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Traffic Engineering in a Multipoint-to-Point Network

Guillaume Urvoy-Keller, Gérard Hébuterne, and Yves Dallery

Abstract—The need to guarantee quality-of-service (QoS)
to multimedia applications leads to a tight integration between
the routing and forwarding functions in the Internet. multipro-
tocol label switching tries to provide a global solution for this
integration. In this context, multipoint-to-point (m2p) networks
appear as a key architecture since they provide a cheaper way
to connect edge nodes than point-to-point connections. M2p net-
works have been mainly studied for their load balancing ability.
In this paper, we go a step further: we propose and evaluate
a traffic management scheme that provides deterministic QoS
guarantees for multimedia sources in an m2p network. We first @ ®
derive an accurate upper bound on the end-to-end delay in an
m2p architecture based on the concept of additivity. Broadly Fig. 1. (a)P2p strategy. (b) M2p strategy.
speaking, an m2p network is additive if the maximum end-to-end
delay is equal to the sum of local maximum delays. We then
introduce two admission control algorithms for additive networks: ~ switch paths (LSPs) allows to merge several p2p LSPs: m2p

a centralized algorithm and a distributed algorithm and discuss LSP ease traffic management since they reduce the amount of
their complexity and their scalability. states (corresponding to LSPs) at each node, i.e., not only at
Index Terms—Admission control, deterministic bounds, multi- edge nodes but also at interior nodes (see Fig. 1). In this paper,
protocol label switching, multipoint-to-point networks, quality-of-  we propose and evaluate a traffic management scheme for an
service. m2p network that guarantees a deterministic QoS to variable
bit-rate sources. Sources are assumed to be leaky bucket con-
|. INTRODUCTION strained with a maximal end-to-end delay requirement. We as-
. ) . sume a fluid model that closely approximates the behavior of
ROVISIONING = OF  quality-of-service  (Q0S) in 4 nacket network with a small packet size compared with the
high-speed networks has received much attention Iice rates of the servers. The fluid model enables us to con-
the last decade. The asynchronous transfer mode (ATM) CORxntrate on the central issues. The proposed scheme is based
munity advocated for a connection oriented solution while thg, ihe first-in first-out (FIFO) scheduling policy, because of its
Internet community advocated for a connectionless solutiaty. 5 apility. It is quite likely that more complex policies such as
Today, there is a trend to combine these solutions since 8 ps (4], [5] will be used in the future. However, these policies
backplane of many core routers is an ATM switch fabriGyii not run at a connection level but rather at a class level (to
ATM switches provide an high-speed and low cost per pOthg re scalability) and a given class will see the m2p network as
solution for the Internet. However, they are not universally r5 network (with a time-varying service rate). Thus, a first
used. Multiprotocol 'a*?e' switching (,MPLS) [1], has be‘f"?)roblem to solve is the case of a FIFO m2p network. To our best
developed to offer a universal forwarding layer to the 'memeﬂnowledge, this problem has not been treated previously.
MPLS may interoperate adequately with ATM [2] or framé 1he remainder of the paper is organized as follows. In

relay [3] or provide an ad-hoc forwarding service. _Section 1I, we review the related work in the fields of m2p
AnIntermet service provider (ISP) may use MPLS to establigicpitectures and end-to-end bounds in FIFO networks. In

a set. of routgs between its ingress nodes and its egress nogﬁﬁtion 111, we recall the main results of the Network Calculus
If p0|nt—t02—p0|nt (p2p) routes are used and there aredges, (g1 [g] that we use to obtain a bound on the end-to-end delay.
then O(n*) routes are required to conneetnodes. Another |,'section IV, we emphasize the difficulty to directly derive an

possibility to cover the network is to use multipoint-to-point 4 to_end delay bound for a FIFO network from the concept of
(m2p) connections rooted at the egress nodes. With m2p cQ@yyice curve introduced in the network calculus. In Section V,
nections, onlyO(rn) routes are required. The use of m2p label o study the maximum end-to-end delay in the case of an

m2p network with two servers. The analysis demonstrates
that a bounding approach is required for the case of larger
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Il. RELATED WORK \  Tokens rate R
A first step toward the provision of QoS service is the ability

to balance load in the network. In the traditional Internet, this
is achieved with metric-based routing. Network administrators
adjust link metrics to balance the traffic. However, this ad-hoc Token bucket depth
solution is not satisfying in the context of QoS provisioning and M’
there exists a need to explicitly control the routes of the flows
in the network. Such a control may be achieved with MPLS.
Such a solution has been investigated in [9] in the context of In-
ternet protocol (IP) over ATM and in [10] in the context of IP
over MPLS. In [10], Saitcet al. propose a traffic engineering
scheme for Internet backbones that tries to provide an optimal
load balancing for reliability. The proposed scheme uses mul-
tiple m2p LSPs between each ingress/egress pair to achieve load
balancing and reliability. Traffic demands are expressed as ser- ~ Source
vice rates. Sources are, thus, implicitly assumed to be constant peak rate p
bit rate sources.

A first step toward the design of our traffic managemeriig. 2. Leaky bucket controller.
scheme is the derivation of an accurate bound on the end-to-end
delay for an m2p network. Determining an end-to-end delay pefinition 2: A function « is an arrival curve fof if
bound in a network based on the FIFO scheduling discipline is
a challenge since the stability of a FIFO network with a general As(t+7) — As(t) < af7),¥S € T's,¥7 > 0,V > 0.
architecture has not been established yet. Tassietaal.
[11] proved that the ring architecture is stable under any An arrival curve forS provides an upper bound on the number
work-conserving scheduling discipline (and thus under thef bits that$ can send on any time interval.
FIFO scheduling discipline). The result is interesting since the Definition 3: We defineZg as the set of arrival curves asso-
ring architecture is often considered as a “worstcase” arcleiated to$
tecture due to the high dependency it induces among sessions.
However, this result has not yet been extended yet to the casgs = {«|VS € I's,V(t,7), As(t +7) — As(t) < a(7)}.
of a general architecture. Chlamtet al. [12] have focused
on FIFO networks with peak rate constrained sources. TheTheorem 1:(See [13] for proofEs as a minimum element
authors show that if the peak rate of each source in the network called the minimum arrival curve and defined as follows:
satisfies a constraint related to the number of sources that the
source meets on its route, then the network is stable and bounds " (7) = max max (As(t +7) — As(?)), V7 2 0.
on end-to-end delays and backlogs exist. The result applies to :
FIFO networks with a general architecture, but it is restrictdd the remaining of this paper and for sake of simplicity, the term
to the case of constant bit rate sources. In the present work, ‘geurce” may be used to refer to a trajectory.
concentrate on a specific architecture, the m2p architecture2) Source Model:In the remaining of this paper, we con-

however, with variable bit rate sources. sider sources that are leaky bucket constrained with an addi-
tional constraint on their peak rate. A traffic descriptor for a
I1l. NETWORK CALCULUS given sourceS has three parameters, 2, M) (we noteS ~

B . . _(p, R, M)) that are, respectively, the peak rate, the mean rate,
The network calculus [6]-{8], [13], [14] is an analytlcaland the maximum burst size &f. Such a source is able to

method to derive deterministic bounds on end-to-end delays . S ;

and backlogs. The network calculus has been developed b gyerse the Ieakylbucks_thconltrollefr (:]eplclt(ed "; F'Eéérwfhom
for continuous time [13] and discrete time [8]. We use here t%([perlencmg any loss. (;snze cl)< the t?c En uc Sf_
continuous version that is better suited for a fluid-flow analysi%.?(p/(p — R)) > M since the peak rate of the source is finite.

We present, in the following, the basic concepts of the netwo tQ(p, fé, M) be thte s_et ct’f SOWC&S[.J(TSSS E (]I\J/"[R’ JIV‘[)'
calculus that will be used in the rest of this paper. € greedy source (trajectory), associatefifp, ! )’. plays
an important role in worst case analyses and is defined as fol-

lows.
) _ Definition 4: For a given sefQ(p, R, M), Gaep. ) (OF

1) General SourcesConsider a source. Let S be a given gimply ) is the source that consumes tokens as soon as
trajectory of$ andI's be the set of all possible trajectories forpossible. With a token bucket initially full at time = 0, the

5 . , . . greedy sourcé& emits at its peak rate during.[M /p] and then
Definition 1: The cumulative rate functiods(t) of Sis de-  gnits at its mean rat&, i.e.,

fined as the cumulative amount of bits issued.$yn the in-
terval [0, t] (the cumulative rate function of a given trajectory
fully characterizes this trajectory).

A. Sources and Network Elements Modeling

- R
Ag('r)zlnhl(p-'r,R-'r—i—Mp—).
p
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The following results hold for the greedy source (proof is left bit4
to reader):

* of(r) = Ag(r),¥Yr = 0 (the minimum arrival curve of o
the greedy source is its cumulative rate function);

* VS € Qp, R, M)¥V1 > 0,a%(7) < (1) (the minimum
arrival curve of the greedy source is the minimum arrival
curve of all the sources di(p, R, M)).

The minimum arrival curve of a multiplex of leaky bucket
constrained sources is the sum of the minimum arrival curves
of the sources of this multiplex (see [14]). The resulting source
has a concave piecewise linear arrival curve. We make use of time
the two notions (source constrained by a single leaky bucket or
by a set of leaky buckets) in the remaining of this paper. ~ F19- 3. Upper bounds on backlogs and delays.

The source model presented above encompasses the case of _ ) )
an IP source declared with a TSPEC and the case of a variable bit '€0rem 2:Consider a source with an arrival curve
rate (VBR) ATM source. An ATM VBR source is constrained@Vversing a system that offers a service cusv@hen
by a pair of generic cell rate algorithms (GCRAs) algorithms b(t) < v(a, B) andd(t) < h(w, B)
with parametersq,7) and (I, 7" + 7). Leté be the cell size in
bits. A minimal arrival curvex for a VBR source is (see [15])

V(o)

b T

where v(a, 8) and h(a, 3) represent, respectively, the max-
imum vertical and horizontal distances betweeand /5 (see

Fig. 3)
s>0
wherep = 6/T is the peak rate of the source in bit’ls= 6/7" h(ev, B) =sup (inf {T: T > 0, a(s) < B(s +T)}).
is the sustainable rate in bitfs, = p - 7 + ¢ corresponds to the 520
cell jitter (in bits) andby; = 7/ R corresponds to the maximum  2) Output Characterization:
burst size of the source (in bits). Theorem 3 : (See [13] for proof.) An arrival curva©°“ for a

Similarly, an IP source described with a TSpec has a minimgdurce seen at the output of a system that offers a service curve
arrival curvea(t) = min(M +p - ¢t,b+r - t) whereM isthe jis
maximum size of a packet of the sourgeits peak rater its .
sustainable rate aridits bucket depth. a”™(r) = §1ip(a(7 +v) = B(v)),¥r 20

3) Network ElementsWithin the network calculus frame- v=0
work, a network element is characterized by its service curwherea is the arrival curve of the source seen at the input of the
that intuitively represents a lower bound on the service it prgystem.
vides. Several definitions of a service curve exist. We use the3) Network Service CurveA straightforward way to obtain

extended service curve defined by Le Boudec [13]. end-to-end delay bounds is to apply Theorems 2 and 3 at each
Definition 5: A network element offers an extended servicgtage in the network and sum the obtained local bounds. It is,
curve3 to a given sourc§ if however, possible to obtain a tighter result with the network

service curve paradigm.

Theorem 4:(See [13] for proof.) Consider a sourcge
traversing p network elements. Each network element is
characterized by an extended service cufy®),c(i,..p}-

S may see these network elements as a single network
element characterized by a network service cutubat is the
convolution of(53;) jc (1

VS els,Vt>0,3tg < t: Asout (t) — As(to) > /3(t — to)
where As_ . is the cumulative rate function & seen at the
output of the network element.

Example: A service curves for a work-conserving server
with a service rate” is 5(7) = C - 7. The proof is straight-
forward: ¢, is equal to the beginning of the busy period that plt) =,  nf _ (Fi(t) +-+ Palta)) -
belongs to, oty = t if there is no backlog at time ! o

-

The strength of Theorem 4 is that the obtained end-to-end delay
B. Advanced Results bound is smaller than Fhe one obtained through summation of
' local delay bounds (using Theorems 2 and 3).

1) Bounds on Delays and Backlog€onsider a system,
seen as a black box. L&k(¢) (with respect tal*(¢)) be the cu- IV. END-TO-END DELAYS: A SERVICE CURVE APPROACH
mulative rate function seen at the input (with respect to output)
of the system. The backlog at tinias b(t) = R*(t) — R(¢).
Cruz [8] has introduced the virtual delay(t) defined as
follows:

To define a complete traffic management scheme for m2p
networks, we first need to derive an accurate bound on the
end-to-end delay. As seen in the previous section, the network
calculus provides a way to derive end-to-end bounds using
network service curves. In the present section, we investigate
dt)=inf{T:T>0, R"(t+T) > R(t)}. this approach.
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A. Service Curve Offered by a FIFO Server A. Single Source/Servers in Sequence

Consider two sourcess; and S, (with respective arrival | ot ¢ he a source traversingservers in sequence. The ser-
curvesay and az) and a server that implements the FIFQjice rate of servey is C;. We assume thaf is constrained
scheduling policy with a service rafé. Let A« b_e the function by a concave piecewise linear arrival cuwe(i.e., S is con-
such that¥t > 0, Ac(t) = C -t andR; (with respect 1o gyrained by a set of leaky buckets). We also assume/that) €
R?) be the cumulative rate function @; at the input (with {1,....p¥%i < j,C; > C;, without any loss of generality,
respect to output) of the server. For a given timiet so be the - since if C; is greater tharC; the traffic outgoing of server
last time instant with no backlog in the serve (< ). Thus,  experiences no delay ifisince its peak rate is lower than the
Ri(s0) = Ri(s0) andR5(so) = Ra(so). Since the scheduling service rate off.
policy is work conserving, this yields 1) Worstcase AnalysisThe analysis addresses two dual

RI(t) — R (s0) + Ry(t) — Ry(s0) = C - (£ — s0). 1) problems; computation of the maximum end-to-end delay and
T computation of the buffer requirement at each server. Note that
Causality implies thaf3(¢) < Ra(t). Thus the latter is equivalent to compute the local maximum delay at
" " each server in the case of FIFO scheduling policy.
R;(t) — R < Ry(t) — R .
2(8) = Fa(s0) = Ra(t) — Ra(s0) a) End-to-end Delays:
SinceS; is constrained by, and the server adds a constraint Lemma 1: Consider a sourcé traversingp FIFO servers
on the peak rate of the output source, we obtain with respective service raté€’;),c1. .. ,. The end-to-end delay
* * ) of a bit of S is the same as if the network were restricted to a
R3(t) = R(s0) < min (C- (¢ = s0), aa(t = 50)) . (2) single server with a service ratin e ;... 3 (C;)-
From (1) and (2), we obtain Proof: As noted previously, we can assume that the

. ) servers rates are decreasing. Let us also assume that gerver

Ry (t)=Ri(s0) 2 C-(t=s0) —min (T (t = s0), a2t = 50)) . jg backlogged during(f 7;]. This means that duringd[Z}],
Let us define(x)* asmax(0,z). Then,3; = (Ac — ap)t the output process of servgrhas a constant rat€’;. Since

is a service curve foby, sinceC - t — min(C - t,ay(t)) = €; = Cj4a1, serverj + 1is also backlogged durin@|[7} 1]

(Ac(t) — az(t)T. with T4, > T;. As a consequence, any backlog period of a
given serverj is included in a backlog period of any server

B. Discussion withj > k& > p.

The service curvé, is conservative. Indeed, i, were pre- Now consider a bit that experiences some delay in the net-

emptive overs, , the obtained service curve would be the samuork. Let;j be the first server where it experiences delay. It will

since, in this cases, receives only the extra capacity unuse@'SC €xperience some delay at server 1, ..., p. The backlog
by S». Besides, assume thé andsS. transit in a second serverPeriod at servep has begun at a certain time in the past that we
where they mix with a third sourc&. To derive a service curve choose to be time zero. The bit has entered the network at time

for 5, in the second server, we need an arrival curveSoat t > 0. Since the backlog periods are included into each other,

the input of the second server. This arrival curve may be OFu_e bit that enters at tim& has to wait for all the bits sent in

tained by applying Theorem 3 to the arrival curveSfat the 0,#] to b(_afsr?rved by T(erver.l(;l'huf, its end_-to—end delay |sDthe
input of server 1 and its service curve at server 1. Howevéﬁ_rphe asift e' _r}tra]twor would on %comprcljsz sler;yerf
the arrival curve forS; at the second server is also pessimistic eorem 5:The maximum end-to-end delay of a source

since the service curve fd, at server 1 is pessimistic. Thus,constramed by a concave piecewise linear arrival cuwe

the conservative aspect of the result increases with the Sizetrgyersmgp F”;O servers in sequence is achieved when the
the network. This approach leads inevitably to pessimistic rggurclzje IngI’_?_E y. d-t d delav in th work i
sults. For instance, consider a single server and assyraad rool: The maximum end-to-end delay in Ine network I
S, have the same traffic descriptor, namely®, M). The fol- the same as if the network would on_ly comprise the slo_vvest
lowing relation exists between the delay bouiiagc obtained S€rver (Lemma 1). For the case of a single node, the maximum
with the service curve approach and the maximufn dElay,: delay is achieved when the source is greedy since the cumulative
.- rate function of the greedy source is equal to the arrival curve of
D = — Dsc. 2 .
max = ((C' = R)/C)Dsc. Thus, whenit — C'/2 (stability the source (Theorem 2). This proves the result. O

r ires th 2R), D 2D 0. . .
equires that’ > 2K), SC 7 < b) Buffer RequirementstLet us now compute the min-
The weaknesses of this service curve approach demonstrates . .
) imum buffer capacity required at each server to ensure a zero
the necessity of a new approach the problem. Note, however ! : .
. I0Ss rate. We first establish a relation betweasl's andG at
that a better (more accurate) service curve tBaffor a FIFO ) )
. e . the output of the first server. Lef;, ; and S.y; ; be the input
server may exist. The determination of such a service curve re- i ¢ :
. . and output sources at serviefor trajectoryS(A; = As,, ).
mains an open issue. X
The following result holds.
Lemma 2:V¢t > 0, Ag
min («(t), Cy - £).
In this section, we study the end-to-end delay in a network The proof is straightforward (see Fig. 4). From Lemma 2, we
with two servers in sequence, called a tandem network (exceph deduce thal_, , is a concave piecewise linear function.
in the first part where the results hold feservers in sequence)Moreover,A¢_ . , is an arrival curve for the outgoing traffic of

and stress the complexity of an exact analysis. server 1 for any sourcg € I's.

out,1 (t) = min (AGin,l (t)v Cr- t) =

V. END-TO-END DELAY IN A TANDEM NETWORK
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bits

Fig. 5. End-to-end delayl{) and buffer requirementsX,, Q=, Q3).

time resulting source at nodes; is constrained by; leaky buckets,
wheren; is the number of sources entering at nadéet «;
be the minimum arrival curve of;. Unlike the single source
Lemma 3:VS € T's, a* < Ag . case, buffer requirements and end-to-end delay bounds must be
L Soutt = © Toutd estimated separately.

Proof: To prove thatd¢q,_,, is an arrival curve for any . i . .
trajectoryS, we use the definition of an arrival curve: an uppz!; 1) Buffer RequirementsThe results of this partare obtained

Fig. 4. Output cumulative rate function for a greedy source.

bound on the amount of traffic emitted on any time interv. or m2p with p servers in sequence. L& be the minimum

Suppose that there exists a trajectsrya time instant and a qufer [rer?uwemegt at selgvg_rthat guaranlgees g zero_I(r)]ssh rate.
time intervalr such thatx = As_, ,(t+7) — As_. . (t) > sing Theorem 2, we obtain an upper bound @y with the

Ac.... ,(1). Then, necessarily, > 7’ whereT (see Fig. 4) is minimum arrival curve of the input flow at servgrThis yields

out,1 . 1 ) . .. . .

the maximum time where the server is backlogged (and thus, t§ Minimum buffer requirement, provided that one can prove

effective output rate i€;). For Sou: 1 to producer during 7 that there exists a trajectory of the system such that the input

S..; = S must have at least prc;)(ljlljcecduring a time interv:all flow at serverj has a cumulative arrival curve equal to this min-
m,1 —

of at mostr in the past, since the scheduling policy is workiMum arrival curve. _ o _
A consequence of Lemma 2 is that the minimum arrival curve

conserving .
(e, ) atthe output of a FIFO server for an aggregation of leaky
3t <t As, (' +7)—As, (') > x> Ag,. (7). bucket constrained sources is maximum when the sources are
greedy and strictly synchronous (i.e., they start emitting at the
From Lemma 1 and > 7', we have same time instant). Moreover, this minimum arrival curve is a
concave piecewise linear function. This,:, the source seen at
AGoua (T) = Aci . (1) = (7). the output of the server, is multileaky bucket constrained. If this

source is to be mixed with a second (leaky bucket constrained)
sourceS, and injected in a second server, the maximum backlog
I <t As, . (' +7)— Asi,,,l(t/) > a(T). is achieved whefy,,; andsS; are greedy and synchronous. This
result can be extended to m2p networks of any size.
We, thus, have a contradiction singds constrained byr. [ Theorem 7:For a given m2p network with leaky bucket
A recursive application of Lemma 2 indicates that theonstrained sources, the maximum backl@gg at server;
worstcase source for each server is generated by the gregdichieved when all the sources are greedy and strictly syn-
source. Thus, the greedy source yields the maximum backlogBronous, i.e., when the sources start emitting at the same time
Theorem 6: The maximum backlog at each server for gstant.
source S with a concave piecewise linear arrival curve 2) End-to-End Delay:For the single server case, the max-
traversingp servers in sequence, is obtained when the sourcgrisum backlog corresponds to the maximum delay. We prove
greedy (see Fig. 5). here that for the case of a tandem m2p networks, achievement
Note that the arrival curve obtained from Lemma 2 is bettgf the local maximum delays does not necessarily results in the
(Sma||el‘) than the arrival curve that could be obtained W|max|mum end-to-end de'ay_ For the Sing|e server case, two con-
Theorem 3. However, the result holds only for FIFO servetgtions must be met to obtain the maximum delay: greediness

Combining the last two equations, we obtain

whereas Theorem 3 holds for any scheduling discipline.  and a strict synchronization (they start emitting at the same time
instant) of the sources. For the case of a tandem m2p network,
B. M2P Tandem Networks we prove that greediness property is still mandatory (this is intu-

Consider a tandem m2p network, i.e., a tandem netwaitkrely logical since “being greedy” means generating traffic at
where sources may enter at node 1 or 2 but exit at node 2 orthe maximum possible rate during a maximum period of time, a
Sources that enter the network at nadmay be aggregated basic condition to create some backlog), while the synchroniza-
since they have the same route in the network. £,ebe the tion between sources is no more a strict one.
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A bits C Let us now delay the beginning of emission%f S; starts
at time zero andb; starts at time = (M/Cy) — (M/p), S1
and S still being greedy. The bit that experiencés;,,. en-
ters the network at tim& = M/p. It exits the first server at
p+R time to + dimax = (M/p) + (M/C1). During [(M/Cy) —
4 (M/p),(M/p) + (M/C1)], S1 has produced’, - M /p. Thus,
the maximum local delay, ... iS achieved at server 2 at time
t1 = (M/p) + (M/C1), which is the time instant when the bit
that experienced; . at server 1 reaches server 2. Thus, this
bit experiences an end-to-end delay equadi@... + d2 max,
which is strictly greater than in the strictly synchronous case.
This example clearly emphasizes the impact of the synchroniza-
tion among the sources on the end-to-end delay.
b) Worst Case ConditionsWe now investigate the condi-
M/p M/C1 time tions yielding the maximum end-to-end delay. The bit that ex-
periences the maximum end-to-end delay is chosen as the ref-
Fig. 6. Maximum backlog generation (server 1). erence bit. There are two cases:

1) the reference bit experiences delay in servers 1
and 2;

2) the reference bit experiences delay in server 2 only.
Note that the case “delay in server 1 only” is not possible
2R since if the reference bit experiences some delay in the first
server, this means that the server is in a backlog period. Thus,
the output process of server 1 has a @taluring a certain time
interval. If we mix this flow withS; emitting at its peak rate (we
assume, + C; > Cs, otherwise server 2 would be transparent
to the flow), this resulting flow would create some backlog at
server 2 and, thus, the reference bit would necessarily also ex-
perience some delay at server 2.

The case “delay in server 2 only” is easy to solve since the
problem transforms into determining the maximum delay in a
single server with two leaky bucket constrained sourcgs:
with a peak rate equal 67 andS». We can, thus, apply The-
orem 5: the maximum delay is achieved when the two sources
are greedy and synchronous.

Y

bits

o

M/p M(Cl+p)/(pC2) time The case “delay in the two servers” is far more complex as
we now see.
Fig. 7. Maximum backlog generation (server 2). c) Delay Equations:We adopt the following notations.
1) 6, andfd; are the epochs of beginning of the backlog
a) Synchronization:A simple counter-example. Consider periods where the reference bit enters server 1 and
a system with two servers with respective service réteand 2, respectively. We s# = 0. 6, might be positive
C3 (Cy < C3) and two sources$; (entering at server 1) and or negative.
S, (entering at server 2). We assume tlatand S, have the 2) dy(t) (with respect taly(t+dy (¢))) is the delay ex-
same leaky bucket parametegs R, M). We also assume that perienced by the bit entering server 1 at tififevith
0 < R < C, — 4. According to the results obtained in the pre- respect tad + d; (¢)). Note thatt + d; (t) > 6, since
vious section, the maximum backlogs are obtained wheand we focus on the delay of bits &f; experiencing
S, are strictly synchronous. This corresponds to the trajectories some delay in the two servers.
depicted in Figs. 6 and 7. Lé} 1, (¢ € 1,2) be the maximum 3) D(¢) is the end to end delay of the bit that enters
delay at server (achieved when the sources are greedy and syn- server 1 attimé: D(t) = dy(t) + da(t + di(2)).

chronous) an(dlmaxs1 5 the maximum end-to-end delay for aThe following equations hold:
given trajectory ofS; and.S,. SinceC, > C; and since the

2 sources have the same traffic descriptor, the bit that experi- As. (£ = C1t
encesd; . does not experiencg; ... Thus, the maximum di(t) s EUS GV

end-to-end delay is strictly less than the sum of the local max- , ¢y

imum delays, i.€.dhuasxs, 5, < dimax + d2max AlSO, since, (64 du(2)) :Asl,o“t (t+di(t) + As, ;, (t— 02 +du(2))
R < Oy — (4, the maximum backlogs are experienced by the Cy

bits that enter the two servers at time- M/p. —(t— 02+ di(t))
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whereA’s  is the amount of bits generated By, which have rate greater tha@’;, say during {, ¢ + ¢]. The end-to-end delay
already reached server 2 when the bit emitted at tiragives at timet is given by (3)

at server 2. Sinc®(t) = d1(t) + do(t + d1(t)), we obtain
0= RO+ B+ G 0) D (1.0 = At (4 1) + Asu (= b2 4+ (1)
yV2) —

LAl di(0) + As,, (B di(E) — 62) Co
= o

D(t)

—(t—6,).

—(t—1062). () Letusnow delay the beginning of emission%f by an offset
6 and compute the delay at time- 6 (with the assumption that
If 6o > 0, Co > C4, since during §, 6-] server 1 is back- S emits at rate”; during [t, ¢ + 6]). Equation (3) gives
logged and, thus, emits at a constant r@teand no backlog
As . (E+6+di(t+6))

appears at server 2. As a consequentg: (¢ + di(t)) = D(t+66.+8) =
As, ;. (8) = C162. C
If 6, < 0,5, may emit some traffic duringg}, 0] as long as n As, . ((t+6)
its instantaneous emission rate is smaller arLetay ; (62) Cs
be the amount of traffic sent by; during [f2,0]. Note that (B2 +6)+di(t+6))
S1 can emit at least at a constant rdtgthe sum of the mean + Cy
rates of the sources composifig). Indeed, a source constrained —((t+6)—(62+96)).

by a leaky bucket always receives tokens at a ratghe ar-
rival rate of tokens in its token pool) and, thus, can emit bits at Sinced; (t + 6) = di(¢) + 6 (during [t, ¢ + 6], the backlog at
this constant rate without affecting its ability to send later atgerver 1 is increased li, - §), we obtain
rate greater thak. As a consequencels  (t + di(t)) =
As, . (8) +ag, , (62).

Equation (3) may, thus, be rewritten as follows:

D(t+6,6;+6)> D(t63).

The result is thus proved by contradiction. O
Ase (B A consequence of Lemma 4 is that (6) may be an equality for
As, o (t) +ag . (02) + As, ,, ( e 62) the instant of interest (where the maximum delay is achieved):
D(t) = c itis possible to send; (¢) during [0, #] and, v (t — 62) — a1 (¢)
_(t—8,) 8, <0 ) during [#2, 0], since during this period of time, the emission rate
- As. (®) of S; is less thar(C;.
As, (1) = C102 + As, |, (IC—1 - 92) As a consequenceé) is an increasing function ois, ,, () +
= s ag,. (62) (@and also of As;,, )ic(1,23) in the case wheti, < 0.
—(t—6y) ifby>0. (5) Thus, the end-to-end delay is maximized when the sources are

greedy starting at a certain time.

To summarize, the greediness of the sources is mandatory in
any case (backlog at server 2 only or in the two servers with
#, > 0andé, < 0)

Lemma 5: For any tandem m2p network, the maximum
d-to-end delay is achieved when the sources are greedy with
different starting times.

Equations (5) and (7) can be rewritten using Lemma 5

d) Greediness:Consider the casef > 0. The
end-to-end delayD is a function of the cumulative rate
functions A, ; and A, , . These cumulative rate functions
are upper bounded by the corresponding arrival curveg,
Vi € {1,2},Vt > 0,4s,..(t) < «i(t). SinceD is an in-
creasing function of As, . )ic(1,23, D is maximized when the
sources are greedy. We can conclude that, whe» 0, the

maximum e_nd-to-end de_lay_ is achieved for sources that are a1 (f— ) + s (aé(t) _ 92)
greedy starting at a certain time. D(t) = !
Whené, < 0, we have that &
—(t—0y) if6:<0 @)
Ay (8) + ag,,, (62) < au (t — 0) (®) c1(t) = Cr -0z + az (%42 — 0,)
sincesS; is constrained byy; and the considered time interval —(t—6) if6>0. (8)
has a duration — 8. The right-hand side and left-hand side of
(6) are not necessarily equal since durifig, P], S; must have e) Delay Function StudyWe consider sources with

an instantaneous emission rate less or equal haiWe make piecewise linear concave arrival curvds, as defined in (8),
use of the following lemma to prove that (6) is an equality. is thus a concave function since concavity is preserved by

Lemma 4: The maximum end-to-end delay is achieved at summation and composition. It has a bell-shaped curve, which
time instant such that aftet, S i, is not able to emit at a rate starts from zero at timé = 0 and goes back to zero at time
greater tharC;. t = T, whereT is the duration of the network backlog. There

Proof: Let us prove the result by contradiction. Suppose, thus, only one local maximum. For the remaining of this

that the maximum end-to-end delay is achieved for a bit sentsaction, we assume thét > 0. A similar study (though not
time ¢t and suppose that, after timgsS is still able to send at a obvious) could be carried out fép < 0.
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f) Synchronization:We want to study the influence 5. In the interval D, ¢1 10x + d1 max], the output rate of server 1 is
To do so, we consider the derivative functiohD/(d6s))(¢t). C (backlog period). Thus, (10) and (11) become
Equation (8) (’ stands for the derivative gf) gives

dAo(t
dD (02 — R) — 0/2 (aé_(t) — 92) % >CQ - Cl fort e [927 t1 max + dl max] (12)
% t) = 02 if 92 > 0 (9) dAQ(t)

at <02 - C(1 for¢ > tl max T dl max- (13)

D is maximized forfz = 63 max andt = t,.x. We study, for

t set t0tnay, the influence ofty. Sincedy > 0, C2 = C1. For the previous conditions to hold, a necessary condition is
Also, since .the bit that experiences the maximum end-to-ep > ;. We also know that a necessary condition to generate
delay experiences some delay in the two serv@ssnust start g, s thatS, is greedy. Lets max = max (t|(daz(t)/dt) >
emlttlng no later than at the arrival time of the reference bit |@’2 — Cl) A necessary and sufficient condition for the bit ar-
the second server, i.e., at tiMig,ax = (a1(tmax))/C1- D(t)  riving at time ) max + d1 max (@Nd experienced; ,.,) to ex-
has, thus, one maximum i0.[(c1 (fmax))/C1]. The derivative perienceds pax iS thatts max < *1max + dimax (SiNCE then

function can be interpreted as follows: it is all benefit to triggey, = ¢, ... + di ax — t2max). We obtain the following the-
S5 sooner than a givefy (say at time?, —96) if the value ofey i grem.

greater thai, — Cy After (a1 (fmax)/C1) — 6; (arrival time of  Theorem 8:In a tandem m2p network, sources can be syn-
the reference bit at server 2, which is backlogged from #9)¢  chronized so as to generate an end-to-end delay equal to the sum
that is if the amount of work done by server 28 -6, 6], i.€.,  of the local maximum delays if and only if
Cs-6,isless than whaf, andS; can produce during the interval
[92 max ~ 6a 92 max]r i.e., C(1 -6 + o 231 tmax C(1 - 92 5. ’ .
g) Conclusion: We usually é(()(no(t knozlc thc)e conZiitions Cy < €y andty max + %lx) 2 b2 max, With:
leading to the maximum end-to-end delay (whether the refer- J ¢ . (ﬂdad;t(t) > 01) (14)
ence bit experiences some delay in the two servers or in the doun (1)
second server only). For the two server cases, it is possible to | f2max = max (ﬂ% > (Ca — 01)) :
derive the value of; (see [16]). However, the analysis does not

scale easily to larger networks. A bounding approach is, thus, Lower Bound: Let us now assume that the conditions of

necessary for larger networks. A first step toward this objecti\/ﬁ]eorem 8 are not fulfilled. i.et + (cu(f max)/Cy) =
is the introduction of the concept afiditivity. : where » el max T e Y=
2 max

h) Delay Additivity: We say that the delay in a tandem
m2p network is additive if the maximum end-to-end delay, .

is equal to the sum of the local maximum delas, ... Note t1 e = INAX <t| a1 (t) > q) (15)
that it is not the case in general. Indeeddjf,.x is the max- dt

imum delay at servei for the trajectory leading to the max- (v1ous + @2) (2)

imum end-to-end delay, we have:, d; . < d¥, .. and, thus, f2max =max <t| dat > 02> - (19
Dmax S ZZ dﬁnax'

i) Additivity Conditions: Let us first remark that the only Note that the definitions ofy .. given in (14) and (16) are

chance for the end-to-end delay to be equal to the sum of I(1:1(?uivalent since in (14}, is the rate of the greedy source seen

maximum local delays is that the bit that experiences the M&¥ the output of server 1. The key idea is to build a trajectory of

imum delay in server 1 also experiences the maximum delay N \where the burst leading @, ... is delayed in such a way
server 2. . Com ; .
that the reference bit (experiencidg,,, ... ) exits server 1 at time

We adopt.the fOI.|OW"_19 conventions. ] ~ tamax (we stillassume thai, is greedy during@, £2 max]). This
1) ¢ = O/is the time instant corresponding to the beginningajectory is defined as follows:

of the activity period at the first server. 1) S, is silent during { iy , L
2) t1max is the arrival time of the reference bit that expe- 2) Sl i< areedv durin Qt“blax _1;1% 2ilatx , ; ~

riences the maximum delay in the first servar (.. = dl g y 9% max 1 max 1 max> £2 max

max(#|(das, ()/df) > C1)). . | | |
3) t1max+d1(t1 max) = t1 max+d1 max IS the arrival time of We still have to define the trajectory of5; during

the bit at the second servef; (,ax is the maximum delay [0, #2max — dimax — 1max]. We assume that it is maximal,
at server 1d; max = (1 (t1 max)/C1) — t1 max)- i.e., thatS; produces as much traffic as possible, under the con-

Let A> be the cumulative rate function 6% and#, its instant straint that it remains able to generate a burst leading Q.

of beginning of emission. Since the maximum delay at serve?‘f 21t max b max — fLmax. 5118, thus, able to generate
must be achieved at timg . + di max, the following condi- 25 Many bits as the greedy source duritg]imax — d2maxl,
tions must hold: i.e., A1out(t2 max — d1max). If the sources were greedy and

synchronous, the second server would receivg,: (2 max)

d(oue + A2) (1) in [0,t2max]- Thus, one “looses” (as compared with the
P >Cy for t € [02, t1 max + d1max] (10) strictly synchronous case) the differen@ebetween these two
d (alout =+ AQ) (t) quantities; that IQ = (lout (tQmax) — (lout (t2 max — dl max)-

7 <Cfort > timax + dimax-  (11)  Thus, the bit ofS; that experiencesd; mayx in the first server
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experiencesdls ... — (@/C5) in the second server. The end to bits
end delay of this bit is, thus

Qlout (t2 max) —(Xlout (t2 max dl max)
D= dl max T d2 max .

Co
17)
Sinceay.y: IS given by Lemma 1, we can easily compube
We have, thus, obtained a lower bound for the end-to-end delay
sinceD corresponds to a trajectory of the systendlis close to

Second

the sum of the local maximum delays, this would prove that the part
sum of maximum local delays provides a good approximation
of the end-to-end delay. We further investigate this approach in
the next section to obtain a bound on the end-to-end delay for
m2p networks of arbitrary sizes.
t T S time
1 max M/p

VI. GENERAL MULTIPOINT-TO-POINT NETWORKS , o
Fig. 8. S, initial trajectory.
Inthe previous section, we proved that a tandem m2p network
is additive if and only ift2 max < #1max + dimax. We also  the difficulty of the construction of the trajectory. Therefore, we
characterized the corresponding additive trajectSiyandS> first present the three-server case.
greedy respectively from time# = 0 andfy = t1max + 1) Three-Server Case:
d1 max—t2 max- IN the following, we call additive bound, the sum  a) Lower Bound: First, consider a two-stage network. If
of the local maximum delays along the route of an m2p networikis nonadditive, this means intuitively that the burst leading to
We generalize the approach of the previous section to the cdsg, .. is not sufficient to obtainl, ..., at server 2 (considering
of p servers in sequence. First, note that any m2p network withe greedy trajectory of the system), since when all the bits from
p servers in sequence can be partitioned in a set of subnetwatkis burst have reached server 2, the local delay on this server is

for which the following property either holds or not. less thanly ..« The idea behind the lower bound approach is to
Property 1: For any two adjacent serveysandj + 1, we delay the burst at server 2 so as to synchronize local maximum
have:t(;11)max < tjmax + &5 max- delays. Obviously, the delay at the second server will necessarily
be less than the delay in the greedy synchronous case.
A. Additive Networks Consider now an m2p network with three servers and three

_ _ . sourcesS;);e(1,...3} (S; entering at nodé). The trajectories of
Consider an m2p network with servers in sequence forthe sources are chosen so as to maximize the amount of bits in
which Property 1 holds. Le(f;);c(1,..,3 be defined as puffer j when the reference bit (the one experiencifg,... at

follows: server 1) arrives.
1) 6, = 0; b) Trajectory of SourcesConsider the greedy trajectory
2) 0j41 = 0 + (tjmax + djmax — tG+1)max) 4 € OFS1(seeFig.8).Itcanbe divided into three parts. The first part
{1,...,p—1]. corresponds to the part of the trajectory necessary to achieve

the local maximum delay; ,,,.x. The second part corresponds
to the time interval necessary for the last bucket of the sources
composingS; to empty. In the last part, all the sources com-

If S; is greedy, starting from time = §,, (note thatf;; >
g;), the bit experiencing; a5 at server 1 experiences yax
at serverj forall j € {1,...,p}. The end-to-end delay of this "~ . X
bit is thus:Dy.x = Zf:l d; max- AN M2p network for which posing5, emit at their mean rate.

Property 1 holds is thus additive. Besides, since the only wayNOW consider the trajectory of, given in Fig. 9.5, is a
for a bit to experienc§f=l 0} max IS 10 EXPENENCEL; 1ax AL multiplex of ny; sources. The traffic descriptor of sourkds

serverj (j € {1,...,p}), it follows that a network that does (k- £ M) (k € {1,...n}). For the greedy trajectory of the
not fulfill Property 1 is not additive. This means that Property $YStéM, the source with indéxemits at its peak ratg, during
is a necessary and sufficient conditions for m2p networks witf: (Mx/px)] and then emits at its mean raf&. Let us define
p servers in sequence to be additive.

s M;,
» T(/\14/ y = max — .
B. Nonadditive Networks PV ke{l,.,ns } \ Pk

In this section, we generalize the lower bound approach initi-
ated in the tandem network case. We then use this lower bo /o) corresponds to the beginning of the third part defined in
to test the accuracy of the additive bound in the case of ndrig. 8. The modified trajectory is built by changing the begin-
additive networks. A straightforward generalization would hideing of emission of the sources composffigas follows:
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Fig. 10. Synchronization of sources.

Fig. 9. S, modified trajectory.

TABLE |

SOURCESDESCRIPTORS

S
T S ¢ T S time
M/p 1 max M/p ' 3 max fme

1) if (Mk /pk) < 1 max thenSy: Peak rate p | Mean rate M | Burstiness M
; ; ; S 10 0.1 10
a) emits at its mean rate during, T(Alﬂp) —t max} , 00 1 150
b) becomes greedy far > 17, /p) — Flmax (this is 1000 10 1000
possible since its bucket is still full at this time).
2) if (My/pr) 2 1 max, thenSi: modified trajectory, in an interval of lengttiy,  \ — 173,

a) emits at its mean rate

[07 Tg\}/p) - (Mk/pk)},

b) becomes greedy faor> T(f\;/p) — My/pr. _
o : . d) Result for Delay:The lower bound on the max-
The modified trajectory has two parts (see Fig. 9). imum end-to-end delay is obtained as the end-to-end delay
1) A first part where some sources emit at their peak ragg the reference bit in the modified trajectory. Since all the
whereas others emit at their mean rates. This part Cor&gyrces are leaky bucket constrained, the initial and modified
sponds to the second part of the initial greedy trajectofiajectories correspond to piecewise linear curves. Compu-
with a slight modification: if a source emits atits peak ratgation of the intrinsic parameters as well as the delay of the
during7; and then at its mean rate duringin the initial  reference bit is, thus, straightforward from the algorithmic
trajectory, then, in the modified trajectory, it first emits apoint of view.
its mean rate during, and then at its peak rate during 2) Numerical Results\We want to estimate the accuracy of
Due to this inversion between andr2, we term this part the additive bound in a nonadditive m2p network by using the
the “inverted part” of the modified trajectory. lower bound presented above. Accuracy means here the relative
2) A second part, strictly equivalent to the first one in thgjfference between the additive bound and this lower bound.
initial trajectory. We consider m2p networks with = {4,5,8,10} servers in
Note that, as with the initial trajectory, the last bucket emptiesquence. For each server, we draw the number of sources en-
attimet = Tﬁ’\‘f . A modified trajectory is built forS; andS;  tering at this stage in a uniform fashion in the $ét...,5}.
using the same method. We now set the synchronization paramaracteristics of the sources are also randomly chosen from
eters. Table | using a uniform law. We have to set the capacities of
¢) Synchronization of Sourced/ith the modified trajec- the servers. A necessary condition for a network to be additive
tory described above fd¥,, the last bit of the burst (referenceis that the rates of the servers increases (from the leaves to the
bit) experiences a delaj; ... at the first serverS, is triggered root). Conversely, if capacities decrease, the network is nonad-
so that the end of its burst corresponds to the arrival of the reféitive (sufficient but not necessary). We set the service rate of
ence bit. This bit will then experienek < ds .ax in the second all servers to be equal to the sum of the mean rates of all the
server. Sincea priori, Tg\lﬁp) # T(f@/p), the previous synchro- sources times = 1.01 (v is used to ensure stability). This sum
nization method leads one of the sources to start emitting befoepresents the minimum capacity of the last server. Doing so, the
the other. Assume thaf, starts emitting before;. To maxi- most important part of the end-to-end delay is concentrated on
mize the number of bits backlogged at server 2 at the time whéehe last server of the network. To obtain significant results, we
the reference bit arrives, it is possible to modify the trajectory eglculate the relative range, defined as the difference between
S1 such that it emits at its mean rate before the beginning of thhe lower bound and the additive bound divided by the additive

duringThis trajectory ofS; is valid with respect to its leaky bucket
constraint. The same method is applied to synchrofiizeas
shown in Fig. 10.
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5 TABLE I
10 nodes T A AVERAGE RELATIVE RANGES (IN%) WITH NETWORKS OFDIFFERENTSZES
) e— = - wwwiiu S S TR N
P e Size=3 | Size=5 | Size=10 | Size=15 | Size=20
------------------------------------ a=11 0.72 1.29 2.03 2.89 3.87
§ A Lot riodes a=15] 197 336 5.67 842 | 1123
2 I R A A N T S— a a=20| 19| 313 5.06 764 | 10.18
FJR IS S R O = 7 oo
g T PSS, case. Indeed, the method used to build the trajectory leading to
= % N the lower bound is based only on the set of intrinsic parameters
// (tj max, dj max)- It do€s not rely on any assumption concerning
90 | ] the additivity of the network. It may thus be applied to the case
of well-formed m2p networks.
2 1) Results: The method used to generate a well-formed net-
#1 #2 #3 #4 #5 #6 #7 #8 #9 #10 . .
Steps of the aigorithm work is the following.

1) For each server, the number of sources (between 1 and 5)
entering at this node and their characteristics are drawn

s . . from Table | using uniforms laws.
bound, for this initial system, i.e., a particular random genera- . .
Y P g 2) The service rate of servgris then set to the sum of the

tion of the sources descriptors and capacities of servers. We then . .
: . mean rates of the sources served by this server times a
change the input server of some of the sources. The following - :
coefficienta. o can take one of the three following values

algorithm is applied: {1.1,1.5,2.0}, which, for each set of sources, leads to
o ) _ three different networks.
Step 1: the initial network is built We present in Table Il the numerical results obtained for net-
Step 2-9: each source is “moved” from node works of various sizes (from 3 to 20 servers). For each network
j to node j—1 with probability 0.1. size, 10000 networks are drawn. The performance parameter
computed for each network is the relative range between the
Applying this algorithm, the m2p network heuristicallylower bound and the additive bound.
“worsens” and, thus, the relative range should increase. 2) Discussion: The results in Table Il strongly confirm our
The results, presented in Fig. 11, are obtained for 10 000 sgtaim: the additive bound represents an accurate approximation
cessive random generations of networks. Fraxis is indexed Of the end-to-end delay. These results are also interesting since
following the steps of the algorithm. For each step of the algte way well-formed m2p networks are built here is close to a
rithm and for each network size, we compute the mean relatk&2! dimensioning process. Indeed:;" is the rate of the server
range. divided by the sum of the average rates of the sources it serves. It
a) Discussion: For nonadditive m2p networks, we havdhus represents the average activity rate of the servers and tuning
proposed an upper bound on the end-to-end delay, the adiftivity rates atagivgn value isacommgn way to dimen.sion net-
tive bound and a heuristically obtained lower bound. The ma%©rks. Compared with the results obtained in the previous sec-
imum, exact, end-to-end delay over all possible trajectoriesrt'ﬂ”' the relative ranges obtained here are significantly smaller:

the system lies between these two bounds and gives full meariiginstance, for a network with ten servers, the relative range

for considering the relative range as a performance parameféfs close to 50% whereas, here, itis close to 5%. This is due to

The obtained resuits confirm the good accuracy of the addititef Method used to setthe serverrates in each case. In the case of
bound. The mean relative ranges remain reasonable evensl%\‘:tly nonadditive m2p networks, all the servers had the same

large size of networks. The maximum error, not presented h I;:énacity, which lead to a strictly nonadditive network, whereas

is no more than 67%. It thus remains within the same order of <’ the rates increase frpm one server to another, which _is a
magnitude, which clearly indicates that the additive bound ig g oessary (though not sufficient) condition to obtain an additive

valid approximation of the end-to-end delay. network.

Fig. 11. Accuracy of the additive bound.

C. Well-Formed M2P Networks VIl. A DMISSION CONTROL ALGORITHM

Our expectation is that the additive bound always representdn this section, we derive an admission control algorithm
an accurate upper bound on the maximum end-to-end de|ayl$@,sed on the additive bound presented in the previous section.
m2p networks. Proving such a statement requires an exhaus¥(@ Propose two versions of the algorithm, a centralized and a
study, which is not possible. We restrict our study to a specifiistributed version.
class of m2p networks, that we term well-formed m2p networks. . .

A well-formed m2p network is an m2p network where the foIA Centralized Algorithm

lowing rule applies: capacities of the servers increase from theConsider first a single FIFO server andeaky bucket con-
leaves to the root of the tree. We extend here the previous s#rained sources. The maximum delay is obtained when all the
sults to the case of well-formed m2p networks witlservers sources are greedy and strictly synchronous. An arrival curve
in sequence, using the same lower bound as in the nonadditiehe aggregated source is the sum of the arrival curves of all
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the sources. Since summation is a commutative operation, #eng the path of; and(A;);cy, ., the variations of the local
maximum delay does not depend on the order in which souregeaximum delays induced by, 4, at the servers af,, ;. The
are introduced in the network. Thus, from the admission contraiimission algorithm must check whether the admission of the
algorithm point of view, the answer to the admission requesew source violates the QoS requirements of the other sources,
of a new source in a single-server network witlestablished which can be expressed through the following system of equa-
sessions is equivalent to the answer to the request of thd  tions:
sources simultaneously. .
Consider now an m2p network. With an admission control al- 6z > ApVie{l,...,n} (18)
gorithm based on the additive bound, the admission of a new ses- S
sion requires to compute the local maximum delay at each seryer .
9 P . yat |\50{ each sourcé;, ¢ € {1,...,n}, I, N I,41 is the set of
along the path of the session up to the root server. Since the roo . ! .
L servers wheres; and S, 1 meet. This set is never empty: it
server belongs to the path of all sources, admitting a new source, , . . s
i . . . ) contains at least the root server. The problem with the distributed
with » sessions already set-up, is equivalent to admit these

sources simultaneously. We make use of this property to sirar‘1Igorlthm 'S that checking (18) can be made only at the root

. . . . server, since this is only at this server that all the local delay

I;')'f;’c;ilhe presentatlon.of the gentrallzed algor_lthm. Th.e. prObIe%riations(Aj)jC 1,.., are known. The final admission decision
VE IS the _fol_lowmg.. Givem SOurces with specnflc QoS is thus made at this last step. Therefore, we have two options.

requirements, is it possible to admit thesesources simulta- 1) Ifwe wantto limit the amount of messages exchanged be-
neously?” The algorithm has two phases: 1) computation of the tween servers, safety margins should i?e stored ingt]he root
additive bounds along each path of the network; and 2) checking server onl Tﬁen toycheci (18), the root server needs to
the nonviolation of the QoS constraint of each session. have a Cor{;plete I,<nowledge of the network topology and

D Com.p.utmg the Additive Boundso far, th(_a computation of the path of each session. This is possible only for small
of the additive bound as been presented only in the case of m2p networks and a small number of sources. Another draw-
networks with servers in sequence. Generalization to a tree m2 back of this method is that QoS violatioﬁs are detected
networks relies on the following observation: the flow seen at at the last possible moment. For instance, if at the input
the output of a given subtree of a given m2p network is mul- server ofS,, ., the delay variatiom is grea’ter than the
tileaky bucket cqnstrained (see Lemma 2 and 3). As a conse- safety marrgirnS’ of a source served by this server, the ad-
quence, 1) maximum local delays are obtained when a!l the mission algorithm could have been aborted at this step of
sources are greedy and synchronous; and 2) computation of the procedure.
thesg delays can be made starting from the leave servers ang) On the opposite, if we impose that a server only has a local
moving to the root server. ) ) vision of the network, then, once a source is accepted, the

2) Checking the QoS Constrainfbnce the maximum local following operations must be performed:
delays are obtained, we can compute the additive bound along a) the safety margid must be distributed among all
each path of the network. We assume that the centralized algo- the servers of the path of this source;
rithm has a complete knowledge of the network topology and of b) if a safety margin is modified becau’se of a new
the input server of each source (which is equivalent to know its source has been accepted, it must be transmitted to
path in the network). We must thus compare, for each session, ’

h ired end-t d del d the additive bound al " the next server since the two sources now share the
€ required end-to-end delay and the additive bound along Its same path and, thus, the new source will change this
path to accept or reject the new session request.

safety margin on every server until the root server

is reached,

B. Distributed Algorithm c) if a source is accepted, one must ensure that all
safety margins are correctly updated.

When eXeCUted, with sources already accepted, the admis- We now present an a|gorithm that does not re|y on the as-
sion control algorithm must process the request from a n&ymption that the root server has a complete knowledge of the
source. Let(5;)ieq1,..»} be these already accepted sourcegetwork topology and of the routes of the sources. We describe
(Di)iequ,...,ny their delay requirements af@s™); 1y, the  the data structures used at each server and provide a skeleton of
effective delays, i.e., the additive bounds along the path of th& two phases of the algorithm: in the first phase, local delay

sources. variations are computed and QoS violations are checked. In the
Since (Si)icq1,...ny have already been acceptedsecond phase, called the termination phase, the decision to admit

D; < D$™(Vi € {1,...,n}). The quantitiess; = DT —  or reject the new source is made.

D;(i € {1,...,n}) represent safety margins for the sources. 1) Data Structures:Each server stores a table with, for each

The admission of a new sourég, 1 requires to recompute source that it serves, an identifier and its safety margin. Each
local delays for all servers along the path%f, 1, but not on server must also store the arrival curve of the input flow at each
all the servers in the network. As explained before, this operaf-its interfaces (when a new source arrives, only one arrival
tion can be made sequentially starting from the input server aifrve is modified). An arrival curve is stored as a list of points
Sp+1 and moving down to the root server. To limit the amount afince with leaky bucket constrained sources and FIFO servers,
computation, each server stores the arrival curve of the flow semmival curves are piecewise concave linear functions. The max-
at each of its inputs. Lef; be the set of indices of the serversmum local delayd,,,,,. must also be stored.
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2) First Step: Admitting a New SourceThis step of the al- 2. Receipt of a
gorithm is initiated by the input server of the new source argkrvers from

Rejection Message . Only
I,+1 may receive this mes-

is propagated sequentially until the root server is reached. Isgsige. They have to:

D be the sum of the maximum local delays between the inputa) release the temporary structures
server of the new source and the current serfebecomes (safety margin values, arrival curve and
equal to the additive bound when the current server is the ronaximum local delay);

server.

Algorithm at server J(j € Iny1)

1. Upon receipt of a new session request:
computation of the new arrival curve of
the input flow.

2. Safety margins are (temporarily) up-
dated using the list of modified safety
margins received from the previous server.
They become effective only if the request
is accepted.

3. Computation of the new value of the
maximum local delay dmax, Which gives
the variation A, and the new value of
D, ie., D+ dyax.

4. If |
(the source is locally accepted)

(a) if (server j == root server) then:

i. A Confirmation of Acceptance Message

is sent to the previous server in the path

of S,41 with the new values of the safety
margins of the sources arriving at this

interface.

ii. Updating Messages are sent on the
other interfaces with the final value of

the safety margins (which are known only

at this stage).

(b) else:

i. Storage of the new (temporary) value

of the safety margins: Vi,j € 1,0, =6 — Ay
ii. Transmission to the next server in

L.+ Of:
A. the set  (&)jer;
B. the new value of D;

C. the arrival curve at the output.
5. Else: a  Rejection Message
the previous server in Liq.

is sent to

(min;j;jcp, & > A;) and (D < Dy,qq)] then:

(b) forward this message to the previous

server in Loy

3. Receipt of an Updating Message . Only
servers that do not belong to L,41 may re-
ceive this message. The server must:

(a) update its current safety margins

with the received values;

(b) forward this message with the cor-
responding safety margins on each of its

ingress links.

4) Session TerminationThe admission control algorithm is
also executed at each session termination. The local delays for
the servers of the path of this session must be updated as well as
the safety margins of the sources. The procedures involved are
similar to the ones used for acceptance.

5) Discussion: To ensure the correctness of the algorithm,
two admission procedures cannot be made simultaneously. They
must be sequentialized. If the two admission procedures are ini-
tiated on two disjoint paths in the tree network, the root server
will have to choose which source is treated first. This will obvi-
ously have an impact on the other source since the source that
is treated first is more likely to be accepted than the second
one. Note, however, that the admission procedure for the second
source does not have to be reinitiated. For the case where the two
admission procedures are initiated on the same path, the firstone
that reaches the first server that the two sources share, gains pri-
ority over the other one. This means that the second procedure
is delayed until the decision for the first source is made. Note,
finally, that the algorithm converges as long as no message is
lost. A reliable communication channel, such as a permanent
TCP connection, may be used to ensure that no messages are
lost between adjacent servers.

C. Example

We further illustrate the distributed admission control
algorithm presented above for the case of the m2p network of
Fig. 12. For this figure as well as Figs. 13 and 14, we adopt the

3) Second Step: Updatesthis phase is initiated by the root fllowing conventio_ns. _ _
server or by the server where a QoS violation is detected. Therel) Each source is constrained by a single leaky bucket.

are three cases:

1. Receipt of a Confirmation of Acceptance
Message. Only servers from I.+1 may re-
ceive this message. The server must:

(a) update the safety margins with the
received values (including Spt1);

(b) forward this message to the previous
server in Lota;

(c) send Updating Messages on the other
ingress links with the corresponding

safety margins values.

2) S, is the source entering the network at seryeD; its
required end-to-end delay adgits safety margin.

3) For each server; max is the current maximum local
delay at a given step of the algorithm ad(d, . the new
value of the maximum local delay; is the maximum
local delay variation, i.eA; = dg max — @5 max-

4) Procedures used at each server are represented with
squares linked to servers in Figs. 13 and 14. Expressions
like “D = d} < D,?" correspond to tests performed by
the server. We suppose that all the tests succeed, which
allows to study the acceptance of a new source.

5) Arrows between squares correspond to data exchanges.
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(ds, (9s))

(de, (37,48))

(d7, (57))

dy =0
() ()i _ e
S1, Dy / S1, Dy
7 (d3,(84,95, 87, 6s))
5
(ds, () (da, (4))
/
Sg, Ds S4,Da S5, Ds S0 D4
Fig. 12. m2p network with eight servers. Fig. 14. Second step: updating phase.

Fig. 15. Reference configuration for estimating the complexity.

1) The index of the interface whereenters at each server
is denoted as (0).

2) For each servef, we define a pair;, k;), wheren; is
the number of sources entering at servby an interface
other than (0) and; is the number of servers belonging

i 3 — dy itive Boun .
o I [ Lo e Computation to the paths of these sources (each server is counted only
D=d, <D? D=D+d; <D:? =D+dy <Dh?
— 5 = 05 — A > 07 s = 0y — Az > 07 Checking of potential QoS once)' i . .

| ’ [ \ j?‘j"ﬁ“igi vilations 3) N =3%_, n;isthe total number of active sources in the

St A S o . .

Pmfom ey network andk = 3°'_, k; is the total number of active

servers.

Fig. 13. First step: bound determination.

. 1) Phase 1: Bound Computation:

6) D represents the value of the additive bound along the b) StorageRequiremeng): Each server stores the arrival
con5|dere(_1_path at the consider server. It becomes eq&'ﬁ\lve for the incoming flow and the safety margins of each
to the additive bound at the root server. source that it serves. An arrival curve is stored as a list of points.

We assume that sourc8s, S;, 57, andSy are already set up Considering a single server withinput sources, the number of

and consider the admission 8f. There are two steps in the al-points to store is upper bounded hy+ 1 since each greedy
gorithm. The first one (Fig. 13) corresponds to the computatigdurce adds one point corresponding to the time where its emis-
of the additive bound. It begins at server 1 and moves downdpn rate decreases from its peak rate to its mean rate and the
server 3. At each server, the algorithm tries to detect any Q8&rver adds one point corresponding to the time instant where
violation for the already established sessions as well as for §figlears the backlog. Applied to servgof Fig. 15, we obtain
new source. The second step (o¥¢es accepted—Fig. 14) cor- that the total number of points of the arrival curve for the in-
responds to the updates of the safety margins of all sources.coming flow is upper bounded by the sum of the number of
sources crossing this server and the number of servers that have
D. Complexity already treated these sources. For each point, the total amount
of data to store is constant); The storage capacity required to

To study the complexity of the admission control algorithng ore the arrival curve of the input flow is:
presented above, we evaluate its storage requirement and tthe '

amount of data to transfer. We study successively the two mainl) atserver 1A((ny +p1+ 1 )+ 1 ),

phases of the algorithm, namely “Computation of the bound” s server

and “Updates”. 2) atserver 2A((n1 +1+p1 + 1) + (n2 +p2));
Let us consider a source that traverseg servers (see 3) »

Fig. 15). We adopt the following conventions. 4) at servep, A (Ej:l(nj +ki+1)+ 1)-
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The total amounty; of memory required to store the arrivalof sources is increased by a factor of two, the amount of data
curves can be upper bounded pytimes the amount of datato be transferred increases by a factor of four. This nonlinearity
required at servey. We obtain indicates that the admission algorithm may not scale well. A
detailed analysis of the algorithm indicates that while the first
P phase of the algorithm (bound computation) is computationally
Q1 < pA Z(nj +k+1)+1] <AMp(N+K+p+1). intensive, the lack of scalability is mainly due to the second
j=1 phase (updates). Indeed, this second phase results in a flooding
(19) of the network so as to ensure the exactness of the admission
Thus algorithm. However, we should keep in mind that the concen-
tration of the traffic at the edge servers results from their role
Q1= O(p(N + K +p)). (20) a5 interfaces between backbones of different ISPs. It is not due

As for safety margins, each server stores the safety margins of%l‘he m2_p architecture. The m2p archlt_ecture is used to re(_JIuce
the sources that is serves. Lebe the size of the memory usedne costin terms of number of connections (or LSPs) required

2
to store a safety margin. Then, server 1 has to allocate a mem'i?rg\?ver the network(n) rather tharD(n")).

of size(n; + 1)v, server 2 has to allocafe; + 1+ ny)yand € are now at the point wherg we can p.roylde some guide-
( » ' 1) The total amount), of memor lines for the design of an operational admission control algo-

servgrpé j=1 ”;]+ f'V' . o 2 bound 3; brithm for our traffic management scheme.

requiredto store the safety margins may be upper boundgd by -, If the backbone has a moderate size or, more precisely, if

times the amount of memory required at sepete obtain there is a moderate number of edge routers, then a central-
ized solution is a good option. A dedicated server, con-

b .

nected to all the edge routers via an m2p LSP, acts as an

Q2 < py ;nl +1 [ <yp(N+1). (21) admission control server, the so-called bandwidth broker
= in the DiffServ terminology [17], [18]. The bandwidth

broker must have a complete knowledge of the paths of

Thus each source (and thus the topology of the networks) with
Q; = O(pN). (22) their characteristics and their safety margins. Note that

the bandwidth broker only interacts with edge routers, not

Eventually, we obtain with interior routers (but it must keep track of the changes

in the topology, which can be done through the routing

Q=0Q1+Q=0pN+K +p)). (23) protocol for instance).

* If the backbone is large, a distributed algorithm should be
¢) Amount of Transmitted Daf,: Each server provides used. However, in this case, some additional means must

its neighbors with its output arrival curve and its set of safety ~ Pe used to guarantee the scalability of the traffic manage-
margins. As a consequence, the amalintof data to transfer ment scheme. Note that in the distributed case, not only
is of the same order of magnitude @s edge routers but also all interior routers are engaged in the

2) Phase 2: Updatesin the second phase of the admission ~ @dmission control procedure. A way to ensure scalability
control algorithm (when a new session is accepted), the root could be to minimize the frequency of execution of the ad-
server provides each server with the new values of the safety Mission control algorithm. This may be achieved with an
margins of the sources that it serves. ThereMasafety margins adequate grouping of sessions at the ingress servers. For
and a given server must at most transmit all these safety margins. instance, the set of sources issued by an other ISP with

Since there ard(’ servers, the total amount of data to transfer ~ the same QoS constraint, can be grouped. This could be
X, in the second phase is such that done by the bandwidth broker of a given domain or by the

clients of an ISP who would rent VBR trunks.

Xo=O(KN). (24)
VIII. CONCLUSION AND OUTLOOK

Traffic engineering is getting more and more important with
the emergence of applications with QoS constraints and po-
@, X1 andX, depend on the number of sources, the numbgtpially a highly varying emission rate. Current routing algo-
of servers and the length of the path%fTo provide orders of (ithms do not take QoS constraints into account while ISPs need
magnitude, helping at discussing complexity issues, we use {8ehave more control over the routes followed by packets in

E. Discussion

following assumptions: _ their network. A mixed solution that combines routing and for-
1) the length of the path is equal to the mean length of a patfarding, as proposed by MPLS, is very appealing. In the con-
in a binary tree network, i.ep, ~ log, K, text of MPLS, the m2p architecture is a key architecture. In this

2) the network is dimensioned so that the number of servesaper, we have discussed the fundamental problem of designing
is proportional to the number of sources, if.~~ O(N). a complete traffic management scheme for multimedia applica-
With the two above assumptions, (23) and (24) became- tions and for m2p networks. The first problem is to obtain an
O(Nlog, N) andX; + Xo = O(N?). Thus, when the number accurate upper bound on the end-to-end delay in an m2p archi-
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tecture. A bounding approach is required as demonstrated in thet] L. Tassiulas and L. Georgiadis, “Any work-conserving policy stabilizes

study of a tandem m2p network. Therefore, we introduce the the ring with spatial reuse,” presented at the IEEE Infocom, Toronto,
concept of additivity. A path in an m2p network is additive if its Canada, June 1994.
p lvity. A path | p network TUVE ITITS 121 1. Chlamtac, A. Faragé, and H. Zhang, “A deterministic approach to the

maximum end-to-end delay is equal to the sum of the local max-  end-to-end analysis of packet flows in connection-oriented networks,”

imum delays. We show that there exists a whole class of m2p_ |EEE Trans. Networkingvol. 6, pp. 422-431, Aug. 1998,
ks th dditi For th L f 13] J.-Y. Le Boudec and P. ThiranNetwork Calculus New York:
networks that are additive. For the most intricate case of nonad-"" gy inger-verlag, 2001, vol. LNCS 2050.

ditive networks, we show that the additive bound represents an4] C.-S. Chang, Performance Guarantees in Communication Net-

accurate approximation of the maximum end-to-end delay. works  New York: Springer-Verlag, 2000.
Wi t ¢ dmissi trol al ith b d HS] J.-Y. Le Boudec, “An application of network calculus to guaranteed ser-
€ Next propose two admission control algorithms based o vice networks,”IEEE Trans. Inform. Theorwol. 44, pp. 1087-1096,

the additive bound. The first algorithm is a centralized one,  May 1998.

the second algorithm is a distributed one. We discuss the kdy6l G. Urvoy, G. Hébuterne, and Y. Dallery, “Delay-Constrained VBR
Sources in a Network Environment,” Institut National des Télécommu-

aspects of the two algorithms and especially their complexity  |cations, Tech. Rep. 98-10-04, 1998.
and their scalability. This enables us to provide some guidefi7] S. Blake, D. Black, M. Carlson, E. Davies, and W. W. Z. Wang, “An

lines concerning the design of a complete traffic management Architecture for Differentiated Services,” IETF, RFC 2475, 1998.
. . . . 18] X. Xiao and L. N. Ni, “Internet QoS: A big pictureJEEE Networkpp.
scheme. The choice of a distributed or centralized version de-"" g"1g "\ar/apr. 1999.

pends heavily on the number of routers (edge routers and interior
routers) in the backbone. All in all, it seems that a centralized
version with an admission control server acting as the so-called

bandwidth broker in DiffServ, is an appealing solution. Guillaume Urvoy-Keller received the Engineer Degree from the Institut Na-

Future work should concentrate on practical experimemg”lal des Télécommunications, France, in 1995 and the Ph.D. degree in Com-

; atri : er Science from the University of Paris VI, France, in 1999.
to compare the centralized and distributed versions. AnOtHcéj|t:rom 1999-2000, he was an Assistant Professor at the University of

important research issue is the use of multiple m2p LSPs amoRekailles, France. He is currently an Assistant Professeur at Institut Eurecom,
a pair of ingress/egress routers. This method allows to achiévance. His interests are in the QoS provisioning and traffic engineering for

reliability and load balancing [10]. Our traffic managemerif'® 'ntermet
scheme could be extended to the multiple m2p LSP case with
each m2p LSP representing a given class of service.
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