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I. INTRODUCTION

Importance of Quality of Service

The Internet infrastructure was originally developed to move data traffic,
such as File Transfer Protocol or E-mail, that had little or no requirements for high
levels of Quality of Service (QoS). Hence a best-effort network was acceptable.
The success of the World Wide Web and a drive by many towards convergence,
the merging of data, voice, and video onto a single network, has led the
characteristics of Internet traffic to change. Multimedia traffic is becoming more
common. Real-time interactive video conferencing and [P telephony, non-
interactive traffic such as video and audio on demand, real time streaming of data
such as stock quotes, and other new and developing uses have placed demands
on the Internet that the system was not originally designed to meet. Successful
implementation of all these services will likely require modifications to the original
Internet protocols in order to enable different levels of QoS. The major goal of this

research is to investigate one of the key parameters which affects QoS, jitter.

Quality of Service Overview

Quality of Service refers to the capability of a network to provide better
service to selected network traffic over various technologies, including Frame
Relay, Asynchronous Transfer Mode (ATM), Ethernet, SONET, and IP-routed
networks that may use any or all of these underlying technologies. The primary
goal of QoS is to provide guarantees including dedicated bandwidth, controlled

latency and jitter, and improved loss characteristics.
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The term bandwidth refers to the data-clocking rate of the system,
typically expressed in bits per second (bps). Dedicating bandwidth allows some of
the clock rate to be reserved for certain traffic.

Latency is a measurement of time, specifically, the period of time it takes
a data packet to traverse from one point in the network to another.

Jitter is the variation of delay over a period of time. Among the delay
components are fixed delay components and variable delay components. Jitter
results from the variable delay components, specifically changes in queuing delays
at network switches due to variations in the short term network load.

Loss is an attribute of packet networks indicating the probability that an
individual packet will be discarded by the network.

Of these QoS attributes, controlling jitter is among the least studied and

least understood.

Motivation for This Research

Jitter control is critical to certain types of Internet traffic, such as many of
the voice and video coders, that require fixed rate delivery to the information
source. For example, ITU G.729, a voice coder, requires that one frame of
compressed voice be delivered to the voice decoder every 10 ms. Since jitter on
packet networks can never be completely eliminated, information streams that
have fixed rate delivery requirements must have a receiver dejitter buffer to
smooth out the delay variability. In effect, a dejitter buffer reduces or eliminates

delay variation by converting it to constant delay. The larger the end-to-end jitter,

[ 38]



the larger the size of the dejitter buffer required to fully compensate. Jitter is an
important QoS parameter in fixed rate traffic because it can limit the minimum size
of the dejitter buffer required to compensate it, which in turn can increase the end-
to-end delay seen by the traffic.

There is a maximum end-to-end delay requirement for many types of real-
time interactive traffic. According to ITU recommendations for voice, 150 ms of
end-to-end delay is the maximum acceptable subject to current voice quality [1].
Even though packets may be delivered by the network with a delay below this
value, if the network has excessive amounts of jitter, the size of the dejitter buffer
at the receiver required to compensate may make it impossible to guarantee
delivery of the voice signal end-to-end under this time limit.

Jitter can be viewed as an important QoS parameter for fixed rate traffic,
and especially for real-time interactive traffic.

The objective of this simulation based study is to investigate and better
understand some of the characteristics of jitter, in order to gain insight that will

enable fixed rate services to be better carried by Packet Switched networks.

Overview of this Research

In the next chapter, previous studies regarding jitter are surveyed. The
purpose of this survey was to become familiar with previous investigations
regarding jitter in packet networks, and ideally find an equation claiming to predict
jitter that could be verified as correct via simulations. We found a reasonable

amount of previous work about jitter in general, but little research about jitter in




packet networks under the assumption that the background traffic is self-similar in
nature, a key shortcoming given that recent studies have identified real-world
Internet traffic as having self-similar characteristics.

To accurately model actual traffic characteristics, this study uses self-
similar traffic generators provided in OPNET to generate the background traffic in
the jitter simulations. Chapter 3 presents an overview of Self-Similar traffic.

Chapter 4 presents an overview of Differential Services (DiffServ), a
technique for adding priorities to Internet traffic. While a large portion of this study
examines jitter on a best effort Internet, the affects of assigning fixed rate traffic
high DiffServ priorities were also investigated.

This study seeks to understand the relationship between traffic load,
router hops, packet service times, and jitter. These relationships were analyzed
via extensive OPNET simulations in Chapter 5.

Finally, conclusions are presented in Chapter 6 along with some

suggestions for future research.



Il. LITERATURE SURVEY

This chapter provides a review of past research regarding jitter in general
and the relationship between jitter and trunk loads in packet and ATM networks.

The main objective of this investigation is to better understand jitter in
packet networks, that is, networks in which a variable sized entity is transported.
ATM networks with their fixed size cells can be viewed as a subset of packet
networks and are included in this literature survey. Knowing that jitter and trunk
loads have a very close relationship, a key goal of this literature search was to find
studies which claimed to have found an analytical relationship between jitter and
trunk load.

This review found that early articles (1991) tended to focus on packet
networks. This was followed by an emphasis on jitter in ATM networks for several
years while ATM was a hot topic, and finally a recent surge in IP articles when the

Internet moved to the forefront.

ATM Networks

For ATM engineers, jitter was of interest because, among its many
characteristics, ATM was designed to provide fixed rate services, which in the old
legacy circuit switched TDM networks had no jitter (other than that due to clock
instability) once the circuit had been established. Hence an understanding of jitter
in statistically muttiplexed ATM networks was vital in terms of predicting ATM's

ability to mimic a fixed rate connection.
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ATM literature can be grouped into two general categories. The first
category focuses on jitter in general while the second examines the affects of cell
scheduling on jitter. Articles from the first category are discussed first.

Privalov et al. [2] provided simple results for the computation of the bound
on the jitter variance for mix of CBR streams. They showed that combined streams
with a low rate (large period) experience little jitter variance, while the jitter
variance for the high-rate combined streams could be quite substantial.

Fulton et al. explains the individual effects of various system and traffic
parameters on the jitter statistics of aggregated CBR streams modeled as an
(MMPP)/M/1/K process [3][4]. They also derived an analytic approximation for the
first-order statistics of the delay jitter experienced by a stationary traffic stream
multiplexed at a major communication node. This approximation applies when the
node can be modeled as a finite Quasi-Birth-Death (QBD) process and the inter-
arrival time probability density function for the tagged stream is obtainable. They
have another paper that derives an expression for the delay jitter correlation of a
aggregated CBR stationary traffic stream in an MMPP (Markov modulated Poisson
process)/M/1/K system with First In, First Out (FIFO) service disciplines [5].

Matragi et al. have a paper that provides simple techniques for estimating
the end-to-end jitter incurred by periodic traffic in an ATM network [6]. They also
have a paper that explains the impact of various traffic parameters (e.g., the
background traffic load and burstiness, the inter-arrival time of the renewal stream,
etc.) on the jitter of the tagged stream [7]. They have other papers about jitter in

general [8-9].



Landry et al. [10] studied the modification of a tagged traffic stream due to
statistical multiplexing by presenting a numerical approach for the calculation of
the tagged delay jitter and inter-departure processes.

A second category of ATM papers is about packet scheduling schemes.
latrou et al. established the substantially better throughput and jitter characteristics
of a dynamic-R&S (regulation and scheduling) scheme. The dynamic-R&S
scheme can provide substantially better jitter control and achieve higher statistical
multiplexing gain than the static-R&S scheme [11-12].

There are also other papers about various packet scheduling schemes

[13-19] in ATM networks.

Packet Networks

ATM was designed to support both traditional TCP and UDP traffic, as
well as real-time traffic. In the late 1980's and early 1990's, the rise in the amount
of data traffic, combined with the already large amounts of voice traffic, appeared
to point towards ATM as the best one-network solution to haul this traffic mix. By
the mid-1990's, data traffic was growing at rates far faster than initially visualized,
and it became apparent that data would shortly be the dominant form. Thus,
recently there has been strong interest in the jitter characteristics of a TCP/IP
based network supporting a variety of traffic, possibly with different QoS
requirements.

One of the early works is by Verma et al. [20] in 1991. This paper studies
the feasibility of bounding delay jitter for real time channels in a packet-switched

store-and-forward wide-area network with general topology. One advantage of the

-
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variance control schemes presented in this paper is that the amount of buffer
space required for real-time channels in order to prevent packet losses in routers
or switches is significantly reduced.

Zhang [21] presented a tutorial about various packet service disciplines at
the switching nodes to minimize the delay jitter. A general framework for studying
and comparing these disciplines is presented.

Internet Request For Comments (RFC) 2598 concemns jitter and
Differential Services (DiffServ) [22]. This Internet Standard defines the target
relationship between Expedited Forwarding Per Hop Behavior (EF PHB) and jitter.

Bennett ef al. [23] considered the definition of EF PHB as given in RFC
2598, and its impact on worst case end-to-end delay jitter. They gave some
analytical deterministic bounds on jitter as a function of trunk loads.

There are other articles about controlling jitter in packet networks [24-27].
There is also an article about measuring jitter in packet networks [28].

While there are many articles discussing jitter in general, and there is
some literature that derives an analytical relationship between jitter and trunk loads
in ATM networks, there is very little literature that has an analytical relationship
between jitter and trunk loads in real world packet networks.

Specifically one article was found that has an analytical relationship
between jitter and trunk loads in packet networks, other than FIFO M/M/1 systems.
This article [23] did not address the self-similar behavior of Internet traffic found in
many other studies. This survey failed to turn up any analytical expressions useful

for predicting jitter in a packet network carrying self-similar traffic.



lll. SELF-SIMILAR TRAFFIC

Self-Similarity

As was mentioned previously, a number of studies on traffic measurement
from a variety of working packet networks have demonstrated that actual network
traffic is self-similar in nature (i.e., bursty over a wide range of time scales).

A key paper by Willinger et al. [29] compared actual measurements and a
synthetic Poisson model and concluded that the Poisson model lacks the
burstiness over large time scales which is present in actual traffic measurements.

Figure IlI-1 clearly shows this phenomenon [29]. The first column shows
actual traffic measurements over different time scales. The second column shows
computer generated traffic based on classical queuing theory and the Poisson
model. Note that plots in the second column do not show the burstiness of real
world traffic on the larger time scales. The third column shows the synthetic traffic
based on a self-similar model that better matches actual measurements more
accurately over all time scales.

The following discussion is based largely on Stallings [30], who probably
has one of the better tutorial explanations of self-similarity.

For a stationary time series x, we define the m-aggregated time series
x'™ ={x{" k=0,_2,.} by summing the original time series over non-overlapping,

adjacent blocks of size m. This may be expressed as

9






m_1 § Eq. lll-1
xi‘ le ( q )

M i km—(m-1)
For example, x¥is defined as

x® = Xapg + Xg5y + Xy
6 =
3

A process x is said to be exactly self-similar with parameter

B (0< g <ifforall m=1,2,.. we have
Varx™) = 22 Variance  (Eq. 11l-2)
m

R .. (k)=R (k) Autocorrelation (Eg. -3)

The parameter # can be shown to be related to the Hurst parameter,
defined as H =1-(f#/2). For a stationary, ergodic process, f=1 and the
variance of the time average decays to zero at the rate of 1/m. For a Self-Similar
process, the variance of time average decays more slowly. For a perfectly self-
similar process, S =0 and the variance of the time average does not decay at all.

The next simple example clearly shows that fact. We considered the case

when m =10, the individual variance Var(x)=1, and g =0.4. The figure shows the

11



theoretical decays in the aggregated variance Var(x'™) as m increases from 1 to
10.

The decays In the aggregated variance

m: Number of aggregates

Fig. lll-2. The theoretical decays in the aggregated variance

From the practical point of view, the above results show that for self-
similar traffic, considerably more data points are required, compared to classical

Poisson traffic, in order to get equivalently accurate experimental resuits

Modeling of Self-Similar Traffic for Simulation
According to Ryu et al. [31], OPNET uses what's called a Sup-FRP model

as a default self-similar traffic generator. Sup-FRP (Superposition of the Fractal

12



Renewal Process) is one of the Fractal Point Processes (FPP's). The Sup-FRP
model is constructed as the superposition of M i.i.d. FRPs where each FRP is
completely characterized by the following power-law Probability Density Function

(PDF) for inter-arrival times:

(Eq. 1ll-4)

5= {;VA"e"""‘f 0<t< A}

}e-rArr-[r'fi) t> A

with 1<y <2. We note that the FRP is the special case of the Sup-FRP with

M =1. The following figure shows a plot of this PDF for the case when

y =1.5,4=0.1and, for comparison, an exponential PDF with the same mean. Note

that the PDF of (11l-4) has a longer tail, a characteristic of self-similar traffic.

Interarrival time PDF (dotted: Self-Similar, dashdot: Poisson)
0.1, - —1

0.08
0.08 -
0.07"
0.08 -

0.05

Probability

0.04
0.03! |
0.02 -

0.01-

0 0..1 0_'2 0.3 0.4 0.5 0.8 07 08 0.9 1
Interarrival time (sec.)

Fig. llI-3. Inter-arrival Time PDF for Self-Similar and Poisson Traffic
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The Sup-FRP has three parameters (7. 4,M). y is a fractal exponent, A4

is a cutoff parameter, and M is the number of FRPs superposed. These are
mapped into Three Fundamental Parameters (TRPs), that are the parameters that

can be changed in OPNET.

The TFPs are as follows:

H=03-y)/2
A=My[l+(y-1)"e”]' 4", (Eq. 11I-5)
T =2"y e (y-1)"2-n)3-p)1+(r -De’ I 4°

where y =2-a. The Hurst parameter is related to @ as a =2H -1. The TFP's
used by OPNET are average arrival rate (4) in packets per sec., Hurst parameter
(H), and Fractal Onset Time Scale (T') in sec. Fractal Onset Time Scale (7) is

the parameter that marks the lower time limit from which the scaling behavior
begins to appear. We used 7 =1 sec. in our simulations, which is OPNET's
default setting.

Crovella et al. [32] reports that from their measurement data of Web
traffic, they estimated the Hurst parameter to be around 0.8, which is the value

chosen for the simulations in this study.
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Fig. llI-4. Self-Similar Traffic (H=0.8, T=1)

Figure Ill-<4 shows an example of the self-similar traffic generated in
OPNET. It has an H parameter of 0.8 and T=1. This traffic is considerably burstier
than that generated by an M/M/1 traffic generator. See the second row of Figure
I1I-1 for a comparison.

One consequence of this additional burstiness is that average queue
sizes of switches forced to deal with this type of traffic explode at much lower
average loads than is predicted by classical queuing theory. Figure [1I-5 shows an

example of the average queue sizes as predicted by theory [30].
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Queue size

Self-similar storage model (solid: H=0.9, dashed: H=0.75, dashdot: M/M/1)

02 03 04 0.5 06 0.7 0.8

Fig. llI-5. Self-Similar Storage Model
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IV. Differentiated Services

While today's networks generally use FIFO packet servicing, tomorrow's
networks are likely to be carrying a traffic mix best served by multiple classes of
service. DiffServ is a standardized approach to providing these multiple classes
that is likely to see widespread use in the future. Hence, it is of interest to examine
how DiffServ will affect jitter.

The DiffServ approach to providing QoS in networks employs a small,
well-defined set of building blocks from which you can build a variety of services.
its aim is to define the Differentiated Services (DS) byte, the Type of Service (ToS)
byte from the Internet Protocol (IP) version 4 header and the Traffic Class byte
from IP version 6, and mark the standardized DS byte of the packet such that it
receives a particular forwarding treatment or per-hop behavior (PHB), at each
network node.

Differentiated services [33] enhancements to the Internet protocol are
intended to enable scalable service discrimination in the Internet without the need
for per-flow state and signaling at every hop. There is a base set of packet

forwarding treatments, or per-hop behaviors.

Expedited Forwarding

Among these PHBs (Per-Hop Behaviors), you can use EF PHB
(Expedited Forwarding Per-Hop Behavior) [22] to build a low-loss, low-latency,
low-jitter, assured bandwidth, end-to-end service through multiple domains. EF

PHB targets applications such as Voice over IP (VolP) and video conferencing,

17
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and services such as virtual leased lines. EF PHB is the highest available in
DiffServ, and is best suited for premium services.

EF PHB is defined in RFC 2598 [22] as ‘a forwarding treatment for a
particular aggregate where the departure rate of the aggregate’s packets from any

node must equal or exceed a configurable rate’.

Implementation of EF PHB

A number of mechanisms might be used to implement the EF PHB. The
simplest of these is a priority queue (PQ) where the arrival rate of the queue is
strictly less than its service rate.

As jitter comes from the random queuing delays along the path, a feature
of this implementation is that EF-marked flows will see reduced jitter at their

subscribed rate since packets spend little time in queues.

Priority Queueing

PQ {Priority Queueing) allows you to define how traffic is prioritized in the
network. A series of filters based on packet characteristics could be defined to
cause the router to place traffic into these queues; the queue with the highest
priority is serviced first until it is empty, then the lower queues are serviced in

sequence. The next figure shows an example of this PQ (Priority Queuing) [36].
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Priority Queuing (PQ)

Traffic Destined
for Interface
igh Transmit
N J ]| iz % Queue oo Line
e = [ TT )
Normal 3 ’
Classify —————
Low =
Length Defined
by @ Limit
L v ] L ]
-.Dy Interface Buffer Interface Hardware
. ol (IP, IFX, Resources « Ethemet
AppleTalk, SNA, DecNet, * Frame Relay
Bridge, etc.) - ATM
« Source Interface (EQ, « Serial Link
80, 81, etc.) . etc.
= Access Lists

Figure IV-1. Priority Queuing

During transmission, PQ gives priority queues absolute preferential
treatment over low priority queues. Important traffic, given the highest priority,
always takes precedence over less important traffic. Packets are classified based
on user-specified criteria and placed into one of the multiple output queues based
on the assigned priority. Packets that are not classified by priority fall into the

normal queue. In the next chapter, we will present the PQ simulation results as

well as FIFO.
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V. Simulations Study

Simulations Model

OPNET Modeler was used exclusively in generating all results [34]. One,
two, and four router hops were simulated, commensurate with the number of hops
faced by a typical packet traversing the WCG IP backbone. Two kinds of traffic
sources were used, self-similar traffic sources for generating background traffic,
and a fixed-rate traffic source from which jitter measurements were determined. In
OPNET, these traffic sources are Ethernet based work stations. The default router
configuration available in OPNET only contained two Ethernet Ports, allowing a
maximum of two traffic sources/sinks per router. While this default configuration
can undoubtedly be changed, to maintain maximum flexibility, a decision was
made early on in this study to use multi-port Ethernet Switches at the main source
and sink destinations, in the event other traffic sources or sinks were required.
These switches complicate the block diagrams somewhat. It is best fo think of the
switch and attached router as one unit. Link speeds of T-1 and OC-48 were used
between routers. Figure V-1 shows the two hop (3 router) case.

For simulation, a worst-case model was chosen in order to investigate the
maximum bounds of the jitter. To generate the worst possible jitter, a self-similar
traffic source and sink pair is allocated to each router-to-router hop. The self-
similar background traffic is statistically multiplexed with fixed-rate traffic in one

router, then completely off-loaded at the next router and replaced by other traffic
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The fixed rate traffic was limited to be 1% of the composite traffic flow.
This choice was also made in order to simulate the worst case end-to-end jitter.
Jitter mainly comes from the burstiness of the traffic and self-similar traffic has that
burstiness, especially when compared to fixed rate traffic. To generate the worst
possible jitter, the portion of the self-similar traffic should be maximized. Hence, we
chose the mixed traffic to be composed of 99% of self-similar background traffic
and 1% of fixed-rate traffic.

As mentioned previously, a Hurst parameter of .8 was used for the
generated self-similar background traffic. Based on statistics collected from MClI's
Internet backbone in 1997, the background traffic had a mean packet size of 300
bytes, and a packet size that was exponentially distributed [35].

For the fixed rate traffic source, we simulated jitter resulting from minimum
and maximum service times wide enough apart to bound the results seen by most
any sized legal Ethernet-based packet on any corporate or carrier backbone link.
The maximum service time was generated by moving 1500 byte fixed-rate traffic
on a T-1 link, and the minimum service time was generated by moving 100 byte
fixed-rate traffic on an OC-48 link.

Trunk loads were varied over values of 10%, 50%, and 70%, representing
light, medium, and heavy traffic.

Router processing speeds were set at 5,000,000 packets/second in order

that IP 1/O processing not be a limiting factor for these simulations.
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series decays much more slowly than that of traffic which is not self-similar. From
the practical point of view this means that for self-similar traffic, considerably more
data points are required, compared to classical Poisson traffic, in order to get
equivalently accurate experimental results.

After some OPNET experimentation, involving fixing a sample size and
trunk load, repeating experiments with different random number seeds, and then
examining the variation in the results, we settied on experiment run sizes of 5,000

fixed rate packets as satisfactory.

Jitter Results

Table V-2 illustrates the jitter results. Jitter here is defined as the variance
of the end-to-end delay of the fixed rate traffic. Figure V-2 through V-5 show plots
of the above results. Figure V-2 shows a non-log plot of the end-to-end delay
variance for fixed rate packets with the minimum service time as the number of
routers and queuing mechanism is varied. Figure V-3 shows a log plot of the
same. Figure V-4 and V-5 show the results for fixed rate packets with the
maximum service time.

As expected, PQ always has less jitter than FIFO. As you can see from
Figure V-2 and V-4, for identical loads, approximately the same amount of jitter
reduction occurs regardless of the number of router hops when implementing PQ
as opposed to FIFO. The log plots of Figure V-3 and V-5 emphasize that, percent

wise, the effectiveness of PQ decreases as the number of router hops increases.
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Log Plot of Variance of End-to-End Delay on OC48
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Figure V-3. Log plot of variance of end-to-end delay, Ts = .0003
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Figure V-4. Non-log plot of variance of end-to-end delay, Ts = 7.7720 ms
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Delay Distributions. FIFO Queuing.

Delay distributions for all 18 FIFO test cases are provided below. On
each plot, the service time and load are held constant, and the number of routers
varied.

The delays of Figure V-6 are to a large extent influenced by the
propagation delays. At 10% trunk loading, the queuing delays have reduced
impact on the end-to-end delivery. Hence as the number of router hops increases,
the delay distributions are essentially shifted versions of each other, reflecting
mostly the increased end-to-end distances, and to a lesser extent an increase in
the end-to-end variance.

As the load increases, queuing delays increase and become a more
dominating factor. Figure V-7 and V-8 reflect this in terms of an increased spread
in the end-to-end delay distribution, and a change in the distribution shape.

Figure V-9 through V-11 show a second set of delay distributions
reflecting a service time of 7.7720 ms for the fixed rate traffic. The graphs here
have similar characteristics of Figures V-6 through V-8, except that the end-to-end
delivery times, which are measured from the time the leading edge of a fixed rate
packet is injected in the system until the trailing edge is received at the destination,
are greater. Additionally, these large sized packets cause increased variability in
end-to-end delivery times.

Upon examining these histograms, we can see that the delay distribution
cannot be modeled as Gaussian, though the distribution does begin to assume

Gaussian-like characteristics in Figure V-8 and V-11.
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PDF of end-to-end delay on FIFO, OC-48, and 10% Loadings (solid: 2 Routers, dotted: 3 Routers, dashdot: 5 Routers)
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Figure V-6. Histogram of end-to-end delay on FIFO, Ts = .0003 ms, and 10%
loads (solid: 2 routers, dotted: 3 routers, dashdot: 5 routers)

PDF of end-to-end delay on FIFO, OC-48, and 50% Loadings (solid: 2 Routers, dotted: 3 Routers, dashdot: 5§ Routers)
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Figure V-7. Histogram of end-to-end delay on FIFO, Ts = .0003 ms, and 50%
loads (solid: 2 routers, dotted: 3 routers, dashdot: 5 routers)
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PDF of end-to-end delay on FIFO, OC-48, and 70% Loadings (solid: 2 Routers, dotted: 3 Routers, dashdot: 5 Routers)
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Figure V-8. Histogram of end-to-end delay on FIFO, Ts = .0003 ms, and 70%
loads (solid: 2 routers, dotted: 3 routers, dashdot: 5 routers)

PDF of end-to-end deiay on FIFQ, T-1, and 10% Loadings (solid: 2 Routers, dotted: 3 Routers, dashdot: 5 Routers)
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Figure V-9. Histogram of end-to-end delay on FIFO, Ts = 7.7720 ms, and
10% loads (solid: 2 routers, dotted: 3 routers, dashdot: 5 routers)
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PDF of end-to-end delay on FIFO, T-1, and 50% Loadings (solid: 2 Routers, dotted: 3 Routers, dashdot: 5 Routers)
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Figure V-10. Histogram of end-to-end delay on FIFO, Ts = 7.7720 ms, and
50% loads (solid: 2 routers, dotted: 3 routers, dashdot: 5 routers)

PDF of end-lo-end delay on FIFO, T-1, and 70% Loadings (solid: 2 Routers, dotted: 3 Routers, dashdot: 5 Routers)
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Figure V-11. Histogram of end-to-end delay on FIFO, Ts = 7.7720 ms, and
70% loads (solid: 2 routers, dotted: 3 routers, dashdot: 5 routers)
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Histogram of end-to-end delay on PQ, Ts=0.0003ms, and 50% trunk loads (solid: 2 routers, dotted: 3 routers, dashdot: 5 routers)
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Figure V-13. Histogram of end-to-end delay on PQ, Ts = 0.0003 ms, and 50%
loads (solid: 2 routers, dotted: 3 routers, dashdot: 5 routers)

Histogram of end-to-end delay on PQ, Ts=0.0003ms, and 70% trunk loads (solid: 2 routers, dotted: 3 routers, dashdot: 5 routers)
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Figure V-14. Histogram of end-to-end delay on PQ, Ts = 0.0003 ms, and 70%
loads (solid: 2 routers, dotted: 3 routers, dashdot: 5 routers)

33



Histogram of end-to-end delay on PQ, Ts=7.7720ms, and 10% trunk loads (solid: 2 routers, dotted: 3 routers, dashdot: 5 routers)
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Figure V-15. Histogram of end-to-end delay on PQ, Ts = 7.7720 ms, and 10%
loads (solid: 2 routers, dotted: 3 routers, dashdot: 5 routers)

Histogram of end-to-end delay on PQ, Ts=7.7720ms, and 50% trunk loads (solid: 2 routers, dotted: 3 routers, dashdot: 5 routers)
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Figure V-16. Histogram of end-to-end delay on PQ, Ts = 7.7720 ms, and 50%
loads (solid: 2 routers, dotted: 3 routers, dashdot: 5 routers)
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Histogram of end-to-end delay on PQ, Ts=7.7720ms, and 70% trunk loads (solid: 2 routers, dotied: 3 routers, dashdot: 5 routers)
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Figure V-17. Histogram of end-to-end delay on PQ, Ts = 7.7720 ms, and 70%
loads (solid: 2 routers, dotted: 3 routers, dashdot: 5 routers)
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VI. Conclusion

Work Done

Investigating jitter is important because it is very critical to quality of
service for fixed rate traffic, be it real-time multimedia, broadcast muitimedia, or
leased line emulation. OPNET simulations were used to provide estimates of the
expected jitter for several different Internet parameter sets, including the current
best effort Internet as well as for the future Internet that will likely use DiffServ
priorities. These simulations used self-similar traffic as background traffic to most
closely approximate real-world Internet background traffic. We provided estimates
of the jitter associated with today's best effort Internet, and of the jitter reduction
that could occur with the use of Priority Queuing. These results are provided in
graphical and tabular manner in a form which it is hoped will be useful for network
engineers who have a need to estimate the impact on jitter of their network design
choices.

From table V-3, and elsewhere, it was noted that as the trunk loads
increase, the benefits of priority queuing increases. But as the number of router
hops increases, the effect of priority queuing does not always increase. Priority
queuing is seen to be an effective tool for reducing jitter at high trunk loads, but its
relative effectiveness decreases as the end-to-end router count increases.

From table V-3, and elsewhere, we can see that lower trunk loads, or a
combination of faster link speed and smaller packet size, is an alternative

technique to achieve a lower jitter. The choice of controlling jitter by using priorities
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or deploying trunk bandwidth at a rate that will keep loads low is an economic one

that is beyond the scope of this study.

Future Research

This was a simulations based study of jitter in packet networks. To better
validate these results, a comparison against up-to-date real world carrier core
Internet traffic statistics is in order. To better understand the theoretical causes
and effects of jitter in a network carrying traffic with Self-similar characteristics, a
mathematical analysis that accurately describes the relationship between jitter and
traffic parameters such as H Parameter, trunk load, and packet size distribution is

also in order. Future research into these areas is strongly suggested.
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