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1.1 INTRODUCTION

The traditional role of traffic engineering is to ensure that a telecommunica-
tions network has just enough capacity to meet expected demand with ade-
quate quality of service. A critical requirement 1s to understand the three-way
relationship between demand, capacity and performance, each of these be-
ing quantified in appropriate units. The degree to which this is possible in a
future multiservice network remains uncertain, due notably to the inherent

self-similarity of traffic and the modelling difficulty that this implies. The
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purpose of the present chapter is to argue that sound traffic engineering re-
mains the crucial element in providing quality of service and that the network
must be designed to circumvent the self-similarity problem by applying traffic
controls at an appropriate level.

Quality of service in a multiservice network depends essentially on two
factors: the service model which identifies different service classes and specifies
how network resources are shared, and the traffic engineering procedures used
to determine the capacity of those resources. While the service model alone
can provide differential levels of service ensuring that some users (generally
those who pay most) have good quality, to provide that quality for a predefined
population of users relies on previously providing sufficient capacity to handle
their demand.

It is important in defining the service model to correctly identify the entity
to which traffic controls apply. In a connectionless network where this entity
is the datagram, there 1s little scope for offering more than “best effort”
quality of service committments to higher levels. At the other end of the
scale, networks dealing mainly with self-similar traffic aggregates, such as all
packets transitting from one LAN to another, can hardly make performance
guarantees, unless that traffic is previously shaped into some kind of rigidly
defined envelope. The service model discussed in this chapter is based on an
intermediate traffic entity which we refer to as a “flow” defined for present
purposes as the succession of packets pertaining to a single instance of some

application, such as a videoconference or a document transfer.
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By allocating resources at flow level, or more exactly, by rejecting newly
arriving flows when available capacity is exhausted, quality of service provi-
sion 1s decomposed into two parts: service mechanisms and control protocols
ensure that the quality of service of accepted flows is satisfactory; traffic en-
gineering is applied to dimension network elements so that the probability of
rejection remains tolerably small. The present chapter aims to demonstrate
that this approach is feasible, sacrificing detail and depth somewhat in favour
of a broad view of the range of issues which need to be addressed conjointly.

Other chapters in this book are particularly relevant to the present discus-
sion. In Chapter 7?7, Adas and Mukherjee propose a framing scheme to ensure
guaranteed quality for services like video transmission while Tuan and Park in
Chapter 7?7 study congestion congestion control algorithms for “elastic” data
communications. Naturally, the schemes in both chapters take account of the
self-similar nature of the considered traffic flows. They constitute alternatives
to our own proposals. Chapter 77 by Feldmann gives a very precise descrip-
tion of Internet traffic characteristics at flow level which to some extent inval-
idates our too optimistic Poisson arrivals assumption. The latter assumption
remains useful, however, notably in showing how heavy-tailed distributions
do not lead to severe performance problems if closed loop control is used to
dynamically share resources as in a processor sharing queue. The same Pois-
son approximation is exploited by Boxma and Cohen in Chapter 77 which
contrasts the performance of FIFO (open loop control) and processor sharing

(closed loop control) queues with heavy-tailed job sizes.
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In the next section we discuss the nature of traffic in a multiservice net-
work, i1dentifying broad categories of flows with distinct quality of service
requirements. Open loop and closed loop control options are discussed in
Sections 1.3 and 1.4 where it is demonstrated notably that self-similar traffic
does not necessarily lead to poor network performance if adapted flow level
controls are implemented. A tentative service model drawing on the lessons
of the preceding discussion is proposed in Section 1.5. Finally, in Section 1.6,
we suggest how traditional approaches might be generalized to enable traffic

engineering for a network based on this service model.

1.2 THE NATURE OF MULTISERVICE TRAFFIC

It is possible to identify an indefinite number of categories of telecommu-
nications services, each having its own particular traffic characteristics and
performance requirements. Often, however, these services are adaptable and
there is no need for a network to offer multiple service classes each tailored to
a specific application. In this section we seek a broad classification enabling
the identification of distinct traffic handling requirements. We begin with a

discussion on the nature of these requirements.

1.2.1 Quality of service requirements

It is useful to distinguish three kinds of quality of service measures which we

refer to here as “transparency”, “accessibility” and “throughput”.
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Transparency refers to the time and semantic integrity of transferred data.
For real-time traffic delay should be negligible while a certain degree of data
loss 1s tolerable. For data transfer, semantic integrity is generally required
but (per packet) delay is not important.

Accessibility refers to the probability of admission refusal and the delay for
set up in case of blocking. Blocking probability is the key parameter used
in dimensioning the telephone network. In the Internet, there is currently
no admission control and all new requests are accommodated by reducing the
amount of bandwidth allocated to ongoing transfers. Accessibility becomes an
issue, however, if it is considered necessary that transfers should be realized
with a minimum acceptable throughput.

Realized throughput, for the transfer of documents such as files or Web
pages, constitutes the main quality of service measure for data networks..
A throughput of 100 Kbit/s would ensure the transfer of most Web pages
quasi-instantaneously (less than one second).

To meet transparency requirements the network must implement an ap-
propriately designed service model. The accessibility requirements must then
be satisfied by network sizing taking into account the random nature of user
demand. Realized throughput is determined both by how much capacity is
provided and how the service model shares this capacity between different
flows. With respect to the above requirements, it proves useful to distinguish

two broad classes of traffic which we term “stream” and “elastic”.
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1.2.2 Stream traffic

Stream traffic entities are flows having an intrinsic duration and rate (which
is generally variable) whose time integrity must be (more or less) preserved by
the network. Such traffic is generated by applications like the telephone and
interactive video services such as videoconferencing where significant delay
would constitute an unacceptable degradation. A network service provid-
ing time integrity for video signals would also be useful for the transfer of
pre-recorded video sequences and, although negligible network delay is not
generally a requirement here, we consider this kind of application to be also
a generator of stream traffic.

The way the rate of stream flows varies is important for the design of
traffic controls. Speech signals are typically of on/off type with talkspurts
interspersed by silences. Video signals generally exhibit more complex rate
variations at multiple time scales. Importantly for traffic engineering, the
bit rate of long video sequences exhibits long-range dependence [GW94], a
plausible explanation for this phenomenon being that the duration of scenes
in the sequence has a heavy-tailed probability distribution [Fra97].

The number of stream flows in progress on some link, say, is a random
process varying as communications begin and end. The arrival intensity gen-
erally varies according to the time of day. In a multiservice network it may
be natural to extend current practice for the telephone network by identifying

a busy period (e.g., the one hour period with the greatest traffic demand)
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and modelling arrivals in that period as a stationary stochastic process (e.g.,
a Poisson process). Traffic demand may then be expressed as the expected
combined rate of all active flows: the product of the arrival rate, the mean
duration and the mean rate of one flow. The duration of telephone calls is
known to have a heavy-tailed distribution [Bol94] and this is likely to be true
of other stream flows suggesting that the number of flows in progress and their

combined rate are self-similar processes.

1.2.3 Elastic traffic

The second type of traffic we consider consists of digital objects or “docu-
ments” which must be transferred from one place to another. These docu-
ments might be data files, texts, pictures or video sequences transferred for
local storage before viewing. This traffic is elastic in that the flow rate can
vary due to external causes (e.g., bandwidth availability) without detrimental
effect on quality of service.

Users may or may not have quality of service requirements with respect to
throughput. They do for real-time information retrieval sessions where it is
important for documents to appear rapidly on the user’s screen. They do not
for e-mail or file transfers where deferred delivery, within a loose time limit,
1s perfectly acceptable.

The essential characteristics of elastic traffic are the arrival process of trans-
fer requests and the distribution of object sizes. Observations on Web traffic

provide useful pointers to the nature of these characteristics [AW96, CB96].
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The average arrival intensity of transfer requests varies depending on under-
lying user activity patterns. As for stream traffic, it should be possible to
identify representative busy periods where the arrival process can be consid-
ered to be stationary.

Measurements on Web sites reported by Arlitt and Williamson [AW96] sug-
gest the possibility of modelling the arrivals as a Poisson process. A Poisson
process indeed results naturally when members of a very large population of
users independently make relatively widely spaced demands. Note, however,
that more recent and thorough measurements suggest that the Poisson as-
sumption may be too optimistic (see Chapter ?7). Statistics on the size of
Web documents reveal that they are extremely variable exhibiting a heavy-
tailed probability distribution. Most objects are very small: measurements on
Web document sizes reported by Arlitt and Williamson reveal that some 70%
are less than 1 Kbyte and only around 5% exceed 10 Kbytes. The presence of
a few extremely long documents has a significant impact on the overall traffic
volume, however.

It 1s possible to define a notion of traffic demand for elastic flows, in analogy
with the definition given above for stream traffic, as the product of an average

arrival rate in a representative busy period and the average object size.

1.2.4 Traffic aggregations

Another category of traffic arises when individual flows and transactions are

grouped together in an aggregate traffic stream. This occurs currently, for
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example, when the flow between remotely located LANs must be treated as
a traffic entity by a wide area network. Proposed evolutions to the Internet
service model such as differentiated services and MPLS (multi-protocol label
switching) also rely heavily on the notion of traffic aggregation.

Through aggregation, quality of service requirements are satisfied in a two
step process: the network guarantees that an aggregate has access to a given
bandwidth between designated end points; this bandwidth is then shared by
flows within the aggregate according to mechanisms like those described in
the rest of this chapter. Typically, the network provider has the simple traffic
management task of reserving the guaranteed bandwidth while the responsi-
bility for sharing this bandwidth between individual stream and elastic flows
devolves to the customer. This division of responsibilities alleviates the so-
called scalability problem where the capacity of network elements to maintain
state on individual flows cannot keep up with the growth in traffic.

The situation would be clear if the guarantee provided by the network to
the customer were for a fixed constant bandwidth throughout a given time
interval. In practice, because traffic in an aggregation is generally extremely
variable (and even self-similar), a constant rate is not usually a good match
to user requirements. Some burstiness can be accounted for through a leaky
bucket based traffic descriptor, although this i1s not a very satisfactory solu-
tion, especially for self-similar traffic (see Section 1.3.2).

In existing frame relay and ATM networks, current practice is to consid-

erably overbook capacity (the sum of guaranteed rates may be several times
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greater than available capacity), counting on the fact that users do not all
require their guaranteed bandwidth at the same time. This allows a propor-
tionate decrease in the bandwidth charge but, of course, there is no longer
any real guarantee. In addition, in these networks users are generally allowed
to emit traffic at a rate over and above their guaranteed bandwidth. This
excess traffic, “tagged” to designate it as expendable in case of congestion, is
handled on a best effort basis using momentarily available capacity.

Undeniably, the combination of overbooking and tagging leads to a com-
mercial offer which is attractive to many customers. It does, however, lead to
an imprecision in the nature of the offered service and in the basis of charg-
ing which may prove inacceptable as the multiservice networking market gains
maturity. In the present chapter, we have sought to establish a more rigourous
basis for network engineering where quality of service guarantees are real and
verifiable.

This leads us to ignore the advantages of considering an aggregation as a
single traffic entity and to require that individual stream and elastic flows be
recognized for the purposes of admission control and routing. In other words,
transparency, throughput and accessibility are guaranteed on an individual
flow basis, not for the aggregate. Of course, it remains useful to aggregate
traffic within the network and flows of like characteristics can share buffers

and links without the need to maintain detailed state information.
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1.3 OPEN LOOP CONTROL

In this and the next section we discuss traffic control options and their po-
tential for realizing quality of service guarantees. Here we consider open loop,
or preventive, traffic control based on the notion of “traffic contract”: a user
requests a communication described in terms of a set of traffic parameters and
the network performs admission control, accepting the communication only
if quality of service requirements can be satisfied. Either ingress policing or
service rate enforcement by scheduling in network nodes 1s then necessary to
avoid performance degradation due to flows which do not conform to their

declared traffic descriptor.

1.3.1 Multiplexing performance

The effectiveness of open loop control depends on how accurately it is possible
to predict performance given the characteristics of variable rate flows. To
discuss multiplexing options we make the simplifying assumption that flows
have unambiguously defined rates like fluids, assimilating links to pipes and
buffers to reservoirs. We also assume rate processes are stationary. It is useful
to distinguish two forms of statistical multiplexing: bufferless multiplexing
and buffered multiplexing.

In the fluid model, statistical multiplexing is possible without buffering if
the combined input rate 1s maintained below link capacity. As all excess traffic

is lost, the overall loss rate is simply E[(A; —c)*]/FE[A;] where A; is the input
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rate process and ¢ is the link capacity. It is important to notice that this loss
rate only depends on the stationary distribution of A; and not on its time
dependent properties, including self-similarity. The latter do have an impact
on other aspects of performance, such as the duration of overloads, but this
can often be neglected if the loss rate is small enough.

The level of link utilization compatible with a given loss rate can be in-
creased by providing a buffer to absorb some of the input rate excess. However,
the loss rate realized with a given buffer size and link capacity then depends
in a complicated way on the nature of the offered traffic. In particular, loss
and delay performance are very difficult to predict when the input process is
long-range dependent. The models developed in this book are, for instance,
generally only capable of predicting asymptotic queue behaviour for particular
classes of long-range dependent traffic.

An alternative to statistical multiplexing 1s to provide deterministic per-
formance guarantees. Deterministic guarantees are possible, in particular, if
the amount of data A(t) generated by a flow in an interval of length ¢ satisfies
a constraint of the form: A(t) < pt + o. If the link serves this flow at a rate
at least equal to p then the maximum buffer content from this flow is . Loss
can therefore be completely avoided and delay bounded by providing a buffer
of size ¢ and implementing a scheduling discipline which ensures the service
rate p [Cru91]. The constraint on the input rate can be enforced by means of

a leaky bucket, as discussed below.
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1.3.2 The leaky bucket traffic descriptor

Open loop control in both ATM and Internet service models relies on the
leaky bucket to describe traffic flows. Despite this apparent convergence,
there remain serious doubts about the efficacy of this choice.

For present purposes, we consider a leaky bucket as a reservoir of capacity
o emptying at rate p and filling due to the controlled input flow. Traffic
conforms to the leaky bucket descriptor if the reservoir does not overflow
and then satisfies the inequality A(f) < pt 4+ ¢ introduced above. The leaky
bucket has been chosen mainly because it simplifies the problem of controlling
input conformity. Its efficacy depends additionally on being able to choose
appropriate parameter values for a given flow and then being able to efficiently
guarantee quality of service by means of admission control.

The leaky bucket may be viewed either as a statistical descriptor approxi-
mating (or more exactly, providing usefully tight upper bounds on) the actual
mean rate and burstiness of a given flow or as the definition of an envelope
into which the traffic must be made to fit by shaping. Broadly speaking, the
first viewpoint is appropriate for stream traffic, for which excessive shaping
delay would be unacceptable, while the second would apply in the case of
(aggregates of) elastic traffic.

Stream traffic should pass transparently through the policer without shap-
ing by choosing large enough bucket rate and capacity parameters. Experience

with video traces shows that it is very difficult to define a happy medium solu-
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tion between a leak rate p close to the mean with an excessively large capacity
o, and a leak rate close to the peak with a moderate capacity [RB95]. In the
former case, although the overall mean rate is accurately predicted, it 1s hardly
a useful traffic characteristic since the rate averaged over periods of several
seconds can be significantly different. In the latter, the rate information is
insufficient to allow significant statistical multiplexing gains.

For elastic flows it is, by definition, possible to shape traffic to conform
to the parameters of a leaky bucket. However, it remains difficult to choose
appropriate leaky bucket parameters. If the traffic is long-range dependent, as
in the case of an aggregation of flows, the performance models studied in this
book indicate that queueing behaviour is particularly severe. For any choice
of leak rate p less than the peak rate and a bucket capacity ¢ which is not
impractically large, the majority of traffic will be smoothed and admitted to
the network at rate p. The added value of a non-zero bucket capacity is thus
extremely limited for such traffic.

We conclude that, for both stream and elastic traffic, the leaky bucket

constitutes an extremely inadequate descriptor of traffic variability.

1.3.3 Admission control

To perform admission control based solely on the parameters of a leaky bucket
implies unrealistic worst case traffic assumptions and leads to considerable re-
source allocation inefficiency. For statistical multiplexing, flows are typically

assumed to independently emit periodic maximally sized peak rate bursts sep-
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arated by minimal silence intervals compatible with the leaky bucket parame-
ters [EMW95]. Deterministic delay bounds are attained only if flows emit the
maximally sized peak rate bursts simultaneously. As discussed above, these
worst case assumptions bear little relation to real traffic characteristics and
can lead to extremely inefficient use of network resources.

An alternative is to rely on historical data to predict the statistical charac-
teristics of known flow types. This is possible for applications like the telephone
where an estimate of the average activity ratio is sufficient to predict perfor-
mance when a set of conversations share a link using bufferless multiplexing.
It is less obvious in the case of multiservice traffic where there is generally no
means to identify the nature of the application underlying a given flow.

The most promising admission control approach is to use measurements to
estimate currently available capacity and to admit a new flow only if quality of
service would remain satisfactory assuming that flow were to generate worst
case traffic compatible with its traffic descriptor. This is certainly feasible in
the case of bufferless multiplexing. The only required flow traffic descriptor
would be the peak rate with measurements performed in real-time to estimate
the rate required by existing flows [GKK95, JSD97]. Without entering into
details, a sufficiently high level of utilization is compatible with negligible
overload probability, on condition that the peak rate of individual flows is a
small fraction of the link rate. The latter condition ensures that variations in
the combined input rate are of relatively low amplitude, limiting the risk of

estimation errors and requiring only a small safety margin to account for the
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most likely unfavourable coincidences in flow activities.
For buffered multiplexing, given the dependence of delay and loss perfor-
mance on complex flow traffic characteristics, design of efficient admission
control remains an open problem. It is probably preferable to avoid this type

of multiplexing and to instead use reactive control for elastic traffic.

1.4 CLOSED LOOP CONTROL FOR ELASTIC TRAFFIC

Closed loop, or reactive, traffic control is suitable for elastic flows which can
adjust their rate according to current traffic levels. This i1s the principle of
TCP in the Internet and ABR in the case of ATM. Both protocols aim to
fully exploit available network bandwidth while achieving fair shares between
contending flows. In the following sections we discuss the objectives of closed
loop control, first assuming a fixed set of flows routed over the network, and

then taking account of the fact that this set of flows is a random process.

1.4.1 Bandwidth sharing objectives

It is customary to consider bandwidth sharing under the assumption that the
number of contending flows remains fixed (or changes incrementally, when
it is a question of studying convergence properties). The sharing objective
is then essentially one of fairness: a single isolated link shared by n flows
should allocate l/nth of its bandwidth to each. This fairness objective can be

generalized to account for a weight ¢; attributed to each flow i, the bandwidth
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allocated to flow ¢ then being proportional to ¢;/ > .1 flows ¥;- The @; might
typically relate to different tariff options.

In a network the generalization of the simple notion of fairness is max-
min fairness [BG8T7]: allocated rates are as equal as possible subject only to
constraints imposed by the capacity of network links and the flow’s own peak
rate limitation. The max-min fair allocation is unique and such that no flow
rate A, say, can be increased without having to decrease that of another flow
whose allocation is already less than or equal to A.

Max-min fairness can be achieved exactly by centralized or distributed
algorithms which calculate the explicit rate of each flow. However, most
practical algorithms sacrifice the ideal objective in favour of simplicity of
implementation [AC96]. The simplest rate sharing algorithms are based on
individual flows reacting to binary congestion signals. Fair sharing of a single
link can be achieved by allowing rates to increase linearly in the absence of
congestion and decrease exponentially as soon as congestion occurs [CJ89].

It has recently been pointed out that max-min fairness is not necessarily a
desirable rate sharing objective and that one should rather aim to maximize
overall utility where the utility of each flow is a certain non-decreasing function
of its allocated rate [Kel97, KMT98]. General bandwidth sharing objectives
and algorithms are further discussed in [MR99a]

Distributed bandwidth sharing algorithms and associated mechanisms need
to be robust to non-cooperative user behaviour. A particularly promising solu-

tion 1s to perform bandwidth sharing by implementing per flow, fair queueing.
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The feasibility of this approach is discussed by Suter et al. in [SLS98] where it
is demonstrated that an appropriate choice of packets to be rejected in case of
congestion (namely, packets at the front of the longest queues) considerably

improves both fairness and efficiency.

1.4.2 Randomly varying traffic

Fairness is not a satisfactory substitute for quality of service, if only because
users have no means of verifying that they do indeed receive a “fair share”.
Perceived throughput depends as much on the number of flows currently in
progress as on the way bandwidth is shared between them. This number is
not fixed but varies randomly as new transfers begin and current transfers
end.

A reasonable starting point to evaluating the impact of random traffic is
to consider an isolated link and to assume new flows arrive according to a
Poisson process. On further assuming the closed loop control achieves exact
fair shares immediately as the number of flows changes, this system constitutes
an M/G/1 processor sharing queue for which a number of interesting results
are known [Kle75]. A related traffic model where a finite number of users
retreive a succession of documents is discussed by Heyman et al. in [HLN97].

Let the link capacity be ¢ and its load (arrival rate x mean size / ¢) be p.
If p < 1, the number of transfers in progress N; is geometrically distributed,
Pr{N; = n} = p"(1 — p), and the average throughput of any flow is equal to

¢(1—p). These results are insensitive to the document size distribution. Notice
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that the expected response time is finite for p < 1, even if the document size
distribution is heavy tailed. This is in marked contrast with the case of a first
come, first served M/G/1 queue where a heavy-tailed service time distribution
with infinite variance leads to infinite expected delay for any positive load.
In other words, for the assumed self-similar traffic model, closed loop control
avoids the severe congestion problems associated with open loop control. We
conjecture that this observation also applies for a more realistic flow arrival
process.

If flows have weights ¢; as discussed above, the corresponding generaliza-
tion of the above model is discriminatory processor sharing as considered, for
example, by Fayolle et al. [FMI80]. The performance of this queueing model
is not insensitive to the document size distribution and the results in [FMI80]
apply only to distributions having finite variance. Let R(p) denote the ex-
pected time to transfer a document of size p. Figure 1.1 shows the normalized
response time R(p)/p, as a function of p for a two class discriminatory proces-
sor sharing system with the following parameters: unit link capacity, ¢ = 1;
both classes have a unit mean, exponential size distribution and an arrival
rate of 1/3; flows of class ¢ have sharing parameter ¢; where {1, 02 }={1,2}.

From the figure we note that the sharing parameters ensure effective dis-
crimination for the transfer time of short documents but that throughput
for both classes tends to the limit ¢(1 — p) as document size increases. The
limiting large object throughput is explained by the fact that, whatever its

sharing parameter ;, a very long transfer utilizes all the bandwidth except
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Fig. 1.1 Normalized response time R(p)/p for discriminatory processor sharing.

that required by other users, equal on average to cp.

Results for hyperexponential distributions (not reported here) show that
discrimination is more effective as the document size distribution variability
increases. It is likely therefore that for a heavy-tailed distribution most doc-
ument transfers will see an improvement in throughput with an increasing
weight, although the improvement is less than proportional and still tends to
disappear for exceptionally long documents.

Notice that throughput of large objects is not affected by the rate assigned
to the transfer of short objects which start and finish within the transfer time

of the former. Overall throughput can therefore be improved by giving priority
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to short objects. Indeed, it is known that the response time performance of
a shared resource is optimized on using the shortest remaining processing
time first (SRPT) scheduling discipline: a controller is assumed to know the
remaining volume of data of all documents to be transferred and devotes link
capacity exclusively to the smallest; if a new arrival concerns a document
whose size is less than that of the document in service, the latter is pre-
empted; any pre-empted transfer resumes service where it left off, as soon as

its remaining volume is again smaller than that of any other pending request.

4.0
3.5 - B
---- Exponential
Pareto
3.0 o R

2.0 -

response time / document size
N
a
:

1.0 . . .
o 1 10 100 1000

document size

Fig. 1.2 Normalized response time R(p)/p time for SRPT scheduling

The performance of SRPT was studied by Schrage and Miller [SM66]. They

derive expressions for the response time R(p) of a document of size p under an
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assumption of Poisson arrivals and general service time distribution. Figure
1.2 shows a numerical evaluation of their formulas for exponential and infinite
variance Pareto distributed document sizes, respectively. Link load is 2/3,
as in the example of Figure 1.1. The p axis, in units of the mean document
size, 1s on a log scale to capture the heavy tail particularity of the Pareto
distribution. The normalized response time R(p)/p is considerably less than
that of perfectly fair sharing (i.e., the processor sharing model), equal here to
3 for all values of p. It is interesting to note that, in this system, the response
time for medium to large documents improves on passing from short range to
long-range dependent processes.

Implementation of SRPT in the case of a single link would, of course, be
very complex and the appropriate extension of this principle to a network
remains unclear. However, it does provide a clear illustration that fairness, or
weighted fairness, is not necessarily a useful objective in bandwidth sharing.
In particular, both users and network provider stand to gain by employing a
flow control protocol which discriminates in favour of short documents.

The processor sharing model illustrates how performance can deteriorate
suddenly as offered load p increases through 1: if link bandwidth ¢ is high,
thoughput performance is good even when p is close to 1. For heavier loads,
throughput is zero and the number of transfers in progress increases indefi-
nitely. Of course, the model then ceases to be accurate, since many real users
will abandon transfers as soon as they begin to notice the effects of such con-

gestion. Since an abandoned or otherwise incomplete transfer serves no useful
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purpose and only adds to congestion, goodput can be improved by employing

admission control.

1.4.3 Admission control for elastic traffic

Admission control, by limiting the number of flows using any given link, en-
sures that throughput never decreases below some minimum acceptable level
for flows which are admitted. Exactly what would constitute a minimum ac-
ceptable throughput is not clear. The choice depends on a trade-off between
the extra utility of accepting a new flow and the risk that existing transfers
would be prematurely interrupted if their rate were decreased. It does seem
clear that such a minimum exists (though it may be different for different
users) since otherwise a saturated network would be unstable [MR99b].
Admission control does not necessarily imply a complex flow set up stage
with explicit signalling exchanges between user and network nodes. This would
be quite unacceptable for most elastic flows which are of very short duration.
We envisage a network rather similar to the present Internet where users sim-
ply send their data as and when they wish. However, nodes implementing
admission control would keep a record of the identities of existing flows cur-
rently traversing each link in order to be able to recognize the arrival of a
packet from a new flow. Such a packet would be accepted and its identifier
added to the list of active flows if the number of flows currently in progress
were less than a threshold, and would otherwise be rejected. A flow would be

erased from the list if it sent no packets during a certain time out interval.
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Although many additional practical considerations would need to be ad-
dressed, such a control procedure does seem feasible technically given recent
developments in router technology [IKKS98, KLS98]. Note finally, that knowl-
edge of the state of network links in terms of the number of flows currently
in progress would also allow intelligent routing strategies where flows are not

sent blindly to saturated links when other paths are available.

1.5 TOWARDS A SIMPLE SERVICE MODEL

Given the above discussion on possible control options, it is tempting to specu-

late on the simplest service model capable of meeting identified requirements.

1.5.1 Service classes

We envisage a service model with just two service classes, one based on open
loop control for stream traffic and the other using closed loop control for elastic
traffic. In this service model, flows destined for the first class declare just a
peak rate which is actively policed by packet spacing at the network ingress.
Measurement-based admission control would be used to ensure negligible data
loss assuming bufferless multiplexing. Although, in practice, a small buffer
1s necessary to account for the non-fluid nature of traffic, delay and delay
variation remain very small. Loss and delay performance are independent of
any long-range dependence in the rate process of flows. A low loss rate (1072,

say) is compatible with a reasonable average link utilization (50%, say) if the
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peak rate of flows is not more than a small fraction of the link bandwidth
(1/100, say) [RMV96, chapter 16].

The necessary characteristics of the closed loop control are less well under-
stood. We can rely on users reacting intelligently to congestion signals, as in
TCP, if the network additionally implements queue management mechanisms
preventing uncooperative flows from adversely affecting the quality of service
of other users. A promising solution is to perform per flow queueing with flow
identification performed “on the fly”, as suggested in [SLS98]. The identifi-
cation of the set of flows currently using a link allows the implementation of
a simple admission control procedure whereby any packets from new flows
are rejected when the number of flows in progress exceeds a link capacity
dependent threshold.

Sharing link capacity dynamically between stream and elastic flows is ad-
vantageous for both types of traffic: a very low loss rate for stream traffic
1s not incompatible with reasonable utilization if elastic traffic constitutes a
significant proportion of the total load; elastic flows gain greater throughput
by being able to exploit the residual capacity necessarily left over by stream
traffic to meet data loss rate and blocking probability targets. Admission
control for both stream and elastic flows would take account of the measured
stream load and the current count of the number of active elastic flows.

Simple head of line priority is sufficient to meet the delay requirements
of stream traffic while per flow queueing is the preferred solution for elastic

traffic. Fair queueing among elastic flows leads to fair bandwidth sharing.
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However, performance could be improved by implementing packet scheduling
schemes giving priority to short documents. The performance of rate sharing
schemes like fair queueing and SRPT does not appear to be adversely affected
by the heavy-tailed nature of the document size distribution.

For any given application, a user might choose to set up a stream or an
elastic flow. The choice depends on quality of service and cost. We have argued
that open loop control can meet the strict delay requirements of stream traffic
while closed loop control provides higher throughput for the transfer of elastic
documents. The issue of providing price incentives to influence user choices is

discussed in the next section (see also [Rob98, Od198]).

1.5.2 The impact of charging

For largely historical reasons, most users of the Internet today are charged
on a flat rate basis. They pay a fixed monthly charge which is independent of
the volume of traffic they produce, although the charge does depend on the
capacity of their network access line. The major advantage of flat rate pricing
1s its simplicity leading to lower network operating costs. A weakness is its
inherent unfairness; a light user having to pay as much as a heavy user. A
more immediate problem is the absence of restraint inherent in this charging
scheme which may be said to contribute to the present state of congestion of
the Internet.

Network usage can be controlled by the introduction of usage sensitive

charging with rates determined by the level of congestion. This is the principle
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of congestion pricing. Congestion pricing ideally leads to an economic opti-
mum where available resources are used to produce maximum utility. While
theoretically optimal schemes like the “smart market” [MV95] are unlikely
to be implemented for reasons of practicality, it has been argued that the
congestion control objective can be achieved simply by offering a number of
differentially priced service classes with charges increasing with the expected
level of quality of service [SCEH95]. Users determine the amount they are
charged by their choice of service class. They have an incentive to choose
more expensive classes in times of congestion. Such schemes suffer from a
lack of transparency: how can users tell if the network provider 1sn’t deliber-
ately causing congestion? why should they pay more to an inefficient provider?
are they currently paying more than they need to, given current traffic lev-
els? Note that congestion pricing is not generally employed in other service
industries subject to demand overloads such as electricity supply, public trans-
portation or the telephone network.

An alternative is to charge for use depending on the amount of resources
used per transaction, accounting possibly for distance (number of hops) as
well as volume. We refer to such a charging scheme as {ransaction pricing.
Transaction pricing is widely used in the telephone network (with the notable
exception of local networks in North America) where switches and links are
sized to ensure that congestion occurs only exceptionally. The price must be
set at a value allowing the network operator to recover the cost of investment.

Differential pricing according to the time of day i1s used to smooth out the
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demand profile to some extent but this is not generally viewed as a congestion
control mechanism.

Choice between flat rate pricing, congestion pricing and transaction pricing
depends among other things on their ability to assure the economic viability of
the network provider. Congestion pricing is intended to optimize the use of a
network, not to recover the cost of installed infrastructure which 1s regarded as
a “sunk cost” in the economic optimization. If the network is well provisioned
and always offers good quality of service, for example, costs must be entirely
recovered by flat rate access charges. Transaction pricing has proved successful
for telephone network operators, but then so has flat rate pricing in the case
of North American local networks. Transaction pricing has the advantage
of distributing the cost of shared network resources in relation to usage. In
addition to being appealing from a fairness point of view, this is in line with
the trend in telecommunications for “unbundling” and cost related pricing.

A second major issue is the complexity of implementing the different schemes.
Any move from flat rate pricing appears as a major change for the Internet,
requiring accounting and billing systems at least as complex as those of the
telephone network. The cost of such systems must be weighed against any
expected improvement in efficiency.

In proposing a simple two-class model, we have in mind a mixture of flat
rate pricing and transaction pricing where the role of the latter would be to
allow users to be charged in relation to their use of shared resources. We

argue in [Rob98] that, in a large network sized to offer good quality of service,
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resource provision is largely independent of whether the traffic is stream or
elastic. This suggests a simple tariff based just on the number of bytes crossing
an interface.

A likely evolutionary step is that cost related charging be introduced for
large users, including ISPs connected to a backbone, with individual small
users continuing to pay only a flat rate charge.

The simple service model makes no distinction between elastic documents
like Web pages intended for immediate display and documents like mail whose
delivery is deferable. Users do not require minimal throughput for the latter
and would arguably expect to pay less for their transport. A possible solution
1s that deferable documents transit via servers, operated by a “postal service”,
external to the transport network of routers and links. Users deliver a docu-
ment directly to a local server which then takes charge of forwarding it to its
destination(s), generally via intermediate servers. The users pay the “postal
service” which in turn pays the transport network. The service is cheaper for
end users because the servers can send data in off-peak hours and negotiate

special tariff arrangements with the network provider.

1.6 NETWORK SIZING

Traffic engineering for a multiservice network handling both stream and elastic
traffic is still a largely unexplored field. In this section we suggest how it may

be possible to generalize the methods and tools developed over the years for
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dimensioniong the telephone network.

1.6.1 Provisioning for stream traffic

To determine the network capacity required to meet a target blocking proba-
bility for stream flows, it is necessary to make assumptions about the arrival
process of new demands, their rate and their duration. For illustration pur-
poses, we consider a simple traffic model consisting of one link receiving traffic
from a very large population of users. Details and more general models may
be found in [RMV96], for example.

First assume that it is possible to identify m distinct homogeneous classes,
flows of each class having a common rate distribution. Flows from class ¢
arrive according to a Poisson process of intensity A; (requests per second) and
have an expected duration of 1/p; seconds. Their peak rate is p;. For a fixed
(fairly large) link capacity ¢, the impact of a flow of class ¢ on the probability
of data loss can be summarized in a single figure, the effective bandwidth: the
effective bandwidth e; 1s such that the probability of data loss is negligible
(less than a target value) as long as > n;e; < ¢, where n; is the number of
class ¢ flows in progress.

Although measurement based admission control does not rely on the iden-
tification of the different classes (a new flow is denied access if its peak rate
is greater than a real-time estimate of available bandwidth), for dimensioning
purposes we can assume a flow of class j will be blocked if >~ nje; > ¢ —¢;.

With this blocking condition and the assumption of Poisson arrivals, the dis-
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tribution of the n; has a well known product form enabling computation of
the blocking probability. Note that blocking probabilities and data loss rates
are insensitive to the distribution of flow duration.

A reasonable approximation for the blocking probability of a flow with peak

rate p; when ¢ is large with respect to the e; 1s given by:

B ~ %E(a/é, ¢/d) (1.1)

where a = Zei%, J = Ze?%/a and F(a,n) = %/ZZS” (Z—,l is Erlang’s
formula.

Formula (1.1) is a simplification of the formulas given by Lindberger [Lin94].
It 1s less accurate but more clearly demonstrates the structural relationship
between performance and traffic characteristics. Instead of identifying traffic
classes with common traffic characteristics, it may prove more practical to
estimate the essential parameters a and d directly.

It is well known that application of Erlang’s formula leads to scale economies:
to achieve a low blocking probability and high utilization (a/c), it is necessary
to have a large capacity ¢. For multirate traffic with blocking probabilities
given by (1.1), the same requirement implies a high value of ¢/d. The line la-
belled “stream” in Figure 1.3 shows how achievable utilization a/¢ in a simple

Erlang loss system varies with ¢ for a target blocking probability of 0.01.
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Fig. 1.3  Achievable utilization for stream and elastic traffic

1.6.2 Provisioning for elastic traffic

Following the simple service model introduced in Section 1.5, we assume
throughput quality of service is satisfied by limiting the number of elastic
flows on a link and seek to dimension link capacity such that the blocking
probability is less than some low target value e.

Consider first an isolated link handling only elastic flows. Assuming Pois-
son arrivals, a minimum throughput requirement @, exact fair shares (i.e.,
processor sharing service) and a link bandwidth of ¢ = né, the probability of

blocking is equal to the saturation probability in an M/G/1 processor sharing
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queue of capacity n:
Be=p"(1=p)/(1—p"") (1.2)

where p is the link load.

Since elastic flows use bandwidth more efficiently, blocking probability (1.2)
can be considerably less than the corresponding probability for stream traffic
requiring constant rate @, as given by Erlang’s formula F(np,n). The line
labelled “elastic” in Figure 1.3 shows achievable utilization p for elastic traffic
such that B., given by (1.2), is equal to 0.01. These results clearly illustrate
the scale economies effect and the greater efficiency of elastic sharing.

The advantage of elastic sharing with respect to rigid rate allocations is
somewhat mitigated in a network where flows cannot always attain a full
share of available link bandwidth because of congestion on other links of their
path and their own limited peak rate. If, however, the flows can at least attain
rate # and this rate is guaranteed by admission control on every network link,
the utilization predicted by the Erlang formula constitutes a lower bound. In
other words, the Erlang formula can be used as a conservative dimensioning
tool to determine the traffic capacity of a link dedicated to elastic traffic: a
link of capacity ¢ can handle a volume of elastic traffic A. (flow arrival rate
x average size) with minimum throughput ¢ and blocking probability less
than € if F(A., ¢/f) < e. Given the scale economies achieved with the Erlang
formula, this simple dimensioning approach is efficient if ¢/@ is large (e.g.,

Ae/e > 0.8 if ¢/6 > 100 for a 1% blocking probability).
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An advantage of the above approach is that the integration of stream and
elastic traffic is taken into account simply by including the latter as an ad-
ditional traffic class in the multirate dimensioning methods alluded to in the

previous section.

1.7 CONCLUSION

The realization of quality of service guarantees in a multiservice network de-
pends more on sound traffic engineering than on the definition of a service
model allowing priority access for an undefined number of privileged users.

We have argued that the service model should facilitate traffic engineering
by distinguishing two broad categories of traffic: stream and elastic. For
each category, the appropriate entity for traffic management is an individual
flow (e.g., one videoconference, one file transfer, ...) and not either an isolated
packet or some aggregation of flows. A tentative simple service model is based
on just two traffic classes.

One class destined for stream traffic is based on open loop control and uses
“bufferless multiplexing” with measurement-based admission control. This
choice enables delay and loss rate performance guarantees, even for self-similar
flows. The leaky bucket is not useful as a traffic descriptor and the only traffic
parameter required here is the flow peak rate.

The second service class uses closed loop control to share bandwidth be-

tween elastic flows. We advocate a lightweight form of admission control for
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elastic traffic, requiring that each link identify the flows it is currently trans-
porting. Per flow queueing would be useful to enforce fairness, or to share
bandwidth more efficiently by giving priority to short transfers, for example.
In the simple bandwidth sharing models considered here, the heavy-tailed dis-
tribution of the size of transferred documents does not adversely affect the
response time performance of closed loop control.

We consider charging as a means to recover the network provider’s costs
rather than as a tool for congestion control. Prices would ideally be set to
just ensure profitability when the network is dimensioned to handle all the
offered traffic with good quality of service. There appears no essential rea-
son to price stream and elastic traffic differently per byte transported. Users
would naturally choose the service class best suited to their quality of service
requirements: low delay for stream flows, high throughput for elastic flows.

We have given some indications of how traditional traffic engineering prac-
tice might be extended to a multiservice network based on the proposed simple
service model. The basic principle is that transparency and throughput qual-
ity of service are assured by means of admission control acting at flow level,

while the network is sized to produce a sufficiently low blocking probability.
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