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The Pakistan Internet Exchange (‘backbone’)
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[Logical Topology of PIE




Motivation

Traffic Prediction based on
current trends is a useful
indicator of the growth ...

What's
out
there?

How
much?

Is it good
enough?



Motivation — (2)
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% age of Packets
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Protocol Wise Break-up (march-may 2005): What's there?
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Packet Size Distribution: What's out there?
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PTCL's Data: How Much?
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How Much?

[Traffic Models
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How Much?

Lang Term Trend on s-Interpolated and Forecasted Walues

Predictions — (LHE-KHI link)
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[Voice Quality  Is it good enough?

“Perceptual”

o Mean Opinion Scores (MOS)
o Quality Models

Simulate human rating behavior
o PSQM (ITU-T P.861)
o PESQ (ITU-T P.862)

The E-model (ITU-T G.107)



[The E-model

R=RO_]S_1d_[€—eﬁ +A

Ry,  Signal to noise ratio
I Simultaneous impairments
1, Delay impairments

[, o Equipment impairments

A Advantage Factor



Voice Quality Classes
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Experiments
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Scenario - A
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Scenario — A (contd)
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Experiments
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Scenario - B
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Experiments
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Scenario - C
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Scenario - D
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Perceptual quality assessment for
VoIP for the PIE backbone
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[Results

In the 4 scenarios studied:
o The backbone links exhibit low mean jitter

o Access links present congestion hot spots

A satisfactory QoS cannot be achieved on an end
to end basis because of bottlenecks in the access
links




[Conclusions ]

End to End QoS for VoIP can not
be achieved unless an end to end
QoS architecture is deployed.



