffic

Source Source

Figure 2: Network Topology

VII. EXPERIMENTAL RESULTS
Node 0 hosts the source test traffic which flows The results presented are from investigations into
through the network towards sink on Node 4. Performance metrics: delay, jitter and packet I&esults
Node 5 hosts the load traffic for the network. N&de which are displayed in graphical format are: (IypStoad
hosts a number of sources of traffic (20). Thefiraf Test with 6 video sources and; (2) Dynamic Loadt Tess
flows through the network towards the sinks on N@éde voice traffic. All the test results from the Stemwad
(also hosting 20 sinks). investigation is presented in table 2 below.



A. Step Load Testing - 6 video sources

The test traffic source was introduced @Qs and allowed
to reach a steady state for 40s. Thereafter 6 \édeoces
were introduced at t = 40s. The simulation was left
record results for a further 260s.

Figure 3: Step Load — Actual measured delay

Figure 4: Step Load — Latency

more load is introduced onto the network, thesdebsif
become increasing filled up. Thus, the rise inrlayefrom t

@40s to t@200s. Thereafter the queues (buffers) are in a

virtually full state, the delay begins to settle.

The Jitter curve (Fig 5) provides information reigtto
the burstiness of the traffic confirms the state tioé
network (as described by the Latency curve). Thettaffic
source has some steady state jitter; after the tiafic is
introduced, the jitter increases rapidly and thiteesettles.
This can be described as the buffers become filfechuch
quicker, the latency increases rapidly. After anpan time
(t @200s), the jitter settles indicating that the cgseare in
avirtually full state.

Figure 5: Step Load - Jitter

The simulated load video was an mpeg movie clip. The

data is bursty in nature as demonstrated in Fithg.actual
recorded data provides
metrics. From Fig 3, it is observed that the d&tavben t =

insight into the performance

Os and t@40s represents only the test video source which

was introduced onto the network at t = 0s. The ayer
delay (latency) is observed as the mid-point betwdes
burstiness. The Jitter metric is a function of bugstiness

Figure 6: Step Load — Packet Loss

The Packet Loss graph (Fig 6) provides an indioaitito

of the data. At @40s, 6 video sources were introduced intd1€ Percentage of packets being dropped from theonke

the network. The latency of the test traffic sourcereases
to a much higher value as well as the burstiness.

The network begins discarding packets when the ejueu
link limits are exceeded. The above packet losplgia due

The Latency graph (Fig 4) provides insight into thd© the bursty nature of the video source.

average delay experienced by the test traffic. Th&éa
contained in the graph is sourced by applying eqngtl)
to the original recordings. It is observed thatré¢his a finite
delay due to factors of transmission time over awaek
link as well as queuing delays at the LSRs.

When the load traffic is introduced, the latenayréases
rapidly. This provides information on the state tbke
network, in particular the queue (buffers) at tH&Rls. As

B. Dynamic Load Testing — Voice Traffic

The test traffic source was introduced at@tOs and
dynamic load traffic (20 x 64kbps) is introduced120s
intervals. The total simulation time is 2520s. hibsld be
noted that the voice class traffic exhibits cheaedstics of
constant bit rate.

The dynamic tests provides much insight into tla¢esof
the network. The Latency graph (Fig 7) can be @idithto



3 parts: part 1: @0s — 480s; part 2: @480s — 1680s; and In part 2 of the graph, when packets arrive atrtheer,
part 3: t@1680s — 2500s. In part 1 of the graph, a fethe packets find some packets already enqueued and
traffic loads are introduced into the network. Whaking a therefore remain in the queue until serviced byrineer.
closer look at the queue, the following are obsirvehe These packet begin to experiempeuing delay As can be
traffic on arrival at the router, finds ampty queueand expected as more loading is introduced, the lat&egins
therefore does not experience any queuing delape Tto increase. In part 3 of the graph, the queue & ¢onstant
delay remains at a constant value and is only torfaaf  state of being full and thik limit has been reachedthus
transmission delays on the links. the latency increases rapidly. It should be notiéer ahis
point of loading; the routers begin to discard sk It
should also be noted that the latency curve dods no
conform to the theoretical curves which descrite ¢birve
tending to infinity for increased traffic. This idue to
theoretical curves being based on an infinite bufiee.
The observed results use a finite buffer size gbdékets.

The Jitter graph (Fig 8) provides insight into the
burstiness of the traffic, confirms the state &f tetwork as
described above. The graph confirms that 3 phakéseo
network and the shape is a function of the stathefjueue
as described above.

As can be expected, the Packet Loss graph (Fig 9)
confirms that after t@ 1680s, the link limit has been
reached and the routers begin discarding packete T
packet loss increases as more load is introduded tfis
point in time.

Figure 7: Dynamic Load — Latency ]

C. Step Load Test — All Traffic Classes

This section presents all the results from the $imgd
test investigations. The results include all classfetraffic.

As can be observed from table 2, there is a balsy da

the network although loading on the network is miai.

This is due to the simulator modeling links withife

delays and therefore the base delay is proportitmadhe
link delay. It is also observed that the variouasses of
traffic exhibit different behaviour as indicated ithe

performance metrics.

Table 2: Step Load Test result for all traffic des

Figure 8: Dynamic Load — Jitter

The conclusions derived from the above tests atdic
that various classes of traffic require differeetfprmance
metric tolerances to ensure QoS for class or patted
traffic. For example, voice traffic requires a hitgiterance
to be set for the jitter metric as compared to titeer
matrices. While the ftp class of traffic almost ahs
experiences packet loss and jitter due to the sadfithe
data. Thus a tolerance on latency would suit thasscof

Figure 9: Dynamic Load — Packet Loss traffic. These conclusions will serve to inform thgeration
of the CAC function within the multiservice network



D. Busy Hour Test

research objective is to design the CAC functiod &8s

The busy hour test simulates daily peak traffi@ssociated detailed logical operation. It is preposhat

experienced on the network. The simulation investg
the effects on a test traffic source by load teafffilowing a
busy hour pattern. The performance metrics ardqudn
Fig 10. At approximately 20 load sources, the limks
reached its capacity and thus large changes in
performance metrics are observed. A telco wouldweoit
customers to experience degraded quality due tkepdass
on the network. When investigating the metrics ioren
detail, it is observed that the jitter metric, prto reaching
the link limit, begins to increase. This informatics very
useful to the CAC indicating the state of the nelwand
the imminent packet loss that will result shouldfagher
action be taken.

Figure 10: Busy Hour Testing

E. Disaster Event

The disaster test simulates an event wherein tisege
large rise in network traffic due to an emergenesné. A
telco would typically reserve bandwidth for an egesrcy
class of traffic. The simulation was setup with mat
traffic in one class while the emergency traffiesfttraffic)
was placed in a separate class. The results asgvebsin
Fig 11, indicate that although the network load himsost
instantaneously increased at t = 40s, the emergeaffic
was not adversely affected.

Figure 11: Disaster Event (call in the emergenags)

VIII.

The future multiservice communication network wig
packet based. A Connection Admission Control fliorcis
required to ensure guaranteed services for classdbar
path based traffic over a packetised network. Teradl

C ONCLUSION

performance metrics provides useful network state
information and is thus valuable in the design loé t
Admission Control function. The results presentedtiis
paper provide insight into the nature of a genegtwork.

tieese results will be used to assess the outcon@albf

Admission Control studies.

The key findings are that a network can be in ohe o
three states. The first state beithg link as well as the
router buffer is underutilisedand thus QoS metrics are
measured to be low. The second state of the netvgork
when therouters buffers are being filledand this the
packets experience queuing delays. The link barttwid
limit is not reached and thus there is an incréadatency
and jitter. The third state of the network is wregther the
router buffers are full or the link limits have beereached
This is when the packet losses begin and rapiccasss in
latency and jitter result.

In addition, it was also found that various classés
traffic exhibit different performance metric chatexdstics.
These characteristics, which are unique to thesclafs
traffic, provide details on metric specific tolecas that can
be set for the particular class based or path baaét in
order to ensure QoS. Results from this study aetulign
informing the design and operation of CAC entity.

This paper confirms that information gathered frora
network performance metrics provide insight inte gtate
of the network. In addition, information gatherednfi the
network is useful in informing the Connection Adgeiis
Control entity.

IX. FuTure WoRK

The results of this simulation investigation wi# sed in
future research work to inform the design of alfons to
be used in the connection admission control entity.
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