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Abstract
Comparison between alternative technologies for switching and routing is difficult for several reasons: (i) the range of options
is quite large and appears to demand knowledge over a very wide range – wider than we can reasonably expect to find in any one
individual; (ii) in addition, each of the alternative technical solutions can potentially be used in combination with one of more of
its competitors; (iii) the impact on the traffic being handled is difficult to model, and therefore it is almost inconceivable that we
can predict the performance which can be delivered by complex configurations.
In this paper we propose and develop a unified framework for multiple technologies that interwork together. To do this we
adopt a simple model based on the principle that (i) technologies can be modelled as layers; (ii) traffic can be modelled as a
Poisson stream of flows; and (iii) the dynamic (and static) choice between layers can be modelled by a strategy for splitting traffic
between layers.
Once this unified framework has been adopted, alternative technologies can be incorporated into in this model by choosing a
collection of parameters which determine, for each layer, what it will cost to deliver a certain type of traffic and how traffic will
be split between layers when there is a choice.

I. I NTRODUCTION
The currently evolved Internet architecture is based on a variety of technologies and serves numerous services and traffic
types. Internet design that will minimize cost subject to meeting quality of service (QoS) requirements of the various services
(including protection and survivability) requires simultaneous optimization of (1) technology choices, (2) Topology (although
we consider the physical topology of nodes and links as given, the virtual topology still needs to be optimized), and traffic
engineering (including traffic grooming). It is clear that optimizing the entire Internet from all these three aspects is too difficult.
In the following we list some of reasons for difficulty in optimizing the Internet design:
1) the range of technology options is quite large and appears to demand knowledge over a very wide range – wider than we
can reasonably expect to find in any one individual;
2) each of the alternative technical solutions can potentially be used in combination with one of more of its competitors;
3) the impact on the traffic being handled is difficult to model, and therefore it is almost inconceivable that we can predict
the performance which can be delivered by complex configurations.
4) There are over a billion Internet users generating traffic trough a very large numbers of nodes. The scale of the Internet
is so large that global optimization is not feasible.
5) the individual demands are very bursty and unpredictable (flow sizes are known to follow heavy tailed distributions).
There are many papers which propose mathematical programming formulations of network designed (e.g. [1]) however these
are applicable only to small networks and only consider a subset of the above problems. This limitation is also applicable
to some heuristics that have been proposed (e.g. [2], [3]), that are not scalable to large problems. Furthermore, when a large
number of technologies are considered simultaneously, formulation of the design problem as a mathematical program is a task
of massive complexity, and its solution, if it can be obtained, cannot be intuitively understood.
The book [4] adopts a formulation of the network design problem in terms of a problem of optimal routing through a multilayered network (or a multi-layered graph). This is also the approach we adopt, although there are a number of significant
differences in the two approaches. In particular, our objective is somewhat different since it includes technology choice (which
technologies should be used), and dimensioning of the physical layer as part of the problem, whereas [4] assumes that the
physical layer is given, a specific collection of grooming technologies is available, and the task to be solved is how to route
traffic through this network. Also, we adopt a statistical model of traffic model in which flows have randomly distributed size
with a Pareto distribution, whereas in [4] a more specific traffic model (a scenario rather than a statistical model) is adopted.
Also, [4] takes the constraint that the same wavelength can be used in each fiber once into account whereas we do not. Taking
this constraint into account increases the complexity of the problem considerably and given the other challenges, for solving
the problem of technology choice it seems preferable to defer this issue form the moment.

A. A Unified Layered Routing Model
In this paper we propose and develop a unified framework for multiple technologies that interwork together under realistic
assumptions of traffic demand. To do this we adopt a simple model based on the principle that (i) technologies can be modelled
as layers; (ii) traffic can be modelled as a Poisson stream of flows; and (iii) the dynamic (and static) choice between layers
can be modelled by a strategy for splitting traffic between the available paths, which make use of different layers, making use
of flow size dynamically when choosing between paths.
Once this unified framework has been adopted, alternative technologies can be incorporated into in this model by choosing
a collection of parameters which determine, for each layer, what it will cost to deliver a certain type of traffic and how traffic
will be split between layers when there is a choice.
We assume that the network under study is made of layers, each layer is a network in its own right, and the links of layer
n + 1 correspond to the traffic streams of layer n. We then use shortest-path routing as the design principle for each layer, so
the design of each layer is almost independent from the design of each other.
However, since the cost of links in layer n + 1 is determined by the cost of the whole path that these links follow, in layer
n, the traffic in layer n + 1 will change with the costs in layer n, and this will cause the traffic in layer n to change and hence
the costs in layer n will change again.
An iterative scheme for designing all the layers appears to converge, in our experiments, quite quickly, although the
experiments are at an early stage.
B. Cost of Communication and Flows
We consider three Internet cost and energy consumption causes:
1) Individual Packet Processing: In today’s Internet packets are processed (including repeated buffering, and routing-table
look-up) individually at each router [5] which is energy inefficient especially for large flows, and fails to respect our
carbon emission budget as we approach the “zettabyte era”;
2) connection set-up, including recording and updating hash tables in flow-based routing, or the setup cost for an SDH or
WDM paths in cases where those are used;
3) transmission.
In line with these three sources of cost, which are clearly incurred by packets to a different degree according to the size of
flow and what types of setup costs are incurred, we distinguish three size-based flow types:
1) Mice: these are the smallest flows and there are many of them. It is not efficient to treat them as flows. Their tunnels
may be longer than shortest path (similar to busses that drop off and take up passengers along their routes).
2) Elephants: these are the largest flows. Their numbers are relatively small, so they justify complex flow setup and cleardown, possibly including the setup of an LSP or WDM routed wavelength. Individual packet processing (cause 1) is
avoided. Their aggregation is achieved by using a pool of wavelength channels per trunk.
3) Kangaroos: they are routed based on the current IP architecture. The existence of Kangaroos is practical and consistent
with our aim for evolution. It may be beneficial to use shortest-hop-path routing for them because their packets are treated
individually at every router.
These categories may seem somewhat arbitrary, however because the range flow sizes is very wide – Internet flow sizes have
a heavy tailed distribution [6] – it seems likely that a finer distinction between different classes of traffic may be unnecessary.
At the risk of oversimplification, elephants are the flows for which, even if a flow setup cost is incurred it will be insignificant;
the mice are the flows for which any flow setup cost will be more significant than any per-packet or per-byte costs, and the
kangoroos are the flows where these different costs are approximately in balance.
II. T HE T RAFFIC M ODEL
We will assume that all traffic is formed as a collection of flows. We assume that the flow sizes are random, each uncorrelated
with the other, with a distribution of the truncated Pareto type, as described in Subsection II-A. The arrival times of the flows
are assumed to form a Poisson process.
A. The Truncated Pareto Distribution
We assume that traffic is either continuous at a fixed rate, or is made up of a Poisson stream of flows, of rate λ, which have
a truncated Pareto distribution with shape parameter γ, with minimum size δ and maximum size D. Assuming that flow sizes
are measured in bits, the probability that a randomly selected flow with the truncated Pareto distribution with these parameters
is shorter than t is

t < δ,

0, −γ

−γ
( Dt ) −( Dδ )
, δ ≤ t < D,
(1)
D −γ

 1−( δ )

1,
t ≥ D.
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The mean bit rate of such a Poisson stream of flows is

λγ δ1−γ − D1−γ
.
(γ − 1) (δ−γ − D−γ )

(2)

III. F IXED P OINT A NALYSIS OF N ETWORK T RAFFIC , P ERFORMANCE , AND L INK C APACITIES
A very simple but effective way to analyse the way in which traffic will be carried (and the performance it will experience)
in networks is to conduct a fixed point iteration. The behaviour of traffic is affected by the capacity of the links, switches,
and routers that it passes through, and also by the other traffic that uses the same resources at the same time. Given all the
conditions which apply, relatively simple models can be used to predict the performance and behaviour of one traffic stream. A
fixed-point algorithm can then be used to predict the behaviour and performance of the complete collection of traffic streams
which share a network by successively replacing the traffic streams by streams which exhibit their behaviour in the presence
of the other traffic.
A. The Erlang Fixed-Point Algorithm
One simple and commonly used approach for approximation of blocking probabilities in overflow loss network models is
the so-called Erlang fixed-point approximation (EFPA) method. It is based on decoupling the given system into independent
server groups (subsystems), each of which is modeled by an M/M/m/m queueing system, for which the blocking probability
(or overflow probability) can be computed by the Erlang B formula. EFPA was first proposed in [7] in 1964 for the analysis
of circuit-switched networks and has remained a cornerstone of telecommunications networks and systems analysis to this day.
See for example, [8]–[13] and references therein for applications of EFPA.
B. Fixed Point Algorithms for Link Capacities
In this paper our objective is not to estimate blocking probabilities but instead to estimate required capacities. Therefore,
instead of iterating until convergence of loss probabilities has occurred, we adjust capacities at each iteration, and continue
iterating until capacities have converged. Whereas in the EFPA the Erlang formula is used to estimate loss, in this iteration it
is used to estimate the capacity required to achieve a certain target for loss on each link.
IV. A NALYSIS OF L AYERED N ETWORKS
The basic fixed-point iteration described in the previous section can be extended to layered networks so long as we have a
scheme for splitting traffic between layers. Splitting the type of traffic described in Section II is straightforward so long as the
only criterion used for deciding which way to direct traffic is flow size.
A. Layered architecture concepts
The concept of layered network architecture needs to be defined somewhat more rigorously than usual before we can employ
it to define how traffic will be split between layers. The most important principle of layered network architecture is that each
layer of a network employs services provided by layers below to provide services to the layers above.
Sitting on top of this layer-cake of services are the demands from the users, which we refer to in this paper as traffic streams.
Traffic from these user-generated traffic streams is carried by assigning it to paths through the layer at the top. When there is
a layer below this top layer, it is employed for one and only one reason: to implement links at the top layer.
There are three distinct ways in which one layer (layer n) can implement a link between node A and node B at the higher
layer (n + 1):
(i) layer n already has a link between A and B and it simply passes on this service, at no extra charge, to the layer above;
when a link from A to B already exists, and is not overutilized, this will always the best way to provide the link from A
to B at layer n + 1.
(ii) layer n does not have a link from A to B but it has a path from A to B which it can permanently package as a link, for
layer n + 1.
(iii) layer n does not have a link from A to B but it can dynamically set up, as required, a path through its network from A
to B.
There is usually a significant extra cost in making use of links provided by the mechanisms (ii) and (iii). In Case (ii), this
cost is due to the fact that modularity requirements in Layer n will mean that the capacity of the path set up through this
layer might be considerably more than is actually needed. In Case the cost is due to the fact that every time a Layer n + 1 is
set up, a significant cost is incurred. Although the setup cost is always incurred, in Case (ii), the fact that it is incurred only
once, ever, means that we can neglect it. Modularity always restricts the use of paths through Layer n, however in Case (iii)
we can assume that the path is fully utilized while the link is in use, so we can neglect this cost in Case (iii). Since all the
traffic carried by layer n is derived from one of these three mechanisms, the traffic streams in layer n correspond, in effect, to
the links in layer n + 1.
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B. Splitting
Splitting is fairly easy to analyse. Suppose the overall rate of flows is λ with a range of flow sizes from δ to ∞, and suppose
that traffic is split on the basis of whether a flow is bigger or smaller than D. If the flow rate of flows less than size D is λ1 ,
then the traffic of the smaller flows will now have the standard model, but with rate λ1 , and flows in the range δ to D. The
other traffic stream will have a rate of λ − λ1 and a range of flow sizes from D to ∞.
C. Merging
The parameters of a merged stream that we need to choose are: (i) the flow arrival rate; (ii) the shortest flow; and (iii) the
longest flow. (We assume that all traffic exhibits a common power law, with coefficient γ)
In order to determine the parameters of a merged traffic stream we adopt the principle that the flow rate of the merged
stream should be the sum of the flow rates of the component streams, the maximum flow size should be the maximum of the
maximum flow sizes of the component streams, and the mean bit-rate of the merged stream should be the sum of the bit-rates
of the component streams.
It follows that we have precisely one free parameter, the minimum flow size, with which to ensure that the mean bit-rate is
correctly matched. Since the mean of a Poisson stream of truncated Pareto flows is given by (2), if the mean rate of such a
traffic stream is m, the δ required to match this is the solution of

λγ δ1−γ − D1−γ
.
m=
(γ − 1) (δ−γ − D−γ )
Rearranging this gives:
δ=

m(γ − 1) (1 − (D/δ)−γ )
,
λγ(1 − (D/δ)1−γ )

which can be used repeatedly to solve for δ quite quickly.
V. C ONCLUDING R EMARKS
We have outlined a layered routing concept which can be applied to modern networks which make use of a diverse range of
technologies. An algorithm for network design of a layered network was described and this algorithm has been implemented
(see [14]–[16]) and some preliminary experiments carried out. The experiments confirm that the network design algorithm
converges quickly for very large networks.
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