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Basic alternatives are circuit and packet multiplexing. Hybrid schemes exist.

In circuit multiplexing, in-call data flow is transparent to network. Thus the
network only has to find a route (a sequence of links) for the call.

In packet multiplexed networks, “in call traffic process” can affect other calls
and admission control may be used to not admit a call that can generate
packets that may disrupt ongoing calls. This is non trivial in packet multiplexed
networks.

Source characterisation is important for packet multiplexed networks.
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A schematic view of a packet network, showing one terminal in detail. R denotes a
router.
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e Flastic: Source of data does not demand a transfer rate. e.g., file transfer, www
download, email, ..

— Traffic does not have a temporal behaviour.
— Transfer delay and delay variability can be tolerated.
— Cannot tolerate data loss.
— Two types: deferable and non deferable.
It is not being suggested that arbitrarily low throughputs or large delays are
acceptable to a user.
e Stream: Source of data demands a certain transfer rate. e.g., live audio, video,
voice, streaming video.

— Source has an intrinsic temporal behaviour. Network cannot serve this traffic
at arbitrary rates.

— Delay and Delay variation needs to be controlled.

— Some tolerance to data loss.
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Circuit multiplexed PSTNs are more than 100 years old. Packet Switching was
invented by Paul Baran in the early 1960s and ARPANET (now MILNET) and
X.25 Networks were built around it. Also, Minitel in France was a PSPDN
service,

Dominant use of packet networks is for “store-and-forward” service for elasti
traffic.

Quantitative engineering was extensively developed for the design and
deployment of circuit multiplexed networks from the early days, e.g., Erlang-B
formula is from 1917. Queueing Theory was invented for telephone networks.

Packet networks, esp the Internet type, have relied “shoot first ask questions
later” model — deploy something that works and then we will see how well it
works.

Even 30 years after building some large packet networks, the design rules are still
pretty much based on “rule of thumb”, "back of the envelope” or “cocktall
napkin” type calculations.
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ATM changed that and much of what was developed for ATM is now being
apPlied to the Internet.

"Open loop queueing theory” can be applied to stream traffic.

An important technique that was developed was that of “effective bandwidth”
for stream traffic which is useful in applying circuit multiplexing techniques.

Elastic traffic will need “closed loop queueing theory” because of fast timescale
congestion control and bandwidth sharing models.

We will take a divideg-and-conquer approach and isolate the effect of one
functional element from the others. e.g., switching delay or switch blocking
probabilities will be ignored when engineering the multiplexer.
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buffer fills when source rate > service rate

An on-off VBR source, of peak rate & Kbps and average rate r Kbps, being carried
by a link of capacity C' Kbps, 7 < C' < R.

e TIraffic may be shaped before submitting to network.

e Talkspurts are packetised; may wait for a fixed number of bits. padding may be
used to avoid excessive packetisation delay.
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packet send time

packet receive time

this target end—to—end delay T
will avoid any packet loss

Jitter in in the delay of voice packets, and the need for playout delay at the receiver.
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Packet delays are stretched to a target delay 1. Voice packet left source at ¢, arrives
at reciever at uy, incurring a network delay of Xy. It is buffered for b so that its
end-to-end delay is 1T". If Xy > 1" then packet is discarded.
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e Look for the worst case delay and set 7' to this.

e Alternatively, find 7" such that the packet delay rarely exceeds T', i.e.,
Prob(X; > T') < €, and use this to delay playout at the destination. Packets
that exceed 1" are lost. (Recall the delay and distortion constraint from Chap. 1).

e Connection setup: Describe the packet process, T' and € to network. |f the
network can satisy the QoS, it will admit the call, else reject it.

e The various components involved in voice transport over a packet network.
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e Mouth-to-Ear Delay components: fixed and variable parts

MtoE Delay = coding delay 4+ shaping delay
+ packetisation delay + WAN propagation delay
+ WAN transmission and queueing delay

-+ receiver playout delay

e Distortion and delay constraints
Prob(MtoE Delay > 200 ms) < 0.02

and
Prob(Packet Loss) < 0.05

e Deterministic models for the source characteristics may be used and the network
element characterisitcs obtained from that. Typically, these assume the worst

. v
case scenarios. + 6
e Stochastic Models may be derived by permitting small violations in delay and

loss objectives. These provide very high usage efficiencies. ~+ 7
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The facilities in a circuit switched network, showing the terminals (Plain Old
Telephones or ISDN terminals), the network trunks, the switch fabrics, and the
signalling network.
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Demands that cannot be satisfied are not queued but [ost or blocked.

System model is that of loss system and the objective is to efficiently achieve the
objective of a specified call blocking probability.

Switch blocking, distinct from /ink blocking, can occur. The dominant blocking
is determined by relative costs of transmission and switching. Typically switch
blocking is much smaller than link blocking.

Alternate routes may exist and(overflow traffic> may be created. Overflow traffic
does not have the same characteristicy as the first offered traffic.

Admission may be denied even if there is capacity in the network to satisty a call
in the hope of serving "more lucrgtive” calls.
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Elastic applications dominate packet networks

New applications will have to coexist with legacy applications: Effect of
“Interaction” of these sources of traffic is important for design of new
applications.

Example questions: How does TCP work when propagation delays and data
rates are both very high? How would N TCP applns share a bottleneck link?

The File Transfer Abstraction
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Bandwidth of this pipe is shared
HOST between a varying number of elastic flows

~— | g WEB
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- / feedback control necessary
= to slow down or speaed up the traffic sources
+ 9
HOST
i
users downloading data

e Several users dynamically share a link to download files from web servers.

SERVERS

Instantaneous and time average share may be unfair.
e Feedback from network to sources is used to control bandwidth share of sources.

e Rate control or window based control may be applijed.

o Implicit or Explicit feedback may be used.

e TCP is implicit feedback with window based flow control; ATM ABR is explicit

feedback with rate control. .













