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Preface

The Internet has nearly a ten year history as a global, public communication
infrastructure. The two applications that have created the demand from private
and business users have been the World-Wide Web and electronic mail. We have
in the last five years seen the rapidly emerging popularity of peer-to-peer sharing
of files, mostly for music, and to a more limited extent also the introduction of
Internet telephony, television, and radio. These services place demands on the
infrastructure that are higher with respect to quality and connectivity than web
surfing and e-mail.

Mobile (cellular) telephony has rivaled the Internet with respect to growth
during the last decade. The hitherto separate networks are now set to merge
into a mobile Internet that will give wireless access to all Internet services. The
ambition behind the Internet’s continuing development is that it should serve as
a general-purpose infrastructure and provide adequate support for all types of
applications in terms of quality, connectivity, and cost. Thus the demands made
on all Internet services must also be met by wireless access, and the circuit
quality of a voice connection for mobile telephony must also be provided in the
wired IP networks.

This volume of the Lecture Notes in Computer Science series contains 22
research papers that address in particular the problems associtated with provid-
ing quality of service to communication applications. The contributions pertain
to traffic engineering and quality-of-service routing, performance evaluation, ex-
plicit mechanisms and methods for the provision of quality, and to quality of
service in wireless access networks. The goal of the research community is to
ensure sufficient quality from network services and end systems so that the com-
munication applications appear natural to use and the intermediating systems
do not interfere in the information exchange between the persons or the ma-
chines. We wish to support all applications for every user over any network; in
short, to provide quality for all!

The papers in this volume were accepted for the Fourth COST Action 263
International Workshop on Quality of Future Internet Services, QoFIS 2003. It
took place on October 1-2, 2003 at the Royal Academy of Engineering Sciences
in Stockholm, Sweden, and was arranged by the Laboratory for Communication
Networks of KTH, the Royal Institute of Technology. QoFIS 2003 followed the
highly successful workshops in Zurich in 2002, Coimbra in 2001, and Berlin in
2000. It was the last workshop for the COST Action 263; it continues under the
auspices of the European Union Network of Excellence E-NEXT. The workshop
was organized in seven sessions and featured two invited talks by Dr. James
Roberts of France Telecom R&D and Prof. Jon Crowcroft of the University
of Cambridge. In addition to the main technical program, the third day of the
workshop on October 3 was dedicated to QoS in wireless networks. The program
consisted of invited presentations and was organized by Prof. Jens Zander of
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the KTH Center for Wireless Systems and Dr. Bengt Ahlgren of the Swedish
Institute of Computer Science.

The workshop received 73 submissions, which underwent strict peer review by
members of the program committee or reviewers assigned by them; each member
provided on average six reviews. It is our pleasure to acknowledge the excellent
work of the program committee in helping to select the papers for the program
from the submissions. This work was done in addition to the daily business and
we were fortunate to have such a committed and careful group of experts to help
us.

The arrangements for the workshop were handled by a wonderfully dedicated
local organizations committee, by Prof. Peter Sjdin. They managed the Conf-
Man paper handling system, the QoFIS web site (now with its own registered
domain), the preparation of the camera-ready papers for the proceedings in this
volume, and much more. We would also like to thank Mrs Barbro Redin, the sec-
retary for LCN at KTH, who did most of the work for the conference regarding
accommodations, registrations, and social events. We also extend our gratitude
to our sponsors, in particular Vinnova, the Swedish Agency for Innovation Sys-
tems.

We learned about the untimely death of our dear colleage Prof. Olga Casals
on June 11 and would like to dedicate this volume to her memory.

October 2003 Gunnar Karlsson
Michael Smirnov

COFIS
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On the Impacts of Traffic Shaping on End-to-End
Delay Bounds in Aggregate Scheduling Networks

Markus Fidler

Department of Computer Science, Aachen University
Ahornstr. 55, 52074 Aachen, Germany
fidler@i4.informatik.rwth-aachen.de

Abstract. The Differentiated Services architecture allows for the pro-
vision of scalable Quality of Service by means of aggregating flows to a
small number of traffic classes. Among these classes a Premium Service
is defined, for which end-to-end delay guarantees are of particular in-
terest. However, in aggregate scheduling networks the derivation of such
worst case delays is significantly complicated and the derived bounds are
weakened by the multiplexing of flows to aggregates.

A means to minimize the impacts of interfering flows is to shape incoming
traffic, so that bursts are smoothed. Doing so reduces the queuing delay
within the core of the domain, whereas an additional shaping delay at the
edge is introduced. In this paper we address the issue of traffic shaping
analytically. We derive a form that allows to quantify the impacts of
shaping and we show simulation results on the derivation of end-to-end
delay bounds under different shaping options.

1 Introduction

Differentiated Services (DS) [2] addresses the scalability problems of the former
Integrated Services approach by an aggregation of flows to a small number of
traffic classes. Packets are identified by simple markings that indicate the re-
spective class. In the core of the network, routers do not need to determine to
which flow a packet belongs, only which aggregate behavior has to be applied.
Edge routers mark packets and indicate whether they are within profile or, if
they are out of profile, in which case they might even be discarded at the edge
router. A particular marking on a packet indicates a so-called Per Hop Behav-
ior (PHB) that has to be applied for forwarding of the packet. The Expedited
Forwarding (EF) PHB [§] is intended for building a service that offers low loss
and low delay, namely a Premium Service. For this purpose delay bounds are
derived for a general topology and a defined load in [4]. However, these bounds
can be improved, when additional information concerning the current load and
the special topology of a certain DS domain is available.

In [12] a resource manager for DS domains called Bandwidth Broker (BB)
is conceptualized. The task of a BB in a DS domain is to perform a careful
admission control and to set up the appropriate configuration of the domain’s
edge routers. While doing so, the BB knows about all requests for resources of

G. Karlsson and M.I. Smirnov (Eds.): QofIS 2003, LNCS 2811, pp. 1-[I0, 2003.
© Springer-Verlag Berlin Heidelberg 2003



2 Markus Fidler

certain Quality of Service (QoS) classes. Besides it can learn about the domain’s
topology by implementing a routing protocol listener. Thus, a BB can have
access to all information that is required, to base the admission control on delay
bounds that are derived for individual flows, for the current load, and for the
actual mapping of flows onto the topology of the administrated domain, applying
the mathematical methodology of Network Calculus [15].

In this paper we investigate the impacts of traffic shaping on end-to-end
delay bounds. The remainder of this paper is organized as follows: In section
the required background on Network Calculus is given. Section [3 addresses the
impacts of traffic shaping. Related simulation results are given in section Ml
Section Bl concludes the paper. Proofs are given in the appendix.

2 Network Calculus

Network Calculus is a theory of deterministic queuing systems based on the cal-
culus for network delay presented in [56] and on Generalized Processor Sharing
in [I3I14]. Extensions, and a comprehensive overview on current Network Calcu-
lus are given in [3JT1]. Here only a few concepts are covered briefly. In the sequel
upper indices j indicate links and lower indices 4 indicate flows.

Flows can be described by arrival functions F'(¢) that are given as the cumu-
lated number of bits seen in an interval [0, ¢]. Arrival curves a(t) are defined to
give an upper bound on the arrival functions with «(ta —t1) > F(t2) — F (1) for
all t5 > t; > 0. In DS networks, a typical constraint for incoming flows can be
given by the affine arrival curve o, (t) = b+ -t. Usually the ingress router of a
DS domain meters incoming flows against a leaky bucket algorithm, which allows
for bursts b and a rate r. Non-conforming traffic is either shaped or dropped.

The service that is offered by the scheduler on an outgoing link can be char-
acterized by a minimum service curve, denoted by §(t). A special characteristic
of a service curve is the rate-latency type that is given by B r(t) = R- [t —T]T,
with a rate R and a latency 7. The term [z]T is equal to x, if > 0, and zero
otherwise. Service curves of the rate-latency type are implemented for example
by Priority Queuing (PQ) or Weighted Fair Queuing (WFQ).

Based on the above concepts, bounds for the backlog, the delay, and for the
output flow can be derived. If a flow ¢ that is constrained by « is input to a
link j that offers a service curve 37, the output arrival curve ag 1 of flow i can
be given by (). 4 4

a3 (t) = suplad (t + ) — F(s)] (1)
s>0

Multiplexing of flows can simply be described by addition of the belonging
arrival functions, respective arrival curves. For aggregate scheduling networks
with FIFO service elements, families of per-flow service curves (3;(t) according
to (), with an arbitrary parameter § > 0 are derived in [7J11]. @g () gives a
family of service curves for a flow 1 that is scheduled in an aggregate manner
with a flow, or a sub-aggregate 2 on a link j. The term 1, is zero for ¢t < 6.

B3(t) = [B(t) — anlt = 0)] 110 (2)
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3 Traffic Shaping

A means to reduce the impacts of interfering bursts on network performance is
to shape incoming traffic at the edge of a domain [12]. Queuing of the initial
bursts is in this case performed at the edge, with the aim to minimize the delay
within the core. Especially, if heterogeneous aggregates have to be scheduled,
shaping allows to reduce impacts of different types of flows on each other [I5].
However, to our knowledge the work on shapers in [10] has not been extended
to aggregate scheduling networks and an analysis of the effects of shaping on the
derivation of end-to-end delay bounds is missing in current literature.

Theorem 1 (Bound for Output, General Case) Consider two flows 1,
and 2 that are o, respective ol upper constrained. Assume these flows are served
in FIFO order and in an aggregate manner by a node j that is characterized by
a mintmum service curve of the rate-latency type ﬁgz,:r- Then, the output of flow

1isaltt upper constrained according to (&), where 0 is a function of t and has

to comply with (). e
o1 (t) = ay(t +6) (3)

supysold (v + £+ 0(t) = ol (¢ +0(8)) + ah(v) = B -]

o(t) = o

+T7  (4)
Corollary 1 (Bound for Output, Single Leaky Bucket) In case of a
leaky bucket constrained flow 1, with rate r1 and burst size b), @) can be simpli-
fied applying o (v+t+0(t))—ad (t+0(t)) = r1-v. As an immediate consequence,
becomes independent of t. With (3) we find that the output flow 1 is leaky bucket
constrained with r1 and b{“ = a1 (0). Further on, if the flow or sub-aggregate 2
18 leaky bucket constrained with rate ro and burst size bé, the supl...] in (4)) is
found for v — 0 resulting in @ = b),/RI + T7 and b = b} + 7, - (T7 + b}/ RY).

Definition 1 (Sustainable Rate Shaping) Assume a flow that is leaky buck-
et constrained with the parameters (r1,b1), where ry is called the sustainable rate.
If this flow is input to a traffic shaper that consists of a bit-by-bit system with a
shaping rate r1, and a packetizer with a maximum packet size lyax, the output
flow is constrained by (r1,b1 = lmax) [L0]. Further on, the shaper adds a worst-
case delay of by/r1.

In [11] it is shown that shaping at the sustainable rate does not worsen the
end-to-end delay bounds in Integrated Services networks, if the reserved rate
matches the shaping rate, and in turn the rate of the flow. However, this assump-
tion does not hold true for DS domains. DS Premium resources are intended to
be reserved statically and PQ is a likely means of implementation. Thus, the
allocated Premium capacity usually exceeds the capacity that is requested by
Premium traffic sources. In this scenario shaping at the sustainable rate can
significantly worsen delay bounds, whereas Premium bursts that are not shaped
can result in unwanted interference and increase queuing delays in the core of
the domain. Hence, adaptivity when setting the shaping rates is required.
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data

v |
B v
b3 b;
| |
v \
T, T,

time
Fig. 1. Two Leaky Bucket Constraint.

Definition 2 (Two Leaky Bucket Constraint) Consider a two leaky bucket
configuration according to figured Define (r1,b)), and (71, ) to be the param-

eters of the first, respective second leaky bucket, with 71 > r1 and le > b{. The
resulting arrival curve is defined in @@). It allows for bursts of size b}, then it

ascends by 71 until = (B, — b))/ (F1 — 1), and finally it increases with rate ry.

by —bd

)

. . - J . ; < 77 —
by +ri-t , else

An arrival curve of the type in (B) can be given, if a leaky bucket constrained

flow with the arrival curve of (t) = b] + 71 - ¢ traverses a combination of a bit-
by-bit traffic shaper with rate 71 and a packetizer with a maximum packet size
Imax [10]. Then, the output arrival curve is two leaky bucket constrained with the
parameters (r1,b]) and (71, lmax). The shaper adds a worst-case delay of b] /71.

Theorem 2 (Bound for Output, Two Leaky Bucket) Consider two flows
1 and 2 that are o, respective ol upper constrained. Assume that these flows
are served in FIFO order and in an aggregate manner by a node j that is
characterized by a minimum service curve of the rate-latency type ﬂ%_jjj. If
the input flow 1 is constrained by two leaky buckets with (rl,E{), (71,b]), and
f{ = (gjl —b)/(F1 — 1), the output flow is two leaky bucket constrained with

(7’1,5]1+1), and (71, b)), where BT = o (0(0)) and 5?_1 = 5{ +7r1 9(?1)

Definition 3 (Minimum Interference Shaping) We define minimum in-

terference shaping to be a configuration, where all flows i with (ri,Bj) of the set
of flows I that form an aggregate are shaped with a rate 7;, so that Zi:ﬂj 7 < R
holds on all links j of the set of links ] of the domain, where 1; is the set of flows

i that traverse a link j. Thus, flows are constrained by (r;,b;) and (Fi,b; = lmax)-
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For the settings given in definition Blthe sup|...] in (@) is found on all links j € J
for any t > 0 with v — 0, whereby 6 is constant over time with § = b} /R +T9.
Hence, the impact of interfering flows is reduced to the impact of their effective
burst size after shaping. The output constraint of the flow of interest 1 that is
scheduled in an aggregate manner with a flow, or a sub-aggregate 2 on a link j
is given by the parameters (71, bt = b7 + 7, - (b} /R7 + T7)), and (rl,BJlH =
b4y (BRI TI)), with B = (B — b)) /(F1—r1) — (BRI +T9). IE " <0,
the output constraint is reduced to a single leaky bucket constraint.

For over-provisioned links minimum interference shaping allows for a variety
of settings of the per-flow shaping rates 7;. However, the use of high priority
traffic classes, such as a PQ-based Premium class, can lead to starvation of other
services including the Best-Effort (BE) Service. Thus, it is reasonable to limit
the Premium burst size by shaping and to restrict the overall Premium rate, as is
supported by various router implementations. Here, we define a parameter d, to
give an upper bound on the allowed queuing delay of Premium traffic within the
core of the network, from which an upper bound of the Premium burst size can be
derived. To set up corresponding shaping rates 7;, we apply a two step approach.
The maximum allowed shaping delay d, is computed as ds, = d,, —(d;, +d,) with
d,, denoting the requested maximum delay for flow ¢, and d;, giving the end-to-
end propagation delay on the corresponding path. If ds, > 0, the corresponding
shaping rate follows as 7; = max][r;,b;/ds,], otherwise the target delay cannot
be guaranteed. Then, if still all of the conditions in definition B hold, and, if the
queuing delay within the core can be derived by Network Calculus to be smaller
than dy for all flows i € I, a solution is found. Note that the configuration of the
shapers does not have to be updated during the lifetime of the corresponding
flows, since all shaping rates 7; are set to account for queuing delay of at most
dq. Thus, the approach scales similar to sustainable rate shaping. If the rate of
the Premium traffic shall be restricted in addition, the conditions in definition Bl
have to be replaced by stricter ones.

4 Evaluation Results

We implemented an admission control for an application within the framework
of a Bandwidth Broker [I5]. The admission control currently knows about the
topology of the domain statically, whereas a routing protocol listener can be
added. Requests for Premium capacity are signalled in a Remote Procedure
Call (RPC) style. The requests consist of a Committed Information Rate (CIR),
a Committed Burst Size (CBS), and a target maximum delay. Whenever the
admission control receives a new request, it computes the end-to-end delay for
all requests that are active concurrently. If none of the target maximum per-flow
delays is violated, the new request is accepted, which otherwise is rejected. Note
that requests are usually made for aggregated traffic flows that use the same
path from the ingress to the egress router to allow for scalability.

For performance evaluation a simulator that generates such Premium re-
source requests is used. Sources and sinks are chosen uniformly from a predefined
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set. Start and end times are modelled as negative exponentially distributed with
a mean inter-arrival time 1/A and a mean service time 1/u. Thus, p = A/p can
be defined as the network load, that is the mean number of concurrently active
requests. The target delay, CIR, and CBS are either used as parameters or as
uniformly distributed random variables for the following simulations.

Different topologies have been used [9], whereby the results that are included
in this paper have been obtained for the G-WiN topology of the German research
network (DFN) [I]. The level one nodes of this topology are core nodes. End
systems are connected to the level two nodes that are edge nodes. Links are
either Synchronous Transfer Mode (STM) 4, STM 16, or STM 64 connections.
The link propagation delay is assumed to be 2 ms. Shortest Path First (SPF)
routing is applied to minimize the number of hops along the paths. Further on,
Turn Prohibition (TP) is used to ensure the feed-forward property of the network
that is required for a direct application of Network Calculus [16]. For the G-WiN
topology the combination of SPF and TP increases the length of only one path
by one hop compared to SPF routing. Simulation results of a Guaranteed Rate
Service, which only considers capacity constraints, have shown that the impacts
of TP on SPF routing are comparably small [9]. Further on, the TP algorithm
can be configured to prohibit turns that include links with a comparably low
capacity with priority [T6].

The emulated Premium Service is assumed to be based on PQ. Thus, service
curves are of the rate-latency type. The latency is set to the time it takes to
transmit 4 Maximum Transmission Units (MTU) of 9.6 kB, to account for non-
preemptive scheduling, packetization, and a router internal buffer for 2 MTU.

Simulation results that compare the different shaping options are shown in
figure 21 The performance measure that we apply is the ratio of accepted requests
divided by the overall number of requests. Simulations have been run, until the
0.95 confidence interval of the acceptance ratio was smaller than 0.01. Requests
for Premium capacity are generated by the simulator with random parameters.
The CIR is chosen uniformly from 10 Mb/s to 80 Mb/s, the CBS from 1 Mb to
8 Mb, and the target worst case delay from 40 ms to 80 ms. The CIR and CBS
are comparably large to model service requests for aggregated traffic trunks. In
case of sustainable rate shaping, we find that the acceptance ratio drops to less
than 0.2, independent of the actual load p with 0 < p < 400. This is due to
the static shaping configuration, which can result in comparably large shaping
delays, independent of the requested delay bound. We address this shortcoming
by minimum interference shaping, where shaping rates are adaptive. An end-
to-end queuing delay of d, = 4 ms respective d;, = 8 ms has been applied, to
quantify the influence of the setting of d,. However, we find only minor impacts of
d, in the investigated scenario. Minimum interference shaping allows to increase
the acceptance ratio significantly compared to the option without shaping as
well as compared to sustainable rate shaping, as can be seen from figure 2

For illustrative purposes the cumulative density functions of the respective
delay bounds are shown in figure Bl for a load of p = 50. The requested delay
bounds are set to infinity to achieve an acceptance ratio of 1.0 for all of the
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Fig. 2. Acceptance Ratio. Fig. 3. Delay Bounds.

investigated shaping options, to allow for comparison. Here we find the reason
for the bad performance of sustainable rate shaping. The delays that are intro-
duced by shaping frequently exceed the range of 40 to 80 ms that is applied for
figure[2l For a delay bound of infinity, minimum interference shaping applies the
smallest possible shaping rate and becomes the same as sustainable rate shap-
ing. Therefore, results are added for minimum interference shaping for a target
delay of 40 ms. Figure[3] clearly shows the impacts of the parameter d,. In case
of d; = 4 ms at most 4 ms of queuing delay are allowed to occur in the core
of the network. Thus, shapers are configured so that the propagation delay and
the shaping delay sum up to 36 ms for a target delay bound of 40 ms. In case of
dy = 8 ms, the propagation delay and shaping delay sum up to 32 ms, leaving
room for up to 8 ms of queuing delay in the core of the network which, however,
are not required for a load of p = 50.

Apart from the measured performance increase, traffic shaping is of particular
interest, if a Guaranteed Rate Service and a Premium Service are implemented
based on the same PHB. In this case a traffic mix with significantly heterogeneous
traffic properties and service requirements results. For example Guaranteed Rate
Transmission Control Protocol (TCP) streams that can have a large burstiness
but no strict delay requirements can share the same PHB with extremely time
critical Premium voice or video traffic. In this scenario traffic shaping can be
applied to control the impacts of bursty Guaranteed Rate traffic on the Premium
Service [15].

As a further benefit, traffic shaping reduces the impacts of EF on the BE
class. The starvation of the BE class that can be due to priority scheduling of
EF traffic is bound by the maximum EF burst size at the respective outgoing
interface. Shaping EF bursts at the network’s ingress nodes, reduces this burst
size significantly, resulting in less impacts on the BE class. For the experiment
in figure Bland a load of p = 50 we find that the aggregated Premium burst size
within the core of the network stays below 1 Mbit on all links, resulting in less
than 0.5 ms BE starvation on a 2.4 Gb/s STM 16 link.
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5 Conclusions

In this paper we have addressed the impacts of traffic shaping in aggregate
scheduling networks. For this purpose the notation of two leaky bucket con-
strained arrival curves was introduced. A general per-flow-based service curve
has been derived for a FIFO aggregate scheduling rate-latency service element.
This form has been solved for the special case of a two leaky bucket constrained
flow of interest and a two leaky bucket output constraint has been obtained.

We found that the shaping rate has to be chosen carefully in aggregate
scheduling networks, wherefore we evolved an adaptive shaping scheme. Our
scheme allows to configure shaping rates individually for a wide variety of het-
erogenous flows. It minimizes the interference within an aggregate scheduling
domain, while it allows to support individual application-specific delay bounds.
Thus, it can be applied to adapt end-to-end delay bounds to support heteroge-
nous aggregates, while still allowing for scalability.
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Appendix
Proof 1 (Proof of Theorem [1l) Substitution of (2) in (I]) and application of
infg>ol...] yields () for the output arrival curve of ™' of flow 1.
G+ AT — nd(e_ A+
on (1) = jnf [igrg[ 1t +5) = [57(s) — a3 (s — 0)] 1s>eﬂ (6)

With supy<,<plad (t + 5) — [8(s) — aj(s — )] T Lysg] = o] (t + 0), (@) follows.

o7 (0) = juf [sup e (e -+ 0),suplad (0 +) — [#(5) — dls —0T)] (@

5>0
Then, service curves of the rate-latency type B;y i = RI-[t—T7]" are assumed.
The conditioanj (s —T9) —al(s—60) > 0 can be found to hold for § > ¢ with
0’ = sup,-olad(s) — R -s]/RI + T [I1], whereby ¢’ > T7. For 6 > 6’ (8) and ()
follow.

ot (t) = ggg [Sup [od (£ +0), igg[a{(t +5)— R - (s—=T7)+ (s — 0)]]} (8)

o1 (t) = jur [Sup[aﬂi(t+9)7sup[a{(t+v+9)—Rj.(U—&—Q—Tj)—l—a%(v)]ﬂ 9)

v>0

For different settings of § a 6* is defined as a function of (¢t 4+ 6) in (I0). With
6* > 0" ([LTl) can be given.

supv>0[a{(t +v+0)— a{(t +0)+ aé(v) — Ri -0
R

0*(t+0) = +77  (10)

supled (t+v+60) — o (t+6) + aa(v) — R7 -v] — R - (0 —T) S0,if 6= 6" (11)
v>0

With (@), and (II) the outer sup|...] in (@) is solved in ([I2).

- o . ,
ot (t) = inf [elil;f* (o] (t + 0)], o 1n£9* [od (t + 0)+

sup[od (t + v + 0) — ol (t + 0) + ad(v) — R -] — RI - (6 — Tj)” (12)
v>0

The inf[...] in ([I2)) is found for § = 6*, which proofs theorem [Il Here, § < ¢’ is
not investigated. Instead, it can be shown that the bound in theorem[lis attained
in the same way as for the special case of a single leaky bucket constrained flow
1 in [IT]. Thus, we cannot find a better form for § < ¢'. O

Proof 2 (Proof of Theorem [2) Based on (@), 6(t) is derived here for a two
leaky bucket constrained flow 1. For the flow 2 arrival curve sub-additivity is
assumed without loss of generahty

Case 1 (t = 0) With of 7' (t) = o (t + 0(t)) according to (B) we find the output
burst size b/ = aJ(6(0)). Equation @) is applied at ¢t = 0 to find 6(0).
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Case 2 (0 <t < f{ —v(t) — 6(t)) For this case ([[3) can be derived from (@),
where v(t) is the v for which the sup,[...] in () is found.

SUPG_ <71 __plT1 ~v+ag(v) — R7 ) ,
_ >t J
0= = 4T (13)
Thus, 6 is independent of ¢ for 0 < ¢ < f{ — v — 0. With oZ ' (t) = (¢t + 0)
according to (B) the output arrival curve of flow 1 increases with 7.
Case 3 ({7 — v(t) — 0(t) <t < T — 6(t)) Equation (@) yields (I4) for this case.
Note that b7 +71 - 7 = b] + 71 - £).

F1—m1) (FH—t—0) +Supuzf{—t—9[rl v+ ad(v) — R7 - v

_ J
0(t) = fr +77 (14)
(Fr =) - (F =) Fsup,p om0+ aj(v) = R 0] +T7 - RS .
- Ri+71—1 (15)

For t > ] — v(t) — 0(t) it can be immediately seen from ([H) that any increase
of ¢ results in a corresponding decrease of 6 by (71 —r1)/(R? + 71 — ry). With
oA TH(t) = o (t + 0) according to (B) the output arrival curve of flow 1 increases
with less than 7;. Applying the leaky bucket parameters (71, b{“) in theorem []
overestimates the output arrival curve, which is allowed, since arrival curves are
defined to give an upper bound on the respective arrival functions. However, as
long as an increase of ¢ results in a comparably smaller decrease of 6, smaller
values v that fulfill ¢ > #] —v(t) —6(t) can be applied in ([5). As a consequence, if
the sup|...] in (I3 is found for t = 7] —v(t)—6(t), it can occur that t = #; —v(t)—
6(t) also holds if ¢ is increased by an infinitesimal A¢, resulting in a dependance of
the sup/[...]| in (IH) on t. For sub-additive flow 2 arrival curves, it can be shown
that if ¢ is increased, 6 decreases slower than ¢ increases. Here, for simplicity
differentiable flow 2 arrival curves are assumed. Then, das(t)/0t > R/ — 7 at
t =1, —v(t) — 0(t) holds, because otherwise case 2 would apply. By substitution
of this condition in (IB) it follows that 6 decreases, if ¢ increases. Further on,
Dap(t)/0t < RI —ry at t = £ — v(t) — O(t) holds, wherefrom it can be found
that 6 decreases slower than ¢ increases. Following the same argumentation as
above, the leaky bucket parameters (71, b{“) are applied.

Case 4 (t > 1, — 0(t)) In this case, ([[6) can immediately be derived from (@).
SUP,~.o[r1 - v + o (v) — RY -]
R

Note that () according to ([G) is constant for ¢ > f{ — 0(t). With @), the
output arrival curve of flow 1 is given as o T (t) = o (t + 0(t)). The conditions
t+0(t) >, and thus of(t + 0(t)) = B, + 1 - (t + 6(t)) hold for t > F — 6(t).
Resulting, the output arrival curve of flow 1 increases with rate r; for ¢t > f{ —0(t).
The output burst size can be derived as Ezﬂ = (t+0(t)—r -t = B{ +71-6(t)

for any t > f{ —60(t), so that Ef“ =b +7r1-0(f) holds. O

0 —

+T7 (16)
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Abstract. In the context of the DiffServ architecture, active queue man-
agement (AQM) algorithms are used for the differentiated forwarding of
packets. However, correctly setting the parameters of an AQM algorithm
may prove difficult and error-prone. Besides, many studies have shown
that the performance of AQM mechanisms is very sensitive to network
conditions. In this paper we present an adaptive AQM algorithm, which
we call Adaptive RIO (A-RIO), addressing both of these problems. Our
simulation results show that A-RIO outperforms RIO in terms of stabi-
lizing the queue occupation (and, hence, queuing delay), while maintain-
ing a high throughput and a good protection of high-priority packets;
A-RIO could then be used for building controlled-delay, AF-based ser-
vices. These results also provide some engineering rules that may be
applied to improve the behaviour of the classical, non-adaptive RIO.

1 Introduction

Active queue management (AQM) is the name given to a type of router mech-
anisms used in congestion control. AQM mechanisms manage queue lengths by
dropping (or marking) packets when congestion is building up [1], that is, before
the queue is full; end-systems can then react to such losses by reducing their
packet rate, hence avoiding severe congestion. Random Early Detection (RED)
[2] is one of the first AQM mechanisms to have been proposed, and the one that
has been most studied. RED intends to avoid congestion by randomly discarding
packets based on the comparison of the average queue size with two thresholds.

AQM mechanisms are also relevant in the context of DiffServ. The DiffServ
architecture has been defined by the IETF to provide IP networks with scalable
QoS processing of traffic aggregates, based on a special field in the IP header.

* This work was partially supported by the Mexican National Council for Science and
Technology (CONACyT), as part of the 26th SFERE/CONACyT joint program.

G. Karlsson and M.I. Smirnov (Eds.): QofIS 2003, LNCS 2811, pp. 1120, 2003.
© Springer-Verlag Berlin Heidelberg 2003
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The value of this field tells a router what particular treatment, the per-hop
behaviour (PHB), should be applied to the packet.

One of the standard PHBs is Assured Forwarding (AF) [3]. AF defines the
differentiated forwarding of packets classified in up to four classes. Packets from
different classes are processed in different physical queues, managed by a schedul-
ing mechanism. Within each class (or queue), there can be up to three drop
precedences. Under congestion, packets marked with the highest priority—that
is, the lowest drop precedence—should be the last to be discarded, and vice
versa. Such differentiated discarding inside a single queue can be achieved by
means of special AQM mechanisms, which are usually extensions of RED.

In this paper we describe an adaptive AQM algorithm, which we call Adap-
tive RIO (A-RIO), suitable for building an AF per-hop behaviour. A-RIO is a
straightforward combination of the Adaptive RED (A-RED) algorithm described
by Floyd et al. [4] and the RIO algorithm of Clark and Fang [5]. The goal of
A-RIO is threefold: (1) to simplify the configuration of DiffServ-enabled routers,
by alleviating the parameter settings problem most AQM algorithms present;
(2) to automatically translate a quality-of-service parameter (that is, delay) into
a set of router parameters; (3) to try to stabilize queue occupation around a
target value under heavy network load, irrespective of traffic profile.

This paper is organised as follows. In Section 2, we briefly discuss the AQM
and DiffServ issues that define the context, motivation and basis of our proposal.
In Section 3, the A-RIO algorithm is described in detail. In Section 4, we report
on the process and results of a simulation study of A-RIO. Conclusions and
perspectives are provided in Section 5.

2 Active Queue Management in DiffServ Networks

The goals of AQM in DiffServ are somewhat different from those in a best-
effort context. While the objective of AQM mechanisms in best-effort networks
is congestion avoidance, in a DiffServ environment they are used mainly for
prioritized discard.

RED with In and Out (RIO) [B] is the basic AQM mechanism suitable for
the setup of the AF PHB. RIO is a direct extension of RED that uses two
sets of parameters to differentiate the discard of In (in-profile) and Out (out-
of-profile) packets. For deciding whether to discard Out packets, RIO uses the
average size of the total queue, formed by In and Out packets. For In packets,
it uses the average size of a virtual queue formed only by In packets. RIO has
been extended to handle n > 2 precedences following the same principleﬁﬁ. The
discard probability for packets of precedence 1 < j < n depends on the average
size of a virtual queue containing only the packets with precedences 1 to j. For
packets with precedence n (i.e., the lowest priority), the discard probability is a
function of the average occupation of the “physical” (total) queue. This original
method was eventually called RIO-C (Coupled) to differentiate it from methods

! In the n = 3 case, packet drop precedences are usually identified by colors: green for
the lowest precedence, yellow for the middle one and red for the highest one.
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proposed later. For example, Weighted RED (WRED) [6] uses the total average
queue size for all precedences, whereas RIO-DC (Decoupled) [1] calculates the
drop probability for packets of precedence j as a function of the average number
of packets of the same precedence.

RIO-C discriminates packets of different precedences in three ways. The first
one is the use of different thresholds for different precedences, so that discard
begins “earlier” for packets of higher precedences. The second way is the use
of drop probabilities that increase at different rates for different priorities. The
third way lies in the coupled calculation of the discard probability; the fact that
the discard probability for precedence j uses the average number of packets of all
lower precedences yields a significant discrimination. Note that the first two ways
of achieving differentiation are based simply on different parameter settings, and
that they are not mutually exclusive.

To the best of our knowledge, there are no precise rules for tuning RED’s
four parameters (two thresholds mingp, and mazyy, a maximum drop probability
max, for early discard and an averaging weight wg); on the contrary, most
published results point at the difficulty of finding a robust RED configuration
(see for instance [8] and [9]). This problem gets magnified with RIO: for a n-
precedence RIO, in principle 3n 4+ 1 parameters should be set?]. The problem
of parameter setting obviously becomes more complex and, therefore, has also
become a subject of research. Studies such as [I0] and [T1] illustrate the difficulty
of tuning RIO in order to achieve a predictable performance. This issue is very
relevant, since a key idea behind DiffServ is to allow the provisioning of enhanced
services. The operator should know how to set up services with some (loose)
guarantees in rate or delay.

3 An Adaptive RIO (A-RIO) Algorithm

We will now describe our proposal for an AQM mechanism called Adaptive
RIO (A-RIO). A-RIO is a direct extension of both the A-RED [4] and RIO-C
algorithms. A-RIO follows the approach of the former, performing an on-line
automatic adaptation of the mechanism to get a more predictable performance,
together with a more straighforward parameter tuning. Several approaches have
been proposed in the literature for dealing with the tuning of RED; we have
chosen A-RED because of its simplicity (both in concept and in implementation).

With this proposal, we look forward to alleviate the problem of parameter
tuning in the context of DiffServ AF networks. Like A-RED, A-RIO needs a
single input parameter, the target delay, which is translated into the required
set of router parameters. This feature could be very interesting for providers
of differentiated services: configuring routers in terms of delay—a QoS metric
directly related to service specifications and customer requirements—should be
much easier than in terms of more “abstract” parameters like queue thresholds,
discard probabilities or averaging weights.

2 That is, 2n thresholds and n maximum drop probabilities, plus the weight w, used
for averaging queue occupation—assuming the same wy is used for all virtual queues.
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From a performance point of view, A-RIO seeks to achieve a maximum
throughput while keeping delay in a bounded, predictable interval when the
queue load is high. In the context of DiffServ, we also intend to assure the cor-
rect discrimination of packets marked with different precedences.

3.1 Definition

The A-RIO algorithm is based on two main principles. The first one is the use of
a full Adaptive RED instance for each precedence level in the AF class (physical
queue). The second principle is the use of completely overlapped thresholds for
all precedences. The pseudo-code of A-RIO is shown in Fig. [[l while the concept,
for a three-precedence queue, is depicted in Fig.[2. The following salient points
of A-RED [] are kept unchanged in A-RIO:

— The adaptive parameters, maxg), are varied between 0.01 and 0.5.

— The lower threshold ming, is calculated as a function of the target delay d;
and the link capacity C' (in packets/s), with a lower bound of 5 packets. Thus,
ming, = max(5,d; - C/2). The upper threshold maxy, is fixed at 3 - ming,.

— wyq is also calculated in terms of the link bandwidth as wy = 1 —exp(—1/C).

— The gentle variant [12] of RED is used throughout. This corresponds, in
Fig. B to the interval max, < avg(i) < 2-maxyy.

— The adaptation function of the maxz(f) uses an AIMD rule (Additive Increase
Multiplicative Decrease). This rule aims at avoiding brutal changes in max,(f)

that could lead to heavy oscillations of the queue size.

— If the load changes abruptly, the average queue size could find itself out of
the target interval. The increase/decrease factors a and g are fixed so that
average queue size regains the target interval in no more than 25 seconds.

Design decisions for A-RIO have been made with a guideline in mind: the
target delay, which should prevail for every traffic mix as long as the load is
non negligible. The goal of the algorithm is to keep average queue size in the
interval (Giow, Qhigh), Where giow = ming, + 0.4 - (maxi, — ming,) and gpigh =
ming, + 0.6 - (mazy, — mingg,).

To better explain this, let us discuss the scenario of a RIO-C queue with non-
overlapping thresholds. The precedences are 1 (In) and 2 (Out). If the total In
rate is low compared to the link capacity, under a heavy load the Out thresholds
and discard probability will be active, (hopefully) keeping the average queue size
between mins and maxo. However, if most of the traffic is In, the average queue
size will be somewhere between min, and max;. Thus, staggered thresholds may
yield different average queue sizes for different traffic mixes. This is a drawback
if we want a predictable delay for the queue as a whole and under any congestion
scenario. Therefore, we propose the use of the same thresholds for all precedences.
This way, the adaptation mechanism of A-RED should pull the average queue
size to the same bounded interval, regardless of the traffic mix.

However, the use of overlapped thresholds has implications in differentiation.
As stated in Section[2, RIO-C differentiates discard in three basic ways: different
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for every incoming packet of drop precedence i,
for every drop precedence j =14,1+1,...,n
update cwg(j> as: avg(j) — avg(j) (1 —wq) + q(j) * Wgq
every interval time units update maxl(]”:
if avg(j) > Qrign and maa:g,j) < 0.5
compute increase factor: « emin(0.0l,maazl(,j)/4)
increase max;j) as: maxﬁ,j) — max;j) +a
if j <n then: maxéj) <~ min (max;j),maml(,jﬂ))

else if cwg(j) < Qlow and ma:r;“ > 0.01
decrease mam;j) as: maxz(,j) — maxz(,” x 3
if j > 0 then: mazfgj) < max (max},j),max,(gjfl))
if ming < cwg(i) < maxn
calculate p(i) as in A-RED
discard this packet with probability p“)
else if maxn < avg(i> < 2 *x maTin
calculate p;?ntle as in A-RED
discard this packet with probability psgmle
else if avg(” > 2 % main
discard this packet

Variables and fixed parameters:
@,

avg average queue size for precedence ¢ (coupled:

counts number of packets with precedence from 1 to %)
maa:g,”: drop probability for precedence ¢ when avgw = mazin
p(i): discard probability for precedence ¢
pé?ntle: discard probability for precedence ¢ in gentle zone
interval: 0.5 s; [ (decrease factor): 0.9

Fig.1. A-RIO algorithm.

Discard probability
1
maxg
0 green (0) + yellow (1) + red (2)
1
1
max
pO green (0) + yellow (1)
1
0
maxp, green (0)

ming, mMaxgn 2*maxin Average occupation

Fig. 2. A-RIO for three precedences.

15

thresholds, different discard functions and coupled virtual queues. In A-RIO,
with the choice of overlapped thresholds, we have excluded the first method. On

the other hand, A-RED is based on adapting mazx, and using different max

z(ai)7s
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N ITCM
Mb/s AQM
src0 ~
60 Mb/s

r0 ri

30 Mb/s
1 Mb/s 2ms 2ms sink 0

src 99

Fig. 3. Dumbbell simulation topology.

is another method of discrimination. Note that the adaptation algorithm is such
that: maxz(,i) < maxl(fﬂ),w € {1,...,n — 1}; together with the coupled virtual
queues, this restriction should provide with enough assurance of discrimination.

Concerning implementation issues, note that the complexity of A-RIO is
roughly equivalent to that of A-RED and RIO-C combined. Moreover, remark
that A-RIO does not store or compute per-flow information, so scalability is (in

principle) not an issue.

4 Performance Evaluation of A-RIO

In order to evaluate the performance of the proposed A-RIO algorithm, an ex-
tensive series of simulations was carried out using the ns-2 network simulator
[13], using diverse network topologies and loads. For space reasons we briefly
present a subset of our results; a comprehensive description of simulation sce-
narios, parameters and results can be found in [I4]. The coddd for the algorithm
is based on the DiffServ module included in the 2.1b9a release of ns-2.

The main goal of the evaluation is to verify that A-RIO effectively keeps the
average queue size of an AF router at the desired interval under a variety of
traffic types and loads. A-RIO should accomplish this goal while providing with
protection of high priority packets and fairness of bandwidth allocation.

We check A-RIO’s performance by comparing it to that of the original, static
RIO Coupled and of a modified version that we call Gentle-RIO or G-RIO. As
its name suggests, G-RIO implements the gentle mode of RED. Additionally, the
values for G-RIO’s parameters (thresholds and averaging weights) are set using
the same rules originally proposed for A-RED and adapted to A-RIO. Hence,
G-RIO corresponds to an A-RIO without on-line adaptation of the maa?,(,’).

Figure Blshows the simplest topology used for the simulations. An AF dumb-
bell backbone is set up with two routers, r0 and rl. Test traffic is generated by
100 individual TCP sources (src 0 — src 99) connected to ingress router r0 via
links of 1 Mb/s each. Each one of the source nodes is also an edge router where
traffic is marked by means of a tr'TCM (Two-Rate Three Color Marker) [15]. All
traffic is destined to a single sink node (sink 0) and is marked to be forwarded in
a single AF class (physical queue) in the network’s core. The backbone link has

3 Both the code and the simulation scripts can be downloaded from
http://wuw.rennes.enst-bretagne.fr/~jorozco/aqm.htm.
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Table 1. Simulation cases.

Case AQM No. of Sources RTTs| Assured Rates

Total|FTP|Pareto On/Off] (% of link capacity)
1 |A-RIO, RIO, G-RIO| 100 | 100 0 = |25, 50, 75, 100, 125
2 |A-RIO, RIO, G-RIO| 100 | 100 0 # |25, 50, 75, 100, 125
3 |A-RIO, RIO, G-RIO| 100 | 0 100 = |25, 50, 75, 100, 125
4 |A-RIO, RIO, G-RIO| 100 | 0 100 £ |25, 50, 75, 100, 125
5 |A-RIO, RIO, G-RIO| 100 | 20 80 = |25, 50, 75, 100, 125
6 |A-RIO, RIO, G-RIO| 100 | 20 80 # |25, 50, 75, 100, 125

a rate of 30 Mb/s (i.e., 30% of aggregated access capacity). The AQM algorithm
of interest in each scenario is activated in a single physical queue at the output
interfaces of backbone routers.

Table[l summarizes the test scenarios. Simulations were grouped in six cases,
depending on the type of input traffic and RTTs. The number of TCP sources
remains constant at 100. RT'Ts of access links are the same (50 ms) in cases 1,
3 and 5 and different (from 40 to 535 ms in steps of 5 ms) in cases 2, 4 and
6. Hence, the complexity of the traffic mix increases from pure long-lived FTP
sources and equal RTTs in case 1 to mixed FTP and On/Off with heterogeneous
RTTs in case 6. Simulations run for 120 s; sources start at random times between
t=2sandt=12s.

For each one of the six cases, five different marking profiles were tested.
The marking schemes were defined by the total assured rate as a percentage of
bottleneck link capacity. This rate is then divided between the 100 individual
sources. Given the assured (or committed) rate, the remaining parameters of
each tr'TCM (committed bucket size, excess rate and excess bucket size), were
set up following the proportional rules defined in [16].

As seen in Section[3, when configuring an A-RIO queue, only a single param-
eter is required: the target delay. Values for thresholds and averaging weight w,
are automatically calculated based on that delay. These values are then manually
assigned to parameters for the simulations with G-RIO. Table 2l shows the AQM
parameter values used for the simulations. Values for A-RIO and G-RIO are
calculated for a target delay of 50 ms, a bandwidth of 30 Mb/s and a packet size
of 1000 bytes. In the case of A-RIO, the values of maa?g) are initialisation values,
since they change throughout the simulation. The size of the physical queue is
1000 packets. In the case of RIO, a model of partially overlapped thresholds is
used. This model is taken from [I7] and sets thresholds for three precedences in
terms of the queue size; similar settings can be found in e.g. [I8].

4.1 Results

The plots in Fig. H] summarise the results of average queue sizes per AQM for
the six scenarios. Averages are calculated after a warm-up time of 20 s, when
all sources are active. According to the thresholds shown in Table [2], the target
average queue size for A-RIO should be around 187.5 packets. It can be seen
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Fig. 4. Average queue sizes per AQM, case and marking profile.
Table 2. AQM parameters.

Color A-RIO/G-RIO RIO

thmin |[thmaz|mazp| wq  |thmin|thmaes|maxy| wq
Red | 94 | 281 | 0.2 |0.0003| 100 | 250 | 0.2 |0.02
Yellow| 94 | 281 | 0.1 |0.0003| 200 | 400 | 0.1 |0.02
Green| 94 | 281 | 0.02 |0.0003| 350 | 600 | 0.02 |0.02

that A-RIO effectively keeps the queue size close to the target for a wide variety
of traffic loads and marking profiles. Only in case number 4 is the average occu-
pation lower for all assured rates. This is due to the fact that the queue remains
lightly loaded (because of the traffic characteristics), at a level which is below
A-RIO’s minimum threshold for adaptation. We could say that, in such a case,
A-RIO (like A-RED), lets things follow their natural course. A more detailed
discussion can be found in [I4].

By contrast, the average queue size for RIO varies in a much wider interval
for the different scenarios. This means that delay could vary in a fairly broad
interval, making it difficult for a service provider to offer a service with consistent
(upper) delay bounds. Finally, note that the results with G-RIO are not as
consistent as those with A-RIO, but the average queue size varies in a smaller
interval when compared to RIO. Hence, even without adaptation, the A-RED
rules for setting parameters and the use of overlapped thresholds can be used in
static RIO to obtain a more predictable performance in terms of delay.

We mentioned previously that A-RIO should achieve its main goal (keeping
average queue close to a target size) while still providing protection for priority
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Table 3. Percentages of overall link utilization and green packet discard.

RIO A-RIO G-RIO

Case| % Overall | % Discarded | % Overall | % Discarded | % Overall | % Discarded
Utilization|Green Packets|Utilization|Green Packets|Utilization|Green Packets
Mean| SD |Mean| SD |Mean| SD [Mean| SD |Mean| SD |Mean| SD
93.24|0.24] 0.26 | 0.49 [93.18|0.30| 0.97 | 1.23 [93.00/0.32| 0.98 | 1.07
91.26/1.09| 0.01 | 0.03 [91.47|0.45|0.19 | 0.19 [90.90({2.04| 0.19 | 0.22
91.04/0.29| 0.17 | 0.35 [90.10/0.27|0.80 | 1.07 [90.76(0.62| 0.73 | 0.80
89.53|1.13| 0.00 | 0.00 [89.52|0.30| 0.05 | 0.06 [89.10{0.81|0.04 | 0.09
91.39|1.52] 0.17 | 0.32 [92.04|0.36| 0.79 | 0.68 [91.60[0.68| 0.84 | 0.94
90.94(1.21] 0.03 | 0.06 [91.65|0.22|0.25| 0.29 [90.74({1.21| 0.26 | 0.30

S T W N

packets and fairness of bandwidth allocation. Table [3] shows the summary of
results for utilization and protection of priority packets in the bottleneck link.
The table includes, for each AQM mechanism, the mean and standard deviation
for the overall link utilization (total throughput/capacity) and discarded green
packets. Utilization is fairly the same for every case and AQM. Percentages of
discarded green packets are slightly higher for A-RIO and G-RIO than for RIO.
This was expected, due to the fact that the former two use overlapped thresholds.
Nevertheless, these percentages are reasonably low (with means always < 1%).

Comparable results were observed when testing the robustness of A-RIO
with respect to the number of TCP connections, as well as its performance in a
more complex topology with multiple bottlenecks. A comprehensive description
of these scenarios, simulation parameters and results can be found in [I4].

5 Conclusions and Future Work

In this paper we have presented an adaptive AQM algorithm, A-RIO, suitable
for the AF per-hop behaviour of the DiffServ Architecture. A-RIO draws directly
from the original RIO proposal and the Adaptive RED (A-RED) algorithm. A-
RIO may be helpful in alleviating the tuning problem most AQM algorithms
show, as well as in translating a quality-of-service metric into a set of router pa-
rameters. Our simulation results suggest that A-RIO could be used as a building
block for controlled-delay, AF-based services. A -RIO stabilises queue occupa-
tion, without having an adverse effect on other performance parameters like
packet discrimination, throughput and fairness in bandwidth sharing. Our re-
sults also suggest that the parameter setting rules introduced in [4], combined
with overlapped thresholds and the gentle option of RED, may be useful in ob-
taining a more predictable behaviour of non-adaptive RIO, in terms of queuing
delay.

There are a few open issues of A-RIO that are worth exploring, for instance:
(1) the impact of using a per-precedence averaging weigth w(gz) on the perfor-
mance of A-RIO, with respect to the level of differentiation among virtual queues;
(2) what happens to fairness in a mixed assured-rate and heterogeneous RTT
scenario; (3) a comparison of A-RIO and G-RIO with WRED [6], as well as with
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other self-tuning mechanisms proposed in the literature. Since A-RIO might be
used to build services with a loose bound on delay, it may be interesting to
evaluate its performance when UDP traffic is used, regarding delay and jitter,
as well as the influence of packet size on these quantities. We would also like to
look at implementation issues in a real platform. Finally, we intend to work on
the analytical modelling of the algorithm.
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Abstract. Some of the known results for delivering deterministic
bounds on end-to-end queuing delay in networks with constant packet
sizes and constant link rates rely on the concept of Route Interference.
Namely, it is required to know the number of flows joining on any output
link in the whole network. In this paper we extend the existing results for
the more generic cases of connection-oriented networks consisting of links
with different capacities, carrying different traffic classes and packets of
different sizes.

1 Introduction and Related Work

In the quest for delivering deterministic end-to-end delay guarantees in general
networks it has been shown [2] that it is feasible to deliver deterministic bounds
for queuing delay in networks using FIFO queuing but the bound is dependent
on complex network conditions. Specifically, by strictly controlling the number
of times flow paths join on output links and by performing ingress traffic shaping
in accordance with these metrics, it is possible to compute tight bounds on queu-
ing delay and required buffer capacities. However, the results presented in [2] are
limited to very specific network setups i.e. to connection-oriented networks car-
rying packets of fixed size (ATM networks), with all links having same capacity
and where time is considered to be divided in equal slots that are synchronized,
network-wide. Moreover, nodes were assumed to be globally FIFO and have zero
internal propagation and processing delays.

Later results [3l4] relaxed the requirement for time slot synchronization and
improved the bounds on required buffer capacities and end-to-end queuing delay.
However, they maintained the limiting requirement of equal packet sizes and
equal capacity links.

In this paper we present an extension of the proofs in [I] that relaxes these
requirements and generalizes the results to generic connection-oriented networks
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with links of different speeds and carrying different types of traffic with different
packet sizes.

The outline of this paper is as follows: In the next subsection we state the
assumed traffic, network, and time models. In Section 2 we introduce the concept
of route interference, the source rate condition and we state the main result of
this paper — the theorem for bounded buffer and delay. The proof of the theorem
is given separately in Section 3 as it involves a detailed analysis of the mechanics
of flow aggregation and queue busy periods along a flow path. Section 4 outlines
how to compute the required buffer capacity (i.e. maximum amount of queue
backlog) and the queuing delay.

1.1 Assumed Network, Traffic and Time Models

Traffic model: For the purpose of this paper we assume that transmission of
delay-sensitive data is performed in a connection-oriented manner, with traffic
organized in flows whose routes are pre-established before data transmission.
Inside each flow data is transmitted in packets having a finite set of possible
packet sizes.

Network model: We consider that the network consists of nodes which offer ser-
vice guarantees in the form of generic rate-latency service curves [I]. However,
for the sake of clarity we will consider only the special case of non-preemptive
schedulers performing strict priority FIFO queuing. Specifically, we will consider
that nodes have a single FIFO queue per traffic class and that delay sensitive
traffic has the highest priority in the network. Under these assumptions the node
serves the delay-sensitive traffic with a rate-latency service curve 3, , with rate
r = the physical link rate and latency 7 = %, where MTUjp, is the maximum
packet size for lower priority traffic classes. Also, we will denote by MTUg the
maximum packet size for the high priority, delay-sensitive traffic.

Also, we will assume that network links are unidirectional, with variable rates

and propagation delays. Without the loss of generality we will consider that the
(bounded) internal processing and transmission delays at network nodes are
included in the upstream link propagation delays. As such for the rest of this
paper we will assume that node internal delays are negligible.
Time model: Time is assumed to be continuous and relevant network events
have a time index sequentially numbered starting from time 0, when the network
was in an idle state. In other words we assume that all packet receptions and
transmissions time ordered, network-wide.

2 The Source Rate Condition and the Theorem
for Bounded Buffer and Queuing Delay

In order to present the main result of this paper — the theorem for bounded
buffer and queuing delay — we first define the concept of flow joins and introduce
the source rate condition as a requirement for ingress traffic shaping.
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Definition 1 (Flow joins, Interference Event): Two flows F and G are said to
join on link] j if both flows share link j but do not share the link upstream from
j in their respective paths.

An interference event is defined as a pair (j,{F,G}) where j is a link and F
and G are two flows joining at link j. As such the number of flows joining F on
link j is given by the number of interference events that contain j and F.

Definition 2 (Source Rate Condition): We say that a flow F satisfies the Source
Rate Condition if the inter-packet emission time Tr satisfies the inequality:

+

MTU dst dst MTU dst MTU
Tp>2 L N Ii+MTUg » ¢ S| - L Y —L
™R j=src - j=src T Tpreve (4) r Jj=src T

where:

j — node along the path of flow F, starting from source node and ending with
destination node.

r; — the rate of the link outgoing from node j along the flow path. If j is the last
node then r; is assumed to be infinite.

prevg (§)— The link previous to j along the path of flow F. If node j is the first
node along the flow path then 1,,.c, (5 s infinite.

% — The minimum capacity link along the path of flow F i.e. v = min; r; .
I; — number of flows that join flow F' at link j i.e. the number of interference
events that contain both j and F.

S; — number of all flows except F that share both link j and prevp (j).

In the above formula — as well as for the rest of this paper — the expression™
notation is a shorthand for max(expression,0).

Theorem 1 (Theorem for bounded buffer and delay): Provided that the source
rate condition holds for all flows, then:

— The network is stable i.e. the mazimum amount of backlog at any queue and
the corresponding required buffer capacity are bounded.
— The queuwing delay at any node is bounded.

The proof of the theorem — presented in the next section — involves a complex
analysis of the queue busy periods and the relations between queue backlogs and
interference events. The net result of the theorem are the bounds for the max-
imum backlog and maximum queuing delay, given both as a description of the
algorithmic steps necessary to compute them and as closed-form approximation
formulas.

! We will alternatively use the expression “node” or “link” as meaning the same thing
i.e. the corresponding network event occurring at the named/implied outgoing link
of the named/implied node immediately upstream of that link. Also, unless explic-
itly noted otherwise, when referring to “flows”, “traffic”, “packets” or “interfering
segments” we implicitly refer to the high-priority traffic for which delay guarantees
must be delivered.
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3 Proof for Bounded Buffer and Delay Theorem

Before delving into the theorem proof proper we introduce some technical defi-
nitions that express the concept of chained busy periods i.e. queue busy periods
at successive nodes along a flow path.

Definition 3 (Delay operation): For two packets p and q and for some link j
we say that p <; q if p and q are in the same busy period of the queue for
high-priority traffic at j and p is transmitted on j before q. Also by p <; q we
say that p leaves on j no later than q (or, alternatively, q leaves on j no earlier
than p).

It must be noted that, since we refer to packets belonging to highest priority
traffic class and since nodes perform priority queuing, the delay relationship
between two packets implicitly states that there are no low-priority packets being
transmitted between them on the output link.

Definition 4 (Super-Chain, Super-chain path): Consider a sequence of packets

p = (Po..eee-Di--..pr) and a sequence of nodes f = (fi....... fx). We say that (p,f)
s a super-chain if:

— f1y.eees [ are all on P - the path of packe Po, not necessarily consecutive
but distinct.

— pi—1 =y, p; fori = 1to k.

— The path of packet p; from f; to fiy1 is a sub-path of P.

The path of the super-chain is defined as the sub-path of pg that spans from fi
to fk

Definition 5 (Relevant network events, arrival and departure time): For the
purpose of this paper we define a relevant network event as the enqueuing or
dequeuing of a packet at a link/node. Also, we will denote the time index of
these events as aé‘? for the arrival of packet number & at link j (defined as the
time index when the last bit of packet k is received) and, respectively, d? for
the corresponding departure time (defined as the time index when the last bit
of packet k is transmitted).

It is to be noted that since the set of possible packet sizes was assumed to be
finite we cannot have an infinite number of network events occurring in a finite
time interval.

Definition 6 (Segment interfering with a super-chain): For a given super-chain

we call segment an ordered pair (s,P) where P is a sub-path of the path of the

super-chain, s is a packet whose path has P as a sub-path and P is maximal

(namely we cannot extend P to be a common sub-path of both s and the super-

chain).

2 For simplicity we refer to “the path of a packet” as meaning the network route of
the flow the said packet belongs to.
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Fig. 1. Node f; on super-chain path and notation used in section 2.

We say that the segment (s,P) is interfering with the super-chain (p,f) if
there is some node f; on P such that s <y, p;.

The proof of the theorem is organized as follows: First, based on the number
of segments interfering with a super-chain, we will derive an expression for the
delay experienced along a super-chain path. Second, we will prove the non intra-
flow property i.e. show that, if the source rate condition is imposed for all flows,
then there cannot be two packets from the same flow in a super-chain (i.e. there
cannot be two packets from the same flow in the same busy period at any queue
in the network). Finally, using the formula for the delay along a super-chain path
and the non intra-flow interference property, we show that buffer requirements
and queuing delay at any node in the network are bounded, thus concluding the
proof.

3.1 Delay along a Super-chain Path

Let (p,f) be a super-chain and consider the f; node on the super-chain path (see
Fig. 1). Let v; be the beginning of the busy period (for the queue for high-priority
traffic) that aTl Is in, i.e. v; = a} for some packet number n with n <j —1.
Assume without the loss of generality that packet p;_; arrives on input link i
(by necessity belonging to the super-chain path) and packet p; arrives on input
link k£, not necessarily distinct from 7. Define B; as the set interference segments
(s,P) such that s is arriving at the node no earlier than time v; on a link other
than input link 7 (i.e. on a link incident to the super-chain path), s <y, p; and P
is the maximal common sub-path for s and the path of the super-chain. Define
B? in the same manner but with packet s arriving on the same input link as

packet p;j_1 i.e. on the path of the super-chain. Also define A‘; as the subset of
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BO that contains only the packets that depart no earlier than p;_; i.e. p;_1 =y, s
Let Bj (resp. BY, AY) be the number of elements in B; (resp. BY, A}). Please
note that by deﬁmtlon p; ¢ B; U B andd Dj—1 € A

With ] and r; being the rates of input link ¢ and, respectively, link j — the
link on the super-chain path outgoing from f;, we have:

j—1 1 n
al” v > = E l
J J=T7 neB\ A0
i i

j MTU
d?—v; <L Z ~——-L
j =y nEB]-UBO + +

where [" is the length of packet n, I/ is the length of packet p;, I7/r; is the
transmission time for packet p; and MTUy/r; is the maximum node latency
due to non-priority cross-traffic. Subtracting the two we obtain:

) 11 n 1 n MTUL
d)—a’” <L E "—— E: !
A nes;uBY ! nesN A9 ] +
. i 3

or, since B; and B? are disjoint and A? - B?:

T

J_ gl L n n n\_ 1 n JVITUL
dj—aj STJ' (Znesjl +Zn65?\Agl +ZneA?l ) J ZW,EB?\A?l + +

J__,Jd—1 1 n n n 11 1 (73
dj—a; <4 (Znez;jl +Zne,4?l )*Znesg\A?l (rj T1)+r,~j (I’+MTUL)
K2

Since d] - a; > l]++_l, the right hand side of the inequality must be
J

equal or greater than this quantity for any combination of rates r; and rg . As
pj—1 € A?, the inequality above becomes:

.
Jj_ o i—lo 1 n n n{ 1 _ 1 1 (73
#0<2 (D, Do)+ s (B4 )+ @rarrun)

As I™ < MTUg for any packet n (including p;) and Znij "< MTUg By
(with the corresponding inequality also holding for, respectively, B?, ,A? and
B\ A9) we obtain:

it
i

) B<+A9 +
dl—a) "' <MTUy J +MTUH(B;?—A‘;)<L_L.) + A (MTUg+MTUL) (1)
J

By iterative use of relation () along the super-chain path (i.e. along the
subscripts) and packet numbers (superscripts) we obtain:

k0 I Bj*“? fi o_qonf1_a\"
dg—a}<MTUy 308 =L+ MTUy 330k (B—AD (-5 ) +

J

+HMTUp+MTUL) ) " f jj+m

3 By an abuse of notation we will write packet p; ¢ B; as meaning segment (p;, P) ¢ B;
for any path P and, respectively, packet p; € B; as meaning segment (p;, P) € B;
for some path P.
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+
k 0_ MTU f 0 Fi 0 0

+(MTUg+MTUL) Z]f,’;‘fl 7 TLE (2)

where 77 = min; r; corresponds to the smallest capacity link along the super-
chain path, 7y j is the propagation time along the links in the super-chain path
and the penultimate term denotes the transmission times and node latencies,
cumulated along the path.

Since the sets in the collection {B; |J AJ}j=110 are two-by-two disjoint (see
[1], lemma 6.4.2) and since by definition every element in {B; |J A%} is an inter-
fering segment, we have that Z;‘Ck%fl (B; + A?) < I j, where Iy j is the number
of interfering segments along the super-chain path. Thus relation () becomes:

+
k_ 0 MTUg Tk fr 0 0 1 1

drars 2ok, Dkt MTU, Zj:fl(Bj*Aj)<Tj*j) +
k2

+(MTUg+MTUL) Z]fifl TR (3)

3.2 The Non-intra-flow Interference Property

Assume that the source rate condition holds. Let (p,f) be a super-chain.

1. For every interference event of packet py there is at most one segment inter-
fering with the super-chain.

2. B? is upper bounded by the number of flows that share the same input link
as packet p;_; and same output link as packet p;.

3. pi does not belong to the same flow as packet pg.

Proof: Define the time of the super-chain as the time index for the exit of packet
pi from the last node fj,.We use a recursionq on time t.

At time index t = 1 the proposition is true because any flow has transmitted
at most one packet. Assume now that the proposition holds for any super-chain
with time index <t — 1 and consider a super-chain with time index t.

The proof for item 1 is identical to the proof of item 1 of proposition 6.4.2
in [1].

For item 2, consider an interfering packet s € 5’9. Assume there exists another
interfering packet s’ € B?, with s’ belonging to the same flow as s. Consider
without the loss of generality that s was emitted before s’. Since by definition
s <y, pj and s" <y, p;, then we must have that s <y, s" and ((s,s’),(f;)) is a
super-chain with exit time < ¢ — 1, which contradicts item 3. As such we cannot
have two packets in the same flow in B?, which proves item 2.

For item 3, let us compute a bound on maximum queuing delay for packet
po. Consider ug its emission time, Py the sub-path of py from its source up to,
but excluding, node f1, and T the total propagation and transmission time for

Please note that this is permissible in this case since we have no accumulation point
along time indexes.
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po along Py and the super-chain path. Consider that the component of T along
the super-chain path is T; . Applying relation (B) along Py and separating the
summation terms for packet transmission times from node latencies, we have:

+
a?éd?§u0+(T—T1,k)+% ZPMUF S Ip 1 +MTUg ZZ.WMF (fl)(B?—A?) (i—i) +
F

j=src j=src T I~
i

Py 2z
where F is the flow the packet py belongs to, r{ is infinite for j=source node and
Ip,1 is the number of interference events for F along F. From item 2 above B? <
number of flows sharing both link j and prevg (j). Since pj_; € A? we have that
Ag > 1 and thus B? — A? < S, where S; is the number of flows sharing link j,
minus 1 (i.e. the number of flows sharing links prevp(j) and j, except the flow
pj—1belongs to). As such we can re-write the above expression as:

+
af SugH(T—T )+ ML S Prevr U0 s vy S Prevr U0 g, (i—é) +
F J

j=src =src "i Tprevp (4)

+Zprevp (f1) MT.UL

j=src T

Using the same reasoning, along the super-chain path we have that:

+
k< ,0 MTUy Tk Tk A 1
dp<ar+Ti et T Zj:h L+ MTUx Zj:h 5 i Tprevp (j) +

f  MTUp
i=f1 i

+

Combining the last two inequalities we obtain:

+
dhsur T4 XL Y U S s (Ao ) e,
Assuming that py and py belong to the same flow and uy, is the emission time
of packet py , since the source rate condition holds (including for the sub-path
of F from the source node to node fi), by applying the Source Rate Condition
we have that (with & > 0):

+
wE:fk ) E:fk a_ 1 MTU g ka MTUL
ukzqur 7“} j=src IJ+MTUH j=src SJ (7‘]’ TP"“’F (j)) +k( 7‘} + j=src Tj )

which — by adding on both sides T, the transmission and propagation times
for packet pyp from its source to node f — translates at node f; into (since

N
dfzuo+ T+ Y L MTUs YIRS (%—*) DDA
F =src

j=sre =sre i Tprevp (j)

MTU I MTU,
+k( 7‘;_, +Zj:s7‘c T4 )

which contradicts the relation above. As such pi and pg cannot belong to the
same flow, which proves item 3 of the non intra-flow interference property.
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3.3 Bounded Buffer Requirements and Queuing Delay

Given the non intra-flow interference property it follows immediately that, if the
all flows rates satisfy the source rate condition, at any output queue for delay-
sensitive traffic there can be at most one packet from each flow during any busy
period. As such the total amount of traffic that transiently shares the queue
during any period is upper bounded by the number of flows sharing that link
multiplied the maximum packet size. Consequently, at any node the amount of
queue backlog at any instant is bounded and the network is stable. Since the
nodes perform FIFO queuing and offer service guarantees in the form of rate-
latency curves to the delay-sensitive traffic, the amount of queuing delay at any
node is bounded. This completes the proof for the theorem of bounded buffer
and delay.

4 Buffer Requirements and Queuing Delay Computation

Without the loss of generality, consider a single-node with I fan-in links to the
same output link i.e. for a given output link consider the input links carrying
flows which join on that output link. Let r; be the rate of fan-in link 7 and N;
be the number of flows that share both input link ¢ and the output link. Let
0, = *1M TUg > 0 (since N; > 1) and assume, without the loss of generality,
that 1nput links are numbered in the increasing order of 6;, from 1 to I.

Since during any busy period there can be at most one packet from each flow
in the queue, due to packetization effects [I] the envelope for the input link ¢ is
a;(t) = min(N;MTUg, rit + MTUg). As a result the envelope for the traffic
aggregate at the output link queue is:

a(t)y =31 i)=Y, min (N;MTUp, rit+MTUpx)
=3 (MTUg+min, (Ni—1)MTUg, 75t))

a(t) = IMTUp+Yy . riming(0;,t)=I MTUy+0/(t)

where o/ (t) = Zle r;min(6;,t). The o/(¢) function — illustrated in Fig. 2 —
is piece-wise linear, with the linear segment with ¢ € [fx_1,0x] having a slope
Ry =rg+rgs1+ ..o +ry, for k=1to I, with g =0, Ry =r; and Ry4+; = 0.
The ordinates at discontinuity points 6, are MTUy Zle(Ni — 1) + Ri+10k,
with a maximum value of MTUg Zle(Ni —1) at 65.

Since the node offers service guarantees in the shape of a rate-latency curve
B, -(t) (with r being the rate of the output link and 7 = #LUL) the maximum
backlog and maximum jitter are given by maximum vertical (resp. horizontal)
distance between envelope «(t) and the service curve 5, - (t) (see [1]).

Instead of numerically computing these quantities we can use a closed form
approximation formula by assuming that the node has as strict service curve
the rate-latency curve By« ,, with r* = min; (r,7;). In this case the maximum
backlog occurs at 7 and has a value of MTUy N—r (67 — 7')+ and the maximum

jitter is upper bounded by MTUg (ﬂ — M) + %

I Tr
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o/'(t)
RI
R,
R,/
R,
9l eZ e% Q—l el t

Fig. 2. The o/(t) function.

Along a flow path an upper bound for the end-to-end queuing delay is the sum
of the per-node queuing delay bounds along the path. For example in the case of
the closed form approximation the end-to-end queuing delay is upper bounded

by MTUg ZdSt (NJ — $> + ZdSt MTUL where N7 is the number of

J=s8rc ’r‘j J=src T4

flows sharing link j, Nij is the number of flows sharing both output link j and
fan-in link 4, and 7% = min; (r;, r]

and all its fan-in links.

) is the smallest capacity among output link j
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Abstract. In a Diffserv architecture, packets with the same marking are treated
as an aggregate at core routers, independently of the flow they belong to. Never-
theless, for the purpose of QoS provisioning, derivation of upper bounds on the
delay of individual flows is of great importance. In this paper, we consider a case
study network, composed by a tandem of rate-latency servers that is traversed by
a tagged flow. At each different node, the tagged flow is multiplexed into a FIFO
buffer with a different interfering flow. For the case study network, we derive an
end-to-end delay bound for tagged flow traffic that, to the best of our knowledge,
is better than any other applicable result available from the literature.

1 Introduction

Aggregate scheduling has been proposed as a solution for scaling complexity when
providing Quality of Service (QoS) in the Internet. A notable example is provided by
the Difterentiated Services (DS) architecture proposed within the IETF [10]. Accord-
ing to DS, packets are marked at the DS domain ingress as belonging to a small num-
ber of different QoS classes, each one receiving a differentiated service within the
network. Packets are then treated at core routers according to a specified per-hop be-
havior (PHB), independently of the flow they belong to. Currently, the Expedited
Forwarding (EF) PHB is specified [12,13] for providing a guaranteed delay service.
Practical implementations of the EF PHB assume that all EF traffic is shaped and po-
liced at the DS domain ingress, and then shares a single FIFO guaranteed rate queuc
at each core router. For scalability issues, capacity is statically reserved to the aggre-
gate traffic at core routers, whereas appropriate admission control is performed at the
DS domain edges, to provide specific QoS guarantees to the aggregate. Within this
context, analytical derivation of delay bounds for individual flows is of great impor-
tance, since they can be used as the base for call admission control. In [6], such delay
bounds were derived for a generic network as a function of the utilization factor, the
maximum hop count, and the parameters of the ingress shapers, without any assump-
tion on the topology. However, in a network domain employing centralized resource
management, it is reasonable to assume that the management entity is aware of all the
requests at the domain edge, as well as of the domain topology: this is the case, for
example, of the Bandwidth Broker (BB) service proposed in [11]. However, how the
knowledge of the network topology and traffic load can be exploited in order to de-
rive delay bounds useful for performing careful admission control is an open issue.

G. Karlsson and M.1. Smirnov (Eds.): QoflS 2003, LNCS 2811, pp. 31-40, 2003.
© Springer-Verlag Berlin Heidelberg 2003
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In this paper, we consider a simple case study network, composed by a tandem of
rate-latency servers that is traversed by a tagged flow that is leaky-bucket constrained.
The tagged flow is multiplexed into a FIFO buffer with another leaky-bucket con-
strained flow at each node. Based on well-known results on FIFO multiplexing, we
derive an end-to-end delay bound for the traffic of the tagged flow. Although limited
to the scope of the case study, the interpretation of the obtained result is, in our opin-
ion, of particular importance for at least two reasons. First, it can be shown that the
so-called “pay bursts only once” property no longer holds for the tagged flow when
aggregate scheduling is in place, reflecting the fact that sometimes paying the burst
more than once, but at a higher rate, is better than paying it only once at a lower rate.
Second, to the best of our knowledge, the derived delay bound is better than any other
applicable result from the literature, thus proving that a tight delay bound for a gen-
eral feed-forward FIFO aggregate scheduling network is still lacking.

2 Network Calculus Fundamentals

Network calculus is a theory for deterministic network analysis [2,3,5]. The con-
cept of service curve is introduced in network calculus as a general means to model a
network element in terms of input and output flow relationships, i.e., how the element
transforms an arriving stream of packets into a departing stream. To this aim, data
flows are described by means of the cumulative function R (¢), defined as the num-
ber of bits seen on the flow in time interval [0,7]. Function R(t) is wide-sense in-
creasing, that is R¢s> < R(t) if and only if s < ¢. Specifically, let A(¢) and
D(t) be the cumulative functions characterizing the same data flow before entering a
network element, and after having departed, respectively. Then, the network element
is modeled by the service curve 3 (¢) if

D(t)ZOiSI;i;t{A(tfs)Jrﬂ(s)} m

for any ¢ > 0. The flow is said to be guaranteed the minimum service curve (. The
infimum on the right side of (1), as a function of ¢, is called the min-plus convolution
of A and 3, and is denoted by (A ® B)(%). It has been shown that many schedul-
crs proposed for ATM or the Internet integrated services can be modeled by a family
of simple service curves called the rate-latency service curves, defined as

Bop (1) = p[t — 0] ©))

for some rate p > 0 and latency # > 0. Notation (21t denotes max {0,z } .
Differentiated and integrated services assume that traffic flows are constrained. In
network calculus this feature is modeled by introducing the concept of arrival curve.
A wide-sense increasing function « is said to be an arrival curve (or, equivalently, an
envelope) for a flow characterized by a cumulative function R if it is
R(t)— R <a(t—1),for 7 <t.As an example, a flow regulated by a leaky-
bucket shaper, with rate p and burst size o , is constrained by the arrival curve

’Yp,a'(t) = (0’ + pt)l{t>0}. (3)

The indicator function 1;,,,.; is equal to 1 if expr is true, and 0 otherwise.
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(o1 |

(0'2,P2)

By

Fig. 1. Two flows multiplexed into the same node.

By combining together arrival and service curve characterizations of data traffic and
network clements, respectively, it is possible to derive relevant performance bounds.
Specifically, end-to-end delay bounds can be derived. In fact, assume that an element
(or network of elements) is characterized by a service curve (3 and that a flow travers-
ing the node is constrained by the arrival curve « . Then, if the node serves the bits of
this flow in FIFO order, the delay is bounded by the horizontal deviation

h(e,B) £ sup[inf{d > 0: a(t—d) < B(1)}] ©)
t>0

Intuitively, h is the amount of time the curve a must be shifted forward in time
so that it lies below (. A very well-known result related to a tandem of rate-latency
nodes 3 , traversed by a ,, constrained flow follows from (4), i.e., the end-to-
end delay bound is given by

i ag
d=) 0+ . &)
ZL /l\ { pm}

provided that p < p for any 4. Notation A denotes the minimum operation.

3 Motivation

In [2], a fundamental result for FIFO multiplexing is given. Assume that two flows
are FIFO multiplexed into the same network element, characterized by a service curve
0. Figure 1 represents the model under consideration. Assume that ay is an arrival

curve for flow 2. Then, the service received by flow 1 can be determined by charac-
terizing the clement in terms of an equivalent service curve Gy (t), as follows.

Theorem 1 (FIFO Minimum Service Curves [2]). Let us define the family of func-
tions

Bi(tm) =[8() =g (t =D Lysn ©)

For any ™ > 0 such that B, (t,7) is wide-sense increasing, then flow 1 is guaran-
teed the service curve B (t,7).

Assuming that oy (1) = 7, ., (£) and 8(¢) = 8,4 (1), it follows from Theorem

1 that an equivalent service curve for flow 1 is

B=6, oD, ™

—m 0+ 22
P

i.e., flow 1 is guaranteed a rate-latency service curve, with rate p — p, and latency
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0 + o5 / p . Assuming further that flow 1 is oy () = 7, 5, (f) constrained, a delay
bound for flow 1 data packets only can be derived as a special case of (5) as follows

®)

.0 p— P2
On the other hand, this bound is not tight. In fact, the aggregate flow, resulting
from multiplexing flows 1 and 2 before service, is also o = a; + a5 constrained.
Hence, again from (5), a delay bound for the aggregate traffic is

G W ©)

Now, (9) holds for any packet in the aggregate flow, hence it holds for any packet
belonging to flow 1. Delay d from (9) is then an upper bound also for flow 1 packets
only, and d is always lower than d; in (8), except for the degencrate case when there
is no traffic from flow 2. We can conclude that making use of an equivalent rate-
latency service curve as obtained from Theorem 1 can lead to overestimate delay
bounds for single flows in a scheduled aggregate. It is worth noting that when rate p,
gets closer to the overall available rate p, the bound in (8) approaches infinity and
hence infinitely diverges from that given by (9), which stays finite.

On the other hand, suppose that for each service curve given by (6), characterized
by a value of the parameter 7, we determine a delay bound by calculating the corre-
sponding horizontal deviation according to (4). Then, we take the minimum amongst
the set of delay bounds that we have derived as a function of 7. We illustrate this
way of proceeding for the example of Figure 1. To this aim, we first apply Theorem 1
to obtain the following result.

Corollary 1. Consider a node serving two flows, 1 and 2, in FIFO order. Assume that
Sflow 2 is vy, ,, (1) constrained, and the node guarantees a service curve 3,4 (t) to
the aggregate of the two flows. Then, flow 1 is guaranteed the service curve

oy + po (0 —T)] "
P — P2

The family of service curves given by (10) is represented in Figure 2 for different
values of the parameter 7. Assuming now that flow 1 is o (£) = Voo (8) cON-
strained, we can derive the horizontal deviation h{«y,3;,7) as a function of 7, and
then find the value of 7 for which the lowest delay bound is obtained. Figure 2 can
give an intuition of the result: rate-latency curves of the family are excluded, and the
best choice among the remaining ones is the leaky-bucket shaper whose burst size ex-
actly matches the burst size o; of flow 1, i.e., that one corresponding to
T =6+ (03 + 01)/ p . This result can also be proved formally, and the correspond-
ing lowest delay bound equals the bound derived above and given by (9).

Bi(t,7)=(p—p2)

t—[9+

1{t>’r}: T Z 0 (10)

4 The Case Study

Let us consider the case study represented in Flgurc 3, in which a tandem of rate-
latency servers, with latency 6 and service rate p’, respectively, is traversed by a
tagged flow that is (o, p)-constrained. At generic node i, the tagged flow shares a
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Fig. 2. The family of equivalent service curves for the tagged flow.

n
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Fig. 3. The case study network.

FIFO buffer with flow i, that is (o;,p; ) -constrained!. We further assume that
p' > p+ p; forany i.

Let 5;(t,7;) represent a family of service curves for the tagged flow at node 7,
parameterized by 7; > 0. Furthermore, let 8 be the end-to-end service curve for the
tagged flow. The end-to-end service curve can be computed as the min-plus convolu-
tion of the equivalent service curves for each node. Indeed, it is possible to derive a
family of end-to-end service curves g(t,7y,...,7, ), parameterized by 7, >0,
1 <4 < mn, as follows

6(t77-17"'77-n):®ﬂi(t77i) (11)

We are interested in finding a bound for the end-to-end latency experienced by
tagged flow traffic in the case study. According to the procedure described in Section
3, the lowest delay bound is derived by first deriving a different delay bound for any
service curve out of the n -dimension infinity set given by (11). By applying (4), the
latency bound for tagged flow traffic is given by

h = Sup{inf{d >0:79,,(t—d) < Bt T1,-,Tn )}} (12)
>0

It is then A = h(7y,...,7, ), and the lowest upper bound can be derived by mini-
mizing h as a function of parameters 7;, i.e.

1 Flow i could be also representing an aggregate of background traffic with an effective arrival curve.
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hlub = jgfo{h(Tla"'uTn,)} (13)

Let I(1) denote the set of nodes I(1) £ {i: (p' —p;) < (p' —p)}. 1(1) in-
cludes all nodes ¢ whose residual rate, i.e. the difference between the rate guaranteed
to the aggregate of flows and the arrival rate of the interfering flow, is not greater than
the residual rate of node [ . It is obviously I € I (7). The lowest upper bound Ay,
defined by (13) is given for the case study by the following Theorem.

Theorem 2. Ifzi(l —pi/p') <1, then
Ty = 36 +E%+Z% (14)
i i 2

Otherwise, if Zi(l— o/ pi) > 1, then there exists a node k such that

Ziel(k)(l —pi/p')>1, and Eielm(l —pi/p') <1 for any other set 1(1),
possibly empty, strictly included in I (k). Then

o = 30" + 3% 4 g [ pi.pi—l]
> Z Z Zgz(‘k)p oF = oy Z-e%) P’

Proof. For space reasons, the proof is omitted. A detailed proof can be found in [14].

(15)

We note that, if there is only one node, then necessarily (14) applies, and we get the
expected result as given by (9) in Section 3. On the other hand, in the general case when
many nodes are considered, the lowest upper delay bound is given by the couple of
equations (14) and (15). The overall delay bound given by (14) and (15) can be inter-
preted as the sum of three different contributions. The first contribution is due to node
latencies, which must be all summed up in the worst-case. The second contribution is
the one taking into consideration all of the interfering flows: each interfering flow con-
tributes with an additional latency that equals the amount of time needed at each node to
serve a maximum burst from that flow. Finally, the last contribution takes into account
the additional latency that the tagged flow traffic may experience due to its own maxi-
mum burst. This last contribution is given as the amount of time needed to serve a
maximum burst from the tagged flow computed independently either on each node of
the tandem (equation (14)), or on a subset of nodes (equation (15)), depending on the
value of the sum of the residual rates available to the tagged flow, weighted by their re-
spective rate guaranteed to the aggregate. This is a quite surprising result, since it im-
plies that for the case study the “pay bursts only once” principle [4] does not hold when
aggregate scheduling is considered, at least for the case under consideration, except for
when all nodes belonging to I (%) share the same residual rate which equals the mini-

mum residual rate. Otherwise, the lowest delay bound is obtained instead by “paying”
the tagged flow burst on a subset of nodes. An immediate confirmation of this observa-
tion is obtained if we consider the special case when the scheduler at the output link of
each node is configured so that each aggregate is guaranteed exactly the same rate it is

constrained to at network ingress, i.e., p' = p + p; for any i . The following result de-
rives from direct application of Theorem 2.

Corollary 2. For the case study in Figure 3, assume that p' = p + p; for any i.
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Fig. 4. The best equivalent service curve for the tagged flow.

Then

Ty = 36" +ZU—,§+[3J/\[Z%] (16)
i i P P T P
According to (16), the delay bound is given by the minimum of the two cases, i.e.,
either paying the burst only once at the lowest residual rate, or paying it at each node,
but at the aggregate service rate.
In order to get a better insight into the result formalized by Theorem 2, we consider
the equivalent service curve, out of the set defined by (11), for which the lowest delay
bound is reached. To this aim, let define

T. ézi{ei+%+%},and T. éz[9i+0—;§]+ > Z

[ P —n
P iel(k) P

pF = p

k3

provided, in the last case, that there exists node & as defined in Theorem 2. The fol-
lowing corollary then follows.

Corollary 3. Under the hypotheses of Theorem 2, the best equivalent service curve,
i.e., the one giving the lowest delay bound, out of the family given by (11) is

B = Wnpyo (E—=Te) if Y (1= p;/p') <1, and (17)

Bt =B,z (DAY

. Mo -pi}
Mo =pito :

o —px

(t=T) i D (1=pi/p')>1018)

1—

Figure 4 shows the shape of the best service curves for the two cases. We note that
the best equivalent service curve is not necessarily a straight rate-latency service
curve, but rather a piece-wise linear function characterized by two minimum service
rates, a low one and a high one, and a latency. It is useful to think of the curve given
by (17) as a special case of (18), where the high rate has gone to infinite. By looking
at Figure 4, we can observe that, in any case, the low service rate is a long term guar-
anteed rate matching the minimum available residual rate. On the other hand, the high
service rate is a short term guaranteed rate which is related to how fast a burst of
tagged flow traffic is served in the worst-case. We note that the fact that a burst can
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be guaranteed a higher rate than the average one, even in the worst case, follows
straightforwardly from the FIFO assumption. In fact, bursts of traffic are assumed to
arrive instantaneously, hence, according to FIFO multiplexing, packets in one burst
will be served by the node back to back, i.e., at the same guaranteed rate of the flow
aggregate. On the other hand, each flow will experience additional latency while wait-
ing for the other flows’ bursts to be served.

5 Comparison with Related Work

Despite the research efforts, the amount of results related to deriving end-to-end
delay bounds for FIFO aggregate multiplexing is quite poor. A survey on the subject
can be found in [8]. A closed form delay bound for a generic network configuration
has been derived in [6], under the fluid model assumption, and extended in [7] to take
packetization effects into consideration. In both cases, when a generic network con-
figuration is considered, a bound can be derived only for small utilization factors: let
H be a bound on the number of nodes traversed by any flow, and v a bound on the
utilization at any link, then the delay bound holds only if v < vy, =1/(H —1).
Furthermore, the bound is inversely proportional to 1 — v ( H — 1), that is, the bound
approaches infinity when the utilization level v gets closer to v, -

In a more recent paper [4], a tandem of rate-latency servers traversed by a tagged
flow as in Figure 3 has been studied. However, an arbitrary network configuration is
considered, since any number of interfering flows is allowed, and each flow can inter-
fere with the tagged flow for any number of subsequent nodes. An equivalent rate-
latency service curve is derived for such a network. It follows from [4] that a delay
bound for the case study represented in Figure 3 is

] = i G, 9 19
d 270 +Eipz+/i\{pz_pi} ( )

We compare (19) to the bounds given by (14) and (15). To this aim, we note that, if
i (1—=pi/p")>1 holds, and I(k) includes only the subset of nodes ! (at least
one) sharing the same minimum residual rate, i.e., p' — p, = A, {p' — p;} for any
1 € I(k), then (15) reduces to (19). On the other hand, in all the other cases, i.e., if ei-
ther (14) applies, or (15) applies, and oF = = N {pi — P } , then hy, is lower
than d . Hence, at least for the case study, the bound we found is better than that deriv-
able from [4]. Furthermore, it is worth noting that when the residual rate at the bottle-
neck gets closer to zero, then d increases indefinitely and approaches infinity. On the
other hand, this is never the case for A, , since either (14) applies, or (15) applies, but
then I (k) can not include only the subset of nodes sharing the same minimum residual
rate, because otherwise it would not be ;cr(xy (1 — p; /p*) > 1. In both cases, Ay,
is independent of the residual rate at the bottleneck and hence stays finite.

To further detail the comparison between the delay bounds obtained by applying
(19) to the case study and the bounds given by Theorem 2, we compute both expres-
sions in the following scenario: the configuration of each node is the same, i.e.
ol =p; +p=p", 6 =0°. As far as interfering flows are concerned, we assume
o;, =r-0 and p; = r- p,with r > 0 for simplicity. We plot the delay bound ratio
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Fig. 6. Delay bound comparison as a function of interfering flows rate.

Py / d against r for various values of the number of nodes n in Figure 5. As the
figure shows, the delay bound ratio is always not greater than 1, it is decreasing with
r and approaches n/(n 4+ 1) as r — oo. This shows that, when the tagged flow
has a small rate compared to that of the aggregate it belongs to (e.g. when many iden-
tical flows are aggregated with the tagged flow at cach node), using (19) might lead to
gross overrating of the delay bounds.

In order to further detail how employing (19) might lead to inexact conclusions, we
report a numerical example. We assume that, for 1 < i < n, p' = p¥ = 1Mbps,
6" = 6° = 20ms, o, = 0 = 10Kb, p; = p. Furthermore, we set n = 10. We
compute the delay bounds under (19) and under Theorem 2 when 0 < yu < p°, and
report them in Figure 6. As the figure clearly shows, when y — p° the delay bound
computed according to (19) approaches infinite, whereas the one computed according
to Theorem 2 stays finite. This has an intuitive explanation. In fact, u — p° implies
p — 0, which corresponds to the case of a bursty tagged flow requiring an arbitrarily
small rate. When scheduled in a per-flow context, the delay bound of such a flow
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would approach infinite as p — 0. However, under FIFO aggregation, the burst of
the tagged flow will nevertheless be cleared at the aggregate rate p°. Therefore, the
delay of the tagged flow stays finite in that case.

6 Conclusions

In this paper, we have derived an end-to-end delay bound for a tagged flow that is
FIFO multiplexed with a different interfering flow at each node of a tandem of rate-
latency servers. To this aim, we have used the concept of equivalent service curve
from network calculus, and derived an infinity of equivalent service curves for the
tagged flow, from which we have chosen the one giving the lowest upper bound to the
end-to-end delay. The obtained result, summarized by Theorem 2, is not very intuitive
but is proved to be better than any other applicable result available in the literature, at
least to the best of our knowledge. This paper lays the basis for future work in at least
two different directions. Firstly, it should be determined whether the bound given by
Theorem 2 is tight or not. Secondly, Theorem 2 should be extended to a general net-
work configuration, where interfering flows are allowed to share the same path of the
tagged flow for any number of consccutive nodes. Regarding this second issue, the
methodology we have introduced is not directly applicable.
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Abstract. Service evolution towards QoS capable applications requires
efficient resource reservation protocols. Currently, RSVP is a widely
known protocol for this functionality in IntServ networks. Unfortunately,
the processing power needs of RSVP make it to a less favoured candidate
in high-speed environments. In these scenarios low-complexity DiffServ
solutions have a clear advantage. A currently studied and industrially
supported DiffServ conform resource management protocol is RMD. In
this paper, we certify RMD as a simple and efficient protocol for unicast
traffic by comparing the performance of RMD with RSVP, and also verify
that the reduction of complexity does not entail loss in performance.

1 Introduction

With the gaining popularity of applications with quality of service requirements
the need for sophisticated and scalable resource reservation protocols is increas-
ing. To define the requirements posed against the next generation of resource
reservation protocols, a working group has been established within the IETF:
Next Steps in Signalling (NSIS). They have defined a signalling framework [I]
to build a generic layer structure which can accommodate current and future
protocols. Both RSVP and RMD are best suited for the NSIS concept.
Currently, RSVP is a widely accepted solution that was developed within the
Integrated Services (IntServ) framework. Unfortunately, as an IntServ conform
protocol, RSVP maintains reservation states in a per-flow basis, but with the
increasing demand for resource reservation, per-flow information cannot be man-
aged efficiently, especially in high-speed backbone networks with many hundred
thousands of flows. To relax the scaling difficulties of RSVP a decreased state-
space variant has been proposed [2] that achieves state aggregation by merging
the reservations of the same source and destination edge router pairs. This solu-
tion is helpful in certain situations but does not solve the overall problem. For
example Radio Access Networks (RANs) have a huge number of nodes within a
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single domain, and every base station can be the source or destination of, e.g.,
a phone call. In this scenario the state aggregation of RSVP is not applicable.

These are just a few reasons, why new protocols must be deployed in the near
future. Top candidates are Differentiated Services (DiffServ) conform solutions.
A novel framework within IETF is Resource Management in DiffServ (RMD) [3].
RMD is the evolution of Load Control described in [4]. Its development started
when the “All-IP” concept evolved making it clear that RANs will be pushed
towards IP. It handles reservations at a traffic class or aggregate level, so its
scaling property is independent of the number of flows in the network. Although
because of its lack of scalability, RSVP and IntServ is not meant to be used
in high-speed environments with many flows, it still makes sense to use it as a
reference since it provides excellent network utilisation and QoS, and we wish
to awake the interest in RMD by outlining that a much simpler protocol can
provide similar performance and network efficiency like RSVP.

The paper is organised as follows. In Sec.[2 we shortly describe the protocols
and in Sec. [3] we present simulation results about several operational aspects.

2 Protocol Overview

2.1 RSVP

Resource reSerVation Protocol (RSVP) is described in detail in [5], here we only
summarise its main characteristics. The most important aspect of RSVP is that
it is receiver initiated. This means that the sender only advertises the data stream
to be sent with a Path message, and the receiver decides whether it is interested
in receiving that traffic. If yes, the receiver sends back a Resv message to the
sender specifying its resource needs. Since the Resv message travels upstream
but the reservation is required downstream, the Resv message must follow the
exact same path backward as the Path message did forward. Consequently, per-
flow state is required to store the in-bound and out-bound ports for every flow,
which are installed when interior routers process the Path message.

Throughout the article, we suppose that the application is IP telephony: at
dialling, the sender is just establishing the path towards the receiver but already
requires the reservation of resources. If the reservation is successful on all links
(see Fig. ), the Resv message gets back to the sender node that signals admis-
sion to the receiver with a ResvConf confirm message. If reservation fails on a
link, the corresponding node sends a ResvError message back to the receiver
application, which decides what happens next, e.g., to retry later or abort. Fig. 2
shows a case where the receiver application decides to release the resources that
were reserved on part of the path with the ResvTear message. The sender appli-
cation learns that the connection is refused either by timeout or by application
level notification. At the end of the connection resources can be released from
either side. The sender may send a PathTear message that besides releasing the
reservation also deletes all path states of the session. The receiver may initiate
a release with a ResvTear message that only releases the reservation states but
does not delete path states because of multicast considerations.
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For resource reservation protocols it is imperative that reservations clear
even if neither side releases, e.g., due to failure. RSVP solves this with the
help of soft states: if not refreshed, reservation and path states time out and
are deleted. Path states are refreshed by the directly connected upstream node,
while reservation states are refreshed by the immediate downstream node. Upon
receiving a Path message, the node schedules in itself the sending of a Path
message to the downstream neighbour. The refresh interval is randomly chosen
from an [0.5R;1.5R] interval, where R is constant for all nodes, typically 30
seconds. Reservation states are similarly refreshed. From this it follow that if the
sender or receiver application does not trigger the refreshing of states, sooner or
later the states on the whole path will be deleted.

2.2 RMD

The problem with RSVP is that since it is receiver initiated, it needs to send back
the Resv message on the same path as the Path message from which follows that
per-flow state information is required in core nodes. This posed no problem to the
IntServ environment where the protocol was invented. Of course, RSVP cannot
be applied in a high speed unicast environment where simplicity and scalability is
of topmost importance. Resource Management in DiffServ (RMD) [3] is a simple
and lightweight DiffServ conform resource reservation and admission control
protocol. It is sender initiated, meaning that the sender is the one who probes
the path towards the receiver. When the probe packet reaches the receiver, it
contains the admission decision and the resources have already been reserved over
the whole path. Hence, the receiver can notify the sender side with a signalling
packet that does not need to traverse the same path as the probe packet followed.

In RMD both inter- and intra-domain operation is specified. In this paper we
focus on intra-domain operations where reservations are maintained by stored
states. This is called RMD on DemAnd (RODA) [6]. Basically, the protocol oper-
ates as follows. After classifying an incoming flow to a DiffServ class, the sender
begins the reservation procedure by sending a Resource_Request packet towards
the destination in which it indicates the resource needs. Core nodes have inte-
ger variables for each class to store the reserved bandwidth in bandwidth units,



44 Andréas Csészar and Attila Takécs

and they also have a pre-configured threshold for each class that determines the
maximum reservable bandwidth. The admission decision is a simple comparison
to see whether the sum of the reservation counter and the new request is smaller
or equal to the reservation threshold. If the inequality evaluates to true then
the reservation counter is increased with the value of the new request and the
Resource_Request packet is forwarded. If the inequality evaluates to false, then
the M (“marked”) bit in the message is set before passing the packet on, and the
TTL field from the IP header may be copied to the signalling message to store
the number of hops where the reservation failed. Successive nodes that receive
a marked Resource_Request will know that the flow was refused on an earlier
link, so they will just pass on the message without doing anything.

When the egress receives a Resource_Request message, it checks the M bit
to see whether the reservation succeeded. Anyway, it creates a Reservation_Re-
port packet, in which it sets the M bit according to the value of the received
message. If it is 1, it copies the stored TTL value to the report message as well.
The report packet is not processed in any intermediate node on its way back to
the ingress, so the upstream path is independent of the downstream path. The
ingress node learns the admission decision from the report packet. If refused,
it generates a Resource_Release packet which has the opposite task as the
reservation packet: it decreases the reservation counter at each passing link. The
ingress node sets the TTL value in accordance with the received report packet so
that release happens only down to the rejection point. For our telephony example
Fig. Blshows the protocol messages for a successful reservation and Fig. M shows
a refused connection. At connection end, the ingress sends a Resource_Release
packet towards the egress to release the reserved resources on all links.

To avoid infinitely existing reservations, RODA also uses the soft-state time-
out principle. Every flow has to send a Refresh_Update packet in every R in-
terval. To reduce the time needed to clear “forgotten” reservations from 2 - R,
the refresh period in RODA is divided into equally long cells. Each cell has its
own counter for refreshes and new reservations. The current reservation state is
calculated based on the sum of the counters of every cell. The reservation in a
cells is cleared based on the sliding window principle, for detailed overview see
[7]. With this, not-refreshed reservations are detected after R+ £ time, where ¢
is the number of cells in the refresh window.

3 Performance Evaluation and Comparison

Protocol operation can be divided into normal functions and failure recovery. The
examination of regular operation is straightforward, the objectives are resource
efficiency, fast connection establishment and low protocol overhead. Resource
efficiency means that the protocol should allow applications to utilise the net-
work to its full extent. A problem is that the maximum cannot be reached in
practice because of non-zero transmission, queuing and propagation delays of
the signalling messages. Therefore, we will examine the connection blocking of
both protocols to see whether RMD, without per-flow information, is able to
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Table 1. Notification times

RMD [ RSVP
Admitted[Refused[Admitted[ Refused
Sender|| 1 RTT 1 RTT 1 RTT 1 RTT (or timeout)
Receiver|| 0.5 RTT [0.5 RTT| 1.5 RTT |between (0.5RTT + d' + d1)
and 1.5 RTT

provide similar network utilisation as RSVP. Considering the failure tolerance of
the protocols, two main issues must be examined. First, we examine how fast the
soft states of both protocols handle connections that terminate without proper
signalling. Second, we investigate what happens after node or link failures.

3.1 Transient Times

First we analyse the differences in connection establishment and notification
times, measured from the arrival of a new flow request at the sender. A successful
connection establishment needs 1 RTT to be learnt by the sender with both
protocols. With RMD, the receiver side learns the admission decision after 1
downstream trip time. With RSVP the receiver learns the admittance later than
the sender by a ResvConf message. However, the receiver is the first to know
about reservation failure by the ResvErr message. After a downstream trip time
of the Path message, the Resv packet travels at least one link upstream. If
the reservation is refused on this link, the ResvError message needs to travel
one link back to the receiver. This way, if d' denotes the sum of the queuing-,
processing-, transmission- and propagation delays on this first link for the Resv
packet upstream, while d; denotes the same for the ResvErr packet downstream,
the minimal notification time is (0.5RTT + d' + d;). The maximal time is 1.5
RTT because in worst case only the last link at the sender node refuses the new
flow. Table [l summarises the notification times for both protocols. We can state
that RMD notifies the edges at least as fast as RSVP does.

While regular connection release needs the same time with both protocols,
the release of refused connections on the successfully reserved part of the path
shows differences. With RMD), a superfluous link reservation always needs 1 RTT
to be released. With RSVP, the closer the connection is refused to the receiver,
the smaller this partial release time is. Though, as we learn next, this advantage
is negligible in real scenarios.

3.2 Connection Blocking

We used the packet-level simulator, ns-2, for our simulation study. We examined
the protocols on the COST266 European “large” backbone topology shown on
Fig. Bl Traffic was generated between the south-east and north-west parts and
between the south-west and north-east parts of the topology with a Poisson-
process with 90s mean call holding interval. Since we investigated the behaviour
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2000kBps.

Fig. 5. COST266 “large” topology Fig. 6. Severe congestion test-bed
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of the protocols as a function of load, the mean session arrival time of the Poisson-
process was set to result in the appropriate load. Arriving flows requested 2, 4, 8
or 16 kBps rates so that the aggregation of each flow type means the same load.
This was achieved with proportionally increasing session arrival time.

Fig. [ shows the achieved blocking probabilities. In every case, RMD practi-
cally performed identical to RSVP: it did not drop more calls although it did not
store per-flow information. This means that a simple protocol can achieve the
same network utilisation as the complex reference protocol. Network utilisation
is an important performance measure for network efficiency because the task of
resource management protocols is to handle the resources so that as many QoS
flows are admitted as possible.

3.3 Overheads

Protocol overhead can be divided to computational, storage and bandwidth over-
head. Computational and storage overheads are strongly correlated through the
complexity of searching algorithms. The memory needs are shown in Table 2]
where f means the number of flows and ¢ means the number of cells in case of
RMD. In high-speed networks, where the number of flows can be many thou-
sands, DiffServ and RMD have a clear advantage over IntServ and RSVP, since
¢ < f. Moreover, RMD does not need to create a new signalling message, and
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so a new IP packet on each passing core node like RSVP, which again brings
an additional performance advantage to RMD. Indeed, it has been shown in [§]
that the processing delay of RSVP Resv messages is more than 1330 times higher
than that of RMD Resource_Request messages with a 95% confidence interval.

Considering bandwidth overhead, we traced the bandwidth consumption of
signalling messages on all links. While RSVP packet sizes followed [5], the packet
sizes with RMD were over-estimated with 44 bytes each because [6] describes in
detail only part of the IP header option to be used. We calculated the maximal
signalling utilisation on any of the links in the network, the values are shown on
Fig.[8 We can ascertain that the signalling overhead is not significant with either
protocol. Though, RSVP occupies around twice more bandwidth for signalling
messages. This is due to the fact that average signalling packet size of RSVP
is bigger than 44 bytes. To see the pure difference in the number of signalling
messages, we ran the RSVP simulations again with fixed 44 bytes simulated
packet sizes. The results show that RSVP still consumes a little higher signalling
bandwidth because it involves more packets for refusing a connection than RMD.

3.4 Soft-State Timeout

Both RMD-RODA and RSVP use the soft-state timeout principle to guarantee
that reservations are cleared even if the reservation is not explicitly released
because of a failure in the client software or in the network. Let us consider an
example in which an edge router is shut down because of a power failure, and
we would like to know the time after which all bandwidth is soft released.
With RSVP every session times out independently. If R denotes the mean
refresh interval, the timeout interval is at least 1.5R as the maximum refresh
interval for a flow is 1.5 R. In worst case, some sessions were refreshed just before
terminating, so these will be soft released after 1.5R. In the best case, each
session times out just after the power outage. We note that RSVP allows higher
timeout periods than 1.5R to disregard temporary failures and packet losses.
In RODA, the refresh window is divided to ¢ cells, where ¢ is a positive
integer. In worst case, there was a refresh just before the flows terminated which
is in effect for at least an R long interval (c cells) and one following cell (when
it is expected to refresh). At the end of the (¢ + 1)th cell its resources will be
released. This means a worst-case soft release interval of (R + ?) In the best
case, every session is due to refresh in the remaining part of the cell that is active
during the failure and this remaining part is very short, ultimately close to zero.

Table 2. Memory requirements Table 3. Soft release intervals
HEdge node‘Core node HMin‘ Avg ‘ Max
RMD o(f) O(c) RMDJ|| 0 [0.5:-(R+ R/c)|(R+ R/c)

RSVP| O(f) o(f) RSVP|| 0 0.75- R 15 R
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3.5 Re-routing and Severe Congestion

When link or node failure is detected by dynamic routing protocols, they propa-
gate this information in the network so that other routers can bypass the failed
part. At first such a failure seems to be a routing issue, but it has influence onto
resource reservation because some flows will traverse a (partially) new path after
re-routing, where they did not reserve bandwidth. If the new path has already
been highly utilised, the quality of both the original flows of that path and the
new ones will degrade, even packet drops may occur. We identify this undesirable
situation as “severe congestion”. The situation should be detected and handled
to reduce the performance degradation introduced by the excess traffic.

Severe congestion and re-routing experiments were carried out on the topol-
ogy shown on Fig.[6l The traffic scenario was such that node 0 sent traffic towards
node 3 and node 1 towards node 2. In other aspects, traffic generation was sim-
ilar to that we used for the COST266 network, with the arrival process setup
so that the result is a 50% load of the network. The reservation threshold was
set to 40% on every link. We simulated a failure of link 5 — 6 at 200.0 seconds
simulation time that forced the Distance-Vector routing protocol to re-route the
original 1 —5 — 6 — 2 path to the 1 — 5 —4 —8 — 7 — 6 — 2 path which causes
severe congestion on the 4 — 8 link since it was already utilised before the failure.
With the admission threshold set to 40% of the 2000kBps links, before the link
failure the two source-destination pairs could together reserve 1600kBps rate on
the two distinct paths. After the failure only a single path remains (800kBps),
so half of the sessions should be terminated.

With both RMD and RSVP, re-routed flows will sooner or later try to re-
fresh. In both protocols, refreshes operate similarly to reservation messages, they
can also be rejected and when the edges are notified about this, the flow can
terminate. This means that maximally after an R interval in RMD and an 1.5R
interval in RSVP, all re-routed flows will either terminate or legally reserve
bandwidth and allowed to remain connected. This situation is plotted on Fig.
The figure shows the sum of the reservations of the active flows on both source
nodes. With R = 30sec, RMD needs 30seconds to retreat below the admission
control threshold, while RSVP needs 45 seconds. Both protocols only terminate
re-routed flows that did not fit on the new path. However depending on network
policy, the 30 or 45 seconds may be too long if during this over-utilisation period
packets are dropped, even if from other (e.g. best-effort) traffic classes.

For a quicker reaction, RSVP offers a trivial but perfect solution. This local
repair feature of RSVP needs interaction with the routing protocol since the
solution is about the immediate refresh of the path states of re-routed flows. This
is quite easy since the router has information about the next hop and destination
addresses that were affected, so RSVP may search the appropriate flows and send
Path messages for these flows on the new path. In our example, node 5 can do
this. According to [5], the first node (in the example node 6) that has a state
installed for the flow of the received Path message but with a different previous
hop, knows that the path has changed so it will send backwards a Resv message
on the new path trying to reserve the rate. From this point the procedure is the
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same as regular reservation or refresh: if the reservation is refused, a ResvErr
message will be sent to the destination. In the example, node 4 will reject these
reservations for link 4 — 8. This way, RSVP manages to restore normal operation
within the order of round-trip times after the failure, see Fig.

In RMD the solution is not so simple because the absence of per-flow states
rules out the possibility of forced early refreshes. Therefore, we concentrated onto
the effect of re-routing: severe congestion. In [0] we showed that severe congestion
can be dissolved in the order of round-trip times. The proposed algorithm was
to detect congestion by simple bandwidth measurement or packet drop counts
in the core nodes (e.g. node 4), and to mark data packets to indicate congestion
towards the egress. More precisely, the core node marks an amount of outgoing
packets that is proportional to the overload. This overload is measured against
a severe congestion threshold that can be different, typically higher than the
reservation threshold. This is called “proportional marking”, and marking means
the changing of the code-point in the DiffServ field (DSCP) to a value that signals
congestion to the egress. This way, the flow agent on the egress node receives
marked and not-marked packets from which, after a counting interval, it can
itself calculate an overload ratio that is interpreted as a termination probability.
Accordingly, the flow agent will decide probabilistically about termination. If it
decides to terminate, the egress flow agent will send back a Congestion_Report
to the ingress to signal that it should stop the data flow.

There is however a problem with this approach that is well known from clas-
sical control theory, namely that delay will result in over-reaction of the feedback
algorithm and, as a result, too many flows get terminated. Fig. shows this.
A simple solution is to dampen the feedback signal by decreasing the proba-
bility of flow termination. When an egress flow agent calculates a terminating
probability, it is multiplied with a € (0;1]. Fig. [[0] also shows the effect of the
dampening factor. The over-reaction is effectively reduced but dampening has a
natural side-effect of slowing down the reaction.

We have to mention that unlike all previous solutions, this proportional mark-
ing — probabilistic termination approach does not guarantee that only re-routed
flows get suspended since the congested node has no means to mark packets only
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from re-routed flows because it does not know which flows were re-routed and
which were not, it only knows that there is excess traffic causing overload on
the link. Depending on network policy, this can be an advantage. In case of a
network error, this approach does not discriminate certain source nodes, rather
it lets the burden of failure recovery fall onto a randomly chosen group of flows.

RMD also allows temporal over-allocation as a network policy. This means
that, e.g., high-QoS voice flows, for which the users pay a higher price, are allowed
to remain in the network even after re-routing at the cost of best-effort traffic.
In our example, we could set the severe congestion threshold up to, say, 80%
when all voice flows could have been preserved for the time being. Of course,
best-effort traffic would be impaired as long as the voice sessions are not released
and the voice aggregate does not return below the reservation threshold.

4 Conclusions

In this article we investigated the performance of the RMD-RODA protocol and
compared it to RSVP, which can be seen as a reference protocol for performance
evaluation purposes. RMD does not store per flow information in core routers,
but it is still able to deliver the same connection blocking ratio and meet the
same QoS requirements, without so harsh memory and processing requirements
like that RSVP poses against the network. Also, connection establishment and
transient times of RMD are in the same order as those of RSVP. The soft-state
failure handling capabilities of the protocols are similar, however when it comes
to re-solve severe congestion in the order of round trip times, RSVP outperforms
RMD based on its per-flow information. Though, we showed that with simple
heuristic enhancement of the protocol, RMD can achieve similar fault handling
performance as RSVP.

Nevertheless, yet further enhancements are possible in this field, so next we
will focus on perfecting and refining the severe congestion handling of RMD.
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Abstract. This work presents that global time (a.k.a. time-of-day or coordinated
universal time — UTC) is essential in maximizing user perceived quality of
service, while eliminating both switching bottlenecks — critical in very high
capacity network core — and communications link bottlenecks — at the low
speed access (e.g., wireless and DSL). Global time obtained, for example, from
GPS (Global Positioning System) or Galileo, is used in the design of all
streaming media applications such as toll quality telephony, videotelephony and
videoconferencing. The proposed solution, that can be applied to the Internet
without changes to any of the existing protocols, provides a guaranteed quality
service to each application without requiring nodes to keep state information on
microflows.

1 Introduction

The deployment of new high bandwidth multimedia applications will boost network
traffic and consequently the deployment of very high capacity transmission
technologies, such as Wavelength Division Multiplexing (WDM). On the other side,
since multimedia services will have to be widely available, various “low speed”
access technologies, such as wireless, DSL, and cable modem will be deployed. In
this scenario networks will be characterized by (i) electronic switching bottlenecks
and (if) communications link bottlenecks that are created by the bandwidth mismatch
between high capacity core technologies and low speed access technologies.

Global time (a.k.a. time-of-day or coordinated universal time — UTC) enables to
implement time-driven priority (TDP) forwarding which eliminates communications
link bottlenecks since it completely avoids congestion, also in bandwidth mismatch
points. Moreover, the design of TDP-based packet switches is highly scalable because
it is based on simple switching fabrics without any speedup with respect to input link
capacity.

Many interactive applications, such as, telephony, videotelephony and videoconfe-
rencing, require at the receiver continuous playing of the samples captured at the
sender, as shown in Figure 1. Continuous playing requires a constant delay service to
be provided by the application layer, i.e., where samples are acquired and played.

G. Karlsson and M.1. Simirnov (Eds.): QoflS 2003, LNCS 2811, pp. 52-62, 2003.
© Springer-Verlag Berlin Heidelberg 2003
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Figure 1 shows the generic model of an application requiring continuous playing
and highlights the components of the end-to-end delay.

e The processing delay (P) is introduced on the multimedia desktop side. It encom-
passes the time needed for analog-to-digital conversion and coding (e.g., voice or
video compression).

e The network delay (N) is the time needed to move packets across the network; it
also includes the shaping and packetization delays.

UTC
UTC from GPS

from GPS .

1 < Constant end-to-end delay less than 100ms e

l Continuous playing

Playing

(An?:ng.l:’:f:éim (Digital-to-analog —
conversion) Network conversion) Recelvmg
Sending - A 'Video-telephony
Video-telephon) Compression & Multimedia

& Multimedia Mldtimedia&; Shaping &
Computer Packetization

«—P—»¢—— N|——p« NR—p«—PR —»
1

P - processing delay UTC
PR - processing resynchronization delay from GPS
N - network delay

NR - network resynchronization delay

Fig. 1. Generic Model of an Application Requiring Continuous Playing

Since the above delay components can vary during a session, some specific action
is required at the receiver to keep constant the end-to-end delay between the
application layers, thus enabling continuous playing. Before samples are played, delay
variations should be “smoothed out” by buffering the samples that have experienced
(in the network and in the decoder) a delay shorter than the maximum. This
introduces two resynchronization delay components that are typically the time spent
in a replay buffer [4]. This time is such that all samples on exiting the replay buffer
have experienced the same delay since the time they were acquired at the sender side.
Such an overall delay is equal to or larger than the delay bound the system can
guarantee.

e The processing resynchronization delay (PR) cancels delay variations introduced
by the sample coding process.

e The network resynchronization delay (NR) cancels variations of the delay experi-
enced in the network (e.g., the delay jitter due to queuing in the network).

The processing delay (P) depends on the signal processing performed, which dif-
fers, for example, for voice and video. A delay below 100 ms gives human communi-
cators the feeling of live interaction. Since in a global network the propagation delay
alone is about 100 ms, every other delay component should be kept as short as possi-
ble. This paper shows that global time enables the other delay components (N, NR,
and PR) to be minimized independent of the packet technology (e.g., ATM or IP)
deployed and the rate of sessions.
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The two resynchronization components, PR (processing resynchronization delay)
and NR (network resynchronization delay), can be kept small, e.g., 25-125 ps. The
network delay (N) is propagation delay plus a small additional delay per switch, e.g.,
50-250 ps. Thus, global time enables the end-to-end delay bound to be minimized [5].

Global time is used in two ways:

1. To implement time-driven priority (TDP) forwarding of packets in global
networks, which
i. guarantees a maximum queuing delay of a few milliseconds, independent of
the flow rate and the network load, also in bandwidth mismatch points;
ii. enables the implementation of efficient packet switch architectures based on
low complexity switching fabrics. This increases the scalability of switches
and eliminates the electronic switching bottleneck.

2. To synchronize the acquisition of samples at the sender (e.g., video capture card)
and their continuous playing at the receiver (e.g., video display) with one another
and with the TDP forwarding.

2 Network Architecture and Deployment

According to various provisioning models, such as, Integrated Services [6] over the
Internet and ATM User Network Interface (UNI), applications signal their Quality of
Service (QoS) requirements to the network. If the network has enough resources to
satisfy the request, they are reserved and packets transmitted by each application are
handled in a way that QoS is guaranteed to their flow (usually called micro-flow).
Most of the queuing algorithms used to implement such packet handling have to
maintain status information for each micro-flow, which is recognized not to be
scalable. Time-Driven Priority (TDP) forwarding does not require per micro-flow
information in intermediate nodes. Thus, TDP has similar provisioning scalability as
forwarding equivalent class (FEC) in IP/MPLS traffic engineering (TE).

In accordance to the Differentiated Services [7] model over the Internet, micro-
flows should be aggregated in the network core in order to improve scalability by
increasing the granularity with which switches handle packet flows.

Signaling Micro-flows

Synchronous switch

Fig. 2. Synchronous Virtual Pipe (SVP) and Access Bandwidth Brokers (ABBs)

Synchronous Virtual Pipes (SVPs) can be set up over networks deploying global
time in order to aggregate multiple micro-flows, thereby relieving core nodes from
participating in micro-flow level signaling. An SVP can be regarded as a virtual
leased line. In order to deterministically guarantee QoS to single micro-flows, Access
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Bandwidth Brokers (ABBs) at the edges of an SVP handle signaling requests from the
applications whose packet micro-flows are to traverse the SVP, and determine the
availability of resources within the SVP. If a request is accepted, the ABB reserves a
fraction of the SVP resources to the corresponding micro-flow. As shown in Figure 2,
intermediate switches are not involved in the signaling operation, but the micro-flow
will receive deterministic QoS guarantees, even though intermediate switches on the
SVP do not have any awareness of the micro-flow.

The Internet (as well as ATM networks) is based today on asynchronous packet
(cell) switches which do not feature TDP forwarding. Thus, especially in the initial
deployment phase, TDP switches will coexist and interoperate with current
asynchronous packet switches. Figure 3 shows a scenario, likely to be common in the
early days of TDP deployment, in which end stations connected to asynchronous local
area or access networks communicate through a TDP backbone. Synchronous
boundary nodes control the access to SVPs set up on the synchronous backbone
performing both policing and shaping of packets flows— i.e., they synchronize packet
forwarding. TDP provides the minimum delay bound when deployed end-to-end, but
it can be beneficial even when its use is confined to subnetworks. The node at the
ingress of a TDP subnetwork, which shares the global time reference, eliminates the
delay variation experienced by packets in the asynchronous network; then packets
benefit of the controlled delay service provided by the synchronous subnetwork.

UTC

Boundary node

—
[¢——Variable delay—r’di(:onstant delay—»\d—Varlable delay—ﬂ

Constant delay ”

Fig. 3. Interoperation between TDP Networks and Asynchronous Networks

The delay jitter introduced by asynchronous segments can be completely canceled
in the end-to-end communication if end stations use the common global time to attach
time stamps to the packets they generate. The Real-time Transport Protocol (RTP) [8]
can be used to carry the time stamp. The source end system generates the time stamp
according to the common global time. The node at the ingress of a TDP subnetwork
can take advantage of the time stamp to eliminate the delay variation across the
asynchronous network. For example, assuming a known delay bound on the
asynchronous subnetwork, say of k time units, the ingress TDP switch determines the
time the packet should be forwarded by adding k time units to the time stamp value.

Packets travel through the TDP cloud with controlled delay and no loss. With
reference to Figure 3, when packets arrive to the destination they have experienced a
variable delay in the asynchronous access subnetwork to which the destination is
connected. By knowing the delay bound, say of b time units, on the asynchronous
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segments traversed by the packet, the end station can completely eliminate the jitter
by determining the replay time as the time stamp value plus b.

The same approach can also be applied when packets traverse more than one TDP
subnetwork and more than two asynchronous networks. SVPs can be set up over
multiple synchronous subnetworks interconnected by asynchronous ones. Access
devices at the ingress of synchronous segments resynchronize packets that have
experienced variable delay across asynchronous subnetworks so that the overall delay
throughout the SVP is constant.

3 Global Time and Periodic Forwarding: Time-Driven Priority

All packet switches are synchronized to a global common clock with a basic time
period that is called time frame (TF). The TF duration is derived from the UTC (coor-
dinated universal time) second received, for example, from a time distribution system
such as GPS, GLONASS, TWSTFT (Two-Way Satellite Time and Frequency Trans-
fer), and, in the future, Galileo. For example, by dividing the UTC second by 8,000,
the duration of each time frame is T.= 12.5 to 125 ps; however, the time frame dura-
tion can be set as needed'.

TFs are grouped into a time cycle; Figure 4 shows an example of a time cycle that
contains 100 TFs, i.e., there are 80 time cycles in a UTC second. Time cycles are
further organized in super cycles, each of which typically equals one UTC second.
This timing structure is useful to perform resource reservation in order to provide
guaranteed services.

A Super-
Super-cycle 0 cycle m
with 8k Time-frames < with 8k
|| Time____ Time _Time Time-frames
Cycle0 Cyclel Cycle 79 O O O O
Tf Tf Tf Tf Tf
H—HHH HH—H >
12 1001 2 100 12 100 CTR/UTC
0 1 m
beginning beginning  beginning
of a second of asecond of a second

Fig. 4. Global common time reference

Thus, all switches around the globe have an identical time structure that is
collectively called a Common Time Reference (CTR). The CTR can be used to
coordinate the acquisition of samples at the sender with the playing of them at the

' UTC receivers from GPS are available from many vendors for a low price (for example, the
price of a one PPS (pulse per second) UTC clock, with accuracy of 10-20 nanoseconds, is
about $200). By combining UTC from GPS with local Rubidium or Cesium clocks it is pos-
sible to have a correct UTC (£1 psecond) without an external time reference from GPS for
days (with Rubidium clock) and months (with Cesium clock).
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receiver. Moreover, the CTR enables the implementation of Time-Driven Priority
(TDP) [1] [2] for periodically forwarding real-time packets, for example inside IP and
ATM networks, as shown in Figure 5.

Periodic forwarding indicates that the forwarding pattern repeats itself in every
time cycle and in every super cycle. TDP guarantees that the end-to-end delay jitter is
less than one TF and that reserved real-time traffic is transferred from the sender to
one or more receivers with no loss due to congestion.

UTC
from GPS
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Fig. 5. Periodic forwarding with time-driven priority (TDP)

The simple TDP operation is generalized by adding the following two conditions:

(i) All packets that should be sent in TF i by a node are in its output port before the
beginning of TF i, and

(ii) The delay between an output port of one node and the output port of the next
down-stream node is a constant integer number of TFs.

The generalized TDP forwarding, exemplified in Figure 6, is important because of
the possibly long lasting software protocol processing in heterogeneous multi-
protocol internetworking environments. In this case, a predefined, but fixed, number
of TFs will be added in some intermediate switches with an increase in the end-to-end
delay; the end-to-end delay jitter will remain constant.

In Table 1 some of the unique properties of TDP is compared with four types of
communication networks.

4 Periodic Bursty Services:
Videotelephony and Videoconferencing

Videotelephony and videoconferencing, like telephony, rely on continuous playing at
the receiver of samples acquired at a fixed rate at the sender. Samples are both voice
and video frames captured by a camera and digitized by a frame grabber. Video
frames have two main differences from voice samples.
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Fig. 6. Generalized TDP with arbitrarily bounded link and switch delays

Table 1. A comparison with other methods

Commurr:llecta}llt:();; Circuit Single Async. Multiple Time-driven
Service Switching Priority w/no Asynchronous Priorit
capabilitics or PSTN reservation Priorities — DiffServ ¥

Data: mail, ftp, etc. No Yes Yes Yes
Interactive —| Phone Yes No Not proven: Yes
on a Global . depends on scheme

Scale Video- Yes No Not proven: Yes

phone depends on scheme
Utilization vs. Loss: | Full utilization either Utilization can be low, and | Full utilization
with a mixture o.ngti and Low loss can be high depends and
and low speed links No loss utilization on No loss
or the specific scheme — Easy to
High loss Requires overprovisioning schedule
. New New
Experience | - 100+ years 25+ years technology technology

1. The sampling rate is usually lower, from a few to 30 frames per second — versus
the 8,000 voice samples per second required for voice encoding.
2. The amount of bits required to encode each video frame sample is much larger, at
least a few kilobits — versus the 8 bit or less used for a single voice encoding.

When circuit switching is used to transfer video frames, the encoder is operated in
such a way that it produces a constant bit rate flow. This is required in order to fully
utilize the channel allocated to the session. Consequently, the transmission delay of a
single video frame is the time between two successive video frames. This is because
the transmission of the current video frame should continue, in a constant rate, until
the next video frame is ready. For example, if the sampling rate is ten video frames a
second, the transmission delay alone is 100 ms, which is unacceptable in interactive

applications.




Global Time for Interactive Applications over Global Packet Networks 59
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Fig. 7. Periodic Bursty Transmission of a Video Stream

The elimination of such a long transmission delay is achieved by transmitting the
captured video frame as a short burst. Packet switching allows burst transmission of
video frames in packets, i.e., as shown in Figure 7, a video frame is captured, put into
a packet, and then transmitted as a burst into the network. Therefore, the only way to
transmit video frames for interactive applications with minimum delay is over packet-
switched network.

The next question is how to ensure that each transmission of a video frame will
reach its destination with no loss and with minimum delay bound. Since video frames
are captured periodically, in order to minimize the delay bound, periodic resource
allocation with periodic transmission synchronized with their capture are required.
TDP is the only known way to satisfy those requirements, while guaranteeing no loss
with minimum delay bound, as shown in Figure 8.

It is worth noting that even though all the video frames are not encoded with
exactly the same amount of bits, the capacity reserved on the links is not wasted since
it used to forward “best effort” (i.e., non-reserved) traffic. No loss due to congestion
is guaranteed to all the video frames, provided that the amount of bits encoding them
does not exceed the reservation.

4.1 Complex Periodicity: MPEG Video

Some video encoding schemes, like MPEG, encode frames with significantly
different amounts of bits in a periodic fashion. MPEG encodes pictures in one of two
different ways?:

Intra-frame Coding eliminates spatial redundancy inside pictures and the resulting
encoded picture is called I-frame.

Predictive Coding eliminates temporal redundancy between a picture and the
previous one through motion estimation. The obtained encoded picture is called P-
frame and it is typically from 2 to 4 times smaller than an I-frame. The more similar
two subsequent pictures, the smaller the amount of bits produced for each P-frame.
Subsequent pictures are similar if the scene is slow moving, thus not changing much
from a video frame period to the other. In summary, predictive coding delivers more
compression on slow scenes, such as those captured in videoconferences.

It may be inefficient to transfer such a compressed video stream over a constant bit
rate channel, e.g., the one provided by a circuit switched network (see [4] for a
detailed discussion). If the encoder is operated in such a way that it produces a

2 Actually, a third type of encoding, called bi-directional predictive coding exists. Before a
picture can be coded, a reference subsequent picture must be captured and coded. This intro-
duces a delay of a multiple video frame periods that is not acceptable given the 100 ms end-
to-end delay bound requirement. Thus, this type of compression is not considered here.
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constant bit rate flow, it can introduce a delay up to the time between two successive
I-frames; such a delay, which can be on the order of 500 ms, is obviously
unacceptable for interactive applications.
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Fig. 8. Periodic Capture, Transmission and Display of Video Frames

Complex periodicity scheduling allows MPEG video frames to be transmitted as
soon as they are encoded, analogously to what is described in Section 4 for fixed size
video frames. TDP together with global time facilitates the realization of complex
periodicity scheduling, which provides deterministic quality of service guarantees to
variable bit rate traffic. In complex periodicity scheduling the amount of transmission
capacity reserved on the links traversed by a session varies in a repetitive manner.
Thus, with complex periodicity scheduling an MPEG video stream can be transmitted
as shown in Figure 9.

I-frame I-frame I-frame

P-frames P-frames P-frames
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Fig. 9. Complex Periodicity Scheduling of MPEG Video Stream

Thus, TDP with complex periodicity scheduling enables transmission of MPEG
encoded video without the need of introducing a shaping delay in the encoder, with
effective utilization of reserved network resources, with network delay basically equal
to the propagation delay, with virtually no jitter, and without loss due to network
congestion for all the video frames, provided that their size does not exceed the
allocation in the corresponding TF. In a related study [5] it was shown that an MPEG
encoder can be successfully implemented in a way that encoded video frame size
never violates the resource allocation.
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5 Scalability of Synchronous Switches

The deployment of global time to control packet forwarding has a twofold impact on
switch scalability.

TDP allows controlling traffic patterns across each switch since it bounds the
maximum number of packets to be moved during each TF to the same output from
every input. This can be leveraged in the switch design: optimal input-output
switching is obtained with low (x2) speed up in the switching fabric, or even without
speed up at all. Instead, asynchronous switches require high speed up in order to
achieve high throughput. Thus, given the state of the art aggregate switching fabric
capacity, synchronous switches can accommodate higher capacity inputs than
asynchronous switches. In other words, since the throughput of a P port synchronous
packet switch with no fabric speedup is roughly the same as an asynchronous packet
switch with a speed up of P, the interfaces mounted by the former can be P times
faster than the latter.

The ability to control traffic patterns across switches can be benefited even further.
A non-blocking fabric allows any possible input-output connection at any time; a
simpler fabric allows only a limited number of simultaneous input-output
connections. When TDP switches are deployed, packet arrival can be controlled in a
way that incompatible input-output connections are not required during the same TF,
thus avoiding unfeasible switching configurations. In other words, thanks to the
increased flexibility introduced by the time dimension, synchronous packet switches
with blocking fabrics can achieve the same throughput as asynchronous ones with
non-blocking fabrics. For example, a non-blocking PxP crossbar requires P’
crosspoints, while a self routing blocking fabric requires only 2Plog,P crosspoints. As
a consequence, by using the latter fabric, a synchronous switch can accommodate as
much as Y2P/log,P more ports than an asynchronous one that uses a crossbar.

5.1 CTR/UTC accuracy

The requirement of CTR accuracy, and hence UTC accuracy, has a direct impact on
cost, stability, and implementation complexity. With a time frame delimiter the UTC
accuracy requirement is %2-T, (i.e., UTC£1/2-(12.5us to 125us)). The reason for such a
relaxed requirement is that the UTC is not used for detecting the time frame bounda-
ries, as they are detected by the delimiters (e.g., unused code-words in the serial bit-
stream). Consequently, the only function of UTC is enabling the correct mapping of
the incoming time frames from the input channel to the CTR time frames. It is easy to
show that up to %-T) timing error can be tolerated while maintaining the correct map-
ping of time frames. (Today, a time card with 1 pps (pulse per second) UTC with
accuracy of 10-20 ns is available from multiple vendors. The card is small and costs
$100-200.)

6 Conclusions
This work shows how global time can be used to minimize the end-to-end delay for

applications that require at the receiver continuous playing of samples captured at the
sender. Specifically, global time eliminates the resynchronization delay (see
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Figure 1). Deployment of global time as a common time reference among switches to
implement time-driven priority (TDP) forwarding of packets enables the provision of
a service with the following characteristics:

e Deterministic absence of loss;

¢ Quality independent of the connection rate;

e Per switch delay of two time frames;

e End-to-end jitter of one time frame.

The service with such characteristics can be provided to any application generating
one of the following types of traffic:

¢ Constant bit rate (e.g., voice telephony),
e Variable bit rate with periodic burstiness (e.g., videotelephony),
e Variable bit rate with complex periodicity (e.g., MPEG).

When a TDP network is deployed to carry voice calls, compression can be fully
benefited to reduce the amount of link capacity used by each call. This is not the case
with other asynchronous queuing schemes that possibly require overallocation to
satisfy end-to-end delay requirements.

When dealing with videotelephony, encoded video frames are transmitted in bursts
of packets with controlled delay and no loss. The delay perceived by users is lower
than the one obtained by carrying video calls over a circuit switching network which
requires delay to be introduced for smoothing out the burstiness of the video source.

Global time and TDP forwarding offer the only solution for the transmission of
video frames also when they are encoded with a highly variable amount of bits, such
as with MPEG. Each video frame can be transmitted in a burst of packets as soon as it
is encoded with no shaping delay and no loss due to congestion. Through complex
periodicity scheduling, resource reservation is fitted to the size of encoded video
frames thus leading to efficient resource utilization.
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Abstract. Endpoint admission control solutions, based on probing a
transmission path, have been proposed to meet quality requirements of
audio-visual applications with little support from routers. In this paper
we present a mathematical analysis of a probe-based admission control
solution, where flows are accepted or rejected based on the packet—loss
statistics in the probe stream. The analysis relates system performance
to design parameters and the experienced probe packet loss probability
to the packet loss pro bability of accepted flows.

1 Introduction

Today’s new applications on the Internet require a better and more predictable
service quality than what is possible with the available best—effort service. Audio-
visual applications can handle limited packet loss and delay variation without
affecting the perceived quality. Interactive communication, in addition, requires
stringent delay requirements. For example, IP telephony requires that a maxi-
mum of 150 ms one—way delay should be maintained during the whole call.

In recent years a new family of admission control solutions has been proposed
to support applications with quality of service (QoS) requirements by limiting
the network load. These proposals aim at providing QoS with very little or no
support in the routers. They also share a common idea of endpoint admission
control: A host sends probe packets before starting a new flow and decides about
the flow admission based on statistics of the probe packet loss [7J5[10], explicit
conges tion notification marks [8]9], delay or delay variation [2/T]. The admission
decision is thus moved to the edge nodes and is made for the entire path from
the source to the destination, rather than on a per—hop basis. Consequently, the
service does not require any explicit support from the routers other than one of
the various scheduling mechanisms supplied by DiffServ, and the mechanism of
dropping or marking packets.

In this paper we provide a mathematical analysis of the probe-based admis-
sion control (PBAC) scheme proposed in [7l5/10/11]. In this scheme, the admis-
sion control is based on the packet—loss ratio of the probe stream. The aim of
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the admission control is to provide a reliable upper bound on the packet loss
probability for accepted flows. The end—to—end delay and delay jitter is limited
by the use of small buffers inside the network. The goal of the mathematical
anal ysis is to relate performance parameters, such as probe and data packet
loss probabilities, flow acceptance probability and network utilization to system
parameters, such as buffer size, probe length and admission threshold.

The paper is organized as follows: In Section [ we provide a short description
of the PBAC solution, while Section Bl presents an approximate analytical model
to calculate probe and data loss probabilities. Section [ gives a performance
evaluation of the system as well as the validation of the analytical model. Finally,
we conclude our work in Section Bl

2 Probe-Based Admission Control

QoS provisioning with probe based admission control is based on the following
main ideas: i) Network nodes utilize short buffers for data packets of accepted
flows to limit end-to—end delay and delay jitter; ii) all end points in the network
perform admission control; iii) the admission control is responsible for limiting
the packet loss of accepted flows; iv) the admission decision is based on the
packet loss ratio in the probe stream, thus flows are accepted if the estimated
packet loss probability is b elow the acceptance threshold; and v) probe packets
are transmitted with low priority at the routers to ensure that probe streams do
not disturb accepted flows.

To provide priority queuing for probe and data packets at the network nodes
we consider a double—queue solution in this paper: One buffer is dedicated for
high priority data packets and the other for low priority probe packets. The
size of the high priority buffer for the data packets is selected to ensure a low
maximum queuing delay and an acceptable packet loss probability, i.e., to provide
packet scale buffering [I2]. The buffer for the probe packets can accommodate
one packet at a time, to en sure an over—estimation of the data packet loss.
Similar priority queuing can be achieved using a single buffer with a discard
threshold for the probe packets. The two solutions are compared in [I0]. The
mathematical analysis of the threshold—queue is not included in this paper.

The acceptance threshold is fixed for the service class and is the same for all
flows. The reason for this is that the QoS experienced by a flow is a function
of the load from the flows already accepted in the class. Considering that this
load depends on the highest acceptance threshold among all flows, by having
different thresholds all flows would be degraded to the QoS required by the one
with the less stringent requirements. The class definition has also to state the
maximum data rate allowed to limit t he size of the flows that can be set up.
Each data flow should not represent more than a small fraction of the service
class capacity (in the order of 1%), to ensure that statistical multiplexing works
well.

In Fig.[ll we can see the phases of the probing procedure. When a host wishes
to set up a new flow, it starts sending a constant bit rate probe to the destination
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host at the maximum rate the flow will require (r,,). The probe packet size
(Ipr) should be small to have a high number of packets in the probing period
(tpr) to perform the acceptance decision with a sufficient level of confidence.
The probe packets contain information about the peak bit rate and length of
th e probe, as well as a sequence number. With this information the receiving
host can perform a quick rejection, based on the expected number of packets
that it should receive in order not to surpass the target loss probability. The
probe also needs to contain a flow identifier to allow the end host to distinguish
probes for different flows, since one sender could transmit more than one flow
simultaneously. The IP address in the probes would consequently not be enough
to differentiate them.

To perform the acceptance decision, the end—host measures the empirical
probe loss rate, P,,. in the probe stream. Assuming a normal distribution of the
probe loss [10], the flow is accepted, if:

Pme(]-_Pme)

P+ 2R < Th, given that Th n,, > 10,

(1)

Nopr

where T'h is the acceptance threshold, n,, is the number of probe packets sent,
R is the required confidence level and zg is the 1 — (1 — R/2)—quantile of the
normal distribution. This condition ensures a sufficient number of samples for
the estimation.

3 Analytical Model

The approximate analytical model presented in this section determines the per-
formance of the PBAC system depending on the main system parameters such
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Table 1. Main parameters of the mathematical analysis.

K :  High priority queue size including the server (packets)
Th: Acceptance packet loss threshold

tyr :  Length of the probe (seconds)

rpr i Probe rate (bits/second)

lpr :  Probe packet size (bits)

npr :  Number of probe packets per probing period

Nmin : Minimum number of successful probe packets for admission
Psycc : Probability of successful transmission of one probe packet
P, : Acceptance probability

Pioss : Data packet loss

U Link utilization

as the queue size for the high priority data packets (K'), the acceptance packet
loss threshold for new flows (Th), the length of the probe (t,,), the probe rate
(rpr) and the probe packet size (l,.). Specifically, we determine the probabil-
ity of the successful transmission of one probe packet (Pgucc), the acceptance
probability of a new flow (P,), the achievable network utilization (U) and the
packet loss probability of accepted flows (Pss). Table[Mlsummarizes the different
parameters used in the analysis.

The analysis focuses on a single link, and on a single probing process, thus it
does not consider repeating probes and possible probe thrashing effects [10/3].
Also, the effects of the probe packets on the data packets, due to the fact that
we use a non—preemptive priority, is not considered, since the probe packets are
small.

Each new flow probes the link with a constant bit rate train of probe packets
during a time %, at the rate rp,,. equal to the peak rate of the flow, and with
probe packets of I, bits, which gives n,,. probe packets per probing period
(npr = Tpr tpr/lpr). Assuming that the packet loss probability for consecutive
probe packets is independent due to the small size of the flows, the probability
that a new flow is accepted can be expressed as a function of the probability of
successful probe packet transmission, as:

Npr

Npr i Npr—i
Pa == Z < f >P€ucc (1 *R‘;ucc) P (2)

1=Nmin

where N,y is the minimum number of probe packets that has to be transmitted
successfully for a flow to be accepted, and can be expressed as:

Nmin = Mpr — I_Pme nprj

where P, is the acceptable measured probe loss probability according to ().
To calculate the probability of success of one probe packet, Psyec in (@), we
consider the double—queue scheme with a low priority buffer of one packet for
probe packets. The high priority buffer is considered to be infinite to simplify
the analysis. We consider the high priority queue as an M/D/1 system, with the
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assumptions that the multiplexing level of accepted streams is high and packet
sizes are constant, which seem to be reasonable assumptions for voice and video
communication. The analysis follows the ideas presented in [2].

As the buffer for probe packets has one buffer position, an arriving probe
packet is transmitted successfully, i.e. not dropped, if the previous probe packet
has already left the buffer. For this, the high priority data queue had to be empty
at the previous probe packet arrival, or the residual busy period of the queue
fr» has to be less than the probe packet inter-arrival time T' = 1/rp,. Thus,

T
Psucc: (1_p)+pFTb(T) = (l_p)—’—p/(; f?"b(t)dt7 (3)

where p is the utilization of the high priority queue.

Modeling the high priority queue as an M/D/1 system [4], we can obtain the
cumulative probability function of the busy period Fj,(t) and the probability
density function of the remaining busy period f,.;(t) [6] as:

=Gt ]t
Fop(t) = ; Te P where n = \‘E‘[S}J and (4)
fro(t) = 1]51;’;](” with E[bp] = flp’ (5)

where F[s] is the average packet service time and E[bp] is the average length of
the busy period.

Equations () and () show that the distribution function of the remaining
busy period is a step-wise function, and thus:

[T—1]

/ o0 = 32 @)+l T T (6)

Finally, applying (@) to (3]), we obtain the probability of success of one probe
packet as a function of rp, and p, and the probability of flow acceptance in (2
as a function of Pyycc, Prne and ny,..

In order to calculate the link utilization, we can model the number of accepted
connections as a birth—-death Markov chain, if we assume that we have a Poisson
flow arrival process with an average of A flows per second and the average flow
holding time is 1/u. Assuming that the acceptance decisions are independent,
then the birth/death coefficients are:

Ag=AP,(J)and g =J p (7)

where J represents the number of accepted connections, and P,(J) is the ac-
ceptance probability for an utilization given by the J accepted connections. The
steady state probabilities 7; of the birth—death process can be obtained with
the transition probabilities in (), by using the acceptance probability obtained
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in ([@). The link utilization, defined as the fraction of the link used by accepted
flows, is thus obtained as:

Jar,,
U:Z Cp T, (8)
J

where C represents the link capacity and « the activity factor of the sources, i.e.
the percentage of time they are in the ‘on’ state.

Finally, we want to obtain the loss probability of data packets of the accepted
flows. As we are interested in the loss values in small buffers providing packet-
scale buffering, we follow the corresponding burst-scale loss approximation in
[13]. The queuing system operates in slotted time, serving one packet in one
time unit, and can hold a maximum of K packets. Ongoing flows are modeled
as n independent on—off streams with activity factor a. Within on periods the
sources generate pack ets with fixed inter-arrival time D, that corresponds to
the peak rate of the sources.

The packet loss probability is approximated by the sum of the packet scale
and burst scale loss rates, multiplied by D/(n «) as:

D
-Ploss(kv D7 TL) = (Rpacketfscale (Ka Da TL) + Rburstfscale(Ka -D7 TL)) (9)
no

with
minn,D n
Rpacket—scale(Ky D7 TL) = Z (m> am(l - O‘)nimQDm(K) (10)
m=1
and
" n m— D
Rburst—scale(KaDan) = Z (m) am(l - a)n—mT’ (11)

m=minn,D+1

where Qp™ (K) is the exact solution for the tail probability of an m * D/D/1
queue (see [13]).

4 Numerical Results

To evaluate the performance of the system we first consider the probability of
probe packet loss, the probability of flow acceptance and the network utilization
at a given level of offered load, followed by the evaluation of maximum link
utilization, data loss probability at a given link utilization and the relation of
probe and data packet loss probabilities. The results are based on the analysis
presented in Sec. [Bl To validate our analytical model we performed simulations
with NS—2.

For all scenarios considered, the sources have exponentially distributed on—
off holding times with an average of 20 and 35.5 ms. Packet sizes were 64 bytes
for the probe packets and 128 bytes for the data packets, while the probe length
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Table 2. Link utilization for acceptance probabilities of 5 and 95%.

rpr=100 kb/s rpr=1 Mb/s
P, |Model Simulation Simulation|Model Simulation Simulation
K=1000 K=10 K=1000 K=10
0.95] 0.769 0.732 0.735 0.789 0.753 0.759
0.5 | 0.825 0.832 0.837 0.808 0.821 0.827

was always 2 seconds. We used a confidence interval for the admission decision
of 95%. The simulation time was 2000 seconds and the average holding time for
accepted flows (1/u) was 50 seconds. Confidence intervals for each simulation
are too small to be plotted in the figures. The flow arrival rate (\) varied in each
simulation to increase the offered load to the system.

We considered sources with 100 kb/s and 1 Mb/s peak rates (r,,), multi-
plexed over 10 Mb/s and 100 Mb/s links respectively. The double—queue system
had a low priority buffer of one packet and a high priority buffer of ten packets
in the finite buffer case. To validate the analytical models that assumes infinite
buffer, simulations with 1000 high priority packet buffers were performed.

Figure[2shows the probe packet loss probability as a function of network load.
The figure compares the analytical results with the assumption of an infinite
high-priority buffer to simulation results with 1000 and 10 buffer positions and
for the two different peak rate values. Note that the analytical results do not
depend on the actual peak rates but only on the ratio of the peak rate over link
rate. The figure shows a close matching between the analysis and the simulation.
The analys is with the assumption of infinite high-priority buffer gives an upper
bound for losses in the finite buffer case. This is due to the fact that more data
packets are lost in the high priority queue when we have a buffer size of ten
packets, thus reducing slightly the average remaining busy period, which in turn
increases the probability of success of one probe packet (see Eq.[3). The different
curves suggest that the probe loss increases exponentially as the link utilization
increases, which ca n then offer a sharp transition in the acceptance probability.

The flow acceptance probability as a function of the link utilization is plotted
in Figs. Bland @ for an acceptance threshold of 1072 and for the two considered
flow peak rates. In both cases the analytical curve intersects the curves obtained
by simulation, due to the assumption of independent probe loss in the analysis.
The values of the curves with a finite buffer size of K = 10 are always slightly
over the infinite case, for the reason explained in the previous parag raph. The
transient period is shorter in the case of high peak rates, as the number of probe
packets transmitted is higher and the loss estimation more accurate. Table
summarizes the relationship for the three curves for each of the two peak rates.
From the values in the table, it can be seen that the model gives an upper bound
on the utilization for an acceptance probability of 95% which is approximately
3% higher than the simulation results, while it offers a lower bound for the 5%
case with a difference of less than 2% of link utilization.

Figure Bl shows the link utilization achieved as a function of the offered load,
for an admission threshold of 1072. This figure illustrates that the admission
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control scheme leads to a stable system. The utilization follows the offered load
up to a load level of 0.75. After this point, the mathematical analysis slightly
overestimates the utilization of the simulated system, due to the sharper change
of the flow admission probability. Towards high loads the analysis might under-
estimate the achievable utilization due to the same reason, with up to 2% of link
capacity.

Data—packet loss probability values are shown in Fig.[fl as a function of link
utilization for different high priority buffer sizes, considering streams with peak
rate of 1Mb/s. The results show that the data packet loss probabilities grow
exponentially with increasing link utilization. The mathematical model provides
accurate results for the small buffer sizes of interest, and, as expected, does
not give correct result for large buffers, since it does not consider burst-scale
buffering.

Finally, based on the previous results we evaluate the connection between
probe and data loss values in Fig. [l The figure shows the data packet loss as a
function of the probe loss experienced in the probing phase for ongoing flows. The
probe loss is always higher than the data loss independently of the utilization
level. The actual relationship between probe and data packet loss is in this case
over half an order of magnitude.

As stated before the whole admission procedure of PBAC relies on a high
degree of multiplexing [BJI0], in order to obtain a smooth statistical behavior of
the ongoing traffic. For lower levels of multiplexing, the effects of thrashing on the
simulation results should be taken into account, thus reducing the acceptance
probability and the link utilization (see [10]), as well as the reliability of the
measurement of the accepted traffic. Other traffic sources experience the same
type of behavior regarding the probe/data packets loss relationship, as shown in
[10]. For multiplexing levels below 1%, the various sources used to model real-
time communications (i.e. Poisson or exponentially distributed on—off sources,
or even real traffic traces) show the same behavior, so we are expecting our
model to work well for all these sources. The effect of the acceptance threshold
on the model is high, since lower acceptance thresholds require longer probes to
be performed, in order to achieve enough accuracy (see (I)).

5 Conclusions

In this paper we have presented an approximate analytical model of the probe
based admission control scheme based on the end—to—end measurements of
packet loss probabilities in the probe streams. In this solution the admission con-
trol is responsible for limiting the end—to—end packet loss probability of accepted
flows, while the end—to—end delay and delay jitter requirements are ensured by
the use of small buffers in the routers.

Consequently, the analysis focuses on the packet loss probabilities of probe
streams and accepted flows, on the relation between these two parameters, and
on the flow acceptance probabilities at a given link utilization. The analytical
results, verified by simulations, prove that the considered probe-based admission
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control leads to a stable link utilization which has a clear upper bound on the
packet loss probability.

As the acceptance decision is based on the probe loss probability it is im-
portant to see how probe loss and data loss probabilities relates at different link
utilization. The analysis proved that the probe loss always overestimates the
data loss with over half an order of magnitude, independently of the actual link
load.

Consequently, the probe—based admission control based on measurements of
the packet loss probabilities in the probe stream provides a reliable and efficient
solution for QoS provisioning for delay and loss sensitive applications, without
extensive support in the routers.
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Abstract. The Internet is on the way of becoming the universal com-
munication network, and then needs to provide various services and QoS
for all kinds of applications. We show in this paper that oscillations that
are characteristic of the Internet traffic provokes huge decrease of the
QoS that flows can get. After having demonstrated that such oscillations
can be characterized by the Hurst (LRD) parameter, we propose an ap-
proach for improving Internet flows QoS based on smoothing sending
rate of applications. TFRC is a congestion control mechanism that has
been issued for this purpose. This paper then proposes an evaluation of
TFRC benefits on traffic profile and flows QoS.

Keywords: Internet monitoring, traffic characterization, quality of ser-
vice, TFRC, congestion control for elephants

1 Introduction

The Internet is on the way of becoming the universal communication network for
all kinds of information, from the simple transfer of binary computer data to the
transmission of voice, video, or interactive information in real time. It has then
to integrate new services suited to new applications. In addition, the Internet is
rapidly growing, in size (number of computers connected, number of users, etc.),
and in complexity, in particular because of the need of new advanced services,
and the necessity to opti mize the use of communication resources to improve
the QOSE provided to users. In fact, the Internet has to evolve from a single best
effort service to a multi-services network.

Since at least a decade, Internet QoS is then, one of the major issues in
the Internet. Many proposals have appeared as IntServ, DiffServ, etc., but until
now, they have not been deployed (or their deployment has been quite limited).
Indeed, Internet community contributions to propose differentiated and guaran-
teed services did not provide the solutions users and operators (Internet service
roviders, carriers, etc.) are expecting. There are always difficulties with the com-
plexity of the Internet and all its network interconnections, with their resource

! QoS: Quality of Service.
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heterogeneity in terms of technologies but also in terms of provisioning, and of
course with the traffic characteristics. Indeed, because of the growing complex-
ity of the Internet, all new applications with various and changing requirements,
introduce in Internet traffic many characteristics that are very far from common
beliefs. In fact, models with simple static metrics such as throughput, delay,
or loss rate are really not sufficient to model completely and precisely Internet
traffic dynamics that are its essential features. The evolution of the Internet is
then strongly related to a good knowledge and understanding of traffic char-
acteristics that will indicate the kind of mechanisms to deploy. Consequently,
the development of monitoring-based tools and technologies to collect Internet
traffics information, and methodologies to analyze their characteristics is cur-
rently an important topic for network engineering and research. In particular,
the definition and quantification of Internet QoS is still not completely solved.
First monitoring results showed that Internet traffic is very far from Poisson or
Markovian models, used in telephony, and also reused as the model for Inter-
net traffic as well. These first results showed that models that better represent
Internet traffic are models with self-similarity or LRDE characteristics.

Given this previous work on traffic monitoring, our work showed also that
Internet traffic has very significant oscillatory behaviors, whose peaks are respon-
sible of some instability issues of the Internet QoS, as well as a serious decrease
of Internet performances. This is especially true for big flows transporting a huge
quantity of data (called “elephants”). That is why section 2 exposes the analysis
results on some Internet links traffic characteristics and shows how oscillating
phenomena can have such a bad impact on network QoS and performances.
This analysis also indicates that TCP congestion control mechanism is largely
responsible of such oscillations, what makes us propose some improvements for
the Internet. More precisely, section 3 proposes to use a smoother transport pro-
tocol, at least for elephants, to separately smooth the flow behaviors (with a
less aggressive congestion control mechanism), and explains how this individual
optimization for each flow can bring important improvements for the whole net-
work QoS. Some experiments assessing this approach, are presented in section 4.
These experiments have been performed with the NS-2 [I] simulator, and allow
the evaluation of the TFRCH congestion control mechanism. It is shown in this
section that TFRC can optimize Internet QoS by smoothing its traffic. Finaly,
section 5 concludes this paper.

Note however that this work is achieved in the framework of the METROPO-
LIS project, a French national project granted and funded by the Frenck Net-
work for Research in Telecommunications. METROPOLIS main goal deals with
issuing new network monitoring and analysis methodologies.

2 Traffic Oscillation Issues and Elephant Flows

Current Internet links monitoring results show the presence of very high os-
cillations in Internet traffic. An example of an Internet link traffic is given on

2 LRD: Long Range Dependence.
3 TFRC: TCP-Friendly Rate Control.
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Fig. 1. Comparison between oscillations of Internet and Poisson traffics.

Figure [ This figure also compares current Internet traffic with a simple model
of traffic: the Poisson model that is the model that was supposed to be the one
of the Internet several years ago. In fact, traffic curves have to be smoother when
the granularity of observation increases. This is what is represented in Figure
[[ where for each traffic (actual Internet and simulated Poisson traffic) the am-
plitude of oscillations is decreasing when the observation granularity is coarser.
What also appears on this figure is the difference between the two traffics: with
coarse grain analysis, the oscillations amplitude of Internet traffic is much larger
than Poisson traffic ones.

Some analysis of Internet traffic performed in recent Internet monitoring
projects showed that these oscillations are in fact the results of the presence of
LRD and self-similarity in the traffic [2]. These phenomena are due to several
causes and in particular to congestion control mechanisms, especially the ones of
TCP that is the dominant protocol in the Internet [3]. Among these mechanisms,
it is clear that the closed control loop of TCP introduces short scale dependence
as the acknowledgment depends on the reception of one packet, and all the
following packets of the flow depend on this acknowledgement. In the same
way, the two TCP mechanisms — slow start and congestion avoidance — are
responsible of introducing dependences between packets of different congestion
control windows. And of course, this notion of burstiness in TCP sources plus
the LRD explain oscillations in the global traffic. By extending this process, all
packets of a flow are dependent from each other. As the increase of capacities in
the Internet allows users to transmit larger and larger files (i.e. elephant ﬂowsﬂ),
as music or movies for instance, it is clear that the scale of LRD is increasing,

4 In this paper, we define an elephant as a flow that contains more than 100 packets
exchanged in the same mono-directional connection.
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Fig. 2. LRD evaluation for edge network traffic.

explaining why oscillations of Internet traffic, even with a coarse observation
granularity, are so high. Of course, oscillations are very damaging for the global
use of network resources as the capacity freed by a flow after a loss for example
cannot be immediately used by other flows: this corresponds to some resource
waste, and of course a decrease of the global QoS of the traffic and network : the
higher the oscillations amplitude, the lower the global network performance [4].

It is also clear that elephants introduce oscillations with higher amplitudes
than mice (short flows). Indeed, elephants, because of their long life in the net-
work, have time to reach large values of the congestion control window, and
thus, any loss event can provoke a huge reduction, followed by a huge increase of
the sending rate. This phenomenon is even more important in current Internet
compared to what happened few years ago. Few years ago, Internet traffic con-
sisted almost exclusively of web traffic with very short flows. Nowadays, because
of the arrival of peer-to-peer applications used most of the time for huge files
exchanges (as audio tracks or movies), Internet traffic consists of both web and
Peer-to-peer traffic, meaning that there are more and more elephants and that
elephants are getting larger and larger (essentially thanks to new high capacity
Internet access technologies: ADSL, cable modem, etc.). Our past and current
network monitoring results shows that elephants are now reaching more than 5
% of the number of flows in the Internet (it was 2 or 3 % few years ago), and
that this 5 % of elephants represent around 60 % of the full Internet traffic.

It is then clear that elephants and the huge oscillations they induce, directly
impact traffic profile and also global network performances. Figure 2] represents
the LRD evaluation of the network traffic depicted in Figure[Il This figure has
been produced using the LDestimate tool designed by Abry and Veitch [5] [6] that
estimates the LRD that appears in Internet traffic at all scales. The principle of
this tool relies on a fractal decomposition of traffic time series, what then allows
users to have a graphical representation of the dependence laws at all time scales.
Then small value octaves represent short range dependence, while large value
ones represent long range dependence (LRD). In figure Pl we can note a “bi-
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scaling” phenomenon (cf. the elbow in Figure [ around octave 8) which shows
a difference in the LRD level between short and long time scales for the traffic
exchanged. For short scale (octave < 8), representing the dependence between
close packets (i.e. packets whose sending time are not very far from each other),
the dependence is quite limited. Such dependence is the one that can exist for
packets belonging to the same congestion window and that are then very close
from each other. On the other side, for long time scales (octave > 8) LRD can be
very high. For octaves 8 to 12, that correspond for instance to the dependence
between packets of consecutive congestion windows, the dependence is higher.
This can be explained by the closed loop structure of TCP congestion control
mechanism in which the sending of one packet of a congestion control window
depends on the receiving of the acknowledgement of one packet of the previous
congestion control window. Of course, this phenomenon exists for consecutive
congestion window, but also for all congestion windows of the same flow. This
means, that the presence in the traffic of very long flows introduces very long
scale dependence phenomenon, as depicted on figure ] for very large octaves.
The consequence of such LRD is one major issue as every oscillation at time t
will be repeated at any other time t’ that is dependent from t (because of the
long range dependence between packets due to protocols — here TCP on long
flows). That is why, if we want to both improve traffic profile and QoS, it is
mandatory to decrease both LRD and oscillation levels for elephants. A solution
for this is proposed in next section.

3 A New Approach for Improving Internet QoS

3.1 Increasing QoS by Smoothing Flow Behaviors

It is clear now that network traffic has complex and high oscillating features.
Indeed, it clearly appears the presence of scale laws in the traffic that induce the
repetition of an oscillating phenomenon. This is especially visible on Figure [
From this observation, it appears that the most urgent problem to address deals
with reducing oscillations and more precisely with regulating the long term oscil-
lations having such a damaging effect on traffic QoS and performance. Therefore,
the main objective is then to bring more stability to elephants flows.

Such an approach is quite different from what can be proposed by classical
service differentiation techniques. In general, classification of application flows
depends on the QoS level they require, meaning that a web browser and a video
streaming application are not in the same class: in this case the web browser is
generally assigned a best effort service, while the streaming application get the
best existing service (EF, gold or whatever name). This is an application oriented
service selection, but that has the disadvantage of not taking into account net-
work requirements. Our approach is basically based on a network centric point
of view, and the classification proposed is based on the disturbance that flows
induce on the traffic. Based on monitoring results, it appeared that elephants
are the ones that introduce the more disturbances. Applications, as videocon-
ferences, video on demand, telephony on IP, etc., that are typical applications
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requiring high quality services with classical service differentiation approaches,
are also typical application generating long flows. In addition, such applications
also require smooth services for smooth traffic. Our approach then perfectly fits
the requirements of such applications. Of course, with our approach we are also
going to smooth FTP or peer-to-peer long flows, that do not have the same
requirements. Nevertheless, our approach introduces a big difference with appli-
cation classes oriented approaches, as here, long and smooth flows that introduce
few disturbances in the network are considered as low quality. This means that
stream oriented applications are the applications introducing the less distur-
bances, and are the ones that should pay less. On the other side, applications
that have sending rates oscillating a lot and that cannot be shaped or smoothed
(as interactive video applications using MPE), are the ones that are con-
sidered as the most constraining and they will be charged more as the most
disturbing. Note however that FTP or web traffic that is nowadays sent using
the usual best effort service can easily use a smooth service thanks to its elastic
nature. In both approaches, elastic traffic is the one that is the more flexible and
then the one that is the easier to handle and then the cheaper.

To increase elephant flows regularity (i.e. to suppress observable oscillating
behaviors at all scales), the new TFRC congestion control mechanism seems to
be able to provide a great contribution. TFRC has been designed to provide
a service suited for stream oriented applications requiring smooth throughputs.
TFRC, then, tries as much as possible to avoid brutal throughput variations that
occur with TCP because of loss recovery. Note however that for both TFRC and
TCP, we will estimate the evolution of the oscillating behavior of the traffic by
evaluating LRD features (also called the Hurst factor: H) on packet arrival series.

3.2 TFRC Principles

TFRC aims to propose to applications a smooth sending rate with very soft
increases and decreases; at least much softer than the ones of TCP. By associating
such a congestion control mechanism to elephants, i.e. to the main part of the
traffic, we expect to be able to control traffic oscillations, and then to increase
global QoS and performance of the network. The sending rate of each TFRC
source is made thanks to a receiver oriented computation, that calculates, once
by RTTﬁ, the sending rate according to the loss event rate measured by the
receiver [§] [9] according to equation [I}

X= : (1)

Rx\/2%bx £+ (trro * (3% /3 xbx £)xpx (1 +32xp?)))

where:

5 Because of the dependence induced between frames with this coding (P frames de-
pends on previous frames and B frames on previous and next frames [7]).
6 RTT: Round Trip Time.
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— X is the transmit rate in byte/second,

— s is the packet size in byte,

— R is the round trip time in second,

— p is the loss event rate (between 0 and 1.0), of the number of loss events as
a fraction of the number of packets transmitted,

— tgrro is the TCP retransmission timeout value in second,

— b is the number of packets acknowledged by a single TCP acknowledgement.

In TFRC, a loss event is considered if at least one loss appears in a RTT.
This means that several losses appearing in the same RTT are considered as a
single loss event. Doing so, the loss dependence model of the Internet is broken
since most dependent losses are grouped in a same loss event. Thus, the recovery
will be eased and more efficient compare to what TCP can do: it is well known
that TCP is not very efficient to recover from several losses in sequence. This
approach follows the results of [I0] that proposes an analysis and a model for
the Internet loss process.

4 Evaluation of TFRC Impact on QoS

4.1 Experiment Description

Our experiment aims to provide a comparative evaluation of the global traffic
characteristics if elephants use TCP or TFRC as the transmission protocol.
This experiment aims to provide values in a realistic environment. For that,
of course, the experiment relies on the use of traffic traces grabbed thanks to
passive monitoring tools as the DAG [II] equipments. Therefore, traffic flows
identified in the original traffic trace are replayed in NS-2 with the same relative
starting date and the same others characteristics. Elephant flows are transmitted
in the simulator using TFRC while others flows use TCP New Rendl. Then in
the remainder, the comparative study will focus on the original trace and the
simulated one where elephants are generated using TFRC.

In addition of the classical traffic throughput parameter, this study focuses
on QoS statistical parameters as the LRD (as justified in section 2) and some
parameters related to variability. For that, we used the Stability Coefficient (SC),
that is define as the following ratio:

exchanged average traffic

Stability Coefficient (SC) = (2)

exchanged traffic standard-deviation (o)

" TCP New Reno has been selected as it is currently the most used version of TCP
in the Internet. To increase again the realism of simulations, it would be interesting
to replay short flows with the same TCP version than the one that was used in
the original trace, but finding out such information is impossible for most of short
flows: only the on es that experiment a huge number of losses can provide enough
information to find out the TCP version that was used.
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Fig. 3. Throughput evolution during time.

4.2 TFRC Impact on Flow QoS

Figure Bl presents the traffic in both cases, i.e. in the real and simulated cases.
It visually clearly appears that using TFRC for sending elephants, instead of
TCP, makes global traffic much smoother, avoiding all the huge peaks that can
be seen on the real traffic.

Quantitatively speaking, results are indicated in table [ This confirms that
the traffic variability in the case of real traffic (using TCP for transmitting
elephants) is much more important compared to the simulated case in which
elephants are transmitted using TFRC (for the standard deviation o it has been
calculated that o(real traffic) = 157.959 ko >> o(simulated traffic) = 102.176
ko). In the same way the stability coefficient is less important in the real case
(SC = 0.521) than in the simulated one (SC = 0.761).

Dealing with the global throughput we got for both real and simulated
traffic rather equal values (Throughput(real traffic) = 82.335 ko & Through-
put(simulated traffic) = 77.707 ko). This result is quite good as TFRC is not
able to consume as many resources as TCP [12], and even if TFRC is less ag-
gressive than TCP, it is able to reach the same performance level as TCP. This
confirms the importance of stability for good performances [4].

Speaking about LRD in the simulated case, figured shows that the bi-scaling
property of the curve is strongly decreased, and that the curve has a very small
slope. This means that all kinds of dependences, especially the long term ones
have been drastically reduced. The values for the LRD (Hurst factor are: (H(real
traffic) = 0.641 and H(Simulated traffic) = 0.194). Such result confirms two
aspects of our proposal:

— TFRC helps to smooth individual flow traffic (thus providing a smoother
QoS better suited for stream oriented applications) as well as the global
traffic of the link;
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Logscale Diagram, N=5 [ ()= (5,11), c-est=0134, Q=0014285]
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Fig. 4. LRD evaluation for simulated traffic including TFRC elephants.

Table 1. Throughput evolution during time for TCP and TFRC protocols.

Protocol Average throughput (kB)|Throughput o (kB)| SC
TCP New Reno (NR): 82.335 157.959 0.521
real case
TCP NR & TFRC: 77.707 102.176 0.761
simulated case

— LRD is the right parameter to qualify and quantify all scaling laws and
dependencies between oscillations.

5 Conclusion

In this paper, we proposed a new approach for improving flow QoS. This ap-
proach relies on a preliminary study of Internet traffic characteristics that has
been made possible thanks to some passive monitoring tools. This traffic charac-
terization showed that Internet traffic suffers from the number and the amplitude
of oscillations, especially important in the case of long flows, called elephants.
The first contribution of this paper was then to explain why such oscillations
arise, and proposes to use the LRD metric to characterize such feature in ad-
dition to the stability coefficient and other well known statistic moments as
standard deviation. Therefore, the solution proposed in this paper consists in
smoothing the traffic generated by each flow, especially elephants. The main
protocol designed for this purpose (and under discussion at the IETF) is TFRC.
This paper then proposed a comparative evaluation of real traffic, and the same
traffic but this time with elephants running TFRC instead of TCP. The results
we got confirmed all our starting hypothesis in relation with oscillations, the
LRD metric to characterize them, and the impact of TFRC for their reduction
and for getting a smoother traffic, much more easy to handle.
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However, it also appears that the global throughput that can be transmitted
using TFRC instead of TCP is not higher. This is due, in fact, because TFRC is
a less aggressive congestion control mechanism than the one used in TCP. The
problem with congestion control is really tricky: on one side, transport protocols
and their congestion control mechanisms have to be very aggressive to be able
to rapidly consume network resources and being able to exploit the capacity
of new networks, and on the other side, protocols have to be not aggressive to
limit the oscillation phenomena that are very damaging for flow QoS. These
two requirements are ¢ ontradictory, but this is the challenge to enforce for
next generation transport protocols, i.e. being able to rapidly consume resources
without provoking damaging oscillations.
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Abstract. We propose adaptive bandwidth provisioning schemes en-
abling quality of service (QoS) guarantees. To this end, we exploit peri-
odic measurements and traffic predictions to capture closely traffic dy-
namics. We make use of the Gaussian traffic model providing available
bounds for QoS to derive the associated bandwidth demands. Moreover,
special attention is paid for alleviating some typical problems with adap-
tive provisioning like QoS degradations and signaling overhead. Numer-
ical and simulative investigations using real traffic traces show that the
proposed schemes outperform some previous ones.

Keywords: adaptive provisioning, QoS, Gaussian process

1 Introduction

Extensive research has been focused on finding a solid architectural solution
for providing QoS over IP networks. Potential alternatives are for example the
service differentiation concept [I] eventually coupled with MPLS (Multiple Pro-
tocol Label Switched) technology [2] for traffic engineering, or the user-network
interaction based concept [3/4] relying on the existing operational features of the
current Internet such as active queue management, congestion notification and
QoS-aware utilization functions.

In this paper we follow an alternative concept, namely bandwidth provision-
ing without service differentiation for providing QoS guarantees. The issue we
address is how to adjust adaptively the bandwidth of a given link to meet the
given requirements on objective QoS parameters like loss and delay probabili-
ties. The main tasks of adaptive provisioning are capturing traffic dynamics to
predict the future traffic volume and based on this, deciding the bandwidth to
provision. While several traffic predictors have been developed in the literature,
most of the work simply uses the link utilization as a basic factor for provi-
sioning without specifying the role of the utilization level on QoS perception.
This gives us a motivation to elaborate novel provisioning schemes with explicit
respect to statistical QoS requirements. The proposed schemes are tested with
real traffic traces and exhibit superiority over some existing schemes. Concerning
the applicability of the proposed provisioning schemes, we mention some poten-
tial examples, namely i) adaptive resizing of high-speed LSPs (Label Switched

G. Karlsson and M.I. Smirnov (Eds.): QofIS 2003, LNCS 2811, pp. 83-[32, 2003.
© Springer-Verlag Berlin Heidelberg 2003
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Paths) in MPLS networks; i) adaptive resizing of customer-pipes in VPNs (Vir-
tual Private Networks); and 4ii) adaptive bandwidth allocation of logical links
in the Service Overlay Networks architecture [5] for providing end-to-end QoS
over inter domains.

The paper is organised as follows. In Section [ we present the conceptual
descriptions of our provisioning schemes. Afterwards, in Section [3] we assess
the performability of the proposed schemes. Based on experimental results, we
further enhance our schemes by developing specific traffic prediction rules. We
demonstrate the achievable gain concerning signaling overhead and QoS achieve-
ment. Finally, Section[4] concludes the paper.

2 Conceptual Proposals for Adaptive Provisioning

2.1 Model for the Aggregate Traffic

In this work, we adopt the Gaussian process as a traffic model for the aggregate
traffic with high degree of multiplexing. Given a single, discrete-time queue with
the aggregate input rate )\n and service rate ¢ at time n, define a stochastic

process X,, as X,, = ZZ 1 Ak — cn. For a buffer size x, define the normalized
variance o2, of X, as 02, := %, and let u, be the reciprocal of the

1

max,>1 02 ,

rate ), is a Gaussian process, so is X,,. Using the Gaussian property of X,
and the so called dominant time scale approach, the so called MVA (Maximum
Variance Asymptotic) bound on the tail probability of the queue length P(Q >

maximum of aw)n, ie. M:v = . We note that if the aggregate input

x)) is given as e #=/2 [6]. The loss estimation (i.e. the loss probability P (z)
for buffer size x) is glven as fye —Ha/2 [7]. Here, the term = is calculated as v =
| =02 _
—e 27 [ (ch)e 202 dr where A = E{\,,}, 0% = Var{\,} = C\(0) and

Cx (1) is the autocovariance functions of A,,.
The mean and variance of X,, can be computed from the mean and the
autocovariance function of the input rate as

E{X,} = n(c— ) 1)
Var{X,} =nCx(0 —l—QZ (n=1)Cx(1) (2)

The presented MVA and loss bounds can be used to make the mapping between
the bandwidth to provision and QoS requirements explicit. In the remainder
of this paper we will present MVA bound based (or equivalently, delay-based)
provisioning schemes. However, the same concept is straightforwardly applicable
to the loss or loss-delay combination based provisioning as well.

2.2 Provisioning Schemes Combining Use of the Gaussian Model,
Periodical Measurements, and Traffic Predictions

The target QoS we have to keep is the packet level constraint P(delay > D) < e,
where D and € are the given delay bound and violation probability, respectively.
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INPUT: QoS requirement: P(delay > D) < €

Traffic description: m, Var{X,}

Bandwidth amount of the current resizing window: [
BANDWIDTH ASSIGNMENT

emva = MVAbound (m,Var{X,}, D,I)

IF (emva <€) THEN

lupper =1

lower = M
WHILE (|logepva — loge| > €*)
.= lupper;rllowcr
emva = MVAbound (m,Var{X,}, D,I)
IF (enmrva > €) THEN ljouwer := 1 ELSE lypper :=1

END WHILE
ELSE
lupper := Ul provided that MV A_bound (m,Var{X,}, D,ll) < €

lower 1=
WHILE (|log epsva —loge| > €")

l:= lupper tliower

EMVA = J\/ZIVA,bound (m,Var{X,},D,l)
IF (epva > €) THEN ljoyper := 1 ELSE lypper :=1
END WHILE
OUTPUT: [, the needed bandwidth for the next resizing window

Fig. 1. A binary search to compute the needed bandwidth amount.

We consider the delay constraint equivalent with the constraint on the queue
tail probability P(Q > Dc) < € that can be estimated by the MVA bound,
symbolically by function MV A_bound in Fig. [

The incipient point of our provisioning schemes is to collect periodically the
aggregate rate of the incoming traffic in consecutive time slots with length 7.
Bandwidth provisioning is performed at a larger time scale expressed in resizing
windows (or shortly, windows). One resizing window consists of N measurement
time slots. We compute the mean and covariance functions of traffic over a given
window j as m; = #ESJ), and C;(k) = 7= Zﬁ\]:—lk(xl(»]) - m])(xgi)k —m,)
for k =0,1,... N — 1. The computed quantities enable us to capture the mean
and variance of the accumulated traffic process X,, by using equations () and
@) and in turn the MVA bound. At the end of each resizing window we make a
decision about the bandwidth amount needed for the next resizing window. We
specify two schemes for this task.

PS1 scheme, delay-based, with prediction. In this scheme we propose to
perform traffic prediction at the end of each resizing window for the next one.
We predict both the mean rate and the variance of the cumulative process X,
(determined by the correlation structure of the traffic). We opt the exponential
smoothing (ES) technique for the prediction due to its proven stability and
suitability on trend prediction [§]. Formally, for the resizing window j + 1 we

predict

i (3)
where w is the weighting parameter (0 < w < 1), m} and m; are the predicted
and measured value of the mean rate for the resizing window j, respectively.
Similarly, for the variance of the accumulated traffic, we predict

mj = wm;+ (1 —w)m
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Var'{X, j-1} =w.Var{X, ;} + 1 —w).Var*{X, ;} (4)

where Var*{X, ;} and Var{X, ;} (n = 0,1,... N — 1) are the predicted and
measured value of the corresponding accumulated variance for the resizing win-
dow j, respectively. We then use the predicted m7,, and Var*{X, j+1} values
as the inputs for the binary search presented in Fig. [l to define the needed
bandwidth for the window j + 1. The output of the search is the bandwidth
amount assuring that the achievable QoS is sufficiently close (expressed via the
parameter €*) to the target QoS requirements.

Later, in Section [3] we will consider several aspects to enhance the perfor-
mance of this provisioning scheme.

PS2 scheme: Delay-based, without prediction. In this scheme, we simply
use the computed m; and Var{X, ;} (n =0,1,... N—1) as the input parameters
of the binary search for the needed bandwidth of the window j + 1.

3 Performability Investigations

3.1 Scenario Settings and Methodology for Evaluations

Besides PS1 and PS2, we also take two other provisioning schemes into consid-
eration:

PS3 scheme: Utilization-based, without prediction [5]. In this scheme,
link bandwidth is adjusted based on the relation between the link utilization
threshold and the measured utilization of the last resizing window. The band-
width amount to be added or released is measured in quota. One quota can be set
to e.g. By/v, where v is the variance of the measured traffic rate. In accordance
with [3], we set the target link utilization to 0.8 and 5 = 0.6.

PS4 scheme: Variance-based, without prediction [9]. In this scheme, the
provisioned bandwidth for the next resizing window is chosen to be m; + o, /v5,
where m; and v; are the mean and variance in the current window j. In accor-
dance with [9], we set a = 3.

We use three real traffic traced! to produce the aggregate load offered to the
link. The MPEG trace is the trace of a James Bond movie available from [10].
The BC-pAug89 trace of Ethernet traffic available from [I1]. The WAN trace is
a wide-area TCP traffic trace dec-pkt-1 available also from [I1]. To generate the
aggregate traffic with high multiplexing degree, we merge 100 individual sources
having the above recorded traffic pattern. The starting time of each individual
source is randomly chosen to assure independency between the sources.

We examine two scenarios of provisioning as regards the scale of basic mea-
surement time slots and resizing windows. Namely, we consider resizing at small
time scale when each resizing window contains 100 measurement time slots of
length 40ms, i.e. resizing is done after each 4s interval. In this case, the provi-
sioning is tested along 100 resizing windows, meaning that the whole period of

1 'We process the original data traces so that the load over consecutive time intervals
with fix length, i.e. the measurement slots, can be obtained.
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provisioning is 400s. With resizing at large time scale, each time slot is 1200ms,
and resizing is done after each 2 minutes. In this case, we test the provisioning
schemes along 13 resizing windows, meaning that the whole period of provision-
ing is approximately half an hour.

Besides performing analytical results, we also resort to trace-driven simula-
tion to verify and evaluate the performability of the provisioning schemes. The
basic scenario is that traffic according to the generated aggregate trace is accom-
modated via a link. The link capacity is adjusted after each resizing window time
and a value computed off-line with the specific provisioning scheme is assigned.

In order to evaluate qualitatively the applied provisioning schemes, we in-
troduce the notion of Average Goodness Factor (AGF). This is a measure of
how fast and closely the provisioned bandwidth follows the real traffic dynam-
ics, while assuring the target QoS. The basic idea is that in an ideal provisioning
case, the link utilization should be kept constant at a fix optimal level uqp;.
The concrete value of u,,: is chosen from the experiments gained with using
the Gaussian traffic model to deduce the relation between the objective QoS
parameters and the link utilization. For a given resizing window j, let us denote
the provisioned link capacity by [;, the real aggregate traffic rate by r;. We then
define the Goodness Factor (GF) as follows3:

Gi=ri)/mi 3¢ I; <7
GFj = % if ;> r; and 7 /l; < uopt (5)
Uopt

oy ifl; >r; and r;/l; > uopt

The AGF is then obtained by averaging all individual GF values over the resizing
windows, AGF = Zi\/f GF;/M, where M is the number of resizing windows.
The higher the degree of over-provisioning or under-provisioning, the smaller
the AGF value. The minimum AGF value is —1/uop¢, the maximum AGF value
is 1. Moreover, the closer the AGF to 1, the better the provisioning scheme.

In the following experiments, if not stated otherwise, we set w = 0.8, the
initial value of the link bandwidth to 150Mbps. The input parameters for the
binary search in Fig. [T are delay bound D = 10ms, violation probability ¢ =
1074, and €* = 0.1.

3.2 Comparative Discussions

In Figs. we depict the measured aggregate rate (m;), the predicted aggregate
rate (m*) and the bandwidth provisioned by the schemes versus the resizing
Windowg Considering the figures we see that the PS1, PS2, and PS4 schemes
capture very well the shape of the aggregate traffic. The three schemes react fast
and closely to variation of the aggregate rate. The PS3 scheme does not follow

well all the fluctuations, but rather has a smooth shape with linear increase or

2 We refer to [12] for the detailed discussions of the introduced expressions.
3 Due to space limitation, we skip the figures related to WAN and Ethernet traffic.
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Fig. 2. Small time scale bandwidth provision for MPEG traffic.
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Fig. 3. Large time scale bandwidth provision for MPEG traffic.

decrease. This is in accordance with the original intention of this approach, i.e.
adjusting bandwidth insensitively to small short-time traffic fluctuation [B).

At a larger time scale when provisioning actions are taken at every 2 minutes,
we see that the PS3 scheme works unacceptably (Fig. B). It is due to the inad-
equate setting of the quota volume through the parameter 5. In fact, the AGF
assessment in Table [[] confirms that with 8 = 0.6, the PS3 scheme exhibits the
poorest performance in such cases. The table also shows that the PS4 scheme,
though still captures well the tendency of the traffic rate, is outperformed by the
PS1 and PS2 schemes. Intuitively, appropriately tuning o and § probably leads
to better performance of PS4 and PS3, respectively. Howewver, if we do not have a
reasonable mapping between the QoS requirements and the needed link utilization
then there is no way to choose the right values of a and (3. Thus, more sophis-
ticated provisioning schemes with model-based mapping features (like using the
Gaussian approzimation as in PS1 and PS2 schemes) are definitely preferable.

In Table [, we report the AGF values of the provisioning schemes for dif-
ferent traffic scenarios. The value of uep: is set to be the average value of the
utilizations achievable over all the resizing windows with the Gaussian traffic
model to meet the target QoS requirement. To make the comparative evalu-
ation complete, we also include the AGF of the static provisioning schemes,
where bandwidth the is kept constant over the whole time. In the “bad” scheme
Static-1 the bandwidth is fixed at 150Mbps. In scheme Static-2, with the rough
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Table 1. AGF values of different provisioning schemes.

Small time scale Large time scale
Scheme\Traffic] MPEG WAN Ethernet MPEG WAN Ethernet
Uopt = 0.772|Uopt = 0.890|Uopt = 0.804 ||Uuopt = 0.788|uopt = 0.781|ugpr = 0.737
Static-1 0.368 0.123 0.422 0.403 -0.095 0.793
Static-2 0.778 0.721 0.751 0.734 0.722 0.683
PS1 0.880 0.898 0.913 0.704 0.721 0.840
PS2 0.916 0.914 0.914 0.683 0.803 0.848
PS3 0.750 0.830 0.841 0.443 -0.133 0.794
PS4 0.889 0.908 0.912 0.556 0.503 0.676

knowledge on the aggregate rate of traces, the bandwidth is fixed at 70Mbps,
250Mbps and 200Mbps for MPEG, WAN and Ethernet traffic, respectively. Ta-
ble [ shows that the static schemes are in general outperformed by the rest of
the schemes. Moreover, the qualitative relation between the AGF values of the
schemes confirm all our previous arguments. For MPEG and WAN traffic, the
PS3 scheme works unacceptably at large time scale provisioning. PS1 and PS2
have nearly the same goodness and they are the best among the tested schemes.
Despite this fact, there are still questionable issues with PS1 and PS2 concerning
signaling overhead and under-provisioning. We deal with these issues in the next
subsection.

3.3 Provisioning Enhancements:
Signalling Reduction and Under-estimation Avoidance

From the macroscopic point of view, the simplest way to reduce signalling over-
head is to skip non-critical bandwidth adjustments. Therefore, we propose the
following potential solutions for scalability improvements. For skipping down-
ward adjustments, we consider that over-provisioning is always less detrimental
than under provisioning. Thus, if the relative bandwidth bias remains below a
certain value (e.g. 5% of the current bandwidth value), we could keep the cur-
rent bandwidth amount and do not perform deallocation. By doing this, a certain
range of over-provisioning is implicitly involved at the gain of signalling effort.
For skipping upward adjustments, we introduce a certain number of band-
width levels. We refer to the difference between two consecutive bandwidth lev-
els as a bandwidth interval. If both the current and the new bandwidth values
stay within the same bandwidth interval, we do not initiate the upgrade process.
This is based on the compromise that within one bandwidth interval, we can tol-
erate a certain degree of QoS degradation. The procedure checking the impact of
bandwidth interval’s size on QoS degradations is done as follows. We compute
first the needed bandwidth for the next resizing window taking the required
delay violation probability into account. Afterward, we reduce the computed
bandwidth by the amount identical to one bandwidth interval size and then re-
compute the delay violation probability we should get. We use the ratio between
the recomputed violation probability and the original violation probability as
an QoS degradation index, which is depicted in Figs.[4 and ] We see that the
bandwidth interval should be chosen smaller than 1% of the mean aggregate rate
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Table 2. Number of adjustments of different provisioning schemes (small time scale).

Bias\ Traffic [ MPEG “ WAN “ Ethernet
[PSI[PSZ[PSB[PS4“PSI[PSQ[PS3[PS4“PSI[PSQ[PS3[PS4]
0.01 93191 |79 [90 || 8 |8 [ 92|87 || 95|95 | 81 | 92
0.02 89 [ 88 | 79 | 87 || 85 | 82 | 92 | 85 | 92 | 90 | 81 | 88
0.03 85 [ 85 |79 | 86 || 79 | 78 | 92 | 77 || 83 | 87 | 81 | 84
0.04 76|82 |79 7970|7592 | 73| 80 |83 |81 | 80
0.05 75|75 |79 7569|7392 |65 | 70|83 |81 |70

to ensure that the QoS degradation index is below 4-5. Note that the small value
of the desired delay violation probability (in a range of 10~% or even smaller)
makes the QoS degradation index in a range of 1-4 considered acceptable.

In Table 2l we present the needed adjustment number of the considered
provisioning schemes. The bias (applied for skipping downward changes) is varied
from 1% to 5%, the bandwidth interval (applied for skipping upward changes) is
chosen to be 2Mbps for Ethernet and WAN traffic trace, 0.4Mbps for the MPEG
trace. As can be seen in the tables, the implication of the proposed skipping rules
indeed yields noticeable signaling gains, which can be up to a range of 20%-30%.

Another problem with the PS1 scheme is the negative effect of under pro-
visioning. As can be observed from Figs. 23] (see e.g. Fig. B, windows 3-7),
although use of the ES technique for prediction enables a quite close track on
the trend of the actual traffic, there is a certain lag between the real traffic
rate and the predicted rate. This induces the fact that the predicted rate un-
derestimates the real one in certain cases. Since the predicted rate is used as an
input for the procedure finding the bandwidth amount to provision, we suffer
from QoS degradations. To remedy such undesirable situations, we first reveal
an important observation. With ES technique, if we have a predicted load smaller
than the current measured load, then this under estimation remains as long as
the aggregate load exhibits increasing trend (see e.g. again Fig. Bl windows 3-7).
In fact, it is not difficult to prove mathematically that if m;11 > m; > m;_;
and m; > mj then m;i; > mj ;. The effect of this observation should be
highly avoided, since it causes under-provisioning, and in turn long-term QoS
degradations. Therefore, we develop two enhanced versions of PS1 correcting
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this impact. The basic idea is that we modify the prediction rules as soon as we
observe an evidence of increasing traffic trend and underestimation.

PS1*: Modifying prediction rules with linear extrapolation. We change
the prediction rule whenever we experience first (let’s say at the resizing window
J) two facts together: increasing traffic trend and under prediction, i.e. m; >
mj—1 and m; > mj. Instead of (), we predict mj , = m; + (m; — m;_1),
assuming a local linear increasing trend of traffic. This modification is again
applied in the window j + 1 if we still have m;1 > m; and mjp1 > mjy,,
otherwise we switch back to the normal ES rule according to (3), and so on.

The same consideration is employed for the prediction of the variance func-
tion Var{X, ;} (n=0,1,...N —1).

PS1**, Modifying prediction rules with predicted increments. Similar
to the previous approach, we modify the prediction rule from the first time
(i.e. window j) we observe two facts together: increasing traffic trend and under
prediction. However, in this approach we use predicted increments between the
loads from two successive resizing windows to give a load forecast. Namely, at the
first window j, we reset m7 := m; + (mj_; —m;_1) to ensure that the predicted
value is above the measured value with the difference observed earlier in window
j — 1. Then for the following windows k, k > j, as long as my > mg_; (i.e. the
increasing trend is still valid), we predict mjy, := mj + Aj,, instead of using
B). Here Agyq1 = myy1 — my and Aj .,y is estimated by the ES technique, i.e.
Ay = wAg + (1 —w)Aj. We initially set A7 = 0. When the increasing trend
stops, we switch back to the original ES rule (3).

We plot the delay violation probability obtained with trace driven simulation
in Fig. [6] and Fig. [0l for Ethernet traffic. Indeed, significant improvements can
be seen in the figures ranking PS} and PS}* to be the best. The target QoS
P(delay > 10ms) < 10~* is indeed fulfilled with PS;* scheme. Note that the ob-
tained QoS improvements are not at the expense of extensive over-dimensioning.
The computed AGF values for PS} and PS;* are 0.895 and 0.870 in case of small
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time scale provisioning, and 0.847 and 0.832 in case of large time scale provi-
sioning, respectively, i.e. still in the range of the AGFs for PS1 and PS2 (see
Table ). Also note that the QoS attained with simulation for other schemes is
worse than the original QoS target. This is exactly due to the effect of under-
provisioning stemming from traffic under-estimation during a certain number of
windows which have been investigated above. The same positive effects of PS}
and PST* are also experienced with other traffic traces.

4 Conclusions

We have presented novel adaptive provisioning schemes derived from the explicit
mapping between target QoS requirements and link bandwidth. The operation of
the schemes combines measurement, Gaussian traffic model and traffic prediction
features. Performance analysis with real traffic traces has indicated that the
proposed schemes, particularly PS1**, are more suitable than existing schemes
for provisioning with explicit respect to statistical QoS requirements.

We are currently working on the insights into the effect of provisioning time
scales and performance assessment with longer traffic traces.
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Abstract. Time, day, location and instantaneous network conditions largely dic-
tate the quality of Voice over IP calls. In this paper we present the results of over
18000 VoIP measurements, taken from nine sites connected in a full-mesh con-
figuration. We measure the quality of the routes on a hourly basis by transmitting
a pre-recorded call between a pair of sites. We repeat the procedure for all nine
sites during the one hour interval. Based on the obtained jitter, delay and loss val-
ues as defined in RFC 1889 (RTP) we conclude that the VoIP quality is acceptable
for all but one of the nine sites we tested. We also conclude that VoIP quality has
improved marginally since we last conducted a similar study in 1998.

1 Introduction

It is well known that the users of real-time voice services are sensitive and susceptible
to variable audio quality. If the quality deteriorates below an acceptable level or is too
variable, users often abandon their calls and retry later. Since the Internet is increasingly
being used to carry real-time voice traffic, the quality provided has become, and will
remain an important issue. The aim of this work is therefore to disclose the current
quality of voice communication at end-points on the Internet.

It is intended that the results of this work will be useful to many different commu-
nities involved with real-time voice communication. Within the next paragraph we list
some potential groups to whom this work might have relevance. Firstly end users can
determine which destinations are likely to yield sufficient quality. When deemed insuffi-
cient they can take preventative measures such as adding robustness, for example in the
form of forward error correction to their conversations. Operators can use findings such
as these to motivate upgrading links or adding QoS mechanisms where poor quality is
being reported. Network regulators can use this kind of work to verify the quality level
that was agreed upon, has indeed been deployed. Speech coder designers can utilise the
data as input for a new class of codecs, of particular interest are designs which yield
good quality in the case of bursty packet loss. Finally, researchers could use the data to
investigate questions such as, “Is the quality of real-time audio communication on the
Internet improving or deteriorating?”.

The structure of the paper is as follows: Section 2 begins with some background on
the quality measures we have used in this work namely, loss, delay and jitter. Following

G. Karlsson and M.I. Smirnov (Eds.): QofIS 2003, LNCS 2811, pp. 93-101, 2003.
(© Springer-Verlag Berlin Heidelberg 2003
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on from the quality measures, section 3 gives a description of the methodology used to
ascertain the quality. In section 4 the results are presented, and due to space consider-
ations we condense the results into one table showing the delay, loss and jitter values
for the paths we measured. In section 5 the related work is given, comparing results
obtained in this study with other researchers’ work. This is considered important as it
indicates whether quality has improved or deteriorated since those studies. Section 6
rounds off with some conclusions and a pointer to the data we have collated.

2  What Do We Mean by Voice over IP Quality?

Ultimately, users judge the quality of voice transmissions. Organisations such as ETSI,
ITU, TIA, RCR plus many others have detailed mechanisms to assess voice qual-
ity. These organisations are primarily interested in speech coding. Assigning quality
‘scores’ involves replaying coded voice to both experienced and novice listeners and
asking them to adjudge the perceived quality. Measuring the quality of voice data that
has been transmitted across a wide area network is more difficult. The network inflicts
its own impairment on the quality of the voice stream. By measuring the delay, jitter
and loss of the incoming data stream at the receiver, we can provide some indication on
how suitable the network is for real-time voice communication. The two schemes can
be combined as was proposed by the ITU using with the E-model [ITU98]. It is impor-
tant to point out we did not include the quality contribution of the end systems in this
study. This is because the hardware was different at each site (albeit all UNIX systems),
however the software was our own VoIP tool, Sicsophone [HMHO3]. In order to assess
the delay contribution of each end system it would be difficult without isolation tests.
We did however choose to use simple A-law PCM coding to maintain a theoretically
known coding/decoding delay.

The quality of VoIP sessions can be quantified by the network delay, packet loss
and packet jitter. We emphasise that these three quantities are the major contributors
to the perceived quality as far as the network is concerned. The G.114 ITU standard
states that the end-to-end one way delay should not exceed 150ms [RG98]. Delays over
this value adversely effect the quality of the conversation. An alternative study by Cole
and Rosenbluth state that users perceive a linear degradation in the quality up to 177ms
[CRO2]. Above this figure the degradation is also linear although markedly worse. As
far as the packet loss is concerned, using simple speech coding such as A-law or p-
law coding, tests have shown that the mean packet loss should not exceed 10% before
glitches due to lost packets seriously affect the perceived quality. Note that a loss rate
such as this does not say anything about the distribution of the losses. As far as the
authors are aware of, no results exist that state how jitter solely can affect the quality of
voice communication. Work on jitter and quality are often combined with loss or delay
factors. When de-jittering mechanisms are employed, the network jitter is typically
transferred into application delay. The application must hold back a sufficient number
of packets in order to ensure smooth, uninterrupted playback of speech. To summarise,
we refer to the quality as a combination of delay, jitter and loss. It is important to
mention we explicitly do not state how these values should be combined. The ITU E-
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@ Cooperating Sites in 2002
W Cooperating Sites in 1998

Fig. 1. The nine sites used in the 2002 measurements are shown with circles. The six depicted
with squares show those that were available to us in 1998, three remained unchanged during the
four years.

model is one approach but others exist, therefore we refer the interested reader to the
references given as well as [LEO1] and [KKI91].

3 Simulating and Measuring Voice over IP Sessions

Our method to measure VoIP quality is to send pre-recorded calls between globally
distributed sites. Through the modification of our own VoIP tool, Sicsophone, the in-
tervening network paths are probed by a 70 second pre-recorded ‘test signal’. The goal
of this work is therefore to report in what state the signal emerges after traversing the
network paths. Incidentally, we do not include the signalling phase, i.e. establishing a
connection with the remote host, rather we concentrate solely on the quality of the data
(or speech) transfer.

Nine sites have been carefully chosen with large variations in hops, geographic
distances and time-zones to obtain a diverse selection of distributed sites. One important
limitation of the available sites was they were all located at academic institutions, which
are typically associated with well provisioned networks. Their locations are shown in
the map of Figure 1. The sites were connected as a full mesh allowing us, in theory, to
measure the quality of 72 different Internet paths. In practice, some of the combinations
were not usable due to certain ports being blocked, thus preventing the audio being sent
to some sites. There were four such cases. Bi-directional sessions were scheduled on a
hourly basis between any two given end systems. Calls were only transferred once per
hour due to load considerations on remote machines.
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In Table 1 below we list the characteristics of the call we used to probe the Internet
paths between those sites indicated on the map. Their locations, separation in hops and
time zones are given in the results section. As stated, the call is essentially a fixed
length PCM coded file which can be sent between the sites. The file consisted of a
PCM coded recording of a read passage of text. Over a 15 week period we gathered
just over 18,000 recorded sessions. The number of sessions between the nine sites is
not evenly distributed due to outages at some sites, however we attempted to ensure
an even number of measurements per site, in total nearly 33 million individual packets
were transmitted during this work.

Table 1. The top half of the table gives details of the call used to measure the quality of links
between the sites. The lower half provides information about the data which was gathered.

Test “signal”

Call duration 70 seconds
Payload size 160 bytes

Packetisation time (ms) 20ms
Data rate 64kbits/sec

With silence suppression | 2043 packets
Without silence suppression | 3653 packets

Coding 8 bit PCM
Recorded call size 584480 bytes
Obtained data
Number of hosts used (2003) 9
Number of traces obtained 18054

Number of data packets 32,771,021
Total data size (compressed) |411 Megabytes
Measurement duration 15 weeks

3.1 A Networking Definition of Delay

We refer to the delay as the one way network delay. One way delay is important in voice
communication, particularly if it is not the same in each direction. Measuring the one
way delay of network connections without synchronised clocks is a non-trivial task.
Hence many methods rely on round-trip measurements and halve the values, hence es-
timating the one way delay. We measured the network delay using the RTCP protocol
which is part of the RTP standard [SCFJ96]. A brief description follows. At given in-
tervals the sender transmits a so called “report” containing the time the report was sent.
On reception of this report the receiver records the current time. Therefore two times
are recorded within the report. When returning the report to the sender, the receiver
subtracts the time it initially put in the report, therefore accounting for the time it held
the report. Using this information the sender can calculate the round-trip delay and im-
portantly, discount the time spent processing the reports at the receiver. This can be
done in both directions to see if any significant anomalies exist. We quote the network
delay in the results section as they explicitly do not include any contribution from the
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end hosts. Therefore it is important to state the delay is not the end-to-end delay but the
network delay. We chose not to include the delay contributed by the end system as it
varies widely from operating system to operating system and how the VoIP application
itself is implemented. The delay incurred by an end system can vary from 20ms up to
1000ms, irrespective of the stream characteristics.

3.2 Jitter — An IETF Definition

Jitter is the statistical variance of the packet interarrival time. The IETF in RFC 1889
define the jitter to be the mean deviation (the smoothed absolute value) of the packet
spacing change between the sender and the receiver [SCFJ96]. Sicsophone sends pack-
ets of identical size at constant intervals which implies that S; — .S; (the sending times
of two consecutive packets) is constant. The difference of the packet spacing, denoted
D, is used to calculate the interarrival jitter. According to the RFC, the interarrival jitter
should be calculated continuously as each packet ¢ is received. The interarrival jitter .J;
for packet ¢ is calculated using the previous packet .J;_; thus:

Ji = Ji1 + (|D(i — 1,4)| — Ji—1)/16 .

According to the RFC “the gain parameter 1/16 gives a good noise reduction ratio
while maintaining a reasonable rate of convergence”. As stated earlier, buffering due to
jitter adds to the delay of the application. This delay is accounted for in the results we
present. The “real” time needed for de-jittering depends on how the original time spac-
ing of the packets should be restored. For example if a single packet buffer is employed
it would result in an extra 20ms (the packetisation time) being added to the total delay.
Note that packets arriving with a spacing greater than 20ms should be discarded by the
application as being too late for replay. Multiples of 20ms can thus be allocated for
every packet held before playout in this simple example. To summarise, the delay due
to de-jittering the arriving stream is implementation dependent, thus we do not include
it in our results.

3.3 Counting Ones Losses in the Network

We calculate the lost packets as is exactly defined in RFC 1889. It defines the number
of lost packets as the expected number of packets subtracted by the number actually
received. The loss is calculated using expected values so as to allow more significance
for the number of packets received. For example 20 lost packets from 100 packets has
a higher significance than 1 lost from 5. For simple measures the percentage of lost
packets from the total number of packets expected is stated. As stated the losses in this
work do not include those incurred by late arrivals, as knowledge of the buffer playout
algorithm is needed, therefore our values are only the network loss. Detailed analysis
of the loss patterns is not given in the results section, we simply state the percentages
of single, double and triplicate losses.

4 Results

The results of 15 weeks of measurements are condensed into figure 2. The table should
be interpreted as an 11 by 11 matrix. The locations listed horizontally across the top
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Fig. 2. A summary of 18000 VoIP sessions. The delay (D), jitter (J) and loss (L) for the nine sites.
The delay and jitter are in milliseconds, the losses are in percentages. The number of hops (H)
and time zones (T) in hours are also given. The means for each and all sites are given plus the
standard deviations (in parentheses). An NA signifies ‘Not Available’.
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of the table are the locations used as receivers. Listed vertically they are configured as
senders. The values in the rightmost column and bottom row are the statistical means
for all the connections from the host in the same row and 7o the host in the same column
respectively. For example the last column of the first row (directly under “Mean”) the
average delay to all destinations from Massachusetts is 112.8ms.

Each cell includes the delay, jitter, loss, number of hops and the time difference
prefixed by the letters D, J, L, H and T for each of the connections. The units for each
quantity are the delay in milliseconds, the jitter in milliseconds, the loss in percentage,
the hops as reported by traceroute and time differences in hours. A ‘+’ indicates that the
local time from a site is ahead of the one in the corresponding cell and behind for a -’.
The values in parenthesis are the standard deviations. A NA signifies “Not Available”
for this particular combination of hosts. The bottom rightmost cell contains the mean
for all 18054 calls made, both to and from all the nine hosts involved.

The most general observation is the quality of the paths is generally good. The
average delay is just below the ITU’s G.114 recommendation for the end-to-end delay.
Nevertheless at 136ms it does not leave much time for the end systems to encode/decode
and replay the voice stream. A small buffer would absorb the 4.1ms jitter and a loss rate
of 1.8% is more than acceptable with PCM coding [LEO1].

There are two clear groupings from these results, those within the EU and the US
and those outside. The connections in Europe and the United States (and between them)
are very good. The average delay between the US/EU hosts is 105ms, the jitter is 3.76ms
and the loss 1.16%. Those outside fair less well. The Turkish site suffers from large de-
lays, which is not surprising as the Turkish research network is connected via a satellite
link to Belgium (using the Geant network). The jitter and loss figures however are low,
5.7ms and 4% respectively. The Argentinian site suffers from asymmetry problems. The
quality when sending data to it is significantly worse than when receiving data from it.
The delay is 1/3 higher, the jitter is more than twice it in the opposite direction and the
loss is nearly four times higher than when sending to it. Unfortunately we could not
perform a traceroute from the host in Buenos Aires, so we cannot say how the route
contributed to these values.

We now turn our attention to results which are not related to any particular site. As
far as loss is concerned the majority of losses are single losses. 78% of all the losses
counted in all trace files were single losses whereas 13% were duplicate losses and
4% triplicate losses. For some connections (22 from 68), some form of packet loss
concealment would be useful, as the loss is over 1% but always under 10%.

Generally the jitter is low relative to the delay of the link, approximately 3-4%. This
is not totally unexpected as the loss rates are also low. With the exception of the Argen-
tinian site, the sites did not exhibit large differences in asymmetry and were normally
within 5% of each other in each direction. It is interesting to note that the number of
hops could vary under the 15 week measurement period denoted by () in the hops field.
Only very few (< 0.001%) out of sequence packets were observed. Within [Li02] there
are details of other tests, such as the effect of using silence suppression, differing pay-
load sizes and daytime effects. In summary no significant differences were observed
in these tests. We can attribute this (and the good quality results) to generally well-
provisioned academic networks.
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5 Related Work

Similar but less extensive measurements were performed in 1998 [HHM99]. Only three
of the hosts remain from four years ago so comparisons can only be made for these
routes. An improvement, in the order of 5-10% has been observed for these routes. We
should point out though, the number of sessions recorded four years ago numbered only
tens per host, whereas on this occasion we performed hundreds of calls from each host.
Bolot et. al. looked at consecutive loss for designing an FEC scheme [BCG95]. They
concluded that the number of consecutive losses is quite low and stated that most losses
are one to five losses at 8am and between one to ten at 4pm. This is in broad agreement
with the findings in this work, however we did not investigate the times during the day
of the losses. Maxemchuk and Lo measured both loss and delay variation for intra-state
connections within the USA and international links [ML97]. Their conclusion was the
quality depends on the length of the connection and the time of day. We did not try
different connection durations but saw much smaller variations (almost negligible) dur-
ing a 24 hour cycle (see [Li02]). We attribute this to the small 64kbits per second VoIP
session on well dimensioned academic networks. It is worthy to point out our loss rates
were considerably less than Maxemchuks (3-4%). Dong Lin had similar conclusions
[Lin99], stating that in fact even calls within the USA could suffer from large jitter de-
lays. Her results on packet loss also agree with those in [BCG95], which is interesting,
as the measurements were taken some four years later.

6 Conclusions

We have presented the results of 15 weeks of voice over IP measurements consisting of
over 18000 recorded VoIP sessions. We conclude that the quality of VoIP is good, and in
most cases is over the requirements of many speech quality recommendations. Recall
that all of the sites were at academic institutions which is an important factor when
interpreting these results as most universities have well provisioned links, especially
to other academic sites. Therefore this work should not be generalised to the whole
Internet. Nevertheless, the loss, delay and jitter values are very low and from previous
measurements the quality trend is improving. We can only attribute this to more capacity
and better managed networks than those four years ago. However some caution should
be expressed as the sample period was only 15 weeks, the bandwidth of the flows very
small and only used once per hour. We have a large number of sample sessions so can
be confident the findings are representative of the state of the network at this time. One
conclusion is that VoIP is obviously dependent on the IP network infra-structure and not
only on the geographic distance. This can be clearly seen in the differences between the
Argentinian and Turkish hosts. Concerning the actual measurement methodology, we
have found performing measurements on this scale is not an easy task. Different access
mechanisms, firewalls, NATs and not having permissions on all machines, complicates
the work in obtaining (and validating later) the measurements. Since it is not possible
to envisage all the possible uses for this data we have made it available for further
investigation at http://www.sics.se/"ianm/COST263/cost263.html.

Future work involves further improvements in collecting and analysing the data.
During these measurements we did not save (but sent) the audio samples at the receiver,



Wide Area Measurements of Voice over IP Quality 101

however future measurements will do so in order to capture the distortion and echo
impairment. Extending the measurement infra-structure to non-academic sites is also
a natural progression of this work. Performing quality measures that include the end
systems should also be considered, although how to include the heterogeneity of the
end systems still remains unresolved.
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Abstract. The “bi-directional search method” used for unicast routing
is briefly reviewed. The extension of this method unicast QoS routing is
discussed and an exact hybrid QoS algorithm HAMCRA that is partly
based on bi-directional search is proposed. HAMCRA uses the speed of a
heuristic when the constraints are loose and efficiently maintains exact-
ness where heuristics fail. The performance of HAMCRA is simulated.

1 Introduction

One of the classical shortest path algorithms was proposed by Dijkstra [6]. Ever
since, many variations of shortest path algorithms have been proposed in the
literature [§], [2], mainly based on different proposals for a priority queue [3].
Nearly all proposed shortest path algorithms are designed to find a shortest
paths tree rooted at the source to all other nodes. In practice, these algorithms
are often only used to find a path between a single source-destination pair. This
particular use may be inefficient. The idea to improve the Dijkstra algorithm for
source-destination routing was provided in 1960 by Dantzig [4] and concretized
in 1966 by Nicholson [I4]. Their bi-directional search idea consisted of building
two shortest path trees alternating between the source and the destination. Bi-
directional search can lead to significant savings in time, but unfortunately seems
to have been overshadowed by classical shortest path routing. We briefly revisit
the concept of bi-directional search and evaluate its application to Quality of
Service (QoS) routing.

One of the key issues in QoS routing is how to determine paths that satisfy
multiple QoS constraints such as constraints on bandwidth, delay, jitter, and
reliability. We focus on this so-called multi-constrained path problem and assume
that the network-state information is temporarily static, has been distributed
throughout the network and is accurately maintained at each node. Before giving
the formal definition of the multi-constrained path problem, we first describe the
notation that is used throughout this paper.

Let G(N, E) denote a network topology, where N is the set of nodes and E is
the set of links. With a slight abuse of notation, we also use N and E to denote
the number of nodes and the number of links, respectively. The number of QoS
measures is denoted by m. Each link is characterized by an m-dimensional link
weight vector, consisting of m non-negative QoS weights (w;(u,v), i = 1,...,m,

G. Karlsson and M.I. Smirnov (Eds.): QofIS 2003, LNCS 2811, pp. 102-[I11], 2003.
© Springer-Verlag Berlin Heidelberg 2003
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(u,v) € E) as components. The vector L represents the set of m QoS constraints.
The QoS measure of a path can either be additive (e.g., delay, jitter), in which
case the weight of that measure equals the sum of the QoS weights of the links
defining that path, or the weight of a QoS measure of a path can be the mini-
mum(maximum) of the QoS weights along the path (e.g., available bandwidth
and policy flags). Constraints on min(max) QoS measures can easily be treated
by omitting all links (and possibly disconnected nodes) that do not satisfy the re-
quested min(max) QoS constraints. Constraints on additive QoS measures cause
more difficulties. Multiplicative QoS measures can be transformed into additive
measures by taking their logarithm. Hence, without loss of generality, we as-
sume all QoS measures to be additive. The multi-constrained path problem can
be defined as follows:

Definition 1 Multi-Constrained Path (MCP) problem:
Consider a network G(N, F). Each link (u,v) € E is specified by m additive
QoS weights w;(u,v) > 0,4 =1,...,m. Given m counstraints L;, i = 1,...,m, the

problem is to find a path P from a source node A to a destination node B such

that w;(P) e 2 (uwyep Wilu,v) < Ly, fori=1,...,m.

A path that satisfies all m constraints is often referred to as a feasible path.
There may be multiple different paths in the graph G(N, E) that satisfy the
constraints. According to Definition 1, any of these paths is a solution to the
MCP problem. In some cases it might be desirable to retrieve the path with
smallest length [(P) from the set of feasible paths. This more difficult prob-
lem is called the multi-constrained optimal path (MCOP) problem. In general,
MCP, irrespective of path optimization, is known to be an NP-complete prob-
lem [9]. This explains why the lion’s share of proposed QoS routing algorithms
are heuristics [IT].

The rest of this paper is structured as follows. In Section 2l we discuss multi-
constrained bi-directional search. In Section [ we propose an exact QoS routing
algorithm HAMCRA that is partly based on bi-directional search and discuss
its complexity. In Section Bl we present the simulation results of HAMCRA and
we end in Section Bl with the conclusions.

2 Multi-constrained Bi-directional Search

The basic idea behind bi-directional search originated after observing that the
Dijkstra algorithm examines a number of “unnecessary” nodes. Especially when
the shortest (sub)path grows towards the destination, it can make an increasingly
number of unnecessary scans. To reduce the number of unnecessary scans, it is
better to start scanning from the source node as well as from the destination
noddl. In that case a large part of the topology will not be scanned, resulting in
a higher efficiency.

! In case of a directed graph, the scan-procedure from destination B towards A should
proceed in the reversed direction of the links.
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When the shortest path has an odd number of hops, the simple idea of
alternating between two directions and meeting in the middle is not enough to
find the shortest path. We also need to keep track of the minimum path length
found sofar. Since we execute the Dijkstra algorithm from two sides, we need
two queues Q4 and @p. The bi-directional Dijkstra algorithm extracts a node
u by alternating between Q4 and @p. If a node u has been extracted from
Q4 and from @p and if the end-to-end path length is smaller or equal to the
shortest discovered (but not extracted) shortest path sofar, then we have found
the shortest path and can return it by concatenating the two sub-paths from A
to u and u to B.

5

Fig.1. Example of bi-directional search in two dimensions. The links represent paths,
with their corresponding path weight vector.

Extending bi-directional search from m = 1 to m > 1 dimensions is not
a trivial task. The complicating factor is the necessity of a non-linear length
function for exact QoS routing [I5]. A non-linear length causes that subsections
of shortest paths in m > 1 dimensions are not necessarily shortest paths them-
selves. If two shortest paths (one originating in source node A and the other in
destination node B) in m > 1 dimensions meet at an intermediate node, the
resulting complete path is not necessarily the shortest path from A to B. We
must keep track of the minimum length of the complete paths found sofar. Even
if a new complete path exceeds the length of a previously found complete path,
that new path cannot be discarded as illustrated in Fig. [[] We use the non-linear
path length [(P) = maxizl,mym(%). The arrows indicate the order of arrival
of these sub-paths at node i. Once the first two sub-paths have arrived at node
i, we have our first complete path with weight vector w(P) = (7,4). If the con-
straints are L = (10,10) then the length of this path equals 0.7. Once the third
path arrives at node i, it makes a complete path with the second path, with total
length 0.8. However, we cannot remove this sub-path, because combined with
path 4, it forms the shortest path with link weight vector (5,6) and length 0.6.
This example also indicates that we will have to connect at each intermediate
node with k& > 1 paths (even if they violate the constraints), where k can grow
exponentially with the number of nodes N.
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These problems in multiple dimensions complicate the determination of an
efficient stop criterion for the MCOP problem. The bi-directional search in m > 1
dimensions has more potential for the MCP problem, where the routing algo-
rithm can stop as soon as a complete path obeys the constraints. Unfortunately,
when no feasible path is present in the graph, bi-directional search may require
twice the time of uni-directional search. Again, an efficient stop criterion that
foresees that there is no feasible path present seems difficult to find.

3 A Hybrid QoS Algorithm

In the previous section we have argued that the use of bi-directional search has
a higher potential for MCP than for MCOP. This need not be a disadvantage.
When the constraints are loose and many feasible paths exist, then optimization
is not very important and precious CPU time could be wasted in computing the
optimal path. In a heavily loaded network, the need for optimization increases.
Fortunately, under heavy load, the number of feasible paths is expected to be
small, in which case the MCP problem approximates the MCOP problem.

Although applying bi-directional search to the MCP problem is possible, find-
ing a clear stop criterion when no feasible paths are present is still problematic.
This difficulty suggests to deviate from the alternating bi-directional search to
a hybrid algorithm that uses concepts of bi-directional search. We have named
our hybrid QoS algorithm HAMCRA, the Hybrid Auguring Multiple Constraints
Routing Algorithm. HAMCRA is exact in solving the MCP problem, but is not
always exact in solving the MCOP problem. The rest of this section will present
HAMCRA, give its worst-case complexity and show that it is indeed exact in
solving the MCP problem.

3.1 HAMCRA

HAMCRA is composed of the exact algorithm SAMCRA, the Self-Adaptive
Multiple Constraints Routing Algorithm, [15] and its heuristic predecessor TAM-
CRA, the Tunable Accuracy Multiple Constraints Routing Algorithm, [5]. Both
SAMCRA and TAMCRA are based on three fundamental concepts:

1. In order for any QoS algorithm to be exact, we must use a non-linear length
function, such as
(P
I(P)= max (“’”) (1)

where w;(P) is the i-th weight of path P and L; is the i-th constraint. If
[(P) > 1 then path P is not feasible.

2. If anon-linear length function like () is used, then the subsections of shortest
paths in multiple dimensions are not necessarily shortest paths themselves.
It may therefore be necessary to store in the computation more (sub-)paths
then just the shortest. SAMCRA and TAMCRA use the k-shortest path
approach [7], where in TAMCRA £ is predefined by the user and in SAM-
CRA k is adapted in the course of the computation to assure that the exact
shortest path is found.
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3. Both TAMCRA and SAMCRA only consider non-dominated paths, where a
path P is called non-dominated if therdd does not exist a path P* for which
w;(P*) < w;(P) for all link weight components i except for at least one j
for which w;(P*) < w;(P).

Since HAMCRA is composed of SAMCRA and TAMCRA, it is also based
on their three concepts. In HAMCRA, first the TAMCRA algorithm is executed
with a queue-size k = 1 from the destination node to all other nodes in the
graph. This is the similarity with bi-directional search, because we also scan
from the destination node. However we do not alternate between the source
and the destination. We can use TAMCRA with & > 1, which will lead to a
better accuracy at the cost of increased complexity (of TAMCRA). The running
time of TAMCRA with £ = 1 is comparable to that of the Dijkstra algorithm.
At each node, the path weight vector found by TAMCRA from that node to
the destination is stored. These values will later be used to predict the end-to-
end path length. If TAMCRA has found a path within the constraints between
the source and the destination, HAMCRA can stop and return this path. If
TAMCRA does not find a feasible path, HAMCRA continues by executing the
SAMCRA algorithm from the source node. The difference between HAMCRA
and SAMCRA is that HAMCRA uses the information obtained by TAMCRA
and only stores predicted end-to-end lengths in the queue instead of the real
lengths of the sub-paths. The idea for using predictions was originally presented
n [I0]. The predicted end-to-end length is found by summing the real weights
of a path from source A to the intermediate node u with the weights of the
TAMCRA path from u to the destination B. The algorithm continues searching
in this way until a feasible path from A to B is found or until the queue is empty.

HAMCRA uses a fourth concept to reduce the search-space, namely that of
lower bounds (LB) [13]. The LB concept uses the property that if >: ; c;w; (P) >
S aiL;, o > 0, then path P is not feasible. By computing the shortest,
according to the linear length function {(P) = Y ", ayw;(P), paths Pj_,,
rooted at the destination B to each node n in the graph G(N,E), we ob-
tain the lower bounds w; (Pj_,,,). These lower bounds can be used to check
if a path Ps_,, from source A to node n can possibly obey the constraints: if
Yot o (wi(Pasy) +w;i (Pg_,,,)) > iy a;Lg, then path Pa_,, need not be
considered further. For the simulations we have chosen to compute via Dijkstra
the shortest path tree rooted at the destination to each node n in the graph
G(N, E) for each of the m link weights separately. For measure j, the Dijkstra
shortest path agrees with Y/, c;w;(P), where a; = 0 for i = 1,...,m except
a; = 1. Hence, for each of the m link weight components, the lowest value from
the destination to a node n € N is stored in the queue of that node n.

Note that the LB concept is also based on (lower bound) predictions for the
end-to-end path length. We could therefore also use the LB predictions instead

2 If there are two or more different paths between the same pair of nodes that have
an identical weight vector, only one of these paths suffices. We therefore assume one
path out of the set of equal weight vector paths as being non-dominated and regard
the others as dominated paths.
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of the TAMCRA predictions. Because HAMCRA uses TAMCRA to predict the
end-to-end path length, this prediction (if erroneous) could be larger than the
real end-to-end path length. It may then happen that HAMCRA extracts a
non-shortest path first. Therefore HAMCRA using TAMCRA cannot guarantee
a solution to the MCOP problem. If I, cgicted(P) < lactuat(P) as is the case
with LB predictions, a solution to MCOP can be guaranteed. Unfortunately,
simulations (see Fig. B) have shown that such predictions are usually not as
good as the TAMCRA predictions, leading to an increased running time.

3.2 Worst-Case Complexity of HAMCRA

The total worst-case complexity of HAMCRA is constructed as follows. Ex-
ecuting heap-optimized Dijkstra m times leads to mO(Nlog N + E) and m
times computing a length of a path leads to mO(mN). Executing TAMCRA
with & = 1 requires O(N log N + mFE). The search from the destination adds
O(mN log N +mE +m?N), which is polynomial in its input. The “SAMCRA”
search from the source adds O(kN log(kN) + k*mE) [15]. Combining these con-
tributions yields a total worst-case complexity of HAMCRA with k = kpax of
O(mNlog N + mE +m?N + kN log(kN) + k*mE) or

Cramcra = O(kNlog(kN) + k*mE) (2)

where m is fixed and m < k = kyax and kyax is an upper bound on the number
of paths in the search-space. For a single constraint (m = 1 and k = 1), this
complexity reduces to the complexity of the Dijkstra algorithm Cpijrstra =
O(Nlog N + E). For m > 1, the complexity becomes NP-complete, since k can
grow exponentially with V.

3.3 Proof that HAMCRA Is Exact

The proof that HAMCRA is exact in solving the MCP problem depends on the
validity of the search-space reducing techniques. Obviously, if TAMCRA finds a
feasible path at the beginning, then the MCP problem is exactly solved. For the
case that this first step fails, we summarize the different steps in HAMCRA.:

1. Paths with length I(P) > 1 need not be examined.

2. If in the k-shortest path algorithm the value of & is not restricted, HAMCRA
returns all possible paths ordered in length between source and destination.

3. If, for all 4, w;(P1) < w;(Pz2), then w;(P) + u; < w;(Ps) + u; for any wu;.
For all definitions of length I(.) satisfying the vector norm criteria (such as
(@) there holds that l(w(P;) + u) < l(w(P,) + u) for any vector u. Hence,
we certainly know that P will never be shorter than P;. Hence, dominated
paths need not be stored in the queue.

4. IS0 o (wi(Passn) +w; (P,)) > > ey a;L;, then sub-path Pa_,,, can
never be complemented with a path Pj_,, to satisfy the constraints L.
Hence, the sub-path P4_,,, should not be considered further.
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5. Finally, the insertion/extraction policy of the nodal queues uses a predicted
end-to-end length instead of the real length of a (sub)-path. However, since
the predicted end-to-end length and the real end-to-end length of a complete
path between source and destination are the same, this path is returned if
I(P) <1 or removed if [(P) > 1. Thus, only feasible end-to-end paths will
be examined and exactness is guaranteed.

4 Performance Evaluation of HAMCRA

In this section a performance evaluation of HAMCRA is presented based on
simulation results. We have simulated on three classes of graphs, namely the
class of random graphs G,(N) [] with link-density p = 0.2, the class of Internet-
like power law graphs with power 7 = 2.4 in the nodal degree distribution
Prl[d = k] = k=7 and the extremely regular class of square two-dimensional
lattices. We have performed two types of simulations.

The first type of simulations consisted of generating, for each simulation
run, 10* graphs with all link weights independent uniformly distributed in the
range (0,1]. In each graph, based on multiple constraints, we computed a path
between two nodes (A and B) in the graph and stored the maximum queue-size
k that was used. In all classes of graphs, the source A and destination B were
randomly chosen. For the class of two-dimensional lattices, we also simulated
with A chosen in the upper left corner and B in the lower right corner. We refer
to this “worst-case” setting as Lattice 2 and to the case where the source and
destination nodes are chosen randomly as Lattice 1. The constraints are chosen
very strict, such that only one path can obey these constraints. In this case the
MCP problem equals the more difficult MCOP problem.

The second type of simulations consisted of generating only one two-dimen-
sional lattice with A chosen in the upper left corner and B in the lower right
corner and then finding a path in this graph, subject to different constraints.
To examine the influence of the constraints, we simulated with 10* different
constraint vectors per topology.

4.1 Simulation Type 1

Fig. Blpresents the results as a function of the number of nodes N. The expected
queue-size E[k] and the variance in queue-size var[k] are very close to one for
the class of random graphs. Similar results were also obtained with SAMCRA
[15], suggesting that exact QoS routing in the class of random graphs with uni-
formly distributed link weights is easy. The class of power law graphs also has
a moderate E[k], although the variability var[k] is larger than in the class of
random graphs. This was expected because the power law graphs are less ran-
dom than the random graphs. The class of two-dimensional lattices gives the
worst performance, especially when the source and destination nodes are fur-
thest apart. The two-dimensional lattices have a large expected hopcount and
many paths between source and destination, making this class of graphs hard to
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Fig. 2. The queue-size k for different topologies as a function of the number of nodes N.

solve. This was also observed and motivated in [I2]. Finally, we have simulated
the performance of HAMCRA as a function of the number of constraints m.
The (undisplayed) results show that the queue-size k increases with m, but that
this increase diminishes if m gets large enough. In fact, if m — oo, E[k] will be
exactly one as proved in [15].

4.2 Simulation Type 2

In this subsection we present the results for the class of two-dimensional lattices
with A chosen in the upper left corner and B in the lower right corner. We be-
lieve that this class of two-dimensional lattices represents worst-case topologies.
We have simulated on a single lattice topology with 100 values for constraint
L, and 100 values for constraint Ly, leading to a total of 10* computations per
simulation. With our choice of the constraints it can occur that no feasible path
exists. We have performed simulations for different levels of link correlation p.
We only observed a high complexity for an extremely negative correlation. The
results indicate that the values of the constraints and the correlation between
the link weights can have a serious impact on the complexity. If the link weights
are negatively correlated and the constraints are close to the weights of the m-
dimensional shortest paths, the complexity is highest. The impact of correlation
and constraints on the complexity of QoS routing has been discussed in [12]. Fig.
Bl presents our results for HAMCRA with different predictive length functions.
Our results show that HAMCRA with TAMCRA predictions has a good com-
plexity if a feasible path is present and if the constraints are not too strict. The
complexity is better than with Dijkstra lower bound predictions. Unfortunately,
the complexity may be large if no feasible path is present or if only one path can
obey the constraints. In the worst-case scenario with p = —1 it is possible to
reduce the complexity by including lower bounds based on — Zm w’(P) <1
In this case we could have verified in polynomial time if a feablble path exmted
If exactness for MCOP is required, we recommend to use the linear length func-
tion (see Section[B) [(P) = = > P) for search-space reduction as well as
end-to-end path length predlctlon (1nstead of TAMCRA).
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Fig. 3. The expected queue-size as a function of the constraints L, and Lo, whit
p=—1, N = 49. (left) queue-size HAMCRA with TAMCRA predictions (right) queue-
size HAMCRA with Dijkstra predictions.

5 Conclusions

In this paper we have revisited the use of bi-directional search in unicast routing.
This method is powerful in (one-dimensional) unicast routing. To our knowledge
an extension of one-dimensional bi-directional search towards multiple dimen-
sions has never been examined. We have filled that gap in this paper and have
shown that such an extension is not trivial. Some difficulties appear especially
when the multi-dimensional shortest path is needed or when no feasible path is
present. To avoid these difficulties, we have proposed and evaluated HAMCRA.
This hybrid algorithm exactly solves the multi-constrained path (MCP) prob-
lem and is composed of the exact QoS algorithm SAMCRA and the heuristic
QoS algorithm TAMCRA. HAMCRA uses TAMCRA to quickly follow a feasible
path and uses SAMCRA to maintain its exactness for the MCP problem. Sim-
ulations with HAMCRA show that HAMCRA quickly finds a feasible path for
nearly the entire range of feasible constraints. The complexity of HAMCRA can
only be high when the constraints are closely situated around the weights of the
multi-dimensional shortest paths, the link weights are negatively correlated and
we have a specific topology (like the two-dimensional lattice). We believe that
in practice this situation is unlikely to occur and that HAMCRA is expected to
have a low complexity. If our assumption holds, then it is pointless to consider
heuristics for QoS routing that cannot even guarantee QoS requirements to be
met.
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Abstract. Once multihomed, an IPv6 site usually wants to engineer its
interdomain traffic. We propose that IPv6 multihomed hosts inquire a so
called “Name, Address and ROute System” (NAROS) to determine the
source and destination addresses to use to contact a destination node.
By selecting these addresses, the NAROS server roughly determines the
routing. It thereby provides features like traffic engineering and fault
tolerance, without transmitting any BGP advertisement and without
impacting on the worldwide routing table size. The performance of the
NAROS server is evaluated by using trace-driven simulations. We show
that the the load on the NAROS server is reasonable and that we can
obtain good load-balancing performances.

Keywords: multihoming, traffic engineering, IPv6, BGP.

1 Introduction

The size of BGP routing tables in the Internet has been growing dramatically
during the last years. The current size of those tables creates operational issues
for some Internet Service Providers and several experts [1] are concerned about
the increasing risk of instability of BGP.

Part of the growth of the BGP routing tables [2] is due to the fact that, for
economical and technical reasons, many ISPs and corporate networks wish to be
connected via at least two providers to the Internet. Nowadays, at least 60% of
those domains are connected to two or more providers [3].

Once multihomed, a domain will usually want to engineer its interdomain
traffic to reduce its costs. Unfortunately, the available interdomain traffic engi-
neering techniques [4] are currently based on the manipulation of BGP attributes
which contributes to the growth and the instability of the BGP routing tables.

It can be expected that IPv6 sites will continue to be multihomed and will also
need to engineer their interdomain traffic. Although several solutions to the IPv6
multihoming problem have been discussed within the IETF [5l6l7I8/9ITOIIT], few
have addressed the need for interdomain traffic engineering. We propose and
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evaluate in this paper an innovative host-centric solution to the IPv6 multihom-
ing problem. This solution allows sites to engineer their incoming and outgoing
interdomain traffic without any manipulation of BGP messages.

In the following section, we briefly present the technical and economical rea-
sons for multihoming in the Internet, and situate our solution among other pro-
posed multihoming solutions. Next, we describe the NAROS architecture and
explain how it supports multihoming and traffic engineering. Finally, we use
trace-driven simulations to evaluate the performance of our solution.

2 Multihoming Issues

IPv6 multihoming solutions are significantly different from IPv4 ones because
they must allow the routing system to scale better. Morever, the IPv6 address
space is much larger, which gives more freedom when designing multihoming.
An IPv6 host may have several global addresses. Paradoxically this can help in
reducing the BGP table sizes but it requires that hosts correctly handle multiple
addresses. Requirements for IPv6 multihoming are stronger and multiple [12].
In this paper, we essentially focus on the following requirements.

Fault Tolerance. Sites connect to several providers mainly to get fault toler-
ance. A multihoming solution should be able to insulate the site from both link
and ISP failure.

Route Aggregation. Every IPv6 multihoming solution is required to allow
route aggregation at the level of their providers [1], [I2]. This is essential for the
scalability of the interdomain routing system.

Source Address Selection. A multihomed IPv6 host may have several ad-
dresses, assigned by different providers. When selecting the source address of
a packet to be sent, a host could in theory pick any of these addresses. How-
ever, for security reasons, most providers refuse to convey packets with source
addresses outside their address range. So, the source address selected by a host
also determines the upstream provider used to convey the packet. This has a
direct impact on the flow of traffic. Moreover, if a host selects a source address
belonging to a failed provider, the packet will never reach its destination. Thus,
a mechanism must be used to select the most appropriate source address.

Destination Address Selection. When a remote host contacts a multihomed
host, it must determine which destination address to use. The destination address
also determines the provider used. If a provider of the multihomed site is not
available, the corresponding destination address cannot be used to reach the
host. So we must make sure that an appropriate destination address is always
selected.

Traffic Engineering. A multihomed site should be able to control the amount
of inbound and outbound traffic exchanged with its providers.

ISP Independence. It is desirable that a multihoming solution can be set up
independently without requiring cooperation of the providers.
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2.1 Related Work

All current IPv6 multihoming approaches allow route aggregation and provide
at least link fault tolerance. A summary of desired features provided by various
multihoming solutions is provided in table [l The solutions and their features
are detailed in a survey on multihoming mechanisms [5].

Table 1. Features provided by current IPv6 multihoming solutions.

Feature 18] [9] [7] [10] [6] [13] [11] NAROS
Link fault tolerance X X X X X X X X
ISP fault tolerance X X X X X x
Stable configuration in case of long term failure X X X X X
Explicit ISP selection X X X
Allows load sharing X X X X X X
Explicit traffic engineering X
Solve source address selection problem X X
Transport-layer survivability X X X X

Site-ISP independency X X X X X X
Inter ISP independency X X X X X X X
No changes for Internet routers X X X X X X X X
No changes for site exit routers X X X X X X
No changes for hosts X X X

No changes for correspondent nodes X X X X X X X
No new security issues X X X X X X
No need of tunnels X X X X x
No modification to current protocols X X X X X
No new protocol X X X X X X X

Valid for both TCP and UDP X X X X X X X

The first two approaches [8], [9] use tunnels and/or backup links with or
between the providers. The third solution [7] uses the Router Renumbering [14]
and Neighbor Discovery [15] protocols to deprecate addresses in case of ISP fail-
ure. The fourth approach [10], proposes to modify the TCP protocol to preserve
active TCP connections. The fifth solution uses the IP mobility mechanisms to
switch between delegated addresses in case of failure [7], [6]. The sixth approach
[13] consists in enhancing the Neighbor Discovery protocol to help the hosts in
selecting the appropriate site exit routers. The solution proposed in [I1] defines
new ICMP redirection messages to inform a host of the site exit router to use.

The last approach is the NAROS approach presented in this paper. It relies
on the utilization of several IPv6 addresses per host, one from each provider.
The basic principle of NAROS is that before transmitting packets, hosts contact
the NAROS service to determine which IPv6 source address they should use to
reach a given destination.

This approach has never been developped, although briefly suggested in [11].
To the best of our knowledge, this is the first approach that explicitly allows
load-balancing and traffic engineering in IPv6 multihoming sites.
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3 The NAROS Service

Figure [ illustrates a standard multihomed site. Suppose three Internet Service
Providers (ISPA, ISPB and ISPC) provide connectivity to the multihomed site.
The site exit router connecting with ISPA (resp. ISPB and ISPC) is RA (resp.
RB and RC). Each ISP assigns a site prefix. The prefixes (PA, PB and PC),
together with a subnet ID (SA, SB or SC) are advertised by the site exit routers
and used to derive one IPv6 address per provider for each host interface.

Internet

ed Site ppigpiy

PW:SW: W PC:SC:Y

NAROS

Fig. 1. A multihomed site connected with three providers.

In the NAROS architecture, the site advertises ISPA addresses only to ISPA,
and ISPA only announces its own IPv6 aggregate to the global Internet.

Since each host has several IPv6 addresses, it must decide which address
to use when transmitting packets. The basic principle of our solution is to let
the NAROS service manage the selection of the source addresses. This address
selection will influence how the traffic flows through the upstream providers and
a good selection method will allow the site to engineer its interdomain traffic.

We now consider in details how NAROS addresses four main issues: source
and destination address selection, fault-tolerance and traffic engineering.

Source Address Selection. When a host initiates a connection with a cor-
respondent node, it must determine the best source address to use among its
available addresses. The source address selection algorithm described in [I6] al-
ready provides a way to select an appropriate address. However, this selection is
arbitrary when a host has several global-scope IPv6 addresses as in our case.

The principle we propose is that the host asks the NAROS service which
source address to use. It complements in this way the default IPv6 source address
selection algorithm [16].

Many factors could possibly influence the selection process, such as the cur-
rent loads and states of the links or administrative policies. A NAROS server
could also rely on informations contained in BGP tables, e.g. the path length
towards the destination.
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Fig. 2. Basic NAROS scenario example.

In its simplest form, the basic NAROS service is independent from any other
service. A NAROS server does not maintain state about the internal hosts. It is
thus possible to deploy several NAROS servers in anycast mode inside a site for
redundancy or load-balancing reasons. A NAROS server can also be installed on
routers such as the site exit routers. The NAROS protocol runs over UDP and
contains only two messages: NAROS request and NAROS response [I7].

The first message is used by a client to request its connection parameters. The
parameters included in a NAROS request are at least the destination address
of the correspondent node and the source addresses currently allocated to the
client. The NAROS server should only be contacted when the default source
address selection procedure [16] cannot select the source address.

The NAROS response message is sent by a NAROS server and contains the
connection parameters to be used by the client. The parameters include at least
the selected best source address, a prefix and a lifetime. It tells that the client
can use the selected source address to contact any destination address matching
the prefix. These parameters remain valid and can be cached by the client during
the announced lifetime.

The upper part of figure 2 shows an example of how the NAROS messages
and parameters are used. The exact format of the NAROS message is outside
the scope of this paper. When Host X sends its first packet to remote Host W
(PW:SW:W), it issues a NAROS request in order to obtain the source address to
use to reach Host W. Upon receipt of the request, the NAROS server identifies
the prefix PW associated with Host W and selects for example PA:SA:X as
the best source address. The prefix can be determined arbitrarily, e.g. using
the /8 prefix corresponding to the destination address. Another solution is to
extract from a BGP table the prefix associated with the destination. The server
then indicates the lifetime (e.g. 300 seconds) of these parameters in the NAROS
response message.
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After having processed the reply, Host X knows that it can use PA:SA:X to
reach any destination inside prefix PW, including Host W. The selected source
address should be used for the whole duration of the flow, in order to preserve
the connection. If new TCP or UDP connections for the same destination are
initiated before the announced lifetime expires, the client can use the cached
parameter. Otherwise the host must issue a new NAROS request and it may get
a different source address for the same destination. By using appropriate values
for the lifetime and the prefix in the NAROS response, it is possible to reduce
the number of NAROS requests sent by hosts as will be shown in section @l

Destination Address Selection. A second case is when Host W on the
Internet needs to contact Host X in the multihomed site. It first issues a DNS
request. The DNS server of the multihomed site could reply with all the addresses
associated to Host X. At worst, Host W will try the proposed addresses one by
one. Eventually, a connection will work.

Fault Tolerance. A third problem to consider is when one of the upstream
providers fails. As in the solution described in [7], [I1], the site exit routers use
router advertisement messages to communicate to hosts the available prefixes
[15]. When a provider crashes, the site exit router connected to this provider
detects the event and advertises a null preferred lifetime for that prefix. A client
can take this event into account by immediately asking new parameters to the
NAROS server. More generally, a host can ask updated parameters each time it
detects a failure which affects one of its communications. Once the new source
address is known, IP mobility or other mechanisms can be used in order to
preserve the established TCP connections [6], [10].

In the lower part of fig. B consider for example that ISPA becomes unavail-
able. The site exit router connected to ISPA detects the failure and advertises
a null preferred lifetime for prefix PA. The NAROS server immediately takes
this advertisement into account and future NAROS replies will not contain this
prefix. Host X will also receive this advertisement. The standard effect is that
it should no longer use this source address for new TCP or UDP flows. If Host
X is currently using a deprecated address, it can issue a new NAROS request
to choose among its other available source addresses. The host can then use IP
mobility mechanisms to switch to the new source address in order to maintain
its connection alive.

Traffic Engineering. When a host selects a source address, it also selects the
provider through which the packets will be sent. Since the source address to use
is selected by NAROS, this can naturally be used to perform traffic engineering.
For example, in order to balance the traffic among the three providers in figure
[ a NAROS server can use a round-robin approach. For each new NAROS
request, the server selects another provider and replies with the corresponding
source address. Except when a provider fails, this source address, and thus the
upstream provider, remains the same for the whole duration of the flow.

NAROS Advantages. Beside the above functionalities, the NAROS approach
has several advantages. First, the NAROS service can be set up independently
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from the providers. A provider only delegates a prefix to the site. This makes the
solution applicable for small sites such as enterprise networks. Next, since routes
to addresses delegated by one provider are not announced to other providers,
full route aggregation is possible. Another advantage is that the solution allows
traffic engineering without injecting any information in the internet routing sys-
tem. Moreover, the NAROS service can easily support unequal load distribution,
without any additionnal complexity. Next, NAROS allows the providers to per-
form ingress filtering, which benefits to security. Finally, changes are limited to
hosts inside the multihomed site. Legacy hosts are still able to work, but they
cannot benefit from all the NAROS advantages.

4 Performance Evaluations

The NAROS protocol depends on choosing two base parameters: the size of
the prefix associated with the destination and its lifetime. We now evaluate the
impact of these parameters on the cache size of the hosts, the number of NAROS
requests and consequently the server load, and finally the load-balancing quality.

The evaluation of the NAROS service presented in this section is based on
a real traffic trace [18]. This trace is a flow-trace collected during 24 hours on
November 18, 2002 and contains all the interdomain traffic of a university site.
7687 hosts were active in the network and the volume of traffic exchanged is
about 200 GB (18.8 Mb/s in average). The trace contains information about
322 million packets forming more than 17.5 million TCP and UDP flows. The
average flow lifetime is 12 seconds. We evaluated the NAROS protocol with IPv4
because no significant IPv6 network is available today.

The first performance parameter to consider is the size of the NAROS cache
maintained by the hosts. We evaluate the impact of the prefix length used in the
NAROS replies on the cache size of the hosts. For example, if a host requests
for destination 1.2.3.4, the NAROS may reply with a /24 prefix, meaning that
the parameters are valid for all addresses in 1.2.3.0/24. It may also extract the
corresponding prefix from a BGP table. In this case, the prefix length is variable
because it depends on the prefix matched in the BGP table for this destination.

Figure [3 shows on a log-log scale pi(x): the percentage of hosts having a
maximum cache size greater than z. It shows for example that if we use /24
prefixes as in the example, the cache size remained below 100 entries during the
whole day for 95% of the hosts. We used a lifetime of 300s. The hosts which
present the largest cache size were found to be either compromized machines
sending lots of probes or very active peer-to-peer clients.

The use of lower lifetimes (not shown) yields to smaller cache sizes. A conse-
quence of this figure is that small prefix lengths and low lifetime contribute to
small cache sizes. A value of 300s seems appropriate for the studied site.

We also evaluate the impact of the lifetime on the cache performance. A good
cache performance is necessary to limit the number of NAROS requests that a
host issues. Figure [ evaluates the percentage of cache hits versus the lifetime
in seconds. It shows that the cache hit ratio is higher when longer lifetime or
smaller prefix lengths are used. However, we get no significant improvement by
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using lifetimes longer than about 300 seconds. We also see that the lifetime has
little impact on the cache hit ratio when /8, /16 or BGP prefixes are used.

A second element to consider is the server load. Figure Bl shows on a log-
log scale pa(z): the percentage of hosts issuing more NAROS requests than z,
during the whole day. We use here a lifetime of 300s and simulate various prefix
lengths. Figure [l shows that when BGP prefixes are used, 90% of the hosts
issue less than about 300 requests during the whole day. The resulting server
load is illustrated in figure [6l This load is proportional to the number of host
and essentially follows the traffic load. The load average is about 35 requests per
second, which is still reasonable. In comparison, this is no more than the number
of DNS requests coming from the Internet and addressed to the site studied. The
bandwidth overhead of the NAROS approach is evaluated to about 0.35%.

We now compare the performance of the NAROS load-balancing technique
with the best widely used load-balancing technique which preserves packet or-
dering, i.e. CRC16 [19]. We focus on the common case of load-balancing between
two outgoing links of the same capacity. For the NAROS load-balancing, we use
a round-robin approach, i.e. a new flow is alternatively assigned to the first and
the second links. CRC16 is a direct hashing-based scheme for load-balancing
where the traffic splitter uses the 16-bit Cyclic Redundant Checksum algorithm
as a hash function to determine the outgoing link for every packet. The index
of the outgoing link is given by the 16-bit CRC checksum of the tuple (source
IP, destination IP, source port, destination port, protocol number), modulo the
number of links. CRC16 is often used on parallel links from the same router.

We measure the performance of the load-balancing by looking at the devi-
ation from an even traffic load between the two links. Let load; and loads be
respectively the traffic load of the first and the second link. We define the devia-
tion as a number in [—1, 1] computed by (load; — loads)/(load; + loads). A null
deviation means that the traffic is balanced, while a deviation of 1 or -1 means
that all the traffic flows through the first or the second link. Fig.[d compares the
deviation in percent of the NAROS and CRC16 load-balancing. For NAROS, we
used BGP prefixes and a lifetime of 300s. We see that the NAROS solution is
able to provide load-balancing as good as the best current static load-balancing
mechanism. Fig. Bl compares the NAROS load-balancing quality for a lifetime
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of 1s and a lifetime of 1800s. It shows that the quality of the load-balancing is
better when short lifetimes are used, at the expense of a larger server load.

5 Conclusion

In this paper, we have proposed a solution which provides fault-tolerance and
traffic engineering capabilities without impacting on the Internet routing tables.
When a host needs to communicate with a remote host, it contacts its NAROS
server to determine the best source IPv6 address to use. The NAROS server does
not maintain any per-host state, can easily be deployed as an anycast service
inside each site, and can be set up independently from the providers. It allows
to indirectly, but efficiently, engineer the interdomain traffic, without manipu-
lating any BGP attribute. Changes are limited to hosts inside the multihomed
site. Legacy hosts are still able to work, even if they cannot benefit from site-
multihoming. We have also shown that the load on the NAROS server was rea-
sonable and that, when used to load-balance the outbound traffic between two
providers, the NAROS server obtained a similar performance as classical CRC-
16 based load-balacing mechanisms. Further investigations include the address
selection procedure used by the server and how NAROS can help in engineering
the inbound traffic.
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Abstract. Adaptive Multi-Path routing (AMP) is a new simple algorithm for dy-
namic traffic engineering within autonomous systems. In this paper, we describe
an AMP variant which is related to the well-known Optimized Multi-Path (OMP)
routing protocol. Whereas OMP requires global knowledge about the whole net-
work in each node, the AMP algorithm is based on a backpressure concept which
restricts the distribution of load information to a local scope, thus simplifying
both signaling and load balancing mechanisms. The proposed algorithm is inves-
tigated using ns-2 simulations for a real medium-size network topologyand load
scenarios by performing comparisons to several standard routing strategies.

1 Introduction

Over the last years, various measurements performed by different Internet Service
Providers (ISPs) have shown that traffic demands in the Internet change dynamically
and exhibit large time of day variations [1]. This provides a clear motivation for
improving the performance of operational networks by optimizing the allocation of
traffic with respect to the current demands. However, the current architecture of the
Internet does not provide a straightforward framework for the optimal mapping of traf-
fic demands to available network resources, establishing traffic engineering to become
one of the most important Internet research areas in the last couple of years.

In contrast to physical capacity planning (which is usually performed on a time-
scale of multiple months) or traffic control mechanisms (e.g. scheduling, which oper-
ates on the time-scale of single packet transmission), many competing approaches are
currently being proposed for IP traffic engineering on the time-scale of minutes or
hours. The approaches differ substantially in the amount of introduced network man-
agement overhead, complexity and requirements on the underlying networking tech-
nologies. In this paper we introduce and investigate a dynamic multipath routing algo-
rithm that provides simple and automatized traffic engineering by performing
continuous load balancing among multiple paths within an autonomous system, with-
out adding any management overhead.

The rest of the paper is structured as follows: Section 2 surveys related approaches,
before Section 3 introduces the AMP algorithm. Section 4 describes our ns-2 imple-
mentation as well as simulation scenarios and results, and Section 5 concludes the
paper with summarizing remarks and an outlook on current and future research.

G. Karlsson and M.I. Smirnov (Eds.): QofIS 2003, LNCS 2811, pp. 122-131, 2003.
(© Springer-Verlag Berlin Heidelberg 2003
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2 Related Work and Basic Idea

Over the last few years, multipath routing has already become a well-established
research topic in the area of dynamic traffic engineering. This section briefly outlines
the main directions which have been proposed so far and introduces the basic idea of
our novel approach.

In today’s operational Internet Service Provider (ISP) networks, links are usually
assigned static /ink costs (sometimes also called /ink weights), as sketched in Figure 1
for the case of a simple network topology. If routing is performed based on minimizing
these link costs, then traffic always takes the same path from source to sink. Whereas
this works fine in uncongested networks, the appearance of congestion significantly
reduces network efficiency, because in this case the traffic will be persistently routed
over congested links, even if parallel uncongested paths exist.

Among the approaches proposed so far to enhance the outlined situation, a rather
straightforward possibility employs standard IP routing [2] and tries to globally opti-
mize the link costs for a given traffic matrix. The main advantage of this method is that
no changes are required in the underlying network technologies. However, the estima-
tion of the traffic matrix for a live IP network is a non-trivial task, as shown in [3].
Moreover, with respect to the typical time-of-day behavior of traffic matrices [1], it is
necessary to regularly repeat the optimization procedure, which adds further network
management complexity.

Unlike the traditional IP network architecture, in which paths between pairs of rout-
ers can be determined only implicitly by the appropriate setting of link costs, the
Multi-Protocol Label Switching (MPLS) [4] technology enables the explicit choice
and establishment of label switched paths (LSPs) between pairs of routers in an auton-
omous system. A number of proposals concentrate on performing traffic engineering
by intelligent management of LSPs. However, MPLS-based traffic engineering has the
obvious inherent drawback of extensive management overhead.

Another simple traffic engineering approach in the framework of the plain IP archi-
tecture is the adaptation of routing metrics to the current load conditions in the network
as attempted in the early ARPAnet [5]. There, link costs were dynamically adjusted in
proportion to the packet delays, which were used as an indicator of congestion. But
due to the coarse granularity of traffic shifts (as multiple paths may be affected at the
same time by a single link cost change), this scheme led to link load oscillations for the
case of high network congestion (cf. [6]).

Finally, the Optimized Multi-Path (OMP) protocol [6] is a traffic engineering exten-
sion of currently deployed link-state routing protocols, which aims at distributing load
optimally based on each router X having global knowledge about all link loads in the
network. With this information, X can shift traffic from congested to less congested
paths and thus perform load balancing decisions. In order to keep nodes up to date,
every link propagates and regularly refreshes load information using the protocol’s
flooding mechanism which is triggered either by the time elapsed since the last update
or the amount of load changes in the last measurement.

However, a closer look at OMP reveals some important disadvantages of this proto-
col, e.g. the sophisticated (and thus memory-consuming) data structures required for
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storing entire multipaths between all possible sources and sinks, and the inherently
unpredictable signaling overhead necessary for disseminating link load updates by
flooding.

AMP has been designed to avoid these drawbacks. Viewed from an OMP perspec-
tive, the central new feature of the AMP algorithm is to reduce the network view of
any node from a global to a local one. Therefore, an arbitrary network node X does not
know about the state of all possible link combinations between X and all other network
nodes, but is only informed about its immediate neighborhood. The propagation of
congestion information through the network resorts to a so-called “backpressure mech-
anism”. For an intuitive description of this concept, one could view the Internet as a
meshed system of unidirectional porous rubber tubes transporting viscous fluid. As
soon as the fluid hits upon resistance (congestion situation), this leads to a momentary
situation of local pressure increase with two possible consequences: the pressure starts
propagating opposite to the flow direction (backpressure), in fact tube after tube with
decreasing intensity due to the viscosity of the fluid, eventually leading to the estab-
lishment of a new global pressure/loss equilibrium. Secondly, persistent congestion
may also cause fluid drops to locally pour through the rubber, corresponding to packet
loss in a network, which we aim to reduce by performing backpressure and load bal-
ancing.

To describe this interplay between local dissemination and global propagation of
load information more formally, let 4 be a generic network node and Q , the generic
set of all its immediate neighbor nodes. Additionally, let 4B denote a generlc directed
link from node 4 to node B.

The main mechanism of our algorithm is explained in Figure 1. In contrast to OMP,
where an increase in utilization on link Y, X causes nodes all over the network to off-
load some of their paths containing link YO_X, under AMP the only node to react is Y,
as end-node of Y X, trying to shift traffic away from Y X to alternative paths. Addi-
tionally, ¥, periodically sends out so-called “backpressure messages” (BMs) to each
of its neighbor nodes N, € Qy, , in order to inform N; about its respective contribution
to the congestion situation on link Y X.All N;e QY in turn pass on this information

Link Costs

Conge:sted
Link

Fig. 1. Basic Idea of Backpressure Mechanism
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to their own neighbor nodes, again in proportion to those nodes’ respective contribu-
tion to the congestion situation, etc. This “quasi-recursive” mechanism provides for
the propagation of congestion information through the network producing determinis-
tic signaling traffic, because BMs are sent out periodically.

3 Algorithmic Description of AMP

This section provides an algorithmic description of our new AMP proposal. We start
with a survey on multipath calculation, link load metrics and load balancing as key
concepts we are able to take from the OMP proposal [6] and adapt to the AMP envi-
ronment. The rest of the section describes the concept of using backpressure messages
for signaling as the crucial new idea distinguishing AMP from OMP and other conven-
tional multipath routing proposals. For further algorithmic details as well as consider-
ations on stability and signaling overhead we refer to [7].

3.1 Multipath Calculation, Load Balancing and Link Load Metrics

In general, multipath routing approaches differ from other interior gateway routing
protocols (e.g. OSPF [8]) by no longer employing only the best (minimal cost) path
towards a destination, but allow for using more than one path. For instance, the so-
called equal cost multipath approach (ECMP) provides a straightforward possibility,
allowing to use multiple paths with the same minimal cost and split the traffic equally
among them.

In order to further increase the number of candidate paths while avoiding compli-
cated MPLS-like or source routing path establishment, [6] proposes to employ a
“relaxed best path criterion”. The basic idea is to consider any neighbor node which is
closer in terms of cost to the destination than the current node as a viable next hop for
multipath routing. Note how this condition immediately prevents the formation of
routing loops as the cost to the destination node is forced to strictly decrease with
every node along a path.

Going back to Figure 1, we can examine this criterion for an example topology com-
prising seven nodes. Consider e.g. node X, where the minimal cost to destination node
Z, is obtained for path XY,Z;Z, and equals 7. As the cost to destination Z, for X’s
neighbor Y, equals 5 <7, the path XY,Z;Z, also becomes viable under this criterion.

The use of the relaxed best path criterion allows the utilization of a number of differ-
ent paths between source and destination, but at the same time requires load balancing
between these alternatives. As shown in [7], AMP load balancing resorts to dynamic,
but rather conservative load shifting, where, in contrast to OMP, load adjustment is not
triggered by a complicated decision process, but performed in regular time intervals.

If an AMP node 4 has multiple paths towards a destination node B, it must have a
mechanism for splitting traffic destined to node B among these paths without misor-
dering of packets within microflows. To this end, AMP applies a hash function over
the source and destination addresses and divides the hash space among the available
paths by setting appropriate thresholds. In analogy to [6], this mechanism allows
unequal splitting of traffic among the paths, where dynamic load balancing is achieved
by suitable changes of these thresholds. As demonstrated by [9], the CRC-16 (16-bit
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Cyclic Redundancy Check) hash function achieves very good load balancing perfor-
mance due to evenly spreading the source/destination address pairs in the solution
space for most examined realistic traffic traces. Note that conservative threshold shifts
support an oscillation-free transition towards the new equilibrium.

As a suitable link load metric for elastic traffic, e.g. TCP, our load balancing algo-
rithm employs the “equivalent load” (EL) as proposed in [6]:

EL = max{p.p x K x /P} (1)

where P denotes the packet loss probability and K is a scaling factor determining the
packet loss boundary at which the EL value exceeds the link utilization p, defined as
o= Carried Traffic Volume 2)
Link Capacity x Time Period

Equation (1) reflects the dynamic behavior of elastic traffic passing through the link, as
TCP flows slow down approximately in proportion to the inverse square root of the
packet loss probability on the bottleneck link [10]. In our simulations, we set the value
of K to 10, which corresponds to the EL value exceeding the link utilization value p for
packet loss probabilities greater than 1%.

3.2  Recursive Backpressuring as AMP Signaling Mechanism

It has already been mentioned that the signaling mechanism is considered to be the key
novelty of AMP. Figure 2 sketches a typical situation where node Y has to take some
load balancing decision for its output links. In the following, consider link Y, X as an
example for describing the information required by Y, for each of its output links.
Besides the equivalent load on the link which can be measured directly, Y, requires
also information about the extent to which traffic routed from node Y, via node X
triggers congestion on links XY; and also further downstream, i.e. on links beyond
nodes Y;, i = 1. Such information is the content of the backpressure messages (BMs).

To describe the mechanism in more detail, for the moment let us occupy the per-
spective of node X which receives traffic from node Y over the link Y, X" and forwards
the traffic to nodes Y; over the links XY;, i > 1. We assume that node X (like any node)
is able to measure only the equivalent load EL on its output links, i.e. XY;, i=21,
according to definition (1). While Y} is also to some extent responsible for the load sit-
uation on links XY;, i 2 1, it has no possibility to directly find out about possible con-
gestion on these links. Therefore, node X which has direct access to links XY, can
inform node Y, about the situation there as far as it is of interest for node Y;’s load bal-
ancing decision. This is done periodically by the backpressure messages (BMs). But it
is not sufficient that X informs Y} only about the (directly measured) explicit loads on
links XY;, i 2 1, because the situation on links beyond nodes Y;, i = 1, is of interest as
well. On the other hand, for the latter links node X has no direct access itself, but luck-
ily enough receives BMs from nodes Y; which inform X about its own influence on the
load situation beyond nodes Y;, i =1, i.e. exactly the desired information that should
additionally be passed on to node Y.
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Fig. 2. Generation of ECI Messages

Summing up, any BM sent from node X to node Y, should contain both direct infor-
mation on the explicit load situation on links X_Yl , as well as indirect information
about the situation further behind as reported by nodes Y; to node X, i = 1. The follow-
ing equation describes the content of a BM more formally as a function f of these 2n
parameters where n is the number of output links for node X. To this end, let
BM(A, B) denote the content (in terms of parameter values) of the BM sent from node
A to node B. Then,

BM(X, Yg) = AEL gy ..o, EL g, BM(Y,, X), ..., BM(Y,,, X)) 3)

In order to keep the BM small, f is supposed to map the 2n parameters eventually
to a scalar describing the congestion situation to Y. To derive f, we first reduce the
number of input parameters to one per output link by summarizing the situation on
each link XY, by a function g, i.e.

g = g(ELﬁ‘, BM(Y;, X)) Vi=1,...,n. 4)
As neither the output link nor the network beyond should be overloaded, the maximum
function is a good candidate for g: assuming that BM(Y;, X) is equal to the scalar
ECI Y- X (the so-called “explicit congestion indication”, see below), this leads to the
following definition of “effective equivalent load” (EEL):

i

EEL, = max{ELX—Yi, ECIy X}, i=1,2..,n (5)

Note that ECIy, _, y summarizes the load information on the downstream links of Y;
as contained in the BM from Y; to X. Similarly, ECIy _, y, is sent as BM from node X
to Y, and can be viewed as the result of a further simplification of the function f in
(3), where the n different parameters g; resulting from (4) are summarized according
to a function /4 :

ECIy_, Y, = h(gl, ...,gn). (6)
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We use a weighted sum for the computation of /, where the weight for link X_Yl
corresponds to the ratio between traffic on link XY, that has arrived from node Y via
X and the total traffic on link XY;. Thus, the weighted sum provides a compressed ver-
sion of all information which is available to node X about Y)’s contribution to the con-
gestion situation on the downstream part of the network and is therefore called
“explicit congestion indication”:

By (Yo)
EC[X—)YO = z __——EELX—YI (7)
Yie Q Y, XY,
Remember that €, is the set of all neighbor nodes of node X, X_Yl is the downstream
link between node X and node Y, 7, (Y,) is the number of bytes sent from node Y
via X to Y;, and Bﬁ_ the total number of bytes sent from any node € Q,\Y; via Xto
Y, :

Summarized shortly, ECIy _, Y, is a one-dimensional parameter which describes
the extent to which node Y, contributes the congestion situation of the network as seen
from the perspective of node X. ECIy _, y is described according to (3) in terms of
the function £, which after all together with (4) and (6) results in the following struc-

ture:
BM(X, YO) = ECIy_, Y, f(ELX—Yl...,ELﬁ,BM(Yl,X), ...,BM(Yn,X))

®)

= h(gy .8, = h(g(ELX_Yl’ECI_ ""g(ELX_Yn’ ECIYn—>X))

Y, > X ),

The formulation given in (8) provides further insight into the recursive structure of
the backpressure mechanism, as of course ECIy, _, y is the analogue information sent
by node Y; to X and as such enters (8) as BM(Y i,lX) .

In order to guarantee a quick propagation of congestion information throughout the
complete network, which is an important prerequisite for suitable load balancing deci-
sions, the interval between consecutive BMs on individual links has to be kept rather
small, e.g. one second. If we consider the very small size necessary for BM-packets
(protocol-dependent, typically around 50 bytes) and today’s high backbone link capac-
ities (typically higher than 155 Mbit/s), we can conclude that AMP signaling usually
consumes less than 3*10 % of the link capacity.

Finally note that calculating {3 vy (¥o) in (7) requires node X to map precisely traffic
on the input link Y X to the output links XY;, i = 1,2,...,n. This mapping is
described in a so-called “In/Out Matrix” stored in node X (see Fig. 2). This matrix con-
tains for every node pair (P, Q), P,Q € Qy, P# Q, the number of bytes carried
between these nodes via X.

4 Simulation and Results

4.1 ns-2 Implementation of AMP

For our simulations, we have chosen the standard packet simulator ns-2 as devel-
oped at the University of California, Berkeley [11]. Our ns-2 implementation com-
prises the full functionality of the AMP algorithm, i.e. relaxed-best path criterion,
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Fig. 3. German B-WiN Research Network

AMP-specific link metrics, backpressure signaling, load balancing and packet for-
warding mechanisms.

In [12], we have described simulations with the AT&T-US topology, which is com-
prised of 27 nodes in major US cities and 47 links interconnecting them. Our evalua-
tions show that AMP achieves significant performance improvements terms of Web
page response times and total TCP goodput in the network.

In this paper we wish to investigate the performance of AMP for a smaller network.
We have chosen the German B-WiN research network (sketched in Figure 3) as a rep-
resentative example of medium-size European ISP networks, comprised of 10 nodes
and 14 links with link capacities ranging from 53.0 to 133.6 Mbit/s [13]. As far as the
link costs are concerned, they are set arbitrarily either to 1 or 2.

The following simulation results demonstrate the performance of AMP compared to
standard shortest path routing (SPR) and equal-cost multipath routing (ECMP). We
generated traffic according to a Web traffic model similar to the SURGE model [14].
Each node hosts a virtual number of Web users that is assumed to be proportional to
the approximate population size of the corresponding German city. The spatial distri-
bution (fan-out) of HTTP-requests in each node is assumed to be proportional to the
relative population sizes of the other German cities, i.e. nodes of the topology.

4.2  Simulation Scenarios and Results

Using the B-WiN network topology, we have simulated the SPR, ECMP and AMP
routing strategies under various load conditions, ranging from low load to very high
load, close to the level of network saturation. The different load levels were produced
in direct proportion to the number of users in the individual nodes. Our simulations
differ from the related work performed for the OMP protocol [15, 16, 17] as follows:
* Incontrast to [16], we have implemented and used the relaxed best path criterion as
described in Section 3.1.
*  Our Web-user model is closer to reality than the client-server model used in [17].
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Fig. 4. Comparison of Average Web Page Response Times (left) and Total TCP Goodput (right)
for AMP vs. SPR and ECMP

*  Whereas [16] uses stochastic traffic sources sending out packets with a constant
mean rate, and [17] restricts itself only to FTP traffic, we claim that our Web-traffic
model as described above is much closer to reality.

Figure 4 displays the most interesting of our simulation results. Note that in each case

we have dropped the initial simulation phase and started measuring as soon as the

network had reached equilibrium state. Each simulation has been run for 20000

seconds.

In terms of average Web page response times (Figure 4 left), AMP clearly outper-
forms the other two routing strategies. Compared to SPR and ECMP, AMP achieves
response time reductions of up to 35%. Significant performance gains are also
achieved with respect to the total TCP goodput in the network, where AMP provides
increases of up to 18% (Figure 4 right). For shorter flows, these gains increase further,
e.g. in the case of response times up to nearly 50%, as additional simulations have
demonstrated [7]. It is important to notice that AMP performs consistently better than
its competitors for practically all investigated traffic loads in this topology. Note how-
ever, that for very low loads all three routing strategies perform similarly well, as the
traffic flows do not experience significant congestion in the network.

5 Conclusions and Outlook

This paper presents the design of Adaptive Multi-Path (AMP) as a low complexity
algorithm for dynamic traffic engineering. In contrast to existing traffic engineering
approaches, which usually employ global signaling of link load information, our algo-
rithm resorts to local signaling, thus making the signaling overhead deterministic and
minimal, and reducing memory consumption in routers, as AMP does not have to store
entire multipaths towards all possible destinations. After implementing AMP in the ns-
2 simulator, we have demonstrated significant performance improvements of AMP
compared to standard routing strategies for a real ISP topology and a spectrum of real-
istic traffic loads. Current and future work deals with simulative performance evalua-
tion of AMP for traffic loads displaying characteristic time-of-day variations and for
different parameter settings of the algorithm as well as analytical approaches.
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Abstract. In this paper we propose an edge-based quality of service
architecture aimed at site-to-site private networks over the Internet. We
extend the traditional point-to-point service model to a point-to-set ser-
vice model, assuming a finite, bounded set of destination sites. Instead
of provisioning point-to-point links between a source and its set of desti-
nations, a point-to-set service allows the user to have an allocated band-
width, which could be flexibly assigned to traffic going toward any desti-
nation within the set. The proposed point-to-set service provides low loss
rates and flexibility to users while allowing providers to obtain multiplex-
ing gains by employing a probabilistic admission control test. Simulation
results are provided to demonstrate the utility of deploying such a model.

1 Introduction

The best-effort traffic in Internet is inherently of the point-to-anywhere nature,
i.e., sources direct packets to any possible destination. In contrast, traditional
quality-of-service (QoS) models set up premium services on a point-to-point ba-
sis (eg: virtual leased lines, frame-relay etc). Recently, with the advent of IP
differentiated services [1J2I12] there has been interest in expanding the spatial
granularity of QoS models. Clark and Fang [2] proposed that a pool of “assured”
service tokens could be allocated to a user or site with the flexibility to em-
ploy the tokens toward any arbitrary destination. The large spatial granularity
of such a service makes efficient admission control and provisioning virtually
impossible [12].

We consider a subset of this problem by examining assurances to a fixed
set of destinations and provide a novel solution wherein a user has considerable
flexibility in apportioning the allocated bandwidth among the destinations and
the provider also sees multiplexing gains.

1.1 The Point-to-Set Concept
Consider a private network of sites I, I, E1, Es, E3 and E4 as shown in
Fig.M(a). The aggregate traffic from I; (called the point) toward Ey, Es or Ej
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grants from AT&T Labs, Intel Corp. and Nortel Networks Limited.
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Fig. 1. (a) The Point-to-Set Concept (b) The Point-to-Set architecture (described in
).

(called the set) is bounded by the capacity of the access link (say, “peak”).
Given the point-to-point allocation model, site I; would require a link with
capacity equal to “peak”, to each destination in the set. As such, the total
purchased capacity from the provider exceeds the access link capacity leading
to wastage of resources. We propose a point-to-set service wherein a customer
buys a bandwidth less than or equal to his peak requirement (or a given total
bandwidth), but is assured that his traffic needs to any destination in the set are
met with a probability close to 1. In other words, the user buys bandwidth to a
set of destinations, instead of purchasing point-to-point links to the destinations
and retains the freedom of deciding the fraction of bandwidth allocated to a
specific destination. Thus there is a cost saving to the customer (the point-to-
point links need not be leased) and multiplexing gains to the provider (the paths
from I to {E1, F2, E3} can be multiplexed with other contracts).

1.2 Building a Deployable Model

In an ideal point-to-set model, the provider would build techniques to accurately
estimate customer demand and appropriately provision bandwidth toward var-
ious destinations. However, our previous work indicates that time-varying
traffic statistics make such estimation and dynamic provisioning components
difficult to implement. In order to simplify the model from the perspective of
making the network simple, the user could be required to conform to a certain
traffic profile.

The resource wastage in a point-to-point allocation model is due to over-
provisioning caused by lack of knowledge regarding the fraction of total load
offered toward a destination. The solution to this could be in assuming something
about the per-destination load. In order to allow for the dynamic nature of traffic
we could strike a middle ground between the two extremes of assuming all (as in
point-to-point models) or nothing (e.g., hose model) about the per-destination
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traffic. We could assume that the fraction of traffic toward a given destination
is random, but has a given mean and variance (m,v).

This approach would allow the traffic fraction toward a destination to vary
within the limits specified by (m,v). Further, knowing the leaky-bucket param-
eters shaping the total traffic, one could compute bounds on the probability
of observing a particular load toward a given destination. We show that these
(m,v) parameters can be enforced using simple deterministic shaper elements
and lead to a probabilistic admission control scheme that can be easily deployed.

The contributions of this paper are thus as follows: a) A novel architecture
for edge-based provisioning toward a set of destinations; b) A simple means to
capture and enforce the per-destination traffic statistics; and ¢) A probabilistic
admission control test that allows a flexible service for the user and multiplexing
gains to the provider.

2 Related Work

Clark et al [2] introduced the idea of going beyond point-to-point services and
providing flexibility to users, while LIRA [12] presents one of the first models
where QoS assurances are for a large set of destinations (possibly unlimited).
LIRA faces scalability and deployability issues due to per-packet admission con-
trol and changes required in routing protocols. Duffield et al [3] propose a frame-
work for Virtual Private Network (VPN) resource management and introduce
the idea of a “hose” as a dynamically provisioned access link for a VPN node.
However, estimation errors due to uncertainties in traffic statistics and the com-
plexity of signaling-based provisioning mechanisms are the drawbacks of the
model. In this paper, we do not require bandwidth estimation or signaling-based
reservation while achieving higher spatial granularity of QoS.

3 Notations and Assumptions

Table [l provides a brief description of the symbols that are used in the suc-
ceeding sections. In the following sections, a “user” refers to a customer network
offering traffic. A “flow” is a traffic aggregate emanating from a network. The
user traffic is assumed to be shaped by a dual-leaky-bucket regulator of the
form (m, p, o). Thus, the cumulative offered traffic A(t) in time ¢ always satisfies
{A(t) < mt, A(t) < pt +o}. A QoS commitment to the user is termed as a con-
tract (defined in §41I). The admission control module is assumed to know the
paths connecting ingresses and egresses. Each “path” is assumed to be uniquely
associated with an ingress-egress pair. Routes are assumed to remain stable.

4 The Point-to-Set Architecture

The point-to-set architecture is depicted in Fig. [[((b). Each user network that
enters into a contract with the provider is assumed to specify the set of destina-
tions and the mean and variance of per-destination traffic fraction. This fraction
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Table 1. Table of Notations.

Symbol |Meaning

mji,pj, 05 |User j Peak rate, Avg rate, Bucket
Tij.Pij, Oij |User j Peak, Avg, Bucket toward dest 4
Dij, Mij, Vij|Random var for traffic fraction toward ¢ for user j, its mean and
variance
C; Capacity of path ¢
Dmaz Max permissible delay at ingress
€ Max allowed capacity violation probability

Y; Random variable for total traffic (bps) due to user j

Xij Random variable for traffic (bps) toward node ¢ for user j
F,f

T}

Flexibility
Capacity of link j

is enforced via dual-leaky buckets as shown in Fig.[Il(b). The admission control
module is a central entity to the provider network that knows the paths con-
necting the provider edge nodes. A new contract can be admitted only if the
bandwidth requirement can be accommodated along each path connecting the
ingress node to a destination. Thus while deciding to admit a contract, the mod-
ule checks whether adding this contract would cause input rate to exceed the
“path capacity”. We define path capacity in the next section. Here we provide
an intuitive description of the concept.

A given path from an ingress to an egress may share one or more physical
links with other paths in the network. Hence its capacity is not the same as
that of the physical links constituting the path. It is convenient to introduce a
notion of a virtual path of fixed capacity connecting the ingress to the egress. As
shown in Fig. [b) a virtual path between an ingress-egress pair appears as if it
is dedicated to this pair. Then the task of the admission control test is to verify
that the probability that the input traffic exceeds the path capacity is less than
a given threshold for every path affected by the new contract.

4.1 Definitions
We first define the path capacity and the contract specification.

Definition 1. Consider a path defined by the sequence of links {1 }. Let I'; be
the capacity of M;. Let n; be the number of paths passing through M;. Then,

the capacity of the path, is defined as: C' = min; %

Although this algorithm for path capacity is simplistic in not allowing differen-
tiation among paths, in succeeding sections we shall use this definition and treat
an improved algorithm in future work.

Definition 2. A Contract for user network j consists of the dual-leaky-bucket
characterization of the total traffic given by (7, pj, ;), the finite set of destina-
tion nodes, S;, the set of pairs {(m;;,v;;) |7 € S;} where (m;;, v;;) are the mean
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and variance of the random variable p;; indicating the fraction of total traffic
toward 4. So if total traffic (bits/second) is given by Y; and X;; indicates the
traffic toward destination ¢, X;; = p;;Y;, pij € (0,1] and ), X;; =Y.

4.2 Admission Control Test

The key idea that we exploit here is that of getting an a priori estimate of the
fraction of total traffic that is offered along a given path. Denote the total traffic
(bits per second) offered by customer j as Y. Let X;; denote the traffic due to
customer j on the path leading to the destination 4. If p;; are fixed constants, the
provider can provision the right amount of bandwidth toward each destination.
A more interesting and realistic situation is when p;; are not fixed. Let p;; be
a random variable with mean and variance (m;j, v;;). For simplicity, we assume
p;; are independent of Yj, i.e., the fraction of traffic toward a destination is
independent of the total volume of traffic offered by the network. We now impose
the constraint that Y} is policed to a peak rate m; and shaped by a leaky-bucket
shaper (p;,0;). The admission control condition can then be as follows - admit
a new contract if:

Vi, PT{Z Xij(t) > Cl} <€ and Vi, Zmijpj < C; (1)
; -

J

Here € < 1 is a given constant. Observe that Equation () serves our objectives
well. It reserves per-path bandwidth depending on the amount of traffic that
the contract might offer and (via €) provides a control on how conservative the
admission control gets.

4.3 Quantifying Flexibility

An ideal Point-to-Set service provides an abstraction of a point-to-point link
toward each destination for a contract. The source network has the flexibility to
offer an arbitrary fraction of its total traffic toward any destination. To measure
how close to ideal an implementation is, we could examine the flexibility it
offers. We expect a measure of flexibility to satisfy these intuitive requirements:
(a) higher the flexibility, greater is the freedom to the user in terms of load
distribution with respect to the destinations, (b) if loss rates are kept low, higher
the flexibility, closer is the service to a point-to-point regime.

Define flexibility, F' so that: *{nj < F Vi,j. The definition implies that a
higher value of F' allows for higher ‘Variance in per-path offered load. In order
to attain lower loss rates and still allow for higher F' one would have to admit
lesser number of contracts, i.e., employ a lower value of e.

5 Evaluating the Admission Control Decision

In order to evaluate Equation (d]), we would need the distribution of X;;. An
alternative approach would be to bound the distribution somehow, exploiting
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the fact that Y; was constrained by (7}, pj, 0;). We thus obtain an upper bound
on the mean and variance of the process. To do this we employ a technique
similar to [5] and observe that the extremal “on-off” source has the maximum
variance among all rate patterns that can be obtained given the (m;,p;,0;)
characterization, if mean is set at p; (Proposition ). Our approach differs from
that of [5] in having a bound independent of a specific interval or duration, and
in considering the dual leaky-bucket shaped inputs specified by (;, p;, ;).

We note that although the extremal on-off source has maximum variance
it does not necessarily maximize buffer overflow probability [4]. The extremal
source has been used in the past [7IT] with reference to bandwidth and buffer
allocation. Here we employ the source owing to the fact that it leads to more
conservative provisioning while easing analysis.

Proposition 1. Consider a source shaped as (m;, pj,0;). A transmission pat-
tern with mean p;, that maximizes the variance of rate is given by the periodic
extremal on-off source, wherein the source transmits at the peak rate 7; for a
duration T, = wjoj'pj and switches off for Toyrp = Z—j

The interested reader is referred to [10] for proofs of the propositions. With this
proposition, we can now consider the first and second moments of the per-path
traffic due to a contract, namely, X;; at the edge of the network.

Proposition 2. IfY;, the total traffic due to customer j, shaped by a dual
leaky-bucket shaper (m;,p;,0;) has a mean p; and X;; is the fraction of Y; along
path i, the mean and variance of X;; are given as follows.

E{Xij} = mijp; (2)
Vs
Var{X} < mi;p;(m;(— +mig) —mip;) (3)
ij
The proof [10] exploits Proposition [[land uses the corresponding extremal source
to bound the variance. Observing that for each path, the statistical characteris-

tics of the traffic offered by a given customer is independent of those of others
at the edge of the network we now propose an approximation.

Proposition 3. Define the Gaussian random variable Z; with mean mz, =
Vi

>-jmijp; and variance vz, = Y. mijp; (ﬂj(mfjj + myj) — mi;p;). Then for suf-
ficiently large number of admitted customers, we have the following approxima-

tion.
exp <—(Oi — mzi)2> (4)

P’I"{ZX” >Cz} SPT{ZZ >Cz}N

1
7 v 21 2vyg,

k3

5.1 Enforcing the Per-Path Limits

Once a contract is admitted, the provider needs to ensure that the offered traffic
adheres to the per-path mean and variance restrictions. As demonstrated by the
following proposition, it is straightforward to derive the dual leaky bucket shaper
(771']'7 Oij, ,07,]) for the path 1 to enforce (mij, Uz'j)-
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Proposition 4. Define the dual leaky bucket shaper (m;;, 04, pi;) such that:

Viq
L mij), 05, Mmijp;) (5)

)

(i, 75 pij) = (m5(

This dual leaky bucket shaper ensures that the per-path traffic fraction with mean
my;p; has variance less than mgjp;(m; (L 4+ mgj) — mi;p;)

ij
With the above proposition, we now have the ability to implement the model
with simple shaping elements.

5.2 Buffer Dimensioning

In order to decide the size of buffers at each hop, we can either set a limit on
the maximum tolerable per-hop delay or constrain the maximum burstiness of
the input traffic at each node. While the first strategy is simpler, it can result
in higher loss rates owing to increased burstiness inside the network. To limit
the burstiness of a flow incident at a given node, we must limit the increase in
burstiness due to every previous hop through which this flow passed. We do this
by limiting the maximum increase in burstiness at the ingress.

Consider a multiplexer M. Let P denote the set of multiplexers feeding traffic
to M and L denote the set of incident flows at M. Let D]*** denote the maximum
tolerable delay at multiplexer i. We can set the buffer size at a multiplexer i to
> icr 01 or a quantity that upper bounds it, as given below.

Zo—l = Z Zol < Z Dy Cy, = Dy (6)

leL pEP lep peEP

If we set Dyqr to be the maximum tolerable delay at every ingress, we can
recursively compute the bound given in Equation (@) for a specific topology.
Thus higher buffers are allocated at a multiplexer further along a path.

6 Performance Evaluation

The performance evaluation is performed with the following objectives: (a) to
verify the superiority of the probabilistic admission control condition in terms
number of admitted contracts in comparison to point-to-point allocation model,
(b) to explore the properties of flexibility and € as “control knobs” for the model.
We begin by detailing the method used to setup the simulations.

6.1 Methodology

In order to evaluate the scheme, we employ Auckland IV traffic traces [§] with
the MCI backbone topology (see [10]) in NS-2 simulation environment. The
Auckland data trace is a good fit for this evaluation since it corresponds to
traffic at an access link.
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Each simulation consists of two phases - an admission control phase where
a randomly generated set of contracts is subject to the admission test, and a
traffic generation phase where the admitted contracts are simulated. To generate
a contract randomly (e.g., with 4 destinations), three uniform random numbers,
ri,i = 2...4 are generated in the range [min, max]. Then setting 1 = 1 and
> ;rimy; = 1 we obtain m;; = rymy;. The total traffic is then apportioned
according to a Normal random variable with mean and variance (m;;, v;;) with
negatives mapped to a small positive fraction. In the simulations, (m;, p;, 0;) were
set to (0.75 Mbps,0.5 Mbps, 100 kb). The link capacities were set to 10 Mbps
and their delay was chosen to be 10 ms. In the succeeding sections, each point
in a graph indicating a simulation result, is the average of 10 simulation runs.

6.2 Comparing with the Point-to-Point Model

The motivation for deploying point-to-set services is in the fact that there are
multiplexing gains for the provider. A point-to-point service provisions links at
peak rate toward each of the destinations in the set. In addition to this, we
introduce a model where the provider reserves m;; + 4,/v;; instead of doing a
probabilistic admission control. Although deterministic, it exploits the additional
information regarding per-destination traffic fraction. Fig. [2(a) shows the num-
ber of admitted contracts under these three schemes and clearly a probabilistic
scheme performs much better.

6.3 € and Flexibility as Control Knobs

— Flexibility and gains: A higher flexibility means higher variance of per-
destination load. Thus for a given ¢, higher F' leads to lower number of
admitted contracts as seen in Fig. 2(b).

— Loss and delay trade-off: While lower losses can be achieved with more
buffers (Fig.[2(c)), it comes at the cost of higher average delays (Fig. BI(d)).
Thus setting Dy, higher allows higher multiplexing gain (higher €) but
with higher delays.

— Cost of Flexibility: If the provider has to maintain roughly the same
loss rates and delays, providing higher F means lower multiplexing gains
(Fig. l(e) and (f)).

— Controlling utilization: ¢ and F' provide two dimensions of control on
utilization. While higher € can achieve higher average (Fig. 2(h)), a higher
F can lead to higher mazimum utilization (Fig.[2(g)).

6.4 Effect of Bias in Traffic

If there is more demand toward certain destinations, i.e. the load is biased, there
would be some resource wastage. Here we just present this effect and do not
provide a solution. In the simulations, if we increase max (see §6.1) we increase
the bias of traffic toward certain destinations. In Fig. 2i) and Fig. [2(j) we see
that the number of admitted contracts and maximum measured utilization are
lower for the same € if the bias is higher.
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Summary and Conclusions

This paper proposed a novel QoS architecture called the point-to-set architec-
ture. The traditional point-to-point model was extended to be able to provide
considerable freedom to the user network in dynamically apportioning the allo-
cated bandwidth among a finite set of destinations. The NS-2 implementation
results demonstrated the superiority of the model over point-to-point models.
The significance of flexibility and the permissible capacity violation probability
(e) in providing control over the trade-off between multiplexing gains and loss
rates was demonstrated. Future work will involve studying means to further im-
prove multiplexing gains by possible improvements to the admission control test.
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Abstract. This paper proposes a dynamic bandwidth allocation algo-
rithm for supporting QoS in IEEE 802.11e WLANSs with Hybrid Coordi-
nation Function (HCF) access method. It distributes the limited WLAN
capacity by taking into account the desired queueing delay that mul-
timedia data flows would expect. The algorithm has been designed by
following a control theoretic approach and its properties have been an-
alytically investigated. The effectiveness of our approach has been also
proved by computer simulations, involving both audio and video flows.
Both mathematical analysis and simulation results show that the algo-
rithm guarantees queueing delays that are bounded by the QoS specifi-
cations.

1 Introduction

IEEE 802.11 WLAN standard [T] has been widely accepted and employed as a
fundamental tool for ubiquitous wireless networking due to its simplicity and
robustness against failures. Moreover, the increasing popularity of Personal De-
vice Assistants (PDAs) with embedded speakers, a microphone, and sometimes
even a miniature camera, is boosting the interest for WLAN-based media trans-
mission as an alternative to classic cellular wireless communication. However,
for a WLAN-based media delivering equipment to be successful, it is important
that the limited first-hop bandwidth be managed efficiently to take into account
the time constraints of audio/video applications [2J3]. The new IEEE 802.11e
proposal has been introduced to support Quality of Service (QoS) in WLANs
and represents the natural framework to address the first hop bandwidth alloca-
tion issue. Within the 802.11e, the Enhanced Distributed Coordination Function
(EDCF) and Hybrid Coordination Function (HCF) have been proposed as ba-
sic mechanisms to support the QoS in WLANs. In this paper, we propose a
novel control theoretic approach for supporting bandwidth allocation in IEEE
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project TANGO (Traffic models and Algorithms for Next Generation IP networks
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802.11e WLANs with HCF. It distributes the limited WLAN capacity by tak-
ing into account the desired queueing delay that audio/video applications would
expect. For that purpose, a proportional controller and feedforward disturbance
compensation have been exploited. It has been designed by following a control
theoretic approach and its properties have been analytically investigated. The
effectiveness of our approach has been also proved by computer simulations, in-
volving both audio and video flows. Both mathematical analysis and simulation
results show that the algorithm ensures bounded queueing delays as required by
the QoS specifications.

The paper is organized as follows: Section 2 gives an overview of 802.11 ac-
cess methods; Section 3 describes the proposed bandwidth allocation algorithm;
Section 4 shows simulation results and, finally, the last section draws the con-
clusions.

2 IEEE 802.11 Access Methods

This section describes the IEEE 802.11 [1] basic functionalities and the IEEE
802.11e standard EDCF and HCF mechanisms. In the sequel we will consider
an infrastructure WLAN []5] composed by an Access Point (AP) and a group
of stations (associated with the AP) that communicate through the wireless
medium. The APs behave like base stations in a cellular communication system
by interconnecting the mobile stations with the backbone.

The primary 802.11 MAC protocol is the Distributed Coordination Function
(DCF), based on CSMA/CA (Carrier Sense Multiple Access/Collision Avoid-
ance): for each MAC Protocol Data Unit to transmit, all stations contend for
accessing the radio channel by listening if the channel is idle after a minimum
duration called DCF Interframe Space (DIFS). Instead, if the channel is sensed
as busy, station waits until the channel becomes idle for a DIFS plus an addi-
tional random backoff time, uniformly distributed in a range called Contention
Window (CW).

Each successfully receipted frame is acknowledged by the receiving station
with an ACK frame, which is sent after a SIFS (Short Interframe Space) period.
If there is an unsuccessful transmission, the CW value is doubled and the station
restarts sensing the channel.

In order to support time-bounded services, the 802.11 standard defines the
Point Coordination Function (PCF) access method as optional capability, which
provides a contention-free medium access [2]. A Point Coordinator (PC), typ-
ically the AP, polls each stations enabling them to transmit without channel
contention. With PCF, time is always divided into repeated periods, called Su-
perFrames (SFs), formed by a Contention Period (CP) and a Contention Free
Period (CFP). During the CP the DCF is used for medium access, instead,
during the CFP the PCF is used.

At the nominal beginning of each CFP interval, the PC senses if the medium
is idle for a PIFS (PCF Interframe Space) interval and transmits a beacon frame
with synchronization and timing functions, specifying the time when the next
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beacon frame will arrive. Then, after a SIF'S interval, the PC asks to each station
for pending frames, polling them with a CF-Poll frame (with no data) or a
Data+CF-Poll frame (with pending data for the polled station). A polled station
responds, after a SIFS period, with a CF-ACK (no data) or a Data+CF-ACK
frame, and the PC can pool another station. At the end of the CFP, the PC
transmits a specific control frame, called CF-End [1].

There are some issues with PCF, which are currently under investigation:
the PC cannot adaptively distribute the wireless channel capacity by taking
into account the status of mobile stations, because the starting time and the
transmissions duration of polled stations is unknown and is not under the control
of the PC [2].

2.1 IEEE 802.11e QoS Enhancements

Stations operating under 802.11e specifications are usually known as enhanced
stations or QoS Stations (QSTAs). The superframe utilization is preserved by
using the EDCF in the CP only and the HCF in the CFP. The use of HCF
requires a centralized controller (generally the AP) which is called the Hybrid
Coordinator (HC). In order to obtain service differentiation, 802.11e introduces
up to 8 Traffic Categories (TCs), each one characterized by specific QoS needs
that have to be taken into account to properly distribute the WLAN band-
width. For that purpose, the concept of TXOP (Transmission Opportunity) is
introduced which is defined as an interval of time when a station has the right
to initiate transmission [216].

The EDCF access method is the same of DCF, except for contention param-
eters that are used per each TC. In this way, a statistical service differentiation
among TCs is obtained. Each QSTA has a queue for each traffic class T'C(i)
that acts as a virtual station with its contention window CW (i) [2/6].

The HCF access method is an optional access method only usable in in-
frastructure configurations. It combines some EDCF functions with PCF basic
aspects. There is a CP period during which QSTAs use EDCF access method
and a CFP during the which only polled and granted QSTAs are allowed to
transmit. The CFP ends after the time announced in the beacon frame or by
a CF-End frame sent by the HC. The HC (typically performed by the AP) al-
locates TXOPs to QSTAs to match predefined service rate, delay and/or jitter
requirements. During the CFP, the HC uses special QoS CF-Poll frame to spec-
ify the starting time and the maximum duration of TXOPs assigned to each
QSTA. Moreover, IEEE 802.11e specifications consider two basic mechanisms
allowing QSTAs to feed back queue levels of each TC to the HC. The first one
exploits an appropriate header field used during data transmission (during both
the CFP and CP); the second one allows the AP to query QSTAs in order to get
feedbacks during the Controlled Contention Interval, which is generally located
at the end of the superframe.

In the following section, we will propose a control scheme based on feeding
back queue levels to control queueing delays and provide the typical QoS needs
of audio/video applications.
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3 The Control Theoretic Framework

In this section a QoS control scheme for WLANSs supporting HCF access method
is proposed. It is based on the assumption that the HC assigns TXOPs only
during the CFP and the superframe duration is constant and equal to Tsp.
Moreover, with the proposed scheme, the HC assigns TXOPs to each TC queue
within each station thus solving the internal contention among TCs too. In the
sequel we will refer to a WLAN system composed by an Access Point (AP) and
a set of mobile stations (QSTAs) supporting QoS WLAN capabilities. For each
QSTA there are N traffic sources feeding N queues, respectively (in the 802.11e
proposal N < 8). At the beginning of each superframe, the AP has to allocate
the channel bandwidth that will drain each queue during the following CFP. We
assume that at the beginning of each superframe the AP is aware of all the queue
levels q;, i = 1,..., M, where M is the total number of queues in the WLAN
system (i.e., the total number of traffic sources within the BSS).
The dynamics of the i** queue can modelled as follows:

qi(k+1) = qi(k) + di(k) - Tsp —ui(k) - Tsp,  i=1,...,M (1)

where ¢;(k+1) is the i'" queue level at the beginning of the (k + 1)** superframe,
and d;(k) and u;(k) are, respectively, the i** source rate and the bandwidth
assigned for draining the i** queue during the k** superframe.

In each superframe, the TXOP value assigned to drain the i*" queue during
the k" superframe is given by:

TXOP;(k) =w;(k)  (Tsp/C) + Nlp - (28IFS + Tack +Tyuwu +Truay). (2)

where NP is the number of packets that is possible to transmit in the time
interval u;(k)Tsr/C, C is the WLAN capacity, and Tack, Tarm, and Tppy
are, respectively, the duration to transmit the ACK frame, the MAC_Header,
and the frame preamble.

The behavior of d;(k) is unpredictable and does not depend on the AP, (i.e.
using a control theoretic approach, it can be modelled as a disturbance). In
particular, the following model for d;(k) can be assumed: d;(k) = ;;08 doj -
1(k — T}), where 1(k) is the unitary step function and Tj is a time lag [7]. Due
to this assumption and to the linearity of system (), we will study the system
response to the signal d;(k) = do - 1(k) without loss of generality. We will first
propose the QoS control scheme under the assumption that the WLAN capacity
C is never exceeded by the allocation algorithm. Then we will discuss the effects
of the limited capacity C.

3.1 The Control Scheme

The proposed QoS control algorithm aims at driving the queueing delay 7; ex-

perienced by the packets going through the i** queue to the target value 7.

i

The target queuing delay 7/ is related to the QoS requirements for the i** TC.
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Fig. 1. Control scheme using a propotional control with feedforward disturbance com-
pensation.

To mach our control objective, we will exploit both proportional controller and
feedforward compensation as shown in Fig. [l

For the system reported in Fig. [l the following transfer functions can be
obtained:

Qz(z) . TSF(Z + kJZTZT — 1). Ul(Z) . kiTspz + (Z — 1)(1 — kiTZ-T)
Di(z)  z2(z—1+kTsp)’ Di(z) 2(z =1+ kiTsr)

3)

where Q;(2),U;(2), and D;(z) are, respectively, the Z-transforms of g;(k),u;(k),
and d; (k). This system is asymptomatically stable iff all its poles z, satisfy the
condition |zp| < 1, that is iff 0 < k; < 2/Tsp [9]. In the sequel, we will assume
that k; guarantees system stability.

By applying the final value theorem to Eq. @), with d;(k) = do-1(k), it turns
out g;(+00) = do - 7 and u;(+00) = do. Thus, the steady state queueing delay
is 7i(+00) = gi(+00) /u;i(+00) = 7

Moreover, by considering the system reported in Fig.[[lwhere d; (k) = dg-1(k)
and by transforming back to the time domain Eq. (8], it results:

{qi(k) =do- (Tsp — 7)1 — ki - Tsp)*=D - 1(k = 1) + do - 7 - 1(k — 1) ()
uz(k:) =dy-k;- (TSF — TiT)(l — k; 'TSF)(k_l) . 1(]{5 - 1) +dp - 1(](1 — 1)

From these equations it is straightforward to show that the following relations
hold when 0 < k; < 1/Tsp:

i(k) < do - Tsp = qi(1) ‘
{Zn(k) < d(()) . [1Si ki('](TSF — )] = di(1) if Tep>T18
()

(k) <dg-TF .
{Z»((k))ld% . it Tsr <l

Eq. (B) implies that if we attempt to drive the queueing delay to TiT < Tsp
there is an overshoot of the queue which is equal to dy - (Tsp — TiT ). Whereas if
7' > Tsp and 0 < k; < 1/Tsr there is no overshoot.
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The control system in Fig. Ml drives queue lengths to the desired value using
the following control law:

ui(k +1) = ki - [qi(k + 1) — di(k) - 7] + di (k). (6)

The control law (G) requires a measure of d; (k). Such measure can be obtained
from Eq. (@) as follows:

di(k) = lai(k +1) = ¢i(K)]/Tsp +ui(k),  i=1,....M (7)

In fact at step k + 1 the controller knows all variables on the right side of

Eq. [@).

Capacity Constraint, Data Rate Reductions and Robustness to De-
layed Feedback. The overall control system we have proposed is based on the
assumption that the WLAN capacity is larger than the sum of the bandwidth
assigned to each queue. If 3ky >’ Zf\il u; (ko) > C then it is necessary to reallo-
cate the bandwidth C so that the sum of the bandwidth assigned to each queue
is equal to C. This can be done by assigning to each queue a bandwidth equal
to u;(ko) — Au;(ko), which satisfies the relation Zf\il [u; (ko) — Au;(ko)] = C,
where Au;(kg),i = 1,..., M are chosen by taking into account TC priorities.
From Eq. (D), it turns out that the signal Au;(k) can be modelled as an equiv-
alent disturbance d;?(k) = d;(k) + Au;(k). It should be pointed out that when
the WLAN capacity is exceeded, queues build up and queuing delays grow over
the target values. This is an obvious results because when capacity is exceeded
congestion happens and no QoS requirements can be satisfied. However what is
important is that, as soon as the aggregate traffic diminishes under the WLAN
capacity, the control loop drives the queuing delays towards the target values.

The proposed control algorithm implicitly assumes that all mobile stations
transmit at the same constant data rate, which is equal to the WLAN capacity
C. However, mobile stations can select a data rate C; < C to counteract the
effect of signal attenuation and be able to transmit data. This effect can be
easily taken into account by using C; instead than C in Eq. [@).

The control law (@) is based on the assumption that QSTAs feed queue levels
gi(k+1) back to the AP at the beginning of each superframe. If a measure of the
it" queue level has not be sent during the last superframe, then the AP can query
the QSTAs containing the i*" queue to obtain the feedback. Thus the feedback
signal might be delayed up to Tsr seconds. Fig. 2 depicts the considered control
system where a delay of 1 step affects the feedback branch.

By considering Fig. [Z the following transfer function can be obtained:

Qi(2)  z-Tsp+ kiTsp(1/k; —7]) '
Di(z) 22 —z2+ki-Tsp

(8)

From Eq. (§) it results that the system pole is z, = 1Evi—dk, Tsp Vl_;““TSF
asymptotically stable iff |z,| < 1, that is iff 0 < k; < 1/Tsp.

, which is
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Fig. 2. Control scheme with delayed feedback.

4 Performance Evaluation

Starting from the main results of the previous section, herein we first show how to
choose the system parameters and then we present computer simulation results
to confirm the effectiveness of the proposed approach. Typical QoS specifica-
tions for audio/video applications impose a one way delay less than 150ms (up
to 400ms with echo control) for conversational voice or videophone and up to
10s for video streaming [I0]. Being the WLAN the first hop traversed by the
media flow, we can assume a minimum target delay equal to 50ms. In order to
avoid overshoots (see Sec. 3), which might be critical for the time constraints
of audio/video applications and saturate the WLAN limited capacity, we set

Tsp < Hlir]lw (1) = 50ms. Moreover, to have transfer functions without zeros
i=1..

while guaranteeing stability also in the presence of delayed feedback, we choose

To highlight the influence of the Tgpr parameter on system performance, we
should consider that, due to the granularity of the system, the transmission of
a packet can be delayed up to 77 + Tsp. Thus, a large Tsp would critically
affect the queuing delay of media flows carrying conversational voice or video.
Therefore, in the following we will use the system settings Tsp = 20ms < 50ms,
which leads to a tolerable degradation of the expected queuing delay.

Moreover, assuming flows with constant packet size, the algorithm needs to
round the assigned TXOPs in order to transmit an exact number of packets. We
round TXOPs in excess, which can lead to queuing delay smaller than 77 + Tis .

To confirm the effectiveness of the proposed control scheme we have run
computer simulations involving audio/video data transfers. For that purpose,
we have enhanced the simulator developed by Singla and Chesson [11]. In all
simulations a WLAN capacity C' = 11 Mbps is assumed.

The first considered scenario involves 4 CBR flows CBR1-CBR4 sharing the
WLAN capacity. CBR flows characteristics are reported in Table[Il Fig.[3 shows
that queuing delays of the CBR flows are bounded as required by the specifica-
tions.

The second scenario (see Fig. H)) involves two CBR flows, two voice flows
encoded with the G.729 standard [12] and two video flows that represents the
encoded version of the Asteriz film obtained from an online video trace library
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Table 1. Characteristics of the considered CBR flows.

Flow [Transmission rate[Packet size[Target One Way Delay 7| + Tsr
CBR1 1Mbps 500Bytes 70ms
CBR2 512 Kbps 500Bytes 70ms
CBR3 1Mbps 256Bytes 95ms
CBR4 2Mbps 2048Bytes 110ms
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Fig. 3. Queuing delay for CBR flows in Tab. [l
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Fig. 4. Simulated Scenario with multimedia flows.

[13]. Flows characteristics are reported in Table 2 Fig. [ shows that queuing
delays of the flows are bounded as required by the specifications in Table
Regarding the Voicel and Voice2 flows, the black spots refer to the talk spurts
of the data source.
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Table 2. Characteristics of the considered multimedia flows.

Flow Transmission rate|Packet size|Target One Way Delay
F + Tsr
CBR1 384kbps 500Bytes 90ms
CBR2 512 Kbps 512Bytes 90ms
Voicel,2 G.729-8Kbps 40Bytes 50ms
Videol,2 Asterix| MPEGI1 encoding | 1536Bytes 1.020s
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Fig. 5. Queuing delay for multimedia flows in Tab. 2]

5 Conclusion

The paper proposed a novel bandwidth allocation algorithm for supporting QoS
in WLANSs. The algorithm is based on classic control theory and has been the-
oretically analyzed. A procedure to properly designing a WLAN access network
supporting HCF capabilities has been developed and computer simulation re-
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sults, involving several audio/video flows, have been shown to confirm the effec-
tiveness of the proposed algorithm.
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Abstract. As one of the fastest growing wireless access technologies, Wireless
LANs (WLANSs) must evolve to support adequate degrees of service differen-
tiation. Unfortunately, current WLAN standards like IEEE 802.11 Distributed
Coordination Function (DCF) lack this ability. Work is in progress to define an
enhanced version capable of supporting QoS for multimedia traffic at the MAC
layer. In this paper, we aim at gaining insight into two mechanisms to differen-
tiate among traffic categories, i.e., scaling the minimum contention window size
and the length of the packet payload according to the priority of each traffic
flow. We propose an analysis model to compute the throughput and packet
transmission delays. In additions, we derive approximations to get simpler but
more meaningful relationships among different parameters. Comparisons with
simulation results show that a very good accuracy of performance evaluation
can be achieved by using the proposed analysis model.

Keyword: Wireless LAN, IEEE 802.11, Quality of Service Guarantee, Service
Differentiation

1 Introduction

One of the major challenges of the wireless mobile Internet is to provide Quality of
Service (QoS) guarantees over IP-based wireless access networks [2]. Wireless access
may be considered just another hop in the communication path for the whole Internet.
Therefore, it is desirable that the architecture supporting quality assurances follows
the same principles in the wireless networks as in the wireline Internet, assuring
compatibility between the wireless and wireline parts. A good example for such a
wireless technology is the IEEE 802.11 Distributed Coordination Function (DCF)
standard [3], compatible with the current best-effort service model of the Internet.

In order to support different QoS requirements for various types of service, a pos-
sibility is to support service differentiation in the IEEE 802.11 MAC layer. Some
differentiated services-capable schemes for the enhancement of IEEE 802.11 MAC
have been proposed [4][5]. In [4], service differentiation is supported by setting

different Minimum Contention Window CW,_; for different types of services. The

work in [5] proposes three service differentiation schemes for IEEE 802.11 DCF.
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Moreover, in [6], both the Enhanced Distributed Coordination Function (EDCF) and
the Hybrid Coordination Function (HCF), defined in the IEEE 802.11e draft, are
evaluated. In the literature, performance evaluation of the basic 802.11 MAC protocol
has been done by using simulation [7] or by means of analytical models [8]-[12].

By building on previous papers dealing with the analysis of the IEEE 802.11
MAC, we extend the analysis to the Enhanced IEEE 802.11 MAC with service
differentiation support. The new results of the presented analysis provide a compact
explanation about the effect of the different parameters on the service differentiation.

2 IEEE 802.11 DCF and Enhanced Versions

In the 802.11 MAC sub-layer, two services have been defined: the Distributed Coor-
dination Function (DCF), which supports delay-insensitive data transmissions, and the
optional Point Coordination Function (PCF) to support delay-sensitive transmissions.
The DCF works as a listen-before-talk scheme, based on CSMA. Moreover, a Colli-
sion Avoidance (CA) mechanism is defined to reduce the probability of collisions.
Briefly, when the MAC receives a request to transmit a frame, a check is made of the
physical and virtual carrier sense mechanisms. If the medium is not in use for an
interval of DIFS, the MAC may begin transmission of the frame. If the medium is in
use during the DIFS interval, the MAC will select a backoff time and increment the
retry counter. The backoff time is uniformly chosen in the range (0,W —1), W being

the contention window. The MAC decrements the backoff value each time the me-
dium is detected to be idle for an interval of one slot time. The terminal starts trans-
mitting a packet when the backoff value reaches zero. After the transmission of a
packet, the sender waits for the ACK frame from the receiver after SIFS (plus the
propagation delay). If the sender does not receive the ACK within ACK_Timeout, or
if a different packet is on the channel, it reschedules the packet transmission accord-
ing to the given backoff rules. If there is a collision, the contention window is dou-
bled, a new backoff interval is selected. At the first transmission attempt, W is set

equal to a value CW,;, called minimum contention window. After each unsuccessful

transmission, W is doubled, up to a maximum value CW,,, =2"-CW,;, .

The basic DCF method is not appropriate for handling multimedia traffic requiring
guarantees about throughput and delay. Because of this weakness, work is in progress
to define an enhanced version capable of supporting QoS [13]. In this paper, we are
not interested in exploring all details of the new proposed standard but to gain insight
into two of the mechanisms, i.e. scaling minimum contention window sizes and
lengths of packet payload according to the priority of each traffic category.

3 Performance Analysis

We assume that the channel conditions are ideal (i.e., no hidden terminals and cap-
ture) and that the system operates in saturation: a fixed number of stations always
have a packet available for transmission.

L (L=1) different types of traffic flows are considered with n; traffic flows for

traffic type i (i=12,...,L). Let b;(t) be the stochastic process representing the
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backoff time counter for a given traffic flow with type i . Moreover, let us define for
convenience W; = CW_;, ; as the minimum contention window for traffic type i . Let

=2" -W,, and let s,(¢)

be the stochastic process representing the backoff stage (0,1,...,m;) for a given traffic

m; , “maximum backoff stage” be the value such that CW,,, ;

flow with type i .

(1) I W,

p/(2™ W)

Fig. 1. Markov model of backoff process for traffic type i

The key approximation in the model is that, at each transmission attempt for a traf-
fic flow of type i, regardless of the number of retransmissions suffered, each packet

collides with constant and independent probability p;. This assumption has been
shown by simulation in [12] to be very accurate as long as W, and n; get larger. In
this paper, p; is referred to as conditional collision probability: the probability of a
collision seen by a packet belonging to a traffic flow with type i at the time of its
being transmitted on the channel.

We use a two-dimensional discrete-time Markov chain to model the behavior of a
traffic flow with type i. The states are defined as couples of two integers

{s;(#),b;(1)} . The Markov chain can be presented as follows (see Fig.1)

Case 1: Before packet transmissions,

Pljk|jk+1}=1 ke[02/-W, 2], je[0,m] (1.1)
Case 2: After packet transmissions,
PLj+1k]|j,0y=—20 (j<m),(ke 027" - W, ~1]) (2.1
2]+lvvi
P{m; k| m; 0} =—L— (ke[02" -W,-1]) (2.2)
2" W,
.y (d=p) .
P{0.k| j,0} = (je[0,m;]),(k € [0,W; —1]) (2.3)
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Based on the above descriptions of state transitions for traffic flows, we can solve
the Markov chain for type i traffic. Let g;(j,k), je[0,m;] and ke [O,ZjW,- —1], be
the stationary distribution of the chain. It can be found that all the state probabilities

m; 2'W;-1
can be expressed by ¢;(0,0) . Because Z Z q;(j,k)=1, we have:
j=0 k=0
_ 2(1-2p,)(1- p;)
(1=2p)W; + 1)+ pWi[l—(2p)™ ]

Let 7; be the probability that a station carrying type i traffic transmits in a ran-

4;(0,0) (3)

domly chosen slot time. We have:

< . 2(1-2p,)
7= 4;(j0)= ’ — )
,Z_:‘ A=2p)W; + 1)+ pW;[1-(2p;)™ ]

With the above probabilities defined, we can express packet collision probabilities p;
as:

L

pi=1-0-z)"" [Ta-zp" 5)

j=Lji

After combining equations (4) and (5) and by using a numerical method, we can get
all the values for p; and 7;. It can be easily found that this system has a unique set of
solutions. For example, assume that there are two different solutions for p, and 7,
ie., (p;',7;") and (p;",7;""). Assume that 7,''<7;', from equation (4), we have that
pi'"> p,', which is because that in equation (4) 7; increases with the decreasing of
p; [11]. From equation (5), on the contrary, it can be found that we have p,"'< p,'.

Therefore, this system must have a unique set of solutions for L >1.
Let P, be the probability that there is at least one transmission in the considered

slot time. We have
L
p=1-]Ja-z)" (6)
j=1

The probability P, that there is one and only one transmission occurring on the
channel can be given as
L L
PRITIIEE DR [ (AL
j=1 k=Lk#j
P

tr

P:

s

(7

Moreover, we define P,

i @s the probability that there is one and only one transmis-

sion of a traffic flow with type i occurring on the channel, and we have
L
Psrr,i =nT; (I_Ti)ni_l ' H(I—Tk )nk (8)

k=1,k#i
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The normalized system throughput S can be expressed as
L

Z Pstr,i ’ E[PLen,i] L
§= = : =25 ©)
(I_Ptr)o-+zpstr,i 'Ts,i +<Ptr _ZPstr,i)'Tc =l
i=1 i=1

where §; denotes the throughputs contributed by type i traffic flows. E[P;,, ;] is the
average duration to transmit the payload for type i traffic (the payload size is
measured with the time required to transmit it). If all packets of type i traffic have

the same fixed size, we have E[P,, ;1= P, ;. O is the duration of an empty slot

en,i

time. 7, is the average time of a slot because of a successful transmission of a

packet of a traffic flow with type i . T, ; can be expressed as

i

T, ; = PHY), 40, + MAC 4o, + E[Pp,, ;1+ SIF + 6 + ACK + DIFS + 0 (10)

where J is the propagation delay. 7. is the average time the channel is sensed busy
by each station during a collision, and it can be expressed as

T, = PHY) 040, + MAC)pgor + E[P. 1,1+ DIFS +0 (11)

where E[P.

collision. With the definition of the set Q,(k) as

_ren] 1s the average length of the longest packet payload involved in a

L
Q,(k)={c{yercy |Zci =k,0<¢; <ni=1,..,L}
i=1

E[P. ] can be given as:

_Len
ny+.+n, L
Z Z {H(Cz] . z'ic" 1- ri)ni—v,' . maX[H(CI)PLm’l,...,H(CL)PLW,!L ]}
EIP, p,,)=———0 x (12)
Ptr - zPstr,i
i=l
where
0(x) 1 x>0
X)=
0 x=0

Next, we analyze the average packet delay. We define delay Tp,; as the average
time period between the instant of a traffic flow with type i beginning its backoff

procedure to transmit a packet to the instant that the packet can be transmitted without
collision. Therefore, Tj, ; dose not include the transmission time for the packet.

It can be easily found that there is a simple relationship between Tp,; and the
throughput §; . We have the relation as:
S,

l

E[PLen,i]
S =—=—

13
"oy Tp;+T,,; (1

L

Therefore, Ty ; can be given as
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EIP .
Tp.,; = FlFien] L”’"]—Ts,,- (14)

Si

4 Approximation Analysis

In order to gain a deeper insight into the whole system, we make some approxima-
tions to get simpler but more meaningful relationships among different parameters.
We start from equation (5) to derive:

L
(-pi-r)=(-ppa-ry=[Ja-zp" asijsn a3
j=1
From the above equation, it can be seen that if 7; #7;, then we must have p; # p; .
When the minimum contention window size W; >>1 and Wj >>1, the transmission
probabilities 7; and T; are small, that is, 7; <<1 and 7; <<1. Therefore, from
equation (15), we have the following approximation
Pi=Pj (16)
Furthermore, when W, >>1, Wj >>1 and m; =m js we have the following approxi-

mation based on equation (4)

W
LI (17)
7; Ww;
From equations (5) and (9), we have
S _ Py ElP, ;1 m7,(1—7;)E[P, ;] _ mTEP, ;] mW,E[Pp,, ;] (18)
S; Py ElP, ;1 n7,0-7)E[Py,, ;1 n;7;E[P,, ;1 nWE[P,, ;]

Then, we have

5 (E[PM,,-]] / { E[P,, j]] (19)
Sj W W;

From the above equation, we can see that the throughput differentiation is mainly
determined by the scaling of minimum contention window sizes and the length of
packet payloads.

Moreover, from equation (14) and (19), we can see that under the conditions

EP,,, EP,, ]
<—[ Len.i] and T, ; << o Lenjd

s s;

flows n; >>1 and n;>> 1, we have

T,

5 , which holds when the number of traffic

D % i (20)
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Equation (20) is another important approximation relationship obtained. From above
equation, we can see that packet delay differentiation among different types of traffic
flows is mainly determined by the ratio of the corresponding minimum contention
window sizes.

Table 1. System parameters

MAC Header 272 bits
PHY Header 192 us
ACK 112 bits +PHY header
Channel Bit Rate 11Mbps
Propagation Delay 1 s
Slot Time 20 us
SIFS 10 ps
DIFS 50 us

5 Results and Discussions

In this section, we present some simulation and numerical results according to our
analysis model. In our examples, we assume that two types of traffic coexist in the
system. The parameters for the system are summarized in Table 1 based on IEEE
802.11b.

In Fig. 2 and Fig. 3, we validate our proposed analysis model by comparing simu-
lation results and numerical results. For our simulator, which is implemented by using
C++, we consider that there are 20 stations, 10 of them carrying type 1 traffic and the
others carrying type 2 traffic. In the simulation, ideal channel conditions (i.e., no
hidden terminals and capture) are assumed. The other parameters are set as follows:
W, =1024, E[P,,]1=2000bytes, E[P,,,]=1000bytes, m =m, =8. Different

simulation values are obtained by varying the minimum contention window size W,.

Each simulation value is obtained by running our simulator to simulate the actual
behavior of the system within the period of 30 minutes. In Fig. 2, the total system
throughput S and throughput S, are shown versus W,. In Fig. 3, average packet

delays Tp,; and T, , are shown versus W,. As expected, when W, decreases, traffic

flows with type 1 occupy larger portion of channel resources. From these two figures,
we can see that the simulation results agree so well with the theoretical ones that they
overlap, especially in the case of larger W, which justifies the assumption made in

section III.
In Fig. 4 to Fig. 5, we keep the total number of traffic flows constant, and we
change the number n; of traffic flows with type 1. In Fig. 4, throughputs s, and s,

versus the number of traffic flows n; are shown with the variation of W,. In Fig. 5,
packet delays Tp,; and Tp, are shown with the variation of W;. We can see that
when W, decreases, traffic flows with type 1 gain priority over type 2 traffic flows:

throughput s; becomes larger than s, , and packet delay Tj,; becomes smaller than
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Tp , - However, in the case of large n; (such as n >40), both the performance on

throughput and packet delays are worse than the case of W, =W, =256, which

indicates that providing service differentiation with very large number of traffic flows
belonging to the higher priority group makes the system performance worse than in
the case of no service differentiation support. The reason is that with the increase of
n;, collision rates p, and p, increase drastically, reducing the bandwidth utilization.

If the number of traffic flows with higher priority is sufficiently small, both through-
put and packet delays for higher priority traffic are improved significantly with only
small influence on traffic flows with lower priority. Therefore, the number of traffic
flows with higher priority must be strictly controlled to only small proportions of the
total number of traffic flows by suitable access control schemes.

8 16 32 64 128 256 512 1024
0.70 T T T T T T 0.70

o
2 0554 0.55
“ Numerical results
H 0.504 _.a-- Simulation results 0.50
<
= 4
3 0457 EP_ 1=2000 bytes 0.45
£ 0404 EIP,,,I=1000 bytes 0.40
W,=1024, m =m,=8, n =n,=10
0.35 0.35
0.30 . . . : ; . 0.30
8 16 32 64 128 256 512 1024

Minimum contention window size W,
Fig. 2 Throughput S and S, versus W,

8 16 32 64 128 256 512 1024

Numerical results
--A-- Simulation results
E[P,,,,]=2000 bytes
E[P,,,=1000 bytes
W,=1024, m,=m,=8, n,=n,=10;

1000 41000

1004 100

Average packet delays (ms)

104 ; ; ; ; =410
8 16 32 64 128 256 512 1024

Minimum contention window size W,

Fig. 3 Average packet delays T ; and Tp, , versus W,

6 Conclusions

We propose an analysis model to compute the throughput and packet transmission
delays in a WLAN with Enhanced IEEE 802.11 Distributed Coordination Function,
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which supports service differentiation. In our analytical model, service differentiation
is supported by scaling the contention window and the packet length according to the
priority of each traffic flow. Comparisons with simulations results show that good
accuracy of performance evaluations can be achieved by using the proposed analysis
model.

0 5 10 15 20 25 30 35 40 45 50
0.05 T T T T T T T T T 0.05

Packet Payload = 2000 byte
W, =256, m,=2,m, =2, n+n,=50

0.04 J0.04
W,=64 y

0.03 2 Joos

0.02 J0.02

s, and s;; throughput per traffic flow

0.01 \\ o J0.01

0 5 10 15 20 25 30 35 40 45 50

n_: number of traffic flows of type 1

Fig. 4 Throughput s; and s, versus the number of traffic flows n,
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- W=128
% /‘
]
©
K] .
8 1004 4100
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o
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© Packet Payload = 2000 byte
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Fig. 5 Packet delays Tp, | and Tp, , versus the number of traffic flows n
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Abstract. In contrast to the common wisdom stating that 802.11 wire-
less LANSs are not suitable for time-sensitive traffic, we have observed that
in some conditions packet traffic transmitted over 802.11b may benefit
from low delays even in saturation. Our analysis and measurements show
that low delays can be obtained irrespectively of the greedy behavior of
other hosts and without any traffic control mechanisms: when some hosts
try to gain as much as possible of the transmission capacity of the ra-
dio channel, it is still possible for other hosts to experience low delay
provided their packet rates are below some threshold value. The only
situation in which a time-sensitive traffic source fails to obtain low delay
is when its packet rate is too high with respect to its share of the channel
capacity. We provide an analytical formula for determining the limiting
packet rate that can be used to guide rate adaptive applications such as
audio or video codecs to keep their output rates under the limiting rate
and benefit in this way from low delays without any coordinated traffic
control mechanisms.

1 Introduction

The common wisdom concerning time-sensitive traffic over wireless LANs such
as 802.11 states that this kind of communication links cannot provide low la-
tency [6,[I2,IT]. Usually, it is assumed that the delay may be fairly long be-
cause of the Distributed Coordination Function (DCF) based on the CSMA/CA
(Carrier Sense Multiple Access/Collision Avoidance) medium access method.
Such multiple access randomized protocols are considered as not suitable for
time-sensitive traffic. Another access method defined in the 802.11 standard, the
Point Coordination Function (PCF) oriented towards time-bounded services, is
not implemented in most of current products. Many proposals try to alleviate
this problem by modifying the MAC layer [2] [3] [7].

In this paper, we show that hosts generating time-sensitive traffic in a 802.11
cell may benefit from low delays even in saturation conditions. We observe that
low delays can be obtained irrespectively of the greedy behavior of other hosts
and without any traffic control mechanisms: even if some hosts try to gain as

G. Karlsson and M.I. Smirnov (Eds.): QofIS 2003, LNCS 2811, pp. 162-[TZ1], 2003.
© Springer-Verlag Berlin Heidelberg 2003
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much as possible of the transmission capacity of the radio channel, other hosts
may experience low delays provided their packet rates are below some threshold
value.

We consider the case of several hosts that generate traffic over the wireless
channel of 802.11. Some hosts send high priority time-sensitive flows that require
low delay while generating packets with relatively small rate (for example H.261
typical rates start at 64 kbit/s and increase in multiples of 64 kbit/s). They
compete for the radio channel with other hosts that do not care about the
delay, but present a greedy behavior by trying to gain as much of the available
bandwidth as possible.

In another work [10], we have proposed to use the DiffServ model to provide
QoS differentiation at the IP level over the standard DCF method of 802.11.
By scheduling packets according to their DiffServ classes (BE, AF, EF) and by
constraining the output rate of each host via DiffServ traffic shaping mechanisms,
we can keep the 802.11 network in the state of non-saturation so that the time
critical high priority EF class benefits from stable short delays. Achieving such
service differentiation requires traffic control mechanisms and collaboration of
all hosts in a cell, for example a coordinator at the access point may configure
the DiffServ mechanisms implemented in all hosts to reflect current allocations
of the available bandwidth to aggregated traffic classes [8].

We begin with the analysis of the channel utilization in the 802.11 cell. The
analytical results provide us with a limiting packet rate: if a host keeps its traffic
below this limit, even if other hosts try to gain as much as possible, the host
will experience short delays. We then verify experimentally this behavior. In
our setup, we measure the throughput and the delay of two hosts in a wireless
cell that generate traffic of different classes. We designate different traffic classes
according the DiffServ model [3]: one host generates high priority EF traffic and
the other one lower priority AF traffic. We use token buckets to control the
source rates for which we want to measure the performance indices (they are
only used for measurements, they are not needed for obtaining low delays). The
experience confirms the analysis showing that if the channel is saturated by the
lower priority AF class, it is still possible for the EF class to benefit from low
delay provided that the EF packet rate remains lower than the limiting rate.
The only situation in which the EF class fails to obtain low delay is when its
packet rate is too high with respect to its share of the channel capacity. Note
that the results of this paper can be used to guide rate adaptive applications
such as audio or video codecs to keep their output rates under the limiting rates
and benefit in this way from low delays without any coordinated traffic control
mechanisms.

Our results show that the important parameter for scheduling traffic over the
802.11 WLAN is the packet rate and not the overall throughput. The importance
of the packet rate results from the fairness properties of the CSMA /CA access
method—in fact hosts in 802.11 share the channel capacity according to equal
packet rates and not equal throughput shares [9,4].
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The paper is structured as follows. First, we analyze the utilization in 802.11b
to derive the limiting packet rate (Section BJ). Then, we describe the setup of
the measurement experiments (Section Bl). We show the performance results in
a saturated cell (Section Hl). Finally, we present some conclusions (Section Bl).

2 Limiting Packet Rate in 802.11b

In this section, we model the behavior of a 802.11b cell [1] with hosts sending
packets of different sizes to derive the limiting packet rate. The results of this
paper follow up the analysis of the 802.11 performance anomaly [9], in which
we have derived simple expressions for the useful throughput, validated them
by means of simulation, compared with several performance measurements, and
analyzed the performance of the 802.11b cell when one slow host (transmitting at
a degraded rate e.g. 1 Mbit/s) competes with other fast hosts. Here, we modify
the model to take into account different packet sizes and rates.

The DCF access method of 802.11b is based on the CSMA/CA principle in
which a host wishing to transmit senses the channel, waits for a period of time
(DIFS — Distributed Inter Frame Space) and then transmits if the medium is
still free. If the packet is correctly received, the receiving host sends an ACK
frame after another fixed period of time (SIFS — Short Inter Frame Space). If
this ACK frame is not received by the sending host, a collision is assumed to
have occurred. The sending host attempts to send the packet again when the
channel is free for a DIFS period augmented of a random amount of time.

If there are multiple hosts attempting to transmit, the channel may be sensed
busy and hosts enter a collision avoidance phase: a host waits for a random
interval distributed uniformly over {0, 1,2,...CW — 1} x SLOT'. The congestion
window CW varies between CWyi, = 32 and CWihax = 1024, the value of
SLOT is 20 ps (these parameters are for 802.11b). The host that chooses the
smallest interval starts transmitting and the others freeze their intervals until the
transmission is over. When hosts choose the same value of the random interval,
they will try to transmit at the same slot, which results in a collision detected by
the missing ACK frame (only the transmitting hosts may detect a collision). Each
time a host happens to collide, it executes the exponential backoff algorithm — it
doubles CW up to CWiax.

We assume that each host i sends packets of size s; at rate x; packets per
second. The frame transmission time depends on the size: ¢, = s;/R, where
R is the nominal transmission rate (11 Mbit/s for 802.11b). The overall frame
transmission time experienced by a single host when competing with N —1 other
hosts can be expressed as:

S:
CZ—‘i =tov + Rl ~+ teont-

where the constant overhead

toy = DIFS 4 tpy + SIFS + tyr + tack
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is composed of the PLCP (Physical Layer Convergence Protocol) preamble and
header transmission time t,, = 96 us (short PLCP header), SIF'S = 10 ps, tack
is the MAC acknowledgment transmission time (10 us if the rate is 11 Mbit/s
as the ACK length is 112 bits), and DIFS = 50 us.

Under high load, to evaluate the impact of contention, we consider that the
hosts always sense a busy channel when they attempt to transmit and that
the number of transmissions that are subject to multiple successive collisions is
negligible. In this case, we find:

1+ PC(N) CWmin

foont (V) = SLOT x 5 x =,

where P.(N) is the proportion of experienced collisions for each packet success-
fully acknowledged at the MAC level (0 < P.(N) < 1).

A simple expression for P.(N) can be derived by considering that a host
attempting to transmit a frame will eventually experience a collision if the value
of the chosen backoff interval corresponds to the residual backoff interval of at
least one other host. Such an approximation holds if multiple successive collisions
are negligible. So we have

P.(N)=1—(1-1/CWyin)V L. (1)

At this point we have all the elements of T;, the global transmission time
of host 7. Now we want to find the overall performance—the channel utilization
when hosts transmit packets at rate x; while alternating transmissions. The uti-
lization will determine the limiting packet rate beyond which the network enters
the saturation state. We can evaluate the channel utilization by considering that
host 7 uses the channel with rate x; during time 7; as:

N
U= Z -riT‘i + Zeoll TCOH7 (2)

i=1
where xcon, Teon are the collision rate and the time spent in collisions, respec-

tively. If all hosts are greedy, their rates in the saturation state will be equal, so
the limiting rate can be found from:

N
:Csat Z ﬂ + ZTeoll Tcoll = la (3)

i=1

which finally yields:
_ 1 —2con Teon

N
Yiz1 B
Teolls Teoll can be easily found for the case of two stations. To make the compar-

ison with experimental results easier, we identify hosts by their type of traffic:
host 1 generates time-sensitive EF traffic while host 2 generates AF packets:

sat

(4)

Tcoll = IsatPc(Z)v (5)
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Fig. 1. Limiting packet rate for two hosts and different packet sizes.

Teon = max(Tgr, Tar) (6)

so for N = 2, and assuming that AF packets are longer or equal to EF packets,
we obtain the following formula for the limiting rate:

1
~ Tgrp + [1+ P.(2)]Tar’

xsat

(7)

Figure[Tl presents the limiting rate for two hosts in function of different packet
sizes.

For N > 2, a simple approximation consists of not taking into account colli-
sions. In this case we obtain the following upper bound for the limiting packet
rate:

e (8)

3 Experimental Setup

We have set up a platform to measure the delay and the throughput that hosts
can obtain when sharing a 11 Mbit/s 802.11b wireless channel. We have used two
notebooks running Linux RedHat 8.0 (kernel 2.4.20) with 802.11b cards based
on the same chipset (Lucent Orinoco and Compaq WL 110). The wired part
of the network is connected by an access point based on a PC box (SuSE 7.3)
running software access point hostap. The notebooks use the Wvlan driver for
the wireless cards. The cards do not use the RT'S/CTS option that may optimize
performance in case of the hidden terminal problem.

To avoid interferences in the use of the wireless channel, we measure the round
trip time (RTT) in a configuration in which a host sends a packet over 802.11b
and the reply returns via another interface (100 Mbit/s Ethernet). Figure 2]
presents the experimental setup.
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Fig. 2. Experimental setup.

As said previously, we limit the experimental study to two hosts designated
according to their type of traffic: the EF host sends time-sensitive traffic of a
given packet rate whereas the AF host will try to increase its traffic as much as
possible starting from 256 kbit/s to 10 Mbit/s in steps of 256 kbit/s.

The measurement results in the rest of the paper are presented in function
of the offered load, which is the sum of the EF and AF traffic in kbit/s. The
packet size given in figures corresponds to the UDP payload size.

4 Performance in Saturation Conditions

In this section we provide experimental results in saturation conditions. Fig-
ures Bl @, Bl present the RTT of the EF class transmitting at different rates (128,
256, 512 kbit/s) when competing with the AF class. We can see that when the
EF packet rate is small (128 kbit/s, 64 byte packets means 250 p/s packet rate),
the RTT of the EF class remains small (under 6 ms) even if the cell is already
saturated (offered load increased to 10 Mbit/s). As the limiting rate is 383 p/s
for 1472 byte AF packets (cf. Eq.[d) and more for shorter packets, the EF class
of 250 p/s packet rate will always benefit from low delays.

We can also see that for 512 byte AF packets and 256 kbit/s EF traffic (500
p/s packet rate), the delay is still short, because the limiting rate for this case
is 644 p/s. Figure bl shows the case in which the delay becomes very high due to
queueing delays—for 1472 byte AF packets the limiting rate is 383 p/s, so the
EF packet rate of 1000 p/s (512 kbit/s with 64 byte packets) is too high.

These result show that even if the channel is saturated by AF traffic, it is
still possible for the EF class to benefit from low delay provided that the EF
packet rate remains lower than the limiting packet rate. The reason for this
behavior is the basic CSMA/CA channel access method which provides good
fairness properties (contrary to the common wisdom concerning the fairness of
802.11 [4]) —the channel access probability is equal for all competing hosts.
Hence at saturation, each competing class obtains an equal packet rate. And
when the classes use different packet sizes, the throughput of each class may be
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Fig. 3. RTT of the EF class for increasing offered load, constant 128 Kb/s EF traffic.
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Fig. 4. RTT of the EF class for increasing offered load, constant 256 Kb/s EF traffic.

different. So, even if the AF class sends packets with a rate exceeding its packet
rate share, the EF class still benefits from its share of the packet rate. If the EF
rate is lower than the packet rate share, its delay remains small.
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EF @ 512 kbit/s, 64 byte packets
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Fig.5. RTT of the EF class for increasing offered load, constant 512 Kb/s EF traffic.

The only situation in which the EF class fails to obtain a low delay is when
the host packet rate is greater than its packet rate share. Figure[f illustrates this
case in a similar setup: for the constant EF rate of 1024 kbit/s, 64 byte packets,
we increase the rate of the AF class for different packet sizes. This rate of the
EF class corresponds to the packet rate of 2000 p/s, which is greater than the
limiting rate for any AF packet size. We can observe from the figure that the EF
class does not obtain this rate, so that the RTT increases because of queueing
delays: the corresponding RTT measurements appear in figure [d. We can also
observe how the packet rates of both classes tend towards equal values when the
cell becomes saturated.

5 Conclusions

The analysis and measurements in this paper show that the time-sensitive EF
class may benefit from low delays irrespectively of the greedy behavior of other
hosts and without any traffic control mechanisms. The only condition for ob-
taining such desired behavior is to keep the packet rate under the limiting value
that we have analytically derived in Section[2. The only situation in which the
EF class fails to obtain low delay is when its packet rate is too high with respect
to its packet rate share.

Our results show that the packet rate is the most important parameter for
QoS guarantees on the 802.11 WLAN. Its importance results from the fact that in
the CSMA /CA access method, every time the EF host has a packet to transmit,
it will contend with other hosts and gain the channel with probability 1/N,
where N is the number of hosts wanted to send a packet. If it does not succeed,
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Fig. 6. Packet rates obtained by the AF and EF traffic for increasing offered load.
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Fig. 7. RTT of the EF class, for an increasing offered load. High relative EF packet
rate.

it will attempt another time with a higher probability than the host that has
gained the channel: its residual contention interval is smaller on the average than
the contention interval of the successful host. Note also that our results apply
to other variants of WLANSs such as 802.11a and 802.11g, because they use the
same MAC access method as 802.11b.
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The results of this paper show that it is possible to provide some QoS guar-

antees over the standard DCF method of 802.11. In particular, adaptive appli-
cations such as audio or video codecs can keep their output rates under the
limiting packet rate and benefit in this way from low delays without any coor-
dinated traffic control mechanisms.
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Abstract. The existing topology-unaware TDMA-based schemes are
suitable for ad-hoc networks and capable of providing a minimum guar-
anteed throughput by considering a deterministic policy for the utiliza-
tion of the assigned scheduling time slots. In an earlier work, a proba-
bilistic policy that utilizes the non-assigned slots according to an access
probability, common for all nodes in the network, was proposed. The
achievable throughput for a specific transmission under this policy was
analyzed. In this work, the system throughput is studied and the condi-
tions under which the system throughput under the probabilistic policy
is higher than that under the deterministic policy and close to the max-
imum are established.

1 Introduction

Ad-hoc networks require no infrastructure and nodes are free to enter, leave or
move inside the network without prior configuration. This flexibility introduces
new challenges and makes the design of an efficient Medium Access Control
(MAC) a challenging problem. CSMA /CA-based MAC protocols have been pro-
posed, [I], [2], [3], whereas others have employed handshake mechanisms like
the Ready-To-Send/Clear-To-Send (RTS/CTS) mechanism [4], [5], to avoid the
hidden/exposed terminal problem.

Chlamtac and Farago, [6], as well as Ju and Li, [7], have proposed an orig-
inal TDMA-based scheme for topology transparent scheduling. However, both
schemes employ a deterministic policy for the utilization of the assigned time
slots that fails to utilize non-assigned time slots that could result in successful
transmissions, as it is shown here.

In a previous work, [§], the general approach proposed in [6] and [7] (to be
referred to as the Deterministic Policy) was considered and the idea of allowing
the nodes to utilize (according to a common access probability) scheduling slots

G. Karlsson and M.I. Smirnov (Eds.): QofIS 2003, LNCS 2811, pp. 172-[I&1, 2003.
© Springer-Verlag Berlin Heidelberg 2003



Throughput Analysis of a Probabilistic Topology-Unaware TDMA MAC 173

not originally assigned (according to the rules in [6], [7]) to them, was introduced.
In this work, the system throughput under the Probabilistic Policy is analyzed
extensively and the conditions for the existence of an efficient range of values
for the access probability are established, based on a properly defined topology
density metric.

In Section 2] a general ad-hoc network is described as well as both the Proba-
bilistic Policy and the Deterministic Policy. In Section B] the preliminary system
throughput analysis shows that it is difficult or impossible, in the general case,
to fully analyze it. An approximate analysis is presented in Section €] that es-
tablishes the conditions for the existence of an efficient range of values for the
access probability. Furthermore, this analysis determines the maximum value for
the system throughput and the corresponding value for the access probability;
bounds on the latter probability are determined analytically as a function of the
topology density. In Section[B] the accuracy of the approximate analysis is stud-
ied. Simulation results, presented in Section [6] show that a value for the access
probability that falls within the bounds, as they are determined based on the
topology density, results in a system throughput that is close to the maximum.
Section [7] presents the conclusions.

2 Scheduling Policies

An ad-hoc network may be viewed as a time varying multihop network and may
be described in terms of a graph G(V, E'), where V' denotes the set of nodes and
E the set of links between the nodes at a given time instance. Let | X| denote
the number of elements in set X and let N = |V| denote the number of nodes
in the network. Let S, denote the set of neighbors of node u, u € V. These are
the nodes v to which a direct transmission from node u (transmission u — v)
is possible. Let D denote the maximum number of neighbors for a node; clearly
|Su| < D, VueV.

The transmission(s) that corrupts transmission v — v may or may not be
successful itself. Specifically, in the presence of transmission u© — v, transmission
X = ¥, x € Sy U{v} —{u} and v € S, N (S, U{u}), is corrupted. If ¢ €
Sy — (Sy N (Sy U {u})), then transmission xy — 1 is not affected by transmission
U — v.

Under the Deterministic Policy, [6], [7], each node u € V is randomly assigned
a unique polynomial f, of degree k with coeflicients from a ﬁnite Galois field of

order ¢ (GF(q)). Polynomial f, is represented as f,(x Zaz (mod q) [7],

where a; € {0,1,2,...,q¢ — 1}; parameters ¢ and k are calculated based on N and
D, according to the algorithm presented either in [6] or [7]. For both algorithms
it is satisfied that k > 1 and ¢ > kD + 1 (k and D are integers).

The access scheme considered is a TDMA scheme with a frame consisted of ¢
time slots. If the frame is divided into ¢ subframes s of size ¢, then the time slot
assigned to node w in subframe s, (s =0,1,...,¢ — 1) is given by f,(s)mod ¢ [7].
Let the set of time slots assigned to node u be denoted as §2,,. Clearly, |2,| = q.
The deterministic transmission policy, [6], [7], is the following.
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The Deterministic Policy: Each node u transmits in a slot ¢ only if ¢ € §2,,
provided that it has data to transmit.

Depending on the particular random assignment of the polynomials, it is
possible that two nodes be assigned overlapping time slots (i.e., £2,, N 2, # 0).
Let Cy—, be the set of overlapping time slots between those assigned to node u
and those assigned to any node x € S, U {v} — {u}. C\,_, is given by:

Cuso = 2, N U 2. (1)
X€SyU{v}—{u}

Let R,_, denote the set of time slots i, i ¢ §2,, over which transmission
u — v would be successful. Equivalently, R, _,, contains those slots not included
in set UxESvU{v} {2,,. Consequently,

|Ru—o| = ¢ - U R (2)

XE€S,U{v}

R, _,, is the set of non-assigned eligible time slots for transmission u — v;
if such slots are used by transmission u — v, the probability of success for the
particular transmission could be increased.

Theorem 1. |R,_.,| is greater than or equal to q(k — 1)D. O

The proof of Theorem [ is included in [§].

From Theorem [I] it is obvious that for k& > 1, |R,_,| > ¢D. Consequently,
the number of non-assigned eligible slots may be quite significant for the cases
where k > 1 (this case corresponds to large networks, [7]). Even for the case
where k = 1, |Ry—o| > 0, that is, |R,—,| can still be greater than zero. For
those nodes for which the set of overlapping slots is not the largest possible
(i.e., )UXeSUU{v} 2 < (ISu] + 1)q), |Ry—»| is greater than zero, even for
k = 1. Furthermore, if the neighborhood of node v is not dense, or |S,| is small
compared to D, then |R,_,,| is even higher.

In general, the use of slots i, i € R,_,,, may increase the average number of
successful transmissions, as long as R, _,, is determined and time slots ¢ € R,
are used efficiently.

The Probabilistic Policy: Fach node u always transmits in slot 4 if ¢ € (2, and
transmits with probability p in slot ¢ if ¢ ¢ (2,,, provided it has data to transmit.

The Probabilistic Policy does not require specific topology information (e.g.,
knowledge of R, _,,, etc.) and, thus, induces no additional control overhead. The
access probability p is a simple parameter common for all nodes.

3 System Throughput

The throughput for a specific transmission under the Probabilistic and Deter-
ministic policies was investigated in [8]. In this section the expressions for the
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system throughput under both policies are provided and the conditions under
which the Probabilistic Policy outperforms the Deterministic Policy are derived.
When these conditions are satisfied it is shown that there exists an efficient
range of values for p (such that the system throughput under the Probabilistic
Policy is higher than that under the Deterministic Policy). The analysis assumes
heavy traffic conditions; that is, there is always data available for transmission
at each node, for every time slot.

Let Pp suce (Ppsuce) denote the probability of success of a transmission (av-
eraged over all transmissions) under the Deterministic (Probabilistic) Policy (be
referred to as the system throughput for both policies) assuming that each node
u may transmit to only one node v € S, in one frame. According to the work
presented in [§], it can be concluded that Pp syce and Pp sycc are given by the
following equations.

1 q— ‘Cu—>v|
PD,succ = N Z Ty (3)
YueV
1 q— ‘Cu—ﬂ}' +p|Ru_>U| [Su]
PP,succ = N Z q2 (1 - p) ) (4)
YueV

where v € S,,. From Equation () it can be seen that for p = 0, Pp suce = P, suces
while for p = 1, Ppsyee = 0. In general, Pp gy may or may not be greater
than Pp sycc. Consequently both equations have to be analyzed to establish the
conditions under which Pp sycc 2> Pp succ-

Theorem 2. Provided that ), .\ ( Ry —(g— |C’u_>v\)|SU|) > 0 is satisfied,
there exist an efficient range of values for p of the form [0, pmaz], for some

ngmaz<]-' a

The proof of this theorem can be extracted by calculating and analyzing the first
derivative of Pp sycc with respect to p.

The following theorem is based on Theorem [Z for “large networks” (k > 1,
see [7]).
Theorem 3. For k > 1, there always exists an efficient range of values for p of
the form [0, Pmaz], for some 0 < Dpag < 1, for which Pp syce > Pb suce- O

The proof of Theorem [3 can be easily extracted from a relevant theorem pre-
sented in [§].

Theorem [ and Theorem [ establish the conditions for the existence of an
efficient range of values for the access probability p of the form [0, p,,q4.], for some
0 < Prmaz < 1. Given that Equation () is difficult or impossible to be analyzed
for D > 1 (correspond to a polynomial of degree greater than 2), respectively,
an approximate analysis is considered and presented in the following section.

4 Approximate Analysis

The approximate analysis presented in this section is based on a polynomial that
is more tractable than that in Equation ). Let the system throughput Pp syce,
be approximated by Pp sycc:
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~ 1 q— Cun +p Ryso
PP,succ = N Z | ~ |2 ‘ = |(1 —P)|S|» (5)
YueV q

where [S| = & S u.cy [Sul, denotes the average number of neighbor nodes. Let
@/ D be referred to as the topology density. For a given pair of N and D, nu-
merous topologies exist that can be categorized according to the average number
of neighbor nodes. In the sequel, the conditions under which Pp)succ > Pp suce,
are established and the value for p (denoted by pp) that maximizes Pp,succ is
determined as well.

Let ¢ _ xESvU{v}—{u}lgxﬂgul
€l Py—sv = ENES

slots of node u with each node x € (S, U{v} — {u}). As it can be seen from
Appendix[l, the following inequality holds.

| Rusol 2‘12 = (18] + 1)(q — du—o)- (6)
Let 52 %ZVueV Du—sv-

Theorem 4. Provided that ",y (|Ruso| — (¢ — [Cuso])]S]) > 0 is satisfied,
there exists a range of efficient values of p of the form [0, Dmaz], for some 0 <
S uey (IBusul=(a=1Cu o )IS])

> ucy (Russul (ST+1)
(= Po)- i}

This theorem can be proved by calculating and analyzing the first derivative of
Pp gycc With respect to p.

Theorem [l determines the lower and upper bounds of py as a function of | 5]
only.

denote the average number of overlapping

Dmaz < 1. Ppsucc assumes a maximum for p =

Theorem 5. There exists an efficient range of values for p, provided that ¢ >
2|S|+1
=

Proof. According to Theorem H] there exists an efficient range of values of p if
> vuer (|Ru_>v| —(q — \C’u_)v|)ﬁ) > 0 holds. From Equation (6), |Ry—.| >

¢ = (ST + 1)(g = du-r). Therefore, Sy,ey (IRusel = (a = [CunJIST) = 0

always holds if ZVUEV (q2 - (@+ (g — puso) — (g — ‘Cu—WDE) > 0. Given

that |Cussv| > Puv (see Appendix ), it is enough to show that ¢ — (2]S] +
Dg+(2[S|+1)¢>0. N _ _
Let A be equal to (2|S] +1)% — 4(2|S| + 1)¢ = (2|S| + 1)(2]S| + 1 — 4¢). For

A <0, ¢*— (28] +1)g+ (2[S[+ 1)¢ > 0. Since 2[S|+1 > 0, in order for A <0,

2|S| + 1 — 46 < 0 should hold, or ¢ > 2‘51*1. o

The condition of Theorem [ (or Theorem H) is sufficient but not necessary in
order for Pp syce > Pp suce- Notice also that these theorems do not provide for
a way to derive Pyqe.- In addition, pg depends on parameters that are difficult
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to know for the entire network. In the sequel, Theorem [B not only provides
for a range of efficient values for p but also determines simple bounds (py,,,, ,
Poyin © D0yan < Do < Po,,,,) on the values of py (that maximizes Pp syec) as a
function of the simple topology density |S].

q2-<zm+1>(q——2‘i“

in = — L, pro-
(qQ—(|S|+1)(q—2‘i'“))<|S\+1>

vided that there exists an efficient range of values for p.

Theorem 6. py,,. = ﬁ+1’ and Py

Proof. According to Theorem [4] there exists an efficient range of values of p,
if > vuev (\Ru%v| —(q— \Cuﬁv|)ﬂ) > 0 holds. Then, it can be calculated

2 ey (lRuw—(q—\cu%l)@) _ (1_ ZWEV@-CHUM) B
ZVueV ('R“_’“‘(E+1)) (S1+1) ZVHGV [Ruy—ol -

. From Equation (@), |Ry—.| > ¢*— (IS|+1)(qg—

that ]50 =

. Therefore, pg

max | I

|S|+1

i 5o = S uey @—1CuDISTY
Pu—sy) and given that py = (EH) (1 Z\mev ] , it is concluded

D vy (cﬁ—(@+1)(q—¢w,>—<q—|cw,\)ﬁ)

that po >

— — . Since |Cy—yo| > Pu—sy (Ap-
Z\mev (q27(|5|+1)(q7¢uﬂ)>(\S|+1)

pendix [), it can be calculated that py > qz;(2m+1)7(q*$)7 = p . (P).
*(|5|+1)(Q*¢))(|S\+1)

It can be calculated that %ﬁw) > 0, and therefore, §/,,., (¢) increases as ¢

increases. Consequently, the minimum value for py, po,,,,, corresponds to the

minimum value of ¢ for which there exists an efficient range of values for p.

2[S[+1
4

This value according to Theorem [ corresponds to ¢ = and as a result,

o @751 (o- 5 )
ﬁornin = P Tol J— :
(qz—(|5|+1) (q—%)) (I5[+1)

Both Theorem [ and [ are important for the realization of a system that
efficiently implements the Probabilistic Policy. Given a polynomial assignment
that satisfies Theorem ] for a value of p between py,,,, and po,,, ., the achievable
system throughput is close to the maximum. For the determination of py,,,, and
Do,,.. 1t is enough to have knowledge of the topology density |S].

a

5 On the Accuracy of the Approximation

The analysis presented in Section [l has established the conditions under which
Pp suce = PD suce, as well as the range of values of P for which Pp suce 1S maxi-
mized. This section presents the cases for which (a) PP’SUCC is close to Pp gycc in
the sense that there exists a small number &1 such that |Pp sycec — pp_’succ| <eée
and (b) if the condition, for which PRSMC > Pp succ holds, is satisfied, then
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Ppsuce > Pp suce holds as well. This section presents the case for which the
conditions of Theorem Bl and Theorem [ are close in the sense that Jey :

| Svuer (Bumol = (@ = [CumnaNIST) = Sy (Bumsol = (@ = [CumnaISu) | <

€o. It is also shown that as 5 increases linearly, €1 increases exponentially. For
the case where €1 is not small, it is possible that e5 is small and Pp sycc > Pp suce
holds if the condition corresponding to Pp,succ > Pp succ 1s satisfied. In general,
1 reflects the accuracy of PRSUCC while e reflects the accuracy of the conditions
that if satisfied, f’p’succ > Pp succ holds.

First, it is enough to determine the cases when €5 is close to zero. |Pp syce —

- —|Cuso wrv S|
PP,sucC‘ S %Zvuev (q ‘ cijle ‘(1*]))'5' ‘( )ls - 1‘) < e1

holds. Let Var{|S|} = ﬁ Y vev ‘E -

variation. It is evident that as Var{|S|} increases, €, increases exponentially.
Consequently, Pp sycc is a good approximation of Pp gy, for rather small values
of Var{|S|} (e1 — 0).

Second, the absolute difference between the two conditions is calculated to be

equal to ZVuGV(q - |Cu%v|)(ﬁ_ 1Su1) ‘ < ZVuGV(q = [Cusol) ’E_

< &9. Consequently, as Var{|S|} approaches zero, €5 approaches zero linearly
and consequently, the condition under which PP’SUCC > Pp succ holds, approaches
linearly the condition under which Pp sycc > Pp,suce holds. On the other hand,
as Var{|S|} increases, 2 increases linearly but ¢; increases exponentially.

Let po denote that value for p that maximizes (global maximum) Pp gycc.
dp‘zi;““ - = 0. Equation (#) is a polynomial of degree D and it
is difficult or impossible to be solved to obtain an analytical form for py. It is

obvious that for Var{|S|} = 0, po = po and therefore, py € (Po.min,Po,maz)-
In general, py may or may 1ot belong in (Bo, min, Do, maz) but any value p €
(Po,mins Do,mag) for which Pp suce > Pp suce holds and Pp suce 18 close to its
maximum value, possibly (depending on the value of e2) leads to Pp syce >
Pp suce and it is possible (depending on the value of €1) that Pp ¢ is close to
its maximum value as well.

be defined as the topology density

Obviously,

6 Simulation Results

For the simulation purposes four different topology categories are considered.
The number of nodes in each topology category is N = 100, while D is set
to 5, 10, 15 and 20. These four topology categories are denoted as D5N100,
D10N100, D15N100 and D20N100 respectively. The algorithm presented in [7]
that maximizes the minimum guaranteed throughput, is used to derive the sets
of scheduling slots. Time slot sets are assigned randomly to each node, for each
particular topology. The particular assignment is kept the same for each topology
category throughout the simulations.

The simulation results presented demonstrate the performance for k = 1 (the
resulting value for k is equal to 1 for the four topology categories, [7]), that is
the case that the number of non-assigned eligible time slots is expected to be
rather small and, thus, the effectiveness of the Probabilistic Policy rather low.
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Fig.1. System throughput simulation results for different values of p for both the
Deterministic and the Probabilistic Policy.

The value of ¢ calculated for each topology satisfies the condition of Theorem
Bl for all cases. If p € (Po,min,Do,maz) then the achieved system throughput is
possible to be close to the maximum, as it appears from Theorem [6.

Figure [l depicts simulation results for the system throughput (Pisyec), under
both the Deterministic and the Probabilistic Policies, as a function of the ac-
cess probability p. It can be observed, as expected, that the system throughput
achieved under the Deterministic Policy is constant with respect to p. Obviously,
(B0,,5m > P0,,4.) determines a range of the values of p for which Pp syce > P suce
and it appears that Pp g, is close to its maximum value.

For the comparison between the two schemes, it is set p = po,,,,,- From Figure
Bl it can be seen that the achieved system throughput under the Probabilistic
Policy is higher than that under the Deterministic Policy. It is a fact that for high
topology density values and small networks (k = 1) the gain of the Probabilistic
Policy is negligible but for any other case (small topology density values and
k =1 or any topology density values and k > 1) the gain is significantly high.

7 Summary and Conclusions

The Probabilistic Policy was introduced in [8] and the throughput for a specific
transmission was studied. In this work, this policy is considered and a system
throughput analysis is presented in order to (a) identify the suitable range of
values for the access probability p for which the Probabilistic Policy outper-
forms the Deterministic Policy; (b) identify the maximum value for the system
throughput and the corresponding value of the access probability; (¢) determine
simple bounds on the access probability that maximize the system throughput
as a function of the topology density.
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Fig. 2. System throughput simulation results (Psucc), for both policies, for different
values of the topology density |S|/D (p = po,..,,)-

Simulation results have been derived for four network topology categories

(for four pairs (N, D)) The derived results have supported the claims and ex-
pectations regarding the comparative advantage of the Probabilistic Policy over

the
the

Deterministic Policy and that the approximate system analysis determines
range of values that, under certain conditions, maximize the system through-

put under the Probabilistic Policy, or induce a system throughput close to the
maximum.
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Appendices
Appendix 1 [Ryy| > ¢* — (|Su] + 1)(¢ — ¢u—sv)

Ux€Su+{v} £2, | can be written as ‘Uljialﬂ £2; ‘ by assigning numbers, j =
1,...,|Sy|+1, to each node x € S, U{v}. Without loss of generality, it is assumed
that node u corresponds to number |S,| 41 or 2, = g, |41

Sy Sy Sy
Ui ™ 2| =2l + ’Uljz2|+1 24 ‘ - ’91 n (U‘j:2|+1 Qj) ’

|| +1 . Sy |+1 |Su]+1
UiZis, 25| = 1251+ ‘Uj:|Sy|+1 Qj’ - ‘9|sv| n (Uj:|Su|+1 Qj)‘

| Sy |+1
Su|+1 . .
U, o ‘ = |25, 1111+ 192;] = q and by adding all lines: | | ) 2;] =
j=1
|Sy] [Su|+1 1Sul | o (] [ISe1H o
ISol+Dg=>_ 12,0 | U 2 || Let fuo = = ]|s(|+lf"+1 L e
i=1 I=j+1

. : Syl+1
latter expression can be written as ‘ Uljle Q; ‘ = (|Su]+1)g—(|Su|+1)0y— =
(|Sy] + 1)(¢ — Ou—ss), and therefore, given Equation @), |Ry—s| = ¢* — (|Ss| +

[Sv

. ,»:1||9ﬂ9\81,\+1|
1)(q¢ — Ou—r). du—y can be written as follows: ¢, = = JSMES)
Sined o
Ouso = W Given that (2, = g |41, it is concluded that 6, ,, >

¢y and consequently, Equation (B) is proved.

Appendix 2 |Cy_yp| = duso

From Equation (), |Cy—.| = ‘ 02, N (Uxesvu{v}—{u} QX) ’ > [£2, N £2;], for all
nodes x € (S, U{v} — {u}), denoted by numbers j = 1, ...,|S,|, while node w is
denoted by |S,| + 1. Consequently, |S,|[Cuso| > 32171 [2, N 251, or |Cuss| >
Z‘ji”l‘mumgﬂ - Zi“l'mmrzj\

[Sy] [Sul+1
(the equality holds when (2, N (Uxesvu{u}—{u} QX) = () in which case |Cy—,| =

¢u~>v - 0)

, OT |Cu—>v| > ¢u—y. Consequently, |Cu—>v| > Ouso
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Abstract. Recently, the application of the peer to peer networking
paradigm (typical for an ad hoc network) has been proposed for wireless
local area networks (WLANS), instead of the traditional cellular net-
working paradigm. In this paper the performance of a WLAN employing
the peer to peer networking paradigm is studied via simulations; the re-
sults indicate that the direct application of the peer to peer networking
paradigm in a WLAN leads to a substantially decreased throughput for
the traffic directed to the Access Point (AP). The study also reveals that
the cumulative receiving throughput of nodes located at the periphery
of relatively small circular areas around the AP is substantially higher.
Thus, the capacity of the multihop cellular network may be enhanced by
employing the peer to peer paradigm only outside a circular area around
the AP and the cellular paradigm inside this circular area. Examples are
provided of environments where the aforementioned idea of distributing
the traditional AP functionality to a set of nodes at the periphery of a
circular area around the AP can be effectively applied.

1 Introduction

The cellular networking paradigm is the traditional networking paradigm for
WLANSs. Recently, the application of the peer to peer networking paradigm
(typical for an ad hoc network) has been proposed for WLANs ( [79I612//3]).
However, the direct application of the peer to peer networking paradigm in a
WLAN demands that the AP be “downgraded” to an ordinary node, in the
sense that the AP no longer has the control of the shared medium (as in typ-
ical cellular networks), and its transmission range is reduced. These can have
important side-effects on the network’s performance, especially for the case of
inter-cell traffic (traffic that traverses the AP). In this paper, the performance
of a Multihop Cellular Network (MCN) ([6]) is studied via simulations for the
case of inter-cell traffic and a more efficient approach for the employment of the
peer to peer paradigm in WLANSs is proposed. The main difference of a Mul-
tihop Cellular Network (MCN) compared to the cellular network is that peer

* This work has been supported in part by the IST Programme under contract IST-
2001-32686 (BROADWAY).

G. Karlsson and M.I. Smirnov (Eds.): QofIS 2003, LNCS 2811, pp. 182-[T92, 2003.
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to peer (between nodes) communications are allowed and the operation of the
network is distributed. The transmission range of both the mobile nodes and
the AP is reduced so that multi-pair peer to peer communication be possible
unihibited by interference. On the other hand the transmission range should not
be reduced to the extent that node connectivity be compromise. The benefits
of the adaptation of the peer to peer paradigm within a WLAN include mainly
reduced energy consumption and the possibility for multiple simultaneous trans-
missions over the shared medium (spatial reuse of the shared medium). In an
effort to show the advantages of the MCN architecture due to the possibility for
spatial reuse of the shared medium, past studies [6]2] have considered network
traffic conditions in which all traffic is intra-cell. Under inter-cell traffic condi-
tions though, the benefits of spatial reuse — if any — are questionable and the
effectiveness of the MCN architecture is quite poor. In this paper the capac-
ity of the MCN architecture is evaluated via simulations under inter-cell traffic
conditions. The derived results indicate that the MCN architecture supports a
substantially decreased throughput at the AP. The study also reveals that the
cumulative receiving throughput of nodes located at the periphery of relatively
small circular areas around the AP is substantially higher. Thus, the capacity of
the multihop cellular network may be enhanced by employing the peer to peer
paradigm only outside a circular area around the AP and the cellular paradigm
inside this circular area in order to allow for a coordinated and high throughput
(last) one-hop access to the AP of the nodes within this circular area.

The structure of this paper is as follows. In section [ the capacity of the
MCN is evaluated for the case of inter-cell traffic. In section [ an enhancement
is proposed which is shown to incorporate several of the advantages of the peer to
peer communication into the cellular architecture. Related work is summarized
in section Hl

2 Evaluation of the Capacity of the MCN Architecture

When all traffic is intra-cell, the MCN architecture is expected to be efficient
due to the advantage of the spatial reuse of the shared medium in the peer to
peer communications. No node is expected to be different than any other node
in terms of the amount of traffic generated or received under the intra-cell traffic
conditions. The uniform distribution of the peer to peer communications across
the cell (a) maximizes the benefit of the spatial reuse by spreading evenly the
one-hop transmissions (and minimizing the interference) and (b) results in a
geographically evenly distributed traffic load avoiding the formation of problem-

! The reduced coverage area of the AP is referred to as the sub-cell; its radius is
denoted as Rs. and is assumed to be equal to the transmission range of all the
nodes. R. denotes the radius of the geographical area that the AP is responsible for
covering; in the cellular networking paradigm it is assumed that the transmission
range of the AP is equal to R.. In addition, neighboring APs are assumed of the
same radius and not overlapping; that is, if L denotes the minimum distance between
two APs then L > 2R..
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atic bottlenecks; the latter occurs since a relatively low traffic load is directed
to each receiving node and, thus, can be supported, even if (due to interference)
its throughput is only a small portion of the medium’s capacity.

However, in a WLAN architecture it is expected that the traffic would mostly
be directed toward the node that supports accessing the web and nodes outside
the cell. Thus, the long-term ratio of the inter-cell over the total (inter-cell
and intra-cell) traffic is expected to be high and possibly very close to 1. The
previous implies that the uniform distribution of the peer to peer transmission
and traffic load are far from valid under realistic conditions, since one node,
the AP, would be offered a high traffic load and have a high concentration
of peer to peer transmissions in its vicinity. Due to the latter, the (receiving)
throughput of the AP’s shared medium would be drastically reduced and would
be far from adequate in supporting the high traffic load offered to the AP (that
would require a very high throughput). In this section the aforementioned issues
are investigated by studying the performance of the MCN architecture under
inter-cell traffic conditions.

2.1 Simulation Environment

The simulator used is the ns simulator [I] (version 2.1b7) with the multihop
wireless extensions from the CMU Monarch group. At the medium access level
the Distributed Coordination Function (DCF) mode of the IEEE 802.11 MAC
standard is used with the default parameters of the simulator. The path loss
model used is the two ray ground path loss model of the ns simulator according to
which the signal attenuates in proportion to 1/d? up to a certain distance (default
value ~ 86m) and in proportion to 1/d* beyond that. The only modifications
applied concern the transmission power (in order to vary the transmission range)
and the carrier sense threshold (CST) (in order to vary the range of interference).
In the simulation results the ratio of the interference range over the transmission
range is referred to as the interference factor and is denoted as a. For example,
for the default values of the simulator a ~ 2.2 B. The UDP transport protocol is
employed with a packet size of 512 bytes; the Distributed Source Routing (DSR)
protocol is employed for packet routing. The nodes are assumed to be static so
that any impact of node mobility on the derived results be avoided.

The simulated topology consists of an 11x11 (121-node) grid in which some
(or all) nodes transmit to the node at the center of the grid, which plays the
role of the AP. The side of the grid is 40m and the transmission range is set
to 60m in order for the diagonal neighbors to be reachable in one hop. The
investigation is limited to the case of the uplink (where the benefits in terms
of power consumption due to the multihop operation are more important) and
only inter-cell traffic is considered, that is, traffic directed to the AP.

2 In this work the term interference range is used as in [5] to refer to the maximum
distance for which a receiver can sense a transmitter; the term carrier sensing range
(used for example in [4]) is rather more appropriate for this quantity (see [4] for a
relevant discussion and [8] for details on the physical layer modeling in ns simulator).



Study of the Capacity of Multihop Cellular Networks 185

(1,300) (1, 600) (1, 2400)

7
Bss04 A

i |
(2.6, 300) (2.6, 600) (2.6,2400)

100
50 |
0
0 1000 2000 3000 4000 5000 6000
Total Load (Kbps)

(a) (b)

Fig.1. (a) Total throughput vs total load for two different ranges of interference and
(b) Throughput distribution for (a, total load (kbps))=(1, 300), (1, 600), (1, 2400),
(2.6, 300), (2.6, 600), (2.6, 2400) .

2.2 Simulation Results

The Effect of Interference. All nodes generate the same amount of traffic
to the AP, which is assumed to be the node located in the center of the grid.
Figure[l(a), illustrates the throughput achieved for different loads for the systems
with @ = 2.6 and a = 1, respectively. Two basic observations can be made from
these results. The first is that the throughput of the MCN system is much lower
than the channel capacity (1.3 Mbits) B. The second is that the throughput
achieved for a = 2.6 is lower than that for @ = 1. There is also a paradox
observed in this figure regarding the shape of both throughput curves: initially,
the throughput increases as the load increases, then decreases for a small range
of loads and then increases again. Figure [[{b) attempts to provide for some
insight into the aforementioned paradox. Each cell in each of the six grids shown
in Figure [[(b) corresponds to a node in the simulated topology. The different
colors in each cell represent the different ratios of packets sent by the source of
the grid corresponding to that cell that have been successfully received at the
destination. Only the traffic originated by each node is considered (packets that
are relayed are not accounted for). The lighter the color, the larger the ratio
of packets sent by the corresponding source that reach the AP. The very dark
color at the center corresponds to the AP, which does not send any packets. In
all figures the total load is evenly distributed among all sources. The first set of
figures is obtained for a total load of 300Kbps. The received packet ratio at the
destination for this load is 92% and 86% for a = 1 and a = 2.6, respectively;
that is, the 92% and 86% of all packets reach the AP. As seen in the figure this
ratio is almost evenly distributed among all nodes in the grid. The difference in
throughput for the two systems is attributed to the level of interference, which is
larger for a = 2.6. The second set of figures is obtained for total load of 600Kbps.
The received packet ratio at the destination for this load is 60% and 32% for

3 The maximum throughput that can be achieved between two nodes using the IEEE
802.11 DCF, (with UDP traffic and packet size of 512 bytes) was found (via simula-
tions) to be 1.3Mbits. This value may be considered as the channel capacity and is
used for comparison with the throughput of the simulated system.
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Fig. 2. (a) Total throughput vs total load for three different values of number of hops
(3, 4 and 5) (b) Throughput distribution for (number of hops, total load (kbps))=(3,
2400), (4, 2400), (5, 2400).

a =1 and a = 2.6, respectively. It is observed that mostly the nodes around the
AP contribute to the total throughput, while the other nodes block each other’s
transmissions. However, this small fraction of nodes that do contribute to the
system’s throughput is rather low (5 Kbps per node) and the total throughput
is low. In the last set of figures, which is obtained for total load of 2400Kbps, the
situation is similar to the previous one. The received packet ratio for this load
is 16% and 8% for a = 1 and a = 2.6, respectively. Again only the nodes around
the AP contribute to the system’s throughput but now their rate (20Kbps) is
such that the total throughput becomes larger.

The Effect of the Number of Hops. In order to investigate the effect of
the length of the path on the throughput only the nodes that lie k£ or less hops
away from the AP transmit to the AP. Figure 2{a) illustrates the results for the
system with interference factor a = 2.6 and for k = 3, k =4 and k£ = 5. A
general comment from Figure [A(a) is that the shape of the throughput curves
remains the same for all values of k depicted in the figure; for light load situa-
tions (up to 300Kbps, which is far below the channel capacity), the impact of
interference is negligible and the achieved throughput is about the same for the
three cases (k = 3,4 and 5).That is, the larger number of hops does not lead to
a throughput reduction under light traffic load condition. When the interference
becomes significant and a throughput reduction is observed, (at a load about
300Kbps in Figure B(a)), the impact of the interference is larger on the larger
hops paths and thus, the throughput decrease is larger for larger k. A “paradox”
appears under heavy load conditions, where the aforementioned relative perfor-
mance is reversed. Figure P[b) attempts to shed some light into this behavior.
Again, each cell in the figure corresponds to a node in the simulated topology.
The different colors in each cell represent the different number of packets sent by
each node that manage to reach the destination. The lighter the color, the larger
the number of sent packets that reach the AP. This set of figures are derived for
a system load of 2400Kbps (50, 30 and 20 Kbps per node for k = 3,4 and 5,
respectively). By observing the lighter color for the nodes around the AP it can
be concluded that despite the fact that the nodes send less packets (20 Kbps),
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Fig. 3. Simulated topologies. The receivers are located at ring 1, ring 2 and ring 3 in
(a), (b) and (c), respectively (,that is, 1, 2 and 3 hops away from the AP). Different
colors are used to distinguish the different groups of nodes; in each group of nodes the
node located nearer to the AP is the destination of the traffic originated by the other
nodes belonging to the same group.
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Fig. 4. Avaialble bandwidth at the rings
around the AP for a = 2.6.

Fig. 5. Avaialble bandwidth at the rings
around the AP for a = 1.

the system manages to deliver a larger number of packets when k = 5. It seems
that for k = 3 and 4 the nodes block each other, while for £ = 5, the nodes at
the 5th hop block the nodes at the 4th and 3rd hop and leave space for the nodes
at the first two hops to transmit to the AP. Similar observations can be made
when comparing the cases for k = 3 and k = 2. Similar comments regarding the
effect of the path length also apply for the case of ¢ = 1, which is not presented
here.

While the length of the paths does affect the performance of the system, the
throughput remains significantly lower than the channel capacity even for a small
number of hops around the AP and even for light loads. This fact highlights the
inefficiency of the MCN architecture for the inter-cell traffic and confirms the
related discussion in the beginning of this section.

Available Throughput at “Rings” around the AP. In an attempt to
shed light into the observed performance degradation the throughput of the sys-
tem is measured at rings of several (hops) distance from the access point. The
ring located ¢ hops away from the access point has m nodes where (¢, m) €
{(1,8),(2,16), (3,24), (4,32), (5,40)} and is referred to as ring.. In order to ex-
clude the effect of the interference caused by the internal (with respect to each
ring) nodes, these nodes do not transmit (or relay) any traffic. Thus, when the
receiving nodes belong to ring., only nodes located m, m > ¢, hops away from
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/ “Distributed” Access Point

Doughnut-shaped topology

Fig.6. The topology of a traditional cellular network may be decomposed into a
doughnut-shaped topology and a small circular area around the AP.

the AP are considered as potential sources; the exact association of each source
to one receiver is shown in Figure[3l Figures H and [§illustrate the throughput
for a = 2.6 and a = 1, respectively, for the cases where the receivers belong
to ring., ¢ = 0,1,2,3. It can be observed that the throughput increases as c
increases, which can be much larger than the capacity of the channel (1.3Mbps)
due to spatial reuse.

The presented results indicate that although the achievable throughput rel-
atively far from the AP can be much larger than the capacity of the channel,
this throughput cannot be “transferred” to the AP due to the bottleneck formed
around it. In the sequel an enhancement is proposed, which attempts to alleviate
the AP bottleneck problem by exploiting the higher throughput achieved in the
rings around it.

3 Enhancing the Efficiency of an MCN

Simulation results indicate that the achievable bandwidth at the AP for the
inter-cell traffic in an MCN is low due to contention and interference. On the
other hand, it is observed that the receiving throughput at nodes located at the
periphery of a circular area around the AP is significantly higher. This is because
when the destination nodes are nodes located on this periphery, the multihop
peer to peer transmissions from nodes beyond this periphery benefit from spatial
reuse and are more efficiently supported.

An enhancement could be based on the idea that the topology of a traditional
cellular network be decomposed on a conceptual level into a small circular area
around the AP and a doughnut-shaped topology. In a doughnut-shaped topology,
where the traffic that would be directed to the AP in the traditional cellular
environment is destined to nodes located on the inner boundary of the doughnut-
shaped topology, it is expected that the multihop peer to peer transmissions
would be effective, since spatial reuse of the shared medium would be possible
along the entire path including the destination. In the real topology all traffic is
destined to the AP and, thus, there would be the need to distribute (or pseudo-
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Fig.8. An example of the generaliza-
tion of the proposed enhancement for three
Fig. 7. Proposed enhancement. neighboring cells.

distribute) the AP functionality at the inner boundary of the multihop doughnut-
shaped area (see figure [0). To address the latter a dedicated channel may be
used in order to pseudo-distribute the AP, that is, the AP would operate in a
different channel than that used by the ordinary nodes for their peer to peer
communications. In order for the communication between the nodes and the AP
to be possible, some nodes, referred to as the AP agents, should operate on a
time division basis in these two channels. Thus, at least two channels would be
required in each cell. However, if one of them were reusable in adjacent cells
(its use were not prohibited due to interference) the additional cost (in terms of
required channels) would be rather lo.

The proposed enhancement is depicted in figure [/l The nodes located outside
the sub-cell operate as in the simple MCN architecture in a channel (say chy, ).
The difference is that the AP and the nodes located within its coverage area (the
sub-cell) operate in a different channel (say chap) by employing a centralized
protocol, and thus, the AP keeps its distinguished role within the sub-cell. Some
nodes within the sub-cell (the AP agents) operate on a time division basis be-
tween the two channels (chap and ch,,) providing for connectivity between the
AP and the nodes located outside the sub-cell. By employing the concept of the
AP agents, and as far as the nodes located outside the sub-cell are concerned,
the functionality of the AP is distributed to a set of nodes (the AP agents) that
undertake the effort to concentrate the traffic directed to the AP in the multihop
channel. Due to the fact that there is no interference between communications
in and outside the sub-cell the maximum achievable throughput of the system
(for inter-cell traffic) is expected to be greater than the throughput of the sim-

4 A potential enhancement such as the above requires that the AP agents be capable
of operating on a time division basis between two channel. The exact description
of such a mechanism, as well as the exact description of the mechanism used for
determining which of the nodes should act as AP agents, is out of the scope of this
paper.
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ple MCN and approximately equal to the minimum between the capacity of the
channel utilized within the sub-cell and the throughput of the system measured
at the AP agents. The throughput of the system measured at the AP agents
depends on the number and the location of the AP agents which in their turn
depend on the transmission range of the AP.

The transmission range of the AP does not have to be the same as that of the
other nodes, as in the simple MCN network. However, it should be noted that
we restrict our presentation to the case where the dimensions of the sub-cell are
such that the use of the channel utilized within the sub-cell does not prohibit
(due to interference) the use of the same channel within the sub-cell of adjacent
cells. It is straightforward to determine under which conditions this requirement
is fulfilled. More specifically, and assuming that all cells are identical the use
of a channel within the subcells of adjacent cells is permitted if (it is assumed
that nodes located inside the sub-cell have a transmission range no greater that
the transmission range of the AP)L — 2R,. > aRs.. Assuming that L = 2R, it
follows that R" > ¢ + 1 should hold. For typical cases (more precisely for the
values of the 1nterference ratio considered in this work (a < 4)) it is concluded
that for R. > 3R, the use of an additional channel within the sub-cell does
not affect adjacent cells. Thus, only the case of MCNs with at least three hops
(and interference conditions no worse then those described in section ETI) is
considered in this work. It should be noted that the expansion of the sub-cell
involves a tradeoff between the bandwidth that is available at the margins of the
sub-cell (at the AP agents) and the total power consumption along of the paths
between the nodes and the AP (since the last hop is longer).

The proposed enhancement may be generalized in order to combine the cel-
lular and the peer to peer networking paradigms under the assumption that the
AP is capable of operating simultaneously in multiple channels (at least two).
This can be realized by adding additional antennas to the AP; the cost of such
an approach is much less than the cost of adding additional APs since there
are no extra infrastructure/administrative costs. In addition, a single channel is
assumed outside the sub-cell for peer to peer communications. According to the
proposed generalization one of the AP’s operating channels is utilized exactly
as in the cellular networking paradigm; it covers the entire cell and centralized
control is employed by the AP. The rest of the channels are used within the
sub-cell (whose dimensions are assumed to be subject to the same constrains as
those discussed above, in order for the corresponding channels to be reusable in
neighboring cells) and AP agents that operate on a time division basis between
one of these channels and the channel used for multihop communications outside
the sub-cell are employed.

The main difference compared to the MCN is that the peer to peer paradigm
is not replacing the cellular one, but is used to form alternative multihop paths
in order to offload the cellular system (by being utilized for intra-cell traffic) and
provide power consuming alternative paths to the AP (for example, for traffic
that can tolerate delay and losses) by exploiting the concept of the AP agents.
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For the peer to peer communications the same channel can be utilized in
all neighboring cells; interference occurring on cells’ boundaries should not be of
great concern since there always is available the cellular mode for nodes that face
strong interference. Note that this does not hold in the case of MCN where the
multihop path is the only one available. For the same reason (existence of the
cellular mode), there is no need for the exact determination of the transmission
range of the nodes in order for the peer to peer network to remain fully connected.

An example of the proposed generalization is illustrated in figure Bl Assume
that there are three neighboring AP’s, whose cells are of the same dimensions
and do not overlap, that operate according to the cellular networking paradigm.
That is, each AP uses a channel with such a transmission range that its entire
cell is covered; let these channels be denoted as chy, cho, chs. In order to double
the capacity of the system three additional channels (say chy, chs, chg) would
be required, since in each cell a different channel must be utilized. According to
the proposed enhancement two of these channels (say chy and chs) are employed
by all three APs with a transmission range such that interference between nodes
operating at these channels in different subcells is avoided, that is, the dimensions
of the subcells corresponding to chy and chs are subject to the aforementioned
restrictions. The other channel (chg) is employed in all three cells for the peer
to peer communications between the nodes outside the sub-cell. In each sub-cell
there are some AP agents for each channel utilized within the sub-cell, that is,
there are some nodes that on a time division basis operate in (chy and chg) or
(chs and chg). In this way the available capacity at the AP is tripled at the
cost that the 2/3 of this capacity is not available with the same characteristics
to all nodes (multihop paths are typically characterized by greater delay, lower
availability but also lower power consumption). Given the diversity of the QoS
requirements of the applications and the existence of (high demand) hot spots
the proposed enhancement, which combines the cellular and the peer to peer
networking paradigms, might be efficient in many environments.

4 Related Work

In [7] a cellular architecture is proposed in which some ad hoc relay stations
are placed inside the cells and relay traffic dynamically from overloaded cells
to lightly loaded cells in order to balance the system’s traffic. In [9] a similar
architecture is presented, in which an ad hoc overlay layer is added to the fixed
cellular infrastructure for the forwarding of the traffic from a heavy loaded cell
to neighboring cells. In [2] the multihop paradigm is adopted but with the co-
ordination of a base station as in the cellular paradigm. The performance in
this case is evaluated for intra-cell traffic and highlights the good spatial reuse
characteristics of the peer to peer communication. In [6] the multihop cellular
network architecture (MCN) is proposed and an analytical evaluation of the
capacity of the network is presented. In [3] a simulation study of the MCN is
provided for TCP traffic and in the presence of mobility, and three approaches to
alleviate the bottleneck around the AP are presented. The effect of interference
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in peer to peer communications is studied in [5] where the capacity of the ad-hoc
networking paradigm is evaluated and scalability issues are addressed.
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Influence of Power Control and Link-Level
Retransmissions on Wireless TCP

Niels Moller and Karl Henrik Johansson

KTH, Stockholm™*

Abstract. A fundamental assumption of the TCP protocol is that packet
losses indicate congestion on the network. This is a problem when using
TCP over wireless links, because a noisy radio transmission may erro-
neously indicate congestion and thereby reduce the TCP sending rate.

Two partial solutions, that improve the quality of the radio link, are
power control and link-level retransmissions. By modeling these two
lower layers of control loops, we derive an analytical model of the delay
distribution for 1P packets traversing a link. We investigate the effect on
TCP, in particular the performance degradation due to spurious timeouts
and spurious fast retransmits caused by delays and reorder on the link.
It is shown that the models allow us to quantify the throughput degra-
dation. The results indicate that link-level control and TCP interact, and
that tuning one or the other is needed in order to improve performance.

1 Introduction

The TCP algorithms assume that packet losses indicate congestion on the net-
work [Il2]. When using TCP over wireless links, packet drops due to radio noise
makes TCP reduce its sending rate, hurting performance [3[4156]. Two partial
solutions, that improve the quality of the radio link, are power control and link-
level retransmissions.

Power control tries to adapt the transmission power to varying channel char-
acteristics, “fading”, which can be thought of as a disturbance. Link-level re-
transmission, such as Automatic Repeat Request (ARQ), tries to hide losses from
upper layers, e.g. TCP/IP, by resending damaged radio blocks. The 1P packets
still, however, experience random delays or even reorderings when they are trans-
mitted across such a link. How to deal with these problems on the TCP level is the
topic of intensive research, e.g., [BJ7I8I9]. Despite recent progress, the influence
of the radio link properties on TCP is far from fully understood.

In this article, we use models for these two link-layer processes, and derive the
link properties, in particular the delay distribution, experienced by 1P-packets.
From these properties, we derive the effects on TCP throughput.

* This work was supported by the Swedish Research Council and the Swedish Center
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Fig. 1. System overview, including four feedback loops marked (1) — (4).

1.1 System Overview

When using TCP over a wireless link, there are several interacting control sys-
tems stacked on top of each other, illustrated in Figure[ll At the lowest level, the
transmission power is controlled in order to keep the signal to interference ratio
(SIR) at a desired level. This is a fast inner loop intended to reject disturbances
in the form of “fading”, or varying radio conditions. On top of this, we have an
outer power control loop that tries to keep the block error rate (BLER) constant,
by adjusting the target SIR of the inner loop. The radio channel and power con-
trol are modeled in Section [2l Next, we have local, link-level, retransmissions of
damaged blocks, described in Section [3l Finally, we have the end-to-end conges-
tion control of TCP. The effects the link layer control has on TCP performance
is investigated in Section [4].

2 Radio Model

Data is transmitted over the radio link as a sequence of radio blocks (RB). One
radio block corresponds to a transmission time interval (TTI) of 10 or 20 ms.
Depending on the bandwidth (typically from 64 kbit/s to 384 kbit/s) the size of
a RB can vary from 160 octets (the small 10 ms TTI is not used for the lowest
data rates) to 960 octets.

The transmission of the radio blocks is lossy. Let p denote the overall prob-
ability that a radio block is damaged. The power of the radio transmitter is
controlled, so that the loss probability stays fairly constant. The target block
error rate is a deployment trade-off between channel quality and the number of
required base stations. For UMTS the reference block error rate is often chosen
to be about 10%, see [10]. In the following, we thus assume p = 0.1.
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2.1 Power Control

The typical power control uses an inner loop that tries to keep the signal to
interference ratio (SIR) close to a reference value SIR,ef. This loop typically has
a sample frequency of 1500Hz, and a one bit feedback that is subject to a delay
of two samples, i.e. 1.3 ms. In simulations [11], the inner loop is able to track
the reference SIR within 2-3 dB, with a residual oscillation due to the severe
quantization. The period of this oscillation is typically less than 5 samples, i.e.
3.3 ms.

As there is no simple and universal relationship between the SIR and the
quality of the radio connection, there is also an outer loop that adjusts SIRyef.
This loop uses feedback from the decoding process; in this article we assume
that the power control outer loop is based on block errors.

As it is hard to estimate the BLER accurately, in particular if the desired
error rate is small, one approach is to increase SIR,ef significantly when an error
is detected, and decrease the SIR.¢ slightly for each block that is received suc-
cessfully. It is interesting to note that this strategy resembles the TCP “additive
increase, multiplicative decrease” congestion control strategy. For a survey of
modern power control techniques for systems such as wCbDMA, see [11].

2.2 Markov Model

The outer loop of the power control sets the reference value for the SIR. Given
a particular reference value SIR,.f = 7, the obtained SIR is a stochastic process.
Together with the coding scheme for the channel, we get an expected probability
for block errors. If the coding scheme is fixed, the probability of block errors is
given by a function f(r).

One can compute f(r) from models of the channel and coding. For the BPSK
example given in [12] we get

Fry~1- (1-Q(V2aer 7)) 1)

where « is the coding gain, § = %7 o is the standard deviation of the received

SIR, N is the number of bits in a radio block, and Q(z) = \/% = e~ dz. We

take o = 4, from [I2], 0 = 1 dB, corresponding to a small SIR oscillation as in
[11], and N = 2560, corresponding to a modest link capacity of 128 kbit/s.

However, for control purposes, even a crude approximation of the true f(r)
should be sufficient. In general, f(r) is a decreasing, threshold-shaped function.
For small enough 7, f(r) &~ 1, i.e. almost all blocks are lost. For large enough r,
f(r) = 0, i.e. almost no blocks are lost. The operating point of the power control
is the point close to the end of the threshold where f(r) = p = 0.1, so it is the
shape of f(r) close to this point that is important.

The outer loop of the power control uses discrete values for SiR.et. One way
to keep the block error probability close to the desired probability p, is to use a
fixed step size A as follows. Whenever a radio block is received successfully, SIR ¢
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Fig. 2. Stationary distribution for the power control. Each mark represents one state of
the power control, the corresponding value of SIRyef, and its stationary probability. The
dotted curve is the threshold-shaped function f(r), scaled to fit in the figure, which
represents the block error probability as a function of SIRyef.

for the next block is decreased by A. And whenever a radio block is damaged,
SIRyef for the next block is increased by KA, where 1/(1+4 K) = p. The value of
A is an important control parameter, which determines the performance of the
power control.

For an integer K the varying SIR,.f can be viewed as a discrete Markov chain
[12]. To do this, we have to make the assumption that block errors depend only
on the value of SIR,ef when the block is transmitted; there is no relevant history
except the SIR.er. In our case p = 0.1 implies K = 9.

For a given function f(r) and a step size A, we also modify f by setting
f(r)=1,7 < rmm and f(r) = 0,7 > rmax. This results in a finite Markov chain,
and it is straight forward to compute the stationary distribution for SIR;cf.

Figure 2] shows the threshold function f(r), together with the stationary
distribution for three values of A. Note that a smaller step size gives a more
narrow distribution, and a smaller average SIR, which means that there is a
trade-off between energy efficiency and short response times.

For a large A, the power control state, i.e. SIR;cf, will move quite far along the
tail of the f(r) threshold. For a smaller A, the control state will stay close to the
operating point, so that a linearization of f(r) would be a good approximation.

3 Link-Layer Retransmissions

The simplest way to transmit 1P packets over the wireless link is to split each 1P
packet into the appropriate number of radio blocks, and drop any 1P packet where
any of the corresponding radio blocks were damaged. But as is well known, TCP
interprets all packet drops as network congestion, and its performance is there-
fore very sensitive to non-congestion packet drops. An 1P packet loss probability
on the order of 10% would be detrimental.

There are several approaches to recover reasonable TCP performance over
wireless links. In this paper we concentrate on a local and practical mechanism:
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The link can detect block damage (this is needed for power control anyway), and
it can use that information to request that damaged blocks be retransmitted over
the link. This capability is an option in standard wireless network protocols, see
[13] for an evaluation of these options in the IS-2000 and IS-707 RLP standards.
Alternative approaches include changes to the TCP algorithms (e.g. Eifel, [7],
and TCP Westwood [6]), and the use of forward error correction coding to add
redundancy to the packets, either end-to-end as in [I4] or at the link as in [I5].

The effect of link level retransmissions is to transform a link with constant
delay and random losses into a link with random delay and almost no losses.

There are several schemes for link level retransmission. We will consider one of
the simpler, the (1,1,1,1,1)-Negative Acknowledgement scheme [16], which means
that we have five “rounds”, and in each round we send a single retransmission
request. When the receiver detects that the radio block in time slot k is damaged,
it sends a retransmission request to the sender. The block will be scheduled for
retransmission in slot k + 3 (where the delay 3 is called the RLP NAK guard
time). If also the retransmission results in a damaged block, a new retransmission
request is sent and the block is scheduled for retransmission in slot k£ + 6. This
goes on for a maximum of five retransmissions.

Consider the system at a randomly chosen start time, with the state of the
power control distributed according to the stationary distribution. For any fi-
nite loss/success sequence (for example, the first block damaged, the next six
received successfully, the eighth damaged), we can calculate the probability by
conditioning on the initial power control state and following the corresponding
transitions of the Markov chain. In the following sections, we use these proba-
bilities to investigate the experience of 1P packets traversing the link.

4 Tcp/ip Properties

When transmitting variable size 1P packets over the link, each packet is first
divided into fix size radio blocks. We let n denote the number of radio blocks
needed for the packet size of interest. For the links we consider, we have n < 10.

The outermost feedback loop we consider is the end-to-end congestion control
of TCp. The role of TCP is to adapt the sending rate to the available bandwidth.
The inputs to the TCP algorithms are measured roundtrip time, and experienced
loss events, both of which depend on the links traversed by the TCP packets. To
understand and predict the behavior of TCP, we must consider how it interacts
with the power control and the link level retransmissions.

4.1 1IP Packet Delay

One important link property for TCP is the delay distribution of packets travers-
ing the link. Using the loss/success sequence probabilities from Section [3, we
can explicitly compute the 1P packet delay distribution. The expected value and
standard deviation for three values of the step size are shown in Table [II The
times are measured in TTIs, and only the delay due to retransmissions is included
(an n-block packet is of course also subject to a fix delay of nTTI).
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Table 1. Mean and standard deviation of the 1P packet delay distribution.

n| A=02 A=0.06 A=0.02
1]0.31£0.94 0.32+0.99 0.33+1.03
2(0.51+1.08 0.53£1.15 0.54+£1.20
30.624+1.08 0.64+1.18 0.65+1.24
410.72£1.09 0.74+1.21 0.76£1.28
5/0.83+1.09 0.85£1.23 0.87+£1.31
6(0.944+1.09 0.96£1.25 0.98+1.35
7
8
9
0

1.06£1.09 1.07+£1.27 1.09+1.38
1.1741.09 1.184+1.29 1.194+1.41
1.284+1.09 1.2941.30 1.30£1.44

10{1.394+1.09 1.40£1.31 1.41+£1.46

4.2 Timeout

A timeout event occurs when a packet, or its acknowledgement, is delayed too
long. Let RTT) denote the roundtrip time experienced by packet k and its corre-
sponding acknowledgement. The TCP algorithms estimates the mean and devia-
tion of the roundtrip time. Let RTT, and &), denote the estimated roundtrip time
and deviation, based on measurements up to RTTg. TCP then computes the time-
out value for the next packet as RTT + 464, which means that the probability
that packet k causes a timeout is given by

Pro = P(RTTY, > PTT\T]C71 +46%-1)

We assume that the values RTTy are identically and independently distributed
according to the delay distribution given in Section [£.1l For simplicity, we also
assume that the estimates RTTj and &, are perfect and equal to the true mean
and standard deviation of RTTy.

The value of Pro will of course depend on the delay distribution. In TCP,
timeout is the last resort recovery mechanism, and in order to get reasonable
performance, a timeout must be a very rare event. Let us look at some examples:

— If RTTg is uniformly distributed on an interval, then Ppg = 0.

— If RTT, happen to be normally distributed, then timeouts will be rare: We
get Pro ~ 1/(1.5-10%).

— For an arbitrary distribution with finite mean and variance, Chebyshev’s
inequality, P(|X — u| > ao) < 1/a?, yields the bound Pro < 1/16.

We can expect the Prgp to lie somewhere between the extreme cases of a
normally distributed delay, and the pessimistic value given by Chebyshev’s in-
equality. When calculating Pro from the delay distribution of Section E.I] we
get the probabilities in Figure Bl

We see that the probability for spurious timeout is significant for all packet
sizes. The dependence on step size and packet size is complex, it seems to be pe-
culiarities of the ARQ scheme, e.g. the “RLP NAK guard time”, shining through.
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Fig. 3. Probability of spurious timeout. The solid line is for A = 0.2, dotted for A =
0.06 and dash-dotted for A = 0.02.

5 Throughput Degradation

In this section, we derive an estimate for the performance degradation due to
either of spurious fast retransmits and spurious timeouts. The expression for the
relative degradation depends only on the probability of the event in question, the
type of event, and the number of packets in the maximum congestion window.
We illustrate the procedure by calculating the degradation for an example link.

When computing TCP throughput, there are two distinct cases: Depending
on the bandwidth-delay product, throughput can be limited either by the band-
width of the path across the network, or by the maximum TCP window size.

For a small bandwidth-delay product, a modest buffer before the bottleneck
link (which we will assume is our radio link) will be enough to keep the radio
link fully utilized. Timeouts and fast retransmit events, if they occur with a low
frequency, will not affect throughput at all. This can be seen for example in the
performance evaluation [I6]: In the scenarios that have a large maximum window
size compared to the bandwidth-delay product, we get a throughput that is the
nominal radio link bandwidth times 1 — p, and there is no significant difference
between different link retransmission schemes. Only when bandwidth or delay is
increased, or the maximum window size is decreased, do we see a drastic changes
in throughput when the BLER or retransmission-scheme varies.

Therefore, we will concentrate on the case of a large bandwidth-delay prod-
uct. For a concrete example, we will consider the following scenario: Radio link
bandwidth 384 kbit/s, maximum TCP window size w = 8192 bytes, packet size
m = 1500 bytes, and a constant roundtrip delay time, excluding the radio link
itself, of 0.2 s. We will also consider a smaller packet size of m = 960 bytes,
making each 1P packet fit in a single radio block.

T will denote the mean end-to-end roundtrip time, 0.25 s for the larger
packets and and 0.23 s for the smaller packets. This implies that we have the large
bandwidth-delay product case, with an ideal throughput w/T of 32 Kbyte/s for
the large packets and slightly larger for the smaller ones. Note that this is smaller
than the available radio bandwidth of the link, 384000(1 — p)/8 = 42 Kbyte/s
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Table 2. Performance degradation.

Degradation Packet size| A = 0.2 A =0.06 A = 0.02

due to Pro Small|5.6% 13.0% 16.5%
Large|4.9% 6.4% 8.4%
due to Prr Small|2.5% 5.9% 7.3%

Large|0.0% 0.1% 0.2%

Assume that a spurious timeout occurs independently with a small probabil-
ity Pro for each packet. Consider a typical cycle starting with a timeout event,
followed by 1/Pro packets that are sent without timeouts or retransmissions.
We compare the throughput during this cycle with the ideal throughput w/T.
For simplicity, we use only congestion windows that are an integral number of
packets, rounding down when needed, and we also assume that the cycle length
N = 1/Pro is an integer. The cycle can be divided into two phases: An initial
recovery phase of r roundtrip times, where we send ¢ packets, followed by the
second phase of (N — ¢£)m/w roundtrip times where we send at full speed, w/m
packets each roundtrip time, N — ¢ packets in all.

The throughput during one cycle can be expressed as

N m

r+ (N =0Om/wT (2)

throughput =

Compared to the ideal throughput w/T, the relative degradation boils down to

w w d 1
(T - throughput) / (3)

T d+N 1+1/(dPro)

where we have substituted d = rw/m — ¢, the number of additional packets
we would have sent during the cycle if we had never decreased our congestion
window.

5.1 Degradation due to Timeouts

Consider the effect of timeout. When recovering from timeout, the slowstart
threshold is set to w/2. The congestion window is reset to one packet, and
doubled each roundtrip time, until it reaches the slowstart threshold. Above the
slow start threshold, the usual increment of the congestion window of one packet
per roundtrip time is used until we get pack to the maximum value w.

For m = 1500, we take w = 5m = 7500 (so that w/m =5 is an integer). The
length of the recovery phase is 4 roundtrip times, during which we send 1, 2, 3
and 4 packets. We get d = 10, and from the Pro calculated in section[£.2 we get
a performance degradation of 4.9%, 6.4%, and 8.4% for our three step sizes.

For m = 960 we take w = 8m = 7680. The length of the recovery phase is
6 roundtrip times, during which we send 1, 2, 4, 5, 6, 7 packets. Thus, d = 23,
and we get a performance degradation of 5.6%, 13.0% and 16.5% for the three
step sizes.
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5.2 Degradation due to Fast Retransmit

With large delay variations, packets can get so severely reordered that they
trigger the TCP fast retransmit. The probability of spurious fast retransmit (Pgg )
can be estimated from the loss/success-sequence probabilities. It turns out that
unless the link is configured to do “in-order delivery”, Ppg is significant forn = 1
(0.25% < Ppr < 0.8%). Prr decreases very rapidly with increasing n.

The TCP performance degradation for both spurious timeout and spurious
fast retransmit is summarized in Table 21 We lose up to 7% due to fast retrans-
mits, when using small packets, and up to 16% due to timeouts.

6 Conclusions

The properties of the lossy radio link considered in this paper reduces TCP
throughput. By modeling the underlying processes controlling transmission
power and retransmission scheduling on the link (Section P and ), we can calcu-
late the link properties, in particular the delay distribution, which are relevant
for Tcp (Section ). This helps us getting a better understanding of the TCP
behavior when communicating over modern wireless links.

In Section B we found that when using 1P packets that fit in one or two radio
blocks, as is common for high bandwidth wireless links, the link will generate
spurious fast retransmits. Spurious timeouts will also occur, and this effect is
significant for both large and small packets. The timeout value in TCP makes
timeout a very rare event if the roundtrip time has a uniform or normal distri-
bution, but that is not the case for the delay due to link layer retransmissions.

Some possible approaches to improved TCP performance over radio links are:

— Change the TCP algorithms to make them more robust to link irregularities.

— Engineer the link layer, to give it properties that plain TCP handles well.

— Aim for small delays, both over the wireless link and in the rest of the
network, and for saturation of the wireless link.

Improvements of the TCP algorithms is an area of intense research. A draw-
back is that deployment of new algorithms affect all Internet end systems, which
makes it a slow and costly process.

Tuning the link properties is more practical from a deployment point of view,
at least if the tuning can be done before widespread adoption of a new link type.
For example, spurious fast retransmits can be eliminated by having the wireless
receiver buffer packets, making sure that packets are never forwarded out of order
(this “in-order” option is already available on real systems [10]). To reduce the
number of spurious timeouts, the link or either TCP end point could artificially
increase the delay variation by adding an extra uniformly distributed delay to
packets or acknowledgements. Also the link level retransmissions themselves can
be seen as an example of changing the link properties to make the link more TCP
friendly.

The point of reducing delay is that if the bandwidth-delay product is small
enough that the radio link can be saturated by an ordinary TCP sender, then a
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modest size buffer just before the radio link is enough to keep the link saturated,
regardless of fluctuations in the TCP congestion window. It is hard to say if
reducing bandwidth-delay product is a realistic objective, as it depends on the
speed and delay of future link technologies. Extensions to TCP that increases the
maximum window size would also help, for similar reasons [17].
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Abstract. In this work, we exploit game-theoretical concepts to depict the be-
haviour of multimedia users for the Radio Resource Management. Moreover, we
also include pragmatic economic considerations, which allow studies of
provider’s revenue and possible charging mechanisms. These concepts are in par-
ticular applied to HSDPA scheduling procedures, whose main aim is to improve
the performance of 3G networks and to allow extensions to a plethora of services.
We briefly discuss a model for the users’ satisfaction that includes both perceived
QoS and pricing, already proposed to determine the QoS provisioning and net-
work dimensioning. We apply the users’ satisfaction function of this model in the
scheduler. In this way we achieve improvements of the QoS as it is seen from the
users’ point-of-view, i.e., by involving the satisfaction of service constraints but
also paid price. This analysis will be extended also to the provider’s side, with
considerations on the achievable revenue, that is an important aspect to take into
account in service supplying.

1 Introduction

The recent standardisation of High Speed Downlink Packet Access (HSDPA) interface
opens up the availability of a faster adaptation to the channel state for packet transmis-
sion in WCDMA networks. In HSDPA, the downlink channel is shared among all users,
basically in a TDMA-like fashion. Thus, the following factors have an impact on the
performance and determine different outcomes of the offered Quality of Service (QoS):
the radio propagation conditions, the scheduling technique and the coexistence of many
users in the same sector.

In [1] the concept of Channel-State Dependent Scheduler is introduced, i.e., it is
shown that it is fundamental for the scheduling technique to be aware of the user’s
instantaneous link state condition. A general conclusion, that is still valid in the case
under exam, is that the overall throughput for the sector can be maximised if the sched-
uler uses its knowledge of the channel state, so that only users with good channel are
served. On the other hand, to meet QoS constraints, it can be necessary to supply a
certain degree of fairness, that implies to serve also users with bad channel condition.

The issue of the satisfaction of users’ QoS requirements is not trivial, as it can be
related to the economic problem for the provider to achieve an adequate revenue. For
a real operator, this aspect can not be neglected, since the network maintainance is
possible only if the costs of service provisioning are overcome.
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G. Karlsson and M.I. Smirnov (Eds.): QofIS 2003, LNCS 2811, pp. 203-213, 2003.
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In order to emphasise the analysis of this matter in more depth, we adopt a utility-
based approach. Utility functions have been widely used in the recent technical liter-
ature, with particular focus on the modeling of users’ satisfaction in Radio Resource
Management (RRM) problems [2] [3]. Moreover, for the scheduling, several solutions
can be seen as application of a utility-based framework: the scheduling issue is often
seen and solved as a problem of priorising users in a queue, and this can be done by
defining appropriate weights, like in the Weighted Fair Queuing (WFQ) [4] or WF?Q
[5] schedulers. In [6] a mathematical formulation of the RRM issue, directly applicable
to our case, has been developed, by involving utility functions with assigned properties,
that depict the soft tunability of the QoS requirements. Hence, the RRM goal is seen
as a strategy of maximizing the system utility, that in this approach includes only the
users’ welfare.

In [7] this concept was extended, by including also pricing and demand effects. This
means that the welfare of the network is also related to the money exchange between
user and service provider. In fact, users are likely to be satisfied if they obtain an ac-
ceptable QoS, but also if they pay a fair price for the offered service. Thus, the users’
satisfaction should be an increasing function of the offered QoS; however, the higher the
price, the lower the satisfaction. Hence, we should refer to economics in two directions,
i.e., for utility functions and for what concerns the pricing strategies [8].

In this work, we take into account this trade-off between users’ and provider welfare
by considering a model of the users’ satisfaction as previously discussed. Moreover, we
apply different strategies of scheduling on the HSDPA channel within the satisfaction
framework. It has also to be taken into account in the welfare maximisation, that the
operator can not offer the service without adequate revenue. In this way, the provider
welfare can be expressed in economic terms; we will discuss how a satisfactory revenue
can be obtained from the given algorithms, and we compare different scheduling tech-
niques also in terms of achievable revenue. Thus, the main contribution of the present
paper is to investigate if well-known strategies which obtain an optimal scheduling
under the technical point-of-view, i.e., by maximising the throughput, are efficient if
revenue is taken into account, or there is margin of improvement, and how large.

The work is organised as follows: in Section 2 we present the analytical model
for the users’ satisfaction, including both pricing and utilities. In Section 3 we discuss
different scheduling strategies under the theoretical point-of-view and we outline how
they can be modified to take into account the revenue improvement aspect. Section 4
presents simulation results and Section 5 concludes the work.

2 Model for the Users’ Satisfaction

We present a model that employs the concept of utility function, used in micro-eco-
nomics to classify and sort the customer preferences. Thus, we are considering the
distribution among the users of a scarce resource, represented with a generic quality-
related parameter g (g > 0), and the results of this operation are seen with a mapping
through a utility function u(g). In our study, the utility and the preferences are related
to multimedia wireless services, in particular under the point-of-view of the Radio Re-
source assignment. Hence, g represent the assigned network resource. Note that the
analysis can be easily extended by replacing g with a multi-dimensional vector. For the
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scheduling issue, g can be identified with the assigned rate. In this analysis we will
study the rate assignment a priori, i.e., as it is before the transmission. Thus, g is the
assigned transmission rate on the HSDPA channel. Indeed, to have a better adherent
model we should replace this parameter with the throughput in terms of correctly de-
livered packets, as this is a more appropriate metric to depict the customer satisfaction.
However, it is still possible to do this in the given framework, with only small modifi-
cations. In fact, note that these two quantities (assigned rate and achieved throughput)
are strictly connected.

If there are IV users in the network, in general each user will have a different utility
function u;(g), with ¢ = 1,2, ..., N. The utility level of the ith user will depend on the
assignment of g;. Even though we do not investigate in detail how the utility functions
can be derived in different networks, we exploit some of their general properties. For
example, since a larger amount of bandwidth can be useless but can not hurt, the utility
functions u(g) are assumed to be non decreasing functions of g. On the other hand,
the economic law of diminishing marginal utilities states that the improvement of the
quality due to a larger amount of g becomes smaller as g increases. Formally:

Vi=1,2,...,N dui—(mzo and lim dui—(m:O. (1)
dg g—oc dg
The right part of previous equation can be also almost equivalently expressed as the
observation that there is a value g4, such that the utility u(gmq.) is the upper limit
for each u;(g), in other words:

vi=1,2,...,N gllrgloui(g) ~ Ui (Jmaz ) - 2)
This formulation is not fully equivalent to (1) but it is almost always verified when
technological constraints are involved. In this case, g,,q, can be seen as the maximum
amount of resource that can be received from the technological support (user terminal).
Note that the conditions on the utilities expressed above imply that every u;(g) is nec-
essarily concave for g greater than a given value. In this work we will consider also 0
as the minimum achievable utility, that corresponds to the utility of not receiving the
service at all, i.e. u(0) = 0. This condition can also be changed if run-time service
degradation are considered, as in this case the utility could go even below 0; in fact, it
is commonly assumed preferable to be not admitted at all than to be disconnected from
the network while receiving the service. Thus, a lowest utility equal to 0 corresponds to
a condition of ideal Admission Control.

Different types of utility functions can be introduced to model different kinds of
service, as discussed in [9]. For example, discrete-value utilities (i.e., combination of
step functions) are an appropriate characterisation for the simplest kinds of traffic, like
GSM-like voice call. Here, the aim of introducing the utilities is only to determine
whether the service is acceptable or not, but it does not matter how much it is appreci-
ated.

According to the chosen mathematical representation, there are several ways to
combine the users’ utilities. Commonly, the utilities are assumed to be additive [3], thus,
their aggregate is simply a sum; in other models, different combinations are proposed.
In any case, however, the aggregate of the users’ utilities contributes to the network
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welfare, and the first goal of the RRM can be seen with a naive point-of-view as the
welfare maximisation.

This leads to a straightforward application of the general model as presented in [6],
by considering the RRM as an optimisation problem:

N

max W(g) W(g) = Zuz(gz) (3)
i=1

st N 0 < Konaw s “)

where W is the network welfare, defined as an aggregate of the utilities and thus func-
tion of the vector g of the assigned g’s. Equation (3) can be replaced with other similar
aggregation of the utilities. Also the kind of capacity characterising the network can be
represented with different conditions than Eq. (4). In this case, Equation (4) represents a
hard capacity system, that is a TDMA- or FDMA-like systems with fixed assigned max-
imum quantity K, of allocable resource. In general it can be written: K(g) < Kqz
with an appropriately defined capacity constraint /C. The main point, yet, is that in the
expression of the welfare W (g) only the single user utilities are worth.

It seems to be more realistic to consider at the same time instead also the effect of
the pricing [10] This is not only suggested for the sake of a realistic model. In fact, the
strategies of charging users for the offered service generate revenue, by improving at the
same time the network management. For example, a cheap service is also likely to be
abused of. Moreover, between the pricing strategies that are almost equally acceptable
by a willing-to-pay user, the operator should choose the one that provides the highest
revenue, since in this way its own satisfaction is increased. As long as this can be done
without decreasing too much the users’ welfare, this implies indeed a more efficient
resource usage; in other words, wastes are avoided.

However, it should also be considered that in general a price variation can greatly
affect the users’ demand, resulting in a translation of (3)-(4) into different optimisation
problems. From the point-of-view of the network provider, it can be assumed that users
that do not face both adequate QoS and affordable price are unsatisfied customers. Thus,
it can be assumed that these users pay only a fraction of the tariff they are supposed to.
This can be seen also with a probabilistic approach: if we map the satisfaction A; of the
ith user into the range [0, 1], we can express the expected value of the revenue as

N
R=Y Ap )
i=1

where p; is the price paid from the ith user. This model was proposed in [7] to depict the
users’ satisfaction coming from a static heuristic rate assignment. Actually it is possible
to extend the framework to the case under exam, i.e., a more detailed scan of the solution
to the allocation problem, which can constitute an adequate scheduling strategy.

In more detail, A; represents the satisfaction, or the acceptance probability of the
ith user. The latter denomination better identifies the meaning of this parameter, that is
indeed probabilistic. In sufficiently large networks, or after a sufficiently long run, it is
likely that A; is also the fraction of satisfied customers, i.e., the ones who keep paying
for the service without abandoning it or being driven to other operators.
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There are several possibilities to define A;, with different kinds of parameters. How-
ever, the basic dependences are the offered QoS, that is better described through its
perception represented by the utility u;, and the paid price p;. Hence, we will consider
A; = A(u;, p;) for each i, by assuming that every user in the network follows the same
decision criterion to decide whether they are satisfied or not. On the other hand, note
that the users are differentiated in the perception of the offered service (u;(g) changes
according to the index 7). Also the price can vary among the users.

For each definition of the acceptance probability, the following properties have to
hold:

A
Y(u,p) # (0,0) : g—u >0, iiL%A(u’p):O’ uler;@A(u,p)zl,
%SO,Zl)i_r)r(l)A(u,p)zl,pli_)r&A(u,p):O. (6)

where the limits © — 00, p — oo should be intended only in a mathematical sense, as it
is likely that they do not represent a feasible situation. For example, as discussed above,
u is upper-bounded to w(gmaz ). This justifies the fact that the condition u; = p; = oo
could not have a completely coherent definition with the above properties. Note that
even the value of A on the edge pointu; = p; = 0is also difficult to be properly defined;
however, this point does not affect the definition as A;p; of the revenue contribution. In
fact, this case represent a user not admitted, thus the paid tariff is 0, and this is verified
for any value we decide to assign to A(0, 0) in the interval [0, 1].
A satisfactory definition of A is henceforth:

Alulgs), plg)) 21— exp(—c;—‘:). ™

Note, however, that almost identical results can be obtained from any expression of
A(u,p) that verifies the above properties. Furthermore, note that in the more general
case of p seen as a function of g it is realistic to require that also p(g) is an increasing
function of g.

Thus, the total revenue expressed by Equation (5) can be rewritten as R(g), where
g = (g1,92,.--,9n) is the vector of the assigned g’s. With these considerations, the
optimisation problem (3)-(4) can be rewritten as

N

max R(g) = Y Ai(g:)pi(9:) ®)
i=1

S K(8) < Komas ©)

In this work we do not consider analytical solutions to the problem. Instead, we analyse
the behaviour of classical scheduling algorithms for what concerns the revenue and
present possibilities of improvement. Moreover, we will quantify how much the revenue
can be increased with appropriate techniques.

3 Scheduling Algorithms Framework

Let us present how classical scheduling algorithms can be extended to the HSDPA
release of UMTS. The choice of the scheduling strategy has a major impact on the
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system performance: however, in HSDPA the channel conditions might be fastly tracked
to improve the system throughput. In this kind of system the MAC features are located
in the node-B, in order to evaluate the rapid variations of the wireless channel, i.e., fast
fading.

In a wireless network, considering the instantaneous radio conditions is a funda-
mental task, because of the location-dependent and bursty errors typical of this kind of
systems. For example, a user in a fading dip may experience a bad channel and may be
unable to transmit for a certain period of time. The scheduling framework has to con-
sider the channel conditions and to give priority to users that perceive a clean channel;
users with a poor SIR will be delayed until they have a better propagation scenario.

Such a policy permits the maximisation of total throughput because it minimises
packet retransmissions. Nevertheless some degree of fairness is required, in order to
prevent users’ starvation. In a Round Robin (RR) scheduling resources are allocated to
the communication link without taking into account the channel conditions but only on
a sequential basis, with a high degree of fairness but with the potential risk of not con-
sidering the propagation scenario, causing a possible high number of retransmissions.
Due to the poor performance exhibited in this sense by the pure RR scheduler, in the
following we will not analyse this strategy. In fact, to guarantee the QoS requirements
it is necessary to find a trade-off between a pure SIR-based heuristic and a round robin
scheduling, i.e., between the throughput maximisation and the number of users that can
achieve a given QoS.

We consider various kinds of heuristics involved in the scheduling process. For
example, we might introduce a traditional SIR-based heuristic, called C/I, with a greedy
assignment of the available resources [11]; such a policy permits to obtain the maximum
sector throughput, but users that perceive a bad channel may have a poor assignment of
resources. In other words, the sharing of the codes is basically characterised by a high
degree of unfairness.

As opposed to such a policy we introduce, as an original contribution, a utility-
function-based assignment, with the aim of increasing the achievable revenue. Consid-
ering an assigned rate dependent on a utility function permit not only to obtain a better
degree of fairness, but also a generally better allocation, in particular in terms of fair-
ness. This happens because the rate is assigned by following the perceived user-utility
and not only the channel state.

The policies will be compared in terms of revenue and users’ admission in order to
highlight the consequences on the provider side. In a utility-based approach it is possible
to assign the resources according to more complex issues compared to a simple C/I
policy; user parameters like SIR, buffer state, deadline of the packets can be considered
and mixed in a more efficient manner.

In our proposed strategy the scheduling process starts from a solution obtained with
a greedy heuristic and modifies this assignment giving more resources to the user with
the highest marginal utility, in order to improve the total sector utility. Resources are
subtracted to user with the minimum marginal utility, to obtain a variation of the total
utility as little as possible. This algorithm is based on a local search of the optimal
solution, ending when the goal function reaches a local maximum.

The heuristic for the starting solution affects the result of the local-search in two
ways: firstly, it should be a good solution in itself, as this improves the convergence of
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the algorithm. Secondly, it has to be general enough to scan the solution range without
being specialised to a peculiar subset of cases. Even though the solution coming from
the C/I algorithm is good, we prefer for these reasons to choose another option.

In the following, the starting solution g, for the rate assignment for the :th user will
be determined by means of the marginal utility, i.e., u(g). In particular, g, is the high-
est feasible value that implies a marginal utility equal to a given threshold . According
to the value of ¥J, different heuristics are determined in this way. The meaning of this
heuristic, and the meaning of ¥, are the following: the marginal utility u’(g) represents
the increase of the QoS perception for increasing g. Thus, g;o is the highest value that
can guarantee a relative increase larger than ¥J; beyond this value, the increase is always
lower. Obviously the choice of ¥} depends on the kind of strategy that the provider wants
to follow in the assignment, as a value of +J close to 0 implies to assign almost the max-
imum meaningful value, that is, u;(gi0) & %;(gmaz)- On the other hand, the larger 9,
the lower the starting assigned rate g;.

After this initial condition, the assignment can be modified, by means of a local-
search algorithm obtaining a local optimum solution.

Moreover, the revenue will also depend on the pricing strategy. Thus, the choice of
the function p(g) should be indicated to clarify the above definition of revenue, as given
in Equation (5). In the literature [12], different pricing strategies have been proposed,
and obviously the pricing strategy choice heavily affects the value of the total revenue.
In this work we will consider two kinds of pricing policies, mainly for their simplicity
of concept. The first one is a flat price strategy, i.e., the price is fixed for any value of
the assigned rate. The second policy represents instead a simple usage-based pricing
with linear price. This means that p(g) = kg is linearly related to g through a given
constant k. It is interesting to observe that in Equation (5) there is expressed a double
dependence of the revenue on the pricing, as also A; is a function of the price.

For what concerns the utilities u;(g), they are assumed to be sigmoid functions of
g, with general definition:

NG
Vi=1,2,....,N ug) 2 (9/Ki)

ST (/K (10

where the parameters K; > 0 and ¢; > 2 depend on the index ¢, so that different
users may follow different utility functions. In the simulations, K; and (; are randomly
generated with uniform distribution within a given interval.

With these definitions, in the next we will study the behaviour of the classical C/I
scheduling policy against our proposal introduced to improve the revenue by simula-
tions. However, this aspect of the scheduling could be studied even from the point-of-
view of finding a theoretically optimal resource allocation.

4 Results

In this Section we will present the results relative to the HSDPA interface obtained
with a UMTS simulator developed at the University of Ferrara, in which detailed user
dynamics have been implemented. The simulation environment consists of a 3 x 3
hexagonal cells’ structure. The cells’ cluster is wrapped onto itself in order to avoid the
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Table 1. List of Parameters of Simulation Scenario.

Parameter (symbol) value
cell radius (d) 250 m
gain at 1 m (A) —30dB
Hata path loss exponent (cv) 3.5
shadowing parameter (o) 4dB
Doppler frequency (fq) 2Hz
mean SNR at cell border 40dB
max assignable rate (gmaqz) |96 codewords
utility parameter (¢) 5.0+8.0
utility parameter (K) 0.2+6.0
acceptance prob. parameter (C) 0.5
acceptance prob. parameter (1) 2.0
acceptance prob. parameter (€) 4.0

x10° Revenue - 150 users - flat price x10° Revenue - 200 users - flat price
T T T T T T

price price

Fig. 1. Revenue for flat price, 150 (left) and 200 (right) users, as a function of the price.

“border effect”. In radio channel propagation, path loss, fast fading and shadowing have
been included. By considering the environment mobility, a non-zero Doppler frequency
is assigned, even though stationary users are considered. Table 1 reports the data for the
simulation scenario and the Acceptance-probability model.

The compared scheduling strategies are the previously introduced C/I and the orig-
inal proposal based an iterative search of the local maximum for the revenue, from a
heuristic starting point in which the marginal utilities are allocated to the value ¥ = 0.5.
With the Acceptance-probability model it is possible to evaluate the earned revenue.
This is done in Figure 1 for the flat pricing policy and in Figure 2 for the usage-based
policy. In both cases, two different situations have been represented, with 150 and 200
users respectively.

As it was to be expected, the revenue obtained with the local-search strategy (in-
dicated in the Figures as “LS”) is better than for the C/I strategy. In fact, the former
searches for solutions that improve the revenue. However, note that the qualitative be-
haviour is similar. Moreover, simulations also show that the number of iterations of the
local-search procedure is low (usually 4-5 iterations); thus, it might be said that a sim-
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x10° Revenue - 150 users - usage-based price x10° Revenue - 200 users - usage-based price
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Fig. 2. Revenue for p(g) = kg, 150 (left) and 200 (right) users, as a function of k.

ple variation from the initial solution allows to greatly improve the earned revenue'.

With the LS strategy we are able to obtain a revenue improvement of 10% approxi-
mately in the case with 150 users for both pricing policies. For the 200 users’ network,
the improvement is even larger, being greater than the 20%. In this way the provider
welfare is increased, by leading to a more efficient resource usage, at least from the
operator’s point-of-view.

As a further observation, note that the curves present an optimal price in both strate-
gies. The existence of a price value that maximises the revenue comes directly from the
conditions given by Equation (6). However, the fact that the maximising price is approx-
imately the same for both curves implies that the gap is not due to a different behaviour
with respect to the price, but it is structural. In other words, for the same pricing condi-
tions, the LS strategy is able to achieve a higher revenue since it allocates the resources
in a more satisfactory way for the users.

In Figure 3, the admission rate is represented, i.e., the percentage of users which
are satisfied and achieve a rate g larger than 0. The acceptance probability model is
used here to determine whether a user is satisfied or not. This satisfaction rate can be
equivalently seen as admission rate, since users with very low assignments are likely to
be unsatisfied, so they can be considered as not admitted. In the most extreme case, a
user with assigned rate equal to 0 can be seen as a user surely blocked. Here, 150 users
and flat price policy are depicted; however, the curves are similar also for different
number of users or pricing strategy. It can be observed that the larger the price, the
lower the admission rate. Yet, it should also be noted that the LS strategy allows a
larger admission rate than the C/I strategy. This is due to the revenue improvement that
the LS strategy tries to accomplish. In other words, not only the revenue, but also the
total users’ satisfaction is larger with the LS strategy. This confirms that the LS strategy
succeeds in achieving a higher revenue for the operator without hurting the users.

Finally, in Figure 4 the sensitivity of the results to the value of ¥ is highlighted.
Here, three cases (¢ = 0.3,0.5,0.7) are shown for both revenue and admission rate
in a flat price situation with 200 users. The situation with different pricing policies or

! Note that the most interesting price region is the one which leads to the highest values of the
revenue. Here, the improvement is obviously more consistent.
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Fig. 3. Admission rate for flat price, 150 users, as a function of the price.

x10' Revenue - 200 users - fat price Admission - 200 users - flat price.

Fig. 4. Revenue (left) and Admission rate (right) for 200 users and variable 1J.

users’ number is yet quite similar. It can be observed that different LS solutions are
obtained for different values of the marginal utility starting value 1J. Even though the
qualitative behaviour is similar for the three curves, it can be concluded that a parameter
optimisation can improve even further the performance. Thus, a deeper investigation on
the effect of the choice of 1, in which also considerations about the market strategy of
the provider play a role (see [7]) is necessary and can be the subject of a future analysis.

5 Conclusions and Future Work

The analysis from the provider’s point-of-view of the HSDPA scheduler shows that
there are several possibilities of improving the network management under this aspect.
This can be easily seen with the introduction of the Acceptance-probability model,
which considers the joint effect of user utility and price, by allowing to account for
economic considerations.

The results show that the application of a classical efficient strategy, like the C/I
scheduler, by neglecting the economic counterpart of the allocation, can lead to unsat-
isfactory results for the operator, even though the C/I strategy provides a maximised
throughput. On the other hand, a simple strategy that locally searches for higher values
of the revenue is able to greatly improve the profit and the economic efficiency of the
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resource management, by keeping the users’ satisfaction level almost constant, if not
increased. Thus, the usefulness of the economic considerations is emphasised. Besides,
several further observations open up on how the network welfare can be improved. For
example, the simple heuristic strategies discussed here offer the advantages of simplic-
ity and fast evaluation; however, the optimisation of the internal parameters can improve
even further the performance and/or the convergence rate.

Finally, from a theoretical point-of-view it could be possible to study within the
given framework the behaviour of a more general scheduling strategy, in which the
revenue maximisation is considered as the goal of the optimisation problem (8)—(9).
This study, that can allow to gain a better understanding of the RRM issues, is left for
future research.
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Abstract. Avoiding delay jitter is essential to achieve high throughput for TCP.
In particular, delay spikes can cause spurious timeouts. Such timeouts force
TCP into slow-start, which may reduce congestion window sizes drastically.
Consequently, there may not always be data available for transmission on bot-
tleneck links. For HS-DSCH, jitter can occur due to varying interference. Also,
properties of the radio-block scheduling influence the jitter. We evaluate,
through simulations, effects on TCP from scheduling. Our evaluation shows
that round-robin (RR) schedulers can give more jitter than SIR schedulers. SIR
schedulers discriminates low SIR users to improve spectrum utilization while
RR schedulers distribute transmission capacity fairly. The high jitter with RR
scheduling cause however both lower utilization and decreased fairness in
throughput among users than with SIR scheduling. The Eifel algorithm makes
TCP more robust against delay spikes and reduces thereby these problems.

1 Introduction

The High-Speed Downlink Shared Channel (HS-DSCH) in Wideband CDMA
(WCDMA) release 5 introduces support for peak bit-rates for data services exceeding
8 Mbps [6][7]. Moreover, delays considerably lower than for data channels in previ-
ously releases of WCDMA are supported. This makes HS-DSCH suitable for bursty
Internet traffic (e.g., web page data objects transferred using TCP).

HS-DSCH implements higher order modulation (i.e., I6QAM) and fast link adap-
tation for good spectrum efficiency and to offer high bit-rates. More robust QPSK
modulation is also implemented to transmit to users experiencing high interference.
This is needed since WCDMA systems are expected to be interference limited (i.e.,
caused by concurrent transmissions).

In HS-DSCH, fast radio-block scheduling can be used to further increase the effi-
ciency in spectrum usage when the system is interference limited. E.g., a scheduler
giving precedence to connections with high signal-to-interference ratios (SIR) is
likely to result in higher spectrum utilization [7]. This gain may however come at the
price of unfairness among competing users.

Avoiding delay jitter is important for TCP. In particular, delay spikes may cause
spurious timeouts, which results in unnecessary retransmissions and multiplicative
decreases in congestion window sizes [5]. Fortunately, these problems are reduced

G. Karlsson and M.1. Simirnov (Eds.): QoflS 2003, LNCS 2811, pp. 214-223, 2003.
© Springer-Verlag Berlin Heidelberg 2003
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through the Eifel algorithm [1][2][3]. Also, a more conservative management of the
TCP retransmit timer and a more careful response of the TCP sender on duplicate
ACKSs reduce the problems of spurious [4].

Interference can cause jitter in HS-DSCH. The choice of channel coding and
modulation for a user is based on its SIR, which is affected by path-loss, fading, and
interference from transmissions. The interference originating from transmissions
within a users” own cell is limited through orthogonal coding, while interference from
transmissions in other cells is limited by distance.

Radio-block scheduling influences the jitter. With round-robin (RR) schedulers the
delay of individual IP packets is determined by the number of users being active and
by the SIR for each receiving user. With schedulers giving precedence to high SIR
users the delay of IP packets to these users depends less on the number of users being
active. Consequently, with SIR scheduling, the delay and jitter can be low for high
SIR users while low SIR users may experience considerable delay. Long delay does
not however necessary mean high jitter. L.e., with SIR scheduling, IP packets are
likely to be either sent rapidly or delayed until high SIR users no longer have IP
packets available for transmission.

We evaluate, through simulations, effects on TCP Sack [9] from RR and SIR
scheduling respectively. Also, we study effects on TCP Reno with the Eifel algorithm.
The simulation platform used, the network simulator version 2 (ns-2) [8], include a
fairly detailed model of TCP.

Our evaluation shows that a RR scheduler may give more jitter than a SIR sched-
uler. The jitter is severe enough for TCP to experience delay spikes causing spurious
timeouts. TCP Sack sources suffering frequently from such timeouts may not always
have data available for transmission in HS-DSCH (i.e., since they are forced into
slow-start by spurious timeouts). This reduces the average number of users being
active. Consequently, delay spikes decrease the spectrum utilization and fairness in
throughput among users. This means that transmission fairness cannot always be
directly translated to fairness in throughput for TCP.

With TCP Reno and the Eifel algorithm, delay spikes causing spurious timeouts do
not force TCP sources into slow-start. Thereby, this algorithm can reduce the fairness
and utilization problem of TCP with RR scheduling.

2 Primer on HS-DSCH

The higher order modulation is considered useful for HS-DSCH although CDMA
systems are typically interference limited. This is because allocating a large part of
the available downlink power for a transmission time interval (TTI)! to a single user
can give fairly high SIR. Periods of high SIR can however rapidly pass onto periods
of considerable lower SIR. Consequently, fast link adaptation to change coding and
modulation between TTIs to adjust for instantaneous channel conditions is essential.
Reasons for SIR to vary include changes in available power due to other channels
transmitting, path-loss and shadow fading due to user movements, and fluctuating
multi-path fading. Changes in available power can be considered to affect users

' HS-DSCH uses a TTI of two ms. This short TTI enables low delays, high granularity in the
radio-block scheduling process, and accurate tracking of time-varying channel conditions.
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within a cell randomly. However, path-loss and fading affects users individually.
While path-loss and shadow fading changes at rather long time-scales, the time-scales
of multi-path fading are typically around the time-scale of an HS-DSCH TTIL.

The approach for HS-DSCH is to use the remaining cell power after serving other
dedicated and common channels. The power for HS-DSCH is thus likely to change
over time. However, this power is expected to change on considerable longer time-
scales than a HS-DSCH TTI and it can therefore be assumed constant for evaluations
of TCP performance over HS-DSCH.

HS-DSCH is shared primarily in the time-domain. All codes and power available
for HS-DSCH can be allocated to one user for a TTI. It may however not be possible
to always utilize the available payload space with one user. To avoid wasting payload
space, a limited degree of code multiplexing is supported. E.g., up to four simultane-
ous transmissions can be allowed to increase the amount of payload data for each TTIL.
Then, appropriate coding and modulation are chosen separately for the estimated SIR
of each respective user.

The short TTI used for HS-DSCH enables radio-block scheduling at high granular-
ity to improve the radio spectrum utilization. Using predications on channel quality
made for fast link adaptation a scheduler can give users with high SIR precedence to
transmission slots. Then, fairness in the distribution of transmission capacity may
however need to be sacrificed for improved spectrum utilization.

Other schedulers not accounting for SIR estimates such as RR schedulers can be
used for HS-DSCH to distribute transmission capacity fairly. Also, schedulers
exploiting the trade-off between high spectrum utilization and transmission fairness
can be used for HS-DSCH.

Unfortunately, for data transfers using TCP, transmission fairness cannot always be
directly translated to fairness in application data throughput. This is because TCP
throughput may be affected by additional forwarding quality metrics such as delay
and jitter. In particular, delay spikes may reduce spectrum utilization and fairness in
throughput among users.

3 Delay Spikes in HS-DSCH

Delay spikes can be considered as a general problem in radio networks. Mechanisms
such as ARQ and changing radio conditions cause varying transmission delays, which
may be interpreted as delay spikes by TCP. In this section we focus on the specific
properties of HS-DSCH that can be expected to cause transmission delays to vary.

In HS-DSCH, low SIR users experience lower transmission rates than high SIR
users (i.e., due to lower rate coding and lower order modulation). Sudden decreases in
SIR can therefore appear as delay spikes for individual IP packets. As mentioned in
Section 2 there are several reasons for why SIR is likely to vary.

In addition to lower rate coding and lower order modulation, a SIR based scheduler
may cause delay spikes to users with low SIR (since data transfers for users with low
SIR will be interrupted when data arrives for users with higher SIR). These delay
spikes are however likely to be followed by periods of longer delay with low variation
because high SIR users occupying the channel.

A potential advantage with SIR scheduling regarding jitter is that high SIR users
finish their transfers quickly. A reasonable assumption is that users become inactive
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for a period immediately after finishing a transfer. Then, users with worse radio
conditions can transmit during periods of lower interference at which users with
superior radio conditions are inactive.

With RR schedulers the delay of individual IP packets is determined by the number
of users being active and by the SIR for each receiving user. Since transmission
capacity is distributed fairly, the scheduler cannot explore variations in SIR to opti-
mize the spectrum utilization as a SIR scheduler does. While users with temporally
high SIR may finish transfers before their SIR degrades with SIR scheduling, such
users may need longer time to finish transfers with RR scheduling (i.e., they stay
active for longer periods). Changes in SIR are then likely to translate into IP packet
transmission delay variations, which may appear as delay spikes for TCP. This sug-
gests higher variations in transmission delay for IP packets with RR scheduling than
with SIR scheduling.

For HS-DSCH, IP packets are stored in separate buffers for each user. This means
that traffic flows only experiences limited degrees of statistical multiplexing in these
buffers. Consequently, variations in queue length would cause considerable jitter even
with fixed IP packet transmission delays. Varying transmission delay is likely to make
the jitter experienced by TCP worse.

4 TCP and Delay Spikes

For optimally throughput, users waiting for data should have all their data buffered
and available for HS-DSCH immediately as it is requested (i.e., assuming that HS-
DSCH is a bottleneck). The congestion control mechanisms of TCP precludes how-
ever such buffering. In particular, being in slow-start TCP does not always have data
buffered at bottlenecks. Typically, a TCP source in slow-start initially transmits two
segments of data and then waits for the receiver to acknowledge them before releasing
more data®. This results in TCP sources alternating between releasing bursts of data
and being idle until they have opened their congestion window enough to always have
data buffered for HS-DSCH. For short transfers, TCP may never reach such a window
size.

TCP detects congestion through two complementary indicators. Firstly, when re-
ceiving three duplicate acknowledgements (ACKs) a TCP source assumes that the
next expected bytes are lost due to buffer overflow somewhere in the data path. The
missing bytes are retransmitted and the congestion-window is reduced by half to
avoid further buffer overflows. This action is referred to as fast retransmit.

For duplicate ACKs to be sent, new data must be delivered to the receiver. This is
not always possible since the data lost may be the final bytes of a transfer or the
congestion can be severe enough to cause multiple packet losses for the TCP session
in question. Therefore, TCP also maintains a timer to detect lost data. A retransmit
timeout occurs when transmitted data is not acknowledged before a certain time limit
(i.e., the retransmit timeout (RTO)). This limit is adjusted using measured round-trip-
times (RTTs).

2 An initial sending window between two and four segments is recommended when wireless
links are in the path [5].
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When the RTT suddenly increases it may exceed the RTO. This is because the
RTO is determined using previously measured RTTs that were considerably shorter.
Such increases can occur due to decreases in available forwarding capacity and due to
high jitter appearing as delay spikes to TCP.

A spurious timeout occurs when a RTT suddenly increases and exceeds the RTO.
When facing a timeout, TCP retransmit the segment of data it assumes to be lost (i.e.,
the segment for which the timeout occurred). However, for spurious timeouts, an
ACK for the originally transmitted segment will eventually arrive. Since TCP cannot
distinguish different ACKs for the same data, it must interpret the ACK as acknowl-
edging the retransmitted segment. This means that it also must assume all other out-
standing segments to be lost. Thus, the TCP sender goes into slow-start and retrans-
mits all these segments.

Unfortunately, the TCP receiver generates a duplicate ACK for each segment re-
ceived more than one. This is because it must assume the ACKs for these segments
are lost. These duplicate ACKs may cause spurious fast retransmits and thus multipli-
cative decreases in the congestion window size of the TCP source. The unnecessary
retransmission of data is undesirable since they may increase the traffic load consid-
erably. This is particularly important to avoid for radio channels (i.e., because for-
warding capacity often is scarce at such links due to limited radio spectrum).

The Eifel algorithm uses timestamps to distinguish ACKs for originally transmitted
segments from ACKs for retransmitted segments [1]. Thereby, only one segment
needs to be retransmitted at a spurious timeout and the TCP source is not entering the
slow-start phase.

5 Evaluation

In this section we evaluate through simulations effects on TCP from scheduling. For
the simulations, we have implemented a model of HS-DSCH into NS-2 [8]. We
evaluate TCP Sack and TCP Reno with the Eifel algorithm, and with a RR and a SIR
scheduler respectively.

5.1 Models and Assumptions

The radio model includes lognormal shadow fading with a standard deviation of 8dB
and exponential path loss with a propagation constant of 3.5. Multi-path fading is not
included. The block error rate (BER) is modeled as uniformly distributed errors. Self-
interference is assumed limited to 10 percent and the interference from other trans-
missions within a user’s own cell is assumed limited to 40 percent (i.e., through code
division). The interference from transmissions in other cells than a user’s cell is
limited by distance only.

The ARQ mechanism modeled immediately retransmit damaged radio-blocks (i.e.,
no fast hybrid ARQ is implemented). We assume that 12 codes out of 16 are allocated
for HS-DSCH. The coding and modulation combinations used in the simulations are
listed in Table 1. Users experiencing SIR less than —3.5 dB faces a BER of 50 percent,
while users with SIR equal to or higher than —3.5 dB are exposed to a BER of 10
percent. Up to three users may transmit in the same slot.
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Table 1. Coding and modulation combinations

Coding Modulation SIR Bit-rate Radio-block size
(rate) (type) (dB) (Mbps) (bytes)
0.25 QPSK -3.5 1.44 360
0.50 QPSK 0 2.88 720
0.38 16QAM 35 4.32 1080
0.63 16QAM 7.5 7.20 1800

For TCP, the three-way handshake is excluded (i.e., sources send data with the ini-
tial SYN segment). A typical TCP implementation sends data after the three-way
handshake. The expected consequence of this is that we are likely to overestimate
throughputs for short transfers. Besides the segment size, which is set to 1450 bytes,
the default TCP parameters in ns-2 are left unchanged for the simulations [8]. This
means that the minimum retransmit timeout (RTO) is set to one second and that the
TCP timer granularity is set to 0.1 second.

5.2 Simulation Setup

For each simulation, 56 mobile terminals are randomly distributed on a cell plan
consisting of seven cells. Antennas are omni-directional with 500 m cell radius. The
transmission power is 10W for all TTIs. Mobile terminals are stationary and thus do
not change cells during simulations. Simulations with 12 different seeds are however
made to test different locations of the mobile terminals.

Each user (mobile terminal) downloads a number of files. The file size of each
transfer is randomly chosen among seven different sizes: 4350, 10150, 21750, 44950,
91350, 184150, and 369750 bytes. Transfer file sizes are selected aiming at liner
increase in number of file transfers with decreasing file sizes. Seven times more 4350
bytes files are transmitted than 369750 bytes files. File sizes are selected to result in
MTU sized packets only.

The MTU is set to 1500 bytes®. With this MTU, the segment (payload) size is 1460
bytes for TCP Sack. However, with Eifel, which requires the time-stamp option to be
used, the segment size becomes 1450 bytes. To compare results for TCP Sack and for
TCP Reno with the Eifel algorithm we set the segment size to 1450 for all simula-
tions.

The one-way propagation delay of wired links between sources and base stations is
set to 75 ms for all users. Wired links are over-dimensioned and the RTTs are thus
150 ms plus delays introduced in HS-DSCH. Buffer capacity to store 32 IP packets is
allocated for ach user.

The waiting time between downloads is exponentially distributed with mean two
seconds. Waiting periods are initiated when transfers are finished. This means that the
system load increases with increasing transfer rates (i.e., the sooner a transfer is
finished, the sooner the preceding transfer is initiated). Each simulation runs for five
simulated minutes.

3 The MTU of 1500 bytes is used since this is the payload frame size of Ethernet.
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With the loads resulting from the above given parameters, the system is interfer-
ence limited without causing numerous users with particularly bad radio-conditions to
be completely locked-out. Such users may however be locked-out for periods and thus
get only a few transfers through. The length of these lockout periods can be consider-
able longer without the Eifel algorithm than with this algorithm due to exponential
back-offs.

5.3 Results

The mean IP packet transmission delay is longer with TCP Reno and the Eifel algo-
rithm (from now referred to as TCP Eifel) than with TCP Sack (i.e., 44.4389 ms and
30.7101 ms respectively with SIR scheduling, and 47.9291and 20.5483 ms respec-
tively with RR scheduling). As mentioned in Section 5.2, the system load increases
with increasing transfer rates (i.e., transfers finishing faster results in higher load since
that increases the number of transfers made during the simulation period). Hence, the
longer packet transmission delays for TCP Eifel in the simulations indicate that it
manages to achieve higher transfer rates than TCP Sack. The total aggregated
throughputs verify this observation. For TCP Sack the aggregated throughput is
3.27325 Mbps with SIR scheduling and 2.57319 Mbps with RR scheduling. The
difference in aggregated throughput is less evident (i.e., 4.77384 Mbps with SIR
scheduling and 4.71201 Mbps with RR scheduling).

The aggregated throughput can be higher for TCP Eifel than for TCP Sack al-
though the mean delay is longer. The reason for this is delay spikes causing spurious
timeouts, which forces TCP Sack into slow-start. TCP Eifel recovers from such
timeouts and continues transmitting in the congestion-avoidance mode. In the simula-
tions, because of higher jitter TCP Sack faces considerable more severe degradations
in throughput with RR scheduling than with SIR scheduling.

The difference in throughput between RR and SIR scheduling is likely to be larger
with higher load causing more interference [7]. Thus, the minor difference in
throughput for TCP Eifel with SIR and RR scheduling respectively may be larger at
higher interference. However, the jitter can also be expected to vary with the load for
both the RR scheduler and the SIR scheduler. This may affect the degradation in
aggregate throughput for TCP Sack. We consider effects from varying loads as for
further studies.

The IP packet transmission delay distributions differ between SIR and RR schedul-
ing (Fig. 1). With SIR scheduling, IP packets are transmitted with low delay, or they
face considerable delays while the delay is more evenly distributed with RR schedul-
ing. This indicates that the jitter is higher with RR scheduling than with SIR schedul-
ing*. Therefore, we expect that with RR scheduling TCP connections are more likely
to experience delay spikes causing spurious timeouts than with SIR scheduling.

Fig. 2 shows that for long transfers the numbers of TCP timeouts are higher for
TCP Sack with RR scheduling than with SIR scheduling. The corresponding numbers
for TCP Eifel are however similar. The reason for this is for further studies. A possi-
ble explanation can however be that since TCP Eifel allow for less varying load and
less varying interference than with TCP Sack. This may reduce the number of delay
spikes experienced by TCP.

4 In addition to transmission delay variations, the jitter experienced by TCP includes delay
variations caused by queuing.
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We look closer into aggregated throughputs by studying them individually for the
different files sizes used in the simulations. In Fig. 3 it can be seen that for short
transfers (i.e., small file sizes) aggregated throughputs are similar for the TCP ver-
sions and schedulers evaluated. Differences in aggregated throughputs are however
evident for longer transfers (expect for TCP Eifel with SIR and RR scheduling respec-
tively).

Delay for all blocks of IP packets. TCP timeouts

fel and AR schedul

°
23

TT T T T T T T T T 17
)

COF

Mean number of fimeouts

[ TCP Sack, A schecul
TGP Sack.'SIR scheculn
| TCP Eifel, AR scheculing -

| TCP Efel, SIR scheculng e

Block delay (seconds) File size (bits)
Fig. 1. IP packet delay distributions Fig. 2. Mean number of TCP timeouts
JERT—— Fainoss between ses
10108 : ‘ ‘ | ‘ ‘
1aws05 ‘ ; , : :
126108 : i 3 ; :
1.1e+06 4 =
te06 ’ f
900000 / } ~
0000 ]
700000 ./ // ] . BESEESS
o000 : g —
00000 ,
< 400000 // o
300000 /; . | : q
200000 Sack and SIR schoduling —— ck and SIR scheduling —+—
V2N ‘ R -
100000 (7 ; ; | Heard s seneing —— F | Eifol and SIR scheculing —e— t
i i i Eifel and AR scheduling —&— | i i L Eifel and AR scheduling —&—
° 0 500000 10406 1.50406 20406 250106 30+06 500000 10406 150406 20106 250406 30+06
il e (s il sre i)
Fig. 3. Aggregated system throughputs Fig. 4. Fairness in user throughputs

The larger degradation for long transfers appears because they may be in the con-
gestion-avoidance mode before timeouts force them into slow-start. Short transfers
never leaves slow-start and a timeout does therefore not degrade the throughput as
much as for longer transfers. The considerable lower aggregate throughput for TCP
Sack compared to for TCP Eifel indicates that the jitter is high with both schedulers.
We consider the issue of whether throughputs for TCP Eifel can be improved or not
by reducing the jitter as for further studies.

The degradations in aggregate throughputs caused by delay spikes also affect the
fairness in throughputs among users. Fig. 4 shows worse fairness for TCP Sack with
RR scheduling than with SIR scheduling’®. The RR scheduler distributes transmission
capacity fairly. This fairness do not translates into fairness in throughput among users

5> The fairness index is defined by R. Jain in [11]. An index equal to one implies perfect fair-
ness, while lower values of this index means unfairness in throughput among users.
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for TCP Sack because of delay spikes causing spurious timeouts (Fig. 4). For TCP
Eifel, which can handle such timeouts without going into slow-start, the fair distribu-
tion of transmission capacity provided by RR scheduling does however translate into
fairness in throughput.

In Fig. 5, it can be seen that for short transfers the mean throughputs are higher for
TCP Eifel with the RR scheduler than with the SIR scheduler. For long transfers, the
mean throughputs are however higher with the SIR scheduler. This can be explained
by that long transfers facing low interference can capture the channel with SIR sched-
uling, but not with RR scheduling. New transfers arriving are thus more likely to
achieve transmission slots without considerable delay with RR scheduling than with
SIR scheduling. This gives higher throughput to short transfers.
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As for TCP Eifel, the mean throughputs are higher for short transfers with RR
scheduling than with SIR scheduling for TCP Sack®. The larger difference with TCP
Sack compared with TCP Eifel can be explained by the low fairness for TCP Sack
with RR scheduling (Fig. 6). L.e., user throughputs are distributed over a larger span
since users experiencing multiple spurious timeouts go frequently into slow-start,
which reduces the traffic load. This leaves other users to experience exceptional good
radio conditions.

6 Conclusions

In this paper we evaluate effects on TCP from radio-block scheduling in WCDMA
HS-DSCH. TCP is sensitive to sudden increases in delay since this can cause spurious
timeouts. Such timeouts results in unnecessary retransmissions and multiplicative
decreases in congestion window sizes. The Eifel algorithm makes TCP more robust
against sudden increases in delay.

High jitter can appear as sudden increases in delay for TCP. We refer to such in-
creases as delay spikes. We show that round-robin (RR) radio-block scheduling can

¢ Since confidence intervals overlap for long transfers we cannot say anything about these
transfers.
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give higher jitter than SIR scheduling. Because of this high jitter, which causes spuri-
ous timeouts, the fair distributions of transmission capacity may not be translated to
fairness in throughput among users for TCP. Moreover, the spectrum utilization can
be decreased due to this jitter.

With the Fifel algorithm, the fair distribution of transmission capacity is better
translated to fairness in throughput among users. Also, the utilization of the radio
spectrum is improved. This indicates that the Eifel algorithm should be used when RR
scheduling is used in HS-DSCH.

RR scheduling can be preferable with the Eifel algorithm since it can give similar
spectrum utilization as SIR scheduling does, but better fairness in throughput among
users and higher throughput for short transfers (i.e., small file sizes). We believe users
to be more sensitive to delay for short transfers, which often belong to interactive
applications such as web browsing. At scenarios in which interference is high, SIR
scheduling may give considerable higher spectrum utilization than RR scheduling for
TCP Eifel. We consider this as for further studies.

When the Eifel algorithm is not used, our study indicates however that SIR sched-
uling is clearly preferable in HS-DSCH. Without the Eifel algorithm, RR scheduling
gives in our simulations worse fairness in throughput and lower spectrum utilization
than SIR scheduling.

Multi-path fading is not used in the simulations. Such fading is likely to occur at
similar time-scales as the transmission time interval for HS-DSCH. Hence, the results
presented herein may be affected by multi-path fading. We consider this as for further
studies.
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