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Introduction

= Why QoS measurements and traffic modelling?

= Tofind out what is the acceptable QoS that network should provide for
users

= To efficiently dimension the network to support the traffic efficiently
meeting the QoS requirements

=  What are the challenges?
= Convergence of different technologies (still evolving)

s Development of new applications and services (which have different
traffic profile)

= Different Requirements for QoS
= The end-to-end approach is presented here.
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Traf -T)

s Constant bit rate (CBR) or variable bit rate (VBR)

= Thetiming relationship requirements (maximum
Cell Transfer Delay and peak-to-peak Cell Delay
Variation)

= Thetype of connection necessary to satisfy the

above reqguirement (connection oriented or
connectionless)
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Nature of trat

m Llostic — fistorically for computer data  services including
Telnet, FIP, NFS, Email and today WWW. They worked well on
different type networks from slow dialup links to high speed
broadband  networks.  Correctness 1s important though high
throughput may make users feel quicker

m Inelastic — Timing and throughput were important parameters to
meet QoS requirements for real time services (voice and video)
and data service response time
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Voice QoS (E-model, ITU-T G.109)

s R=R,—I.-I,-1 +A
R, - The voice quality generated at the terminals
I. - The impairment caused by digitisation

I, - The effect of delay on the voice quality

I, - Equipment Impairment factor, such as the effect of codec
characteristics and packet loss ratio

A - Advantage factor. This parameters how much bonuses that user will
be willing to give to the quality rating otherwise the user will not be
able to get the service. This means that customers may accept some
degradation in quality for access advantage, such as satellite links
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TCP QoS and ef

According to the recent theory and measurement, the
effective bandwidth can be estimated for TCP as the
following:

« B = minfW__/RIT,
[RTT (2bp/3)1/24T, min[1, 3(3bp,/8)1/2]p(1+32p) 2

where, Wm 1s the maximum advertised receive window, T, Initial timeout value,
RTT roundtrip  time, b the number of p@@kets acknowledged by 1

acknowledgement, p p@@ket lass probability, B the effective bandwidth of (or
throughput achieved by) a TCP flow.

m In the future, multimedia applications have to be taking
into account

January 20-21, 2003 ATS Conference, Stuttgart




Traf

= Numerous models have been developed to capture and represent
the randomness/stochastic behaviour of traffic sources.

s Some key characteristics of atraffic source include:

= Timing information w.r.t the arrival process (extracted either by inter-
arrival time or a counting process).

= Packet sizes, burstiness, duration of a connection.
= Correlation between successive arrivals or between arrivals from
different sources.
= User behaviour, with the growth of Internet-related traffic, is
becoming an important factor effecting the overall characteristic

of the traffic.
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Traf

= We used Software for the purpose of cost effectiveness
and flexibility based on the WinPcap library, though
there were commercial equipment available for the
measurement

= Measured parameters were Packet Inter-arrival Time
and Packet Size

= Measured Applications were WWW and FTP
= Two flow directions. upstream and downstream
= Packet length distribution analysis

= Packet interarrival time was fitted with CDFs)
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WWW Packet Length Analysis (1/2)

= Most of the upstream packets, around 82%, have the same size of
64 bytes, which isthe minimum Ethernet packet size.
= Simple requests or acknowledges of received packets

s Themost interesting thing is that around 17% packets length fell
Into the range from 295 to 641 bytes in the upstream.

= Interaction operation between users and servers

= Around 80% of the downstream packets are either 64 bytes or
1518 bytes long.
= 64 bytes long packets are acknowledgements from Internet servers.
= 1518-bytes packets are used to transport objects located in each web page.
= Thedownstream has bigger data blocks than the uplink traffic.

= Around 20% of the downstream packets locate in the wide area

between the two extreme points.
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WWW Packet Length Analysis (2/2)

= Theupstream packet length distribution in the range between
295 bytesto 641 bytesiswhite noise like.

= Tosmplify the model, we choose the average possibility to
approximately represent the probability of packet length
falling to any point in this particular range.

» For all of the upstream traces, almost all of the packet has a
length either 64 bytes or between 295 bytesto 641 bytes.

= For the downstreams, packet length has noise like
distribution between 65 bytesto 1517 bytes, which can be
treat as the same as the upstream.
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WWW Packet Interarrival Time Analysis

The packet interarrival time is defined as the difference of the

arrival times of the i packet and the (i-1)" packet
Arrivallnterval = ArrivalTime(i) - ArrivalTime(i - 1)

The measured traces have shown along-tailed distributions

The HTTP requests and responses for one web page that contain
several objects are typically captured with very short interarrival
times.

Between each web page |oading, a user needs reading time or
thinking time, which may last up to tens of minutes and cause the
tall of the distribution to be significant.

The round-trip time and the interarrival time between each object in
one page also contribute to the shape of the curve
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WWW Packet Interarrival Time Modelling

= Many heavy-talled distributions were tested by varying

relevant parameters.

= Chi-sguared distribution, exponential distribution, inverse Gaussian
(Wald) distribution, lognormal distribution, Pareto distribution and

Rayleigh distribution
= Both Probability Density Functions (PDFs) and Cumulative
Distribution Functions (CDFs) of these distributions were
used to compare with the measurement plots of each of the
traces.
= The CDF isabetter way to present all of the theoretical curves and
the measurement curves as well as being easier to use.
s |nverse Gaussian distribution is the best fit to the
measurements and other distributions are much worse.
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Fitting Using Inverse Gaussian Distribution

HTTP packet interarrival time CDF
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Compare with Rayleigh and Pareto Distributions

HTTP packet interarrival time CDF
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The Inverse Gaussian Formula

m T hus, the Inverse Gaussian distribution was chosen to
model both uplink and downlink WWW packet
Interarrival time.

= [he mathematical representation of PDF of the curveis:

elu II(tm)u
"O gl O i b

s However, the CDF of the Inverse Gaussian distribution is
not given explicitly, and we used the observation that the
CDF isthe mtegral of the PDF to approximate it:

F(t) = Of (t)dt »a f_(Dt)Dt

min
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FTP Packet Length Analysis

s All FTP traces were based on file downloads from serversto
the workstation.

= Thevariability of packet length for downloading small files

IS high than the one of big files

= Thesmall file downloading generated more upstream packets larger
than 64 bytes than big file does, and more small downstream packets

around 64 bytes.

= By investigating the load of the packets, we believe that
those FTP servers transmitted files in block mode.

= The FTP packet size distribution is principally based on the
two main factors:
= Downloaded file size, which reflect the users operation behaviours.

= Transmission mode
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FTP Packet Interarrival Time Analysis

= Downloading files always produces very small interarrival
time.

= Either for downloading small file or big file, the RTT has
significant effect on the packet interarrival time comparing
to typical web browsing HT TP traffic.

= Thedifference of the presentation of RTT in both casesis
decided by user’ s operation.

= |t'snecessary to separate these two conditions when we try
to establish the FTP interarrival time mathematic models.
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Fitting Using Pareto+Pareto Distribution

FTP packet Interarrival time CDF
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Fitting Using Pareto+Rayleigh Distribution

FTP packet Interarrival time CDF
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FTP Packet Interarrival Time Formula (1/3)

s It has been found that there is no standard
distribution can fit well to the measured
distributions of the interarrival time for both small
and big file download.

» Pareto distribution fits the measurement curve very well
around 0 second

= Sharp rise cuts off the distribution around the RTT point

s Two different standard distributions were combined
to model this kind of cut-off distributions.
= It should guarantee the final distribution fx(x) has a CDF:

Fi(X)=0fx (Xdx=1  x3 k
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FTP Packet Interarrival Time Formula (2/3)

= For the small file download, theriseisvery sharp. To model
this distribution, we chose Pareto+Pareto distribution as the

Ideal mode!.
G
|CT¢ Tmin £1 <TR‘I‘I’
fo(t) =1
'O : Co Ty i
$b = T.. £tET
T
RTTCT G
and  b=1- - dx

tc.l.

Tmi n

where T, Isthe cut-off point. T, and T, isthe minimum and
maximum value of the FTP packet interarrival time respectively.
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FTP Packet Interarrival Time Formula (3/3)

= It wasfound that Pareto+Rayleigh distribution could
model the packet interarrival time very well for big file
case.

:I: —mn_ Tmin £1< TR'I'I'

. o)
I'b —expe—= Terr ELET

Trrr G
and b =1- OCTmm dlx

where T, T, and T ., are the same as previous page.
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Experiment results

= A network emulator was developed to introduce end-
to-end delay and bit error rate (BER)

= [he effects on voice, video and data services were
evaluated all based on standard Internet protocols

= The QoS of each service was presented in different
form

= These should reflect what users would get over
Internet for different QoS of the network in terms of
packet loss and end-to-end delay
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Voice QoS

BER Audio Quality

Audio quality not affect by the emulator. This Is
107 to 10°° expected as there Is hardly any error being
artificially injected Into the packets.

10-5 Occasionally, a slight distortion can be detected.
10-4 Slight distortion can be detected reqularly.
1073 High distortion; audio often become indecipherable.
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Video QoS
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TCP Data QoS
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Conclusion

This paper presented the studies of Internet QoS measurement
and traffic modelling and the effects of network QoS
narameters (delay and BER) on Internet applications

It also discussed the key issues on Internet QoS and traffic
modelling.

Traffic measurement were carried out on WWW and FIP
applications, and analysis carried out for  packet length and
packet interarrival time distributions

-urther works should be carried out to find out the relationship
between the QoS parameters and user perceived (oS
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