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Abstract

Many congestion control schemes rely on binary notifications of congestion from the network: on detecting network con-
gestion, they reduce transmission rates; and on receiving a signal indicating no congestion, they increase transmission rates.
For conventional networks with First-In First-OwIFO) scheduling of packets, the effectiveness of such algorithms has been
evaluated with respect to their responsiveness, smoothness, and fairness properties. Recently, it has been argued that it is pos-
sible to design high-speed network routers that can guarantee fair allocation of link capacities and buffers. In networks that
employ such routers, fairness is ensured by the routers, thereby making responsiveness and smoothness the two main criteria
for evaluating and selecting a binary adjustment algorithm.

In this paper, we consider binary adjustment algorithms with four increase policies proposed in the literature: multiplicative
increasel), additive increaseX(), inverse-square-root increas8lj, and inverse increasd), We analyze these algorithms in
fair heterogeneous networks. We find that the multiplicative increase policy, which is considered inappropriate for conventional
networks due to its fairness property, provides superior performance over the other policies in fair networks.

1 Introduction

This paper studies congestion control schemes basdanamy adjustment algorithmthat adjust load on the network in
response to a binary feedback about the congestion status of the network. Numerous congestion control schemes use binary
adjustment algorithms. For instan@& Chit relies on the additive-increase multiplicative-decreas@D) algorithm to adjust
the load in response to an explicit binary feedback: if the feedback indicates congestion, the load is reduced to its fraction;
otherwise, the load is raised by a constant [22]. Binary adjustment algorithms also enjoy wide deployment in the Internet where
most of the traffic is subject to congestion control by Transmission Control Proto€el) (3]: in the slow start mode, the
congestion window of &CP session is approximately doubled during each round-trip time when congestion is not detected,;
in the congestion avoidance modeTafP, the adjustments of the congestion window are similar on the round-trip timescale to
the behavior oAIMD [1, 10].

The design of binary adjustment algorithms for conventional networks — with First-In Firstfr@a@)(link scheduling —
has been motivated by three requirememésponsivenes® congestion notificationssmoothnessf rate adjustments; and
fairnessof resource allocation across flows [11, 12, 16, 29]. For instance, the large load oscillations charactai@titas
led to the development of several adjustment algorithms that provide smoother congestion control for streaming media appli-
cations [27]. To achieve the goal of smoothness, some solutions offer new settings for the parameters pfatjgistment
algorithms [6, 30], while other proposals suggest replacingttre adjustment algorithm for the congestion avoidance mode
by new algorithms such as thaD (inverse-increase additive-decrease) 8Q&RT algorithms [2].

The aim of this paper is to analyze the performance of binary adjustment algoritHeisretworks— networks in which
routers instantiate fair resource allocation mechanisms such as fair link scheduling [5] and fair buffer management [26]. Fair
networks have a number of advantages over traditional networks. For example, while the performance of a traditional net-
work can be disrupted by the flows that do not exercise congestion control [18], fair networks offer protection against these
nonadaptive flows. Furthermore, as long as flows employ some form of congestion control in a fair network (i.e., each flow
decreases or increases its load depending on the congestion status), the network converges towards the fair allocation of its



capacity [9]. The argument against fair networks has traditionally been the complexity, and hence the perceived lack of scala-
bility, of the mechanisms for ensuring fairness in routers. However, recent studies suggest that fair resource allocation can be
implemented in high-speed networks [26]; in fact, a number of manufacturers are currently designing routers with support for
fair link scheduling [20]. Besides, there exist promising approaches to build simpler fair networks where core routers do not
perform per-flow management [25]. We would like to point out that this paper does not argue for ubiquitous deployment of
fair link scheduling or fair buffer management. It aims to establish which adjustment algorithms would be preferable in fair
networks if such networks were to be deployed.

Itis important to note that fair networks are characterized by inherent fairness; hence the design of adjustment algorithms in
a fair network is driven solely by considerations of efficiency of resource utilization (i.e., the responsiveness and smoothness
requirements). In conventional routers witirO link scheduling and Drop-Tail buffer management, on the other hand, the goal
of achieving fairness restricts the choice of adjustment algorithms. For instance, the objettirefdéndliness in traditional
networks [15, 19] couples the increase and decrease policies of an adjustment algorithm (and thus imposes an undesirable
coupling between the speed of capacity acquisition and responsiveness to conges@amyiDnthe parameter setting of the
decrease policy is determined by the parameter setting selected for its increase policy [30]; similarly, the choice of the increase
policy for a binomial algorithm, such a®\D andSQRT, dictates the decrease policy of the algorithm [2]. Congestion control
schemes in fair networks do not need to coordinate their load adjustments policies in order to support fairness; rate adjustment
algorithms can select the increase and decrease policies independently.

In this paper, we evaluate rate adjustment algorithms with respect to their efficiency in a fair network. Our analysis method-
ology has two unique features.

1. Due to the intrinsic fairness of resource allocation in fair networks, we conduct the evaluation of the algorithms in a new
way. We examine the impact of a binary adjustment algorithm on the performance of a particular flow without making
many unrealistic assumptions common for the analysis of traditional networks. Our methodology allows cross traffic to:
(1) have different round-trip times, (2) be bottlenecked at different links, (3) use different adjustment algorithms, and (4)
transmit less data than suggested by congestion control mechanisms.

2. We analyze binary adjustment algorithms in heterogeneous environments, where the capacity available to a flow changes
overtime. Itis known that the efficiency of a binary adjustment algorithm is subject to a fundamental tradeoff between the
smoothness and responsiveness of the algorithm: an algorithm with smoother oscillations of load at a steady state is less
responsive to changing network conditions [4]. Earlier studies of the tradeoff between smoothness and responsiveness
were conducted for relatively static network conditions [4]. Such an approach seems inappropriate since tuning the
parameters of an algorithm for a particular network setting does not ensure good performance of the selected algorithm
in diverse scenarios. For instance, consider the following additive algodthnd multiplicative algorithmd/: algorithm
A adjusts the current load ®yunits; algorithma/ adjusts the current load lW%. When the fair share of load i©0
units, algorithmA is smoother at the fair state than algoritfdth If the fair share of load equald) units, algorithmi/
is smoother at the fair state than algoritiich What is required in reality is an assurance that the examined algorithm
provides acceptable performance for all possible (or important in practice) configurations resulting from the mix of
network technologies as well as from the dynamic nature of network traffic. Our methodology establishes whether
the evaluated algorithm provides an appropriate tradeoff between smoothness and responsiveness in fair heterogeneous
networks.

Using this methodology, we analyze binary adjustment algorithms with four increase policies proposed in the literature:
multiplicative increaseMl), additive increaseA(), inverse-square-root increassl, and inverse increasd)( We find that the
multiplicative increase policy, which is considered inappropriate for conventional networks due to its fairness property, provides
superior performance than the other policies in fair networks.

Before proceeding to the main part of the paper, we would like to point out that adjustments of load in response to a bi-
nary congestion signal are not the only means of congestion control. Even though binary adjustment algorithms are routinely
adopted by congestion control schemes for unicast [23, 30] and multicast [17, 24], adjustment algorithms can be more effec-
tive in congestion control designs with more sophisticated feedback. Examples of such schemes include the equation-based
congestion control for traditional networks [7] or packet-pair protocols for fair networks [13, 14]. Our paper considers only
binary adjustment algorithms. Assessment of non-binary adjustment algorithms and their comparison with binary algorithms
lie beyond the scope of this paper.

The paper is organized as follows. First, we specify our model of fair networks in Section 2. The examined binary adjustment
algorithms are presented in Section 3. Section 4 describes the theoretical foundations of our evaluation. Section 5 contains
definitions and justifications for the chosen metrics of performance. Section 6 outlines our evaluation methodology. Analysis



of the compared policies is provided in Section 7. Section 8 summarizes our conclusions.

2 Network Model

In this paper, we analyze the performance of a particular flow (c#flecexamined flojthat employs a binary algorithm to
adjust itsload in a fair network We model the network as the bottleneck link of this flow (see Figure 1). The netap#dcity
C equals the capacity of this link and is a positive real number. The network is sharefldws. At timet, flow & imposes
load!y (t) on the network, wherg, (t) is a positive real number. Thetal loadon the network at timeé equals:

L(t) = > Ik(t). 1)
k=1
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Figure 1 : The network model.

The network splits its capacity between flows according to the principle of maxmin fairness [8, 11]. A recursive procedure
for computing this fair allocation is given in [21]. The procedure assigtsaughputby (¢) to flow & based on the notion of
fair shares(t) at timet. If the flow demands less than the fair share, its demand is fully satisfied. Otherwise, the flow receives
the fair share:

bio(t) = min{ly(t), s(t)} @)

WhenL(t) < C, all the demands can be satisfied, and the fair share is assumed to be the maximum among the imposed loads.
WhenL(t) > C, only the demands from a proper subs@b of all the flows can be fully satisfied. The other flows split the
remaining capacity equally:

max{l(t)} i L(t) < C,

s() =% 4 S ) 3)
s L) > C
where
p(t) ={k | k() <s)}. 4)
To facilitate efficient congestion control, the network provides flowith binaryfeedbackf; (¢):
=1 fio S50 ®



We examine the performance of a particular flow which adjusts its load in response to the network feedback. For succinctness
of the notation, we omit the subscript when we refer to the characteristics of this#flow:f(¢), andb(t) denote the load,
feedback, and throughput of this flow respectively.

We model time as the number of adjustments performed by the examined flow. Thus, time is integ@rrepresents
the moment when the examined flow imposes its initial [6@) = X on the network; for > 0, ¢ corresponds to theth
adjustment of the load for this flow.

The flow uses the following binary algorithm to adjust its load:

[ a@) i () =0,
l(t+1)—{ d(i(t)) it f(t) =1, ;

wherei andd are an increase policy and decrease policy, respectively. We consider increase policies that always increase the
load:

Vi>0 i(l)>1 7)
and are guaranteed to produce unbounded values if applied repetitively:
Ve, I >0 Fr () >« (8)

wherei™ (1) is the result ofr consecutive applications éto /.
Similar constraints are imposed on decrease policies: a decrease policy always decreases the load to a positive value:

Vi>0 0<d() <l 9)
and is guaranteed to produce a value below any positive number if applied repetitively:
Ve, l >0 Jr d ()<= (10)

whered™ (1) is the result of- consecutive applications afto .

Constraints (7) and (9) implement the principle of negative feedback: when the load of the examined flow is below the fair
share, the adjustment algorithm increases the load; when the load exceeds the fair share, the adjustment algorithm decreases th
load of the examined flow [4]. Constraints (8) and (10) ensure that regardless of the initial load and fair share, the adjustment
algorithm eventually brings the load of the examined flow to the fair share.

Our model does not make any assumptions about how and when the other flows adjust their loads on the network.

The next section presents the binary adjustment algorithms examined in this paper.

3 Binary Adjustment Algorithms

A binary adjustment algorithm consists of two components: an increase policy and a decrease policy. The following increase
and decrease policies have been proposed in the literature.

e Increase policies:
1. Multiplicative IncreasgMI) policy: i,(I) = pl wherep > 1 is a constant. This policy models the behavior of

TCP during its slow start mode [1, 10].

2. Additive Increasé€Al) policy: i, (I) = | + a wherea > 0 is a constant. This policy models the increase behaviors
of AIMD [22], GAIMD [30], andTCP congestion avoidance mode [1, 10].

3. Inverse-Square-root Increagesl) policy: i, (1) = 1 + % wheres > 0 is a constant. This policy represents the
increase behavior &QRT algorithm [2].

4. Inverse Increas@l) policy: i.(I) = [ + 7 wheree > 0 is a constant. This policy is employed b&D algorithm [2].
Note that all these four increase policies satisfy conditions (7) and (8).

e Decrease policies:



1. Multiplicative DecreaséMD) policy: dg(l) = Bl where0 < 8 < 1is a constant. This policy models the decrease
behaviors oAIMD, GAIMD, andTCP.

2. Square-root DecreassD) policy: de (1) =1 — &V1 where¢ > 0 is a constant. This policy is used BQRT algo-
rithm.

3. Additive Decreas€AD) policy: ds (1) =1 — é whered > 0 is a constant. This policy models the decrease behavior
of IIAD algorithm.

Note that neitheAD nor SD satisfies condition (9)ds(l) < 0 forl = g andd¢ () < 0forl = % To address this
problem, one can modif§D andSD policies as follows: if the policy suggests a load that is not a positive value, then the
load is set to some valué& wherel* > 0. However, these new decrease policies do not satisfy condition (10).

SinceMD is the only proposed decrease policy that satisfies both conditions (9) and (10), we consider only binary adjustment
algorithms that uss1D as the decrease policy. Because fair networks eliminate the need for coupling the increase and decrease
policies to achieve the fairness of resource utilization, our objective of comparing the binary adjustment algorithms reduces to
comparison of the increase policies.

The next section provides a theoretical basis for our evaluation of the proposed increase policies.

4 Theoretical Foundations of Our Evaluation

We assess the performance of the examined flow controlled by a binary adjustment algorithm. The other flows in the network
constitute cross traffic for the examined flow and can have diverse round-trip times, be bottlenecked at different links, employ
various forms of congestion control (including, no congestion control at all), and transmit less data than suggested by their
congestion control mechanisms. This is a realistic model of traffic for large heterogeneous networks. The fair allocation of
resources in a fair network protects the examined flow from those flows that respond to congestion on a slower timescale or do
not exercise any form of congestion control. If the examined flow is bottlenecked at a link with cafaaityn flows, then

any binary adjustment algorithm that satisfies conditions (7) through (10) is guaranteed to raise the throughput of the examined
flow in a fair network to%. This nice property holds regardless of the initial load for the examined flow or the behaviors of the
other flows. We prove this property in Lemma 2 below and refer to

g=— (11)
n

as aguaranteed throughput
Lemma 1 In the overloaded network, the fair share is at least the guaranteed throughput:

(L(t) > C) = (s(t) = g). (12)
Lemma 2 The examined flow is assured to reach the guaranteed throughput:

Jt b(t) > g. (13)
Proofs for the lemmata are given in Appendix A. This appendix contains also a proof for the following theorem that shows
why g is an important value:

Theorem 1 g is the maximum throughput that the examined flow is guaranteed to reach.

Since the other flows can be bottlenecked at different links and can transmit at smaller rates than suggested by their conges-
tion control algorithms, the load of some flow can always be below the guaranteed throughput even if this flow employs the
same binary adjustment algorithm as the examined flow. Thus, the fair share in the overloaded fair network can be anywhere
betweery andC'. Due to the lack of assumptions about the behaviors of the other flows, Theorem 1 tells us as much as possible
about either the assured or the expected performance of the examined flow in a fair ngtigtike maximum throughput
that the examined flow is guaranteed to reach. The ability to reach the guaranteed throughput serves as a foundation for our
evaluation of the increase policies. The metrics for our evaluation are defined and justified in the next section.



5 Performance Metrics

We evaluate the increase policies with respect to ttesiponsiveness measured in terms of convergence time — simaoth-
ness- measured in terms of overload.

¢ Convergence time(\) of a policy refers to the amount of time it takes for the policy to increase the load of the examined
flow from A to the guaranteed throughput:
A) = min {¢ 14
u(A) b(rp)lgg{ } (14)
This metric for convergence time can be expressed differently based on the following observation: as long as the through-
put of the examined flow is below the guaranteed throughput, the load of the flow does not exceed the fair share, and the
flow keeps increasing its load. Thus, we can transform (14) into a form which is more suitable for computation:

u() = min {1} (15)

e Overloadv of a policy refers to the maximum relative increase produced by applying the policy to the fair share when
the fair share reaches the guaranteed throughput:

o) o)) 16

Our choice for the overload metric requires two clarifications.

v = max {
s(t)>g

1. A seemingly better alternative is a measure that shows by how much the load of the examined flow exceeds its
throughput after reaching the guaranteed throughput:

e 1O =50
S S TR ¢

Unfortunately, as the following example illustrates, this measure depends on the behaviors of the other flows and is
not suitable for representing the contribution of the evaluated increase policy to overload.

Example 1 Consider a fair network with capacityl and two flows. Let the examined flow employ the additive
increase policy with parameter = 1. Assume that the load of the examined flow after 1) adjustments is

[(t —1) = 10 while the other flow imposes load bat time(t — 1). Because(t—1) = [(t—1) = 10, the examined

flow increases its load at timeto I(¢) = 11. If the other flow raises its load at timeo 6, then the fair share at time

t becomes(t) = 5.5. Since the examined flow exceeds the fair share at#jrte throughpu(t¢) equals the fair
share:b(t) = 5.5. Then, we hav€/(t) — b(t))/b(t) = 100%. According to (17), metrie* is at least100%. Note

that such a high value af* is caused not by the increase policy of the examined flow (the examined flow increases
its load from10 to 11, i.e., by10%) but by the drastic load increase of the other flow. |

We would like to isolate the contribution of the evaluated policy to the overload from the contributions of the other
flows. We believe that our metric (16) achieves this goal: it captures the scenarios when the examined flow has
reached the guaranteed throughput, and the policy increases the load of the flow beyond the fair share.

2. We measure relative overload rather than absolute overload because relative values are more suitable for reflecting
the degree of congestion in a heterogeneous network. In real networks, overload manifests itself as high buffer
occupancies — when binary feedback notifies flows about buffer buildups Sateimive DECbit [21] — and packet
losses. The same absolute loss rat20of bps represents severe congestion f&0aK bps link (the losses amount
to 40% of the link capacity) but can be considered negligible fdr@bps link (0.002% of the link capacity). A
similar observation can be made about overload evaluation in terms of buffer occupancies. Since the size of a link
buffer is recommended to be proportional to the capacity of the link [28], buffer sizes can vary significantly in
the network. In this situation of high heterogeneity, stating the relative buffer occupanc9q&preveals more
information about the congestion status than providing the absolute buffer occupancy¥)(e&@ytes). Due to
these considerations, we report overload in relative units.



6 Evaluation Methodology

Since the capacities of links, the number of flows, and the locations of bottlenecks can vary dramatically in heterogeneous
networks, we assume that the guaranteed {piachot known a priori but lies between some positive valygs, andg,,qz:

gc [gminagmaz]- (18)
We refer to
y=m (19)

as aheterogeneity indeaf the network;y > 1.

We assume that the values gf,;, andg,...., are known (either from gathered statistics on network usage or due to some
form of admission control). We strive to evaluate each policy in terms of its ability to provide an acceptable behavior for every
value ofg that is betwee,,,;, andg,qz-

Since the convergence time of the examined flow depends on its initiahlae choice of the initial load is an important
issue. If the selected were such thak > g,,:,, then the initial load of the examined flow could exceed the fair share in the
scenarios whep < \. We believe that such initial overload is undesirable. Thushould be at most,,,;,. On the other hand,
setting) to a value below,,,;, does not seem appropriate because the convergence from this valugtbetmeery,, ., and
gmaz Would include an additional time interval when the load is increased fraoy.,.;,. Since we assume that the value of
gmin 1S known (from network statistics or due to admission control), we choose the initiahloathe examined flow to be
the minimum guaranteed throughput:

A = Gmin- (20)

As it is shown in [4], the minimization of convergence time and the minimization of overload are conflicting objectives.
Besides, as the following example illustrates, different parameter settings of a policy as well as different values of the guaranteed
throughput produce different tradeoffs between convergence time and overload.

Example 2 Consider an additive increase poliey; with parameter settings = 1. If g,,;n = 4 andg = 10, then convergence
time for A; is 6 adjustments. Further, after reaching the guaranteed throughpgt-ef10, Policy A; increases load td1,
thereby causing an overload ®0%. If ¢ = 20 instead, then4; requires 16 adjustments to reach the guaranteed load and
cause$% overload.

Now consider another additive increase polidy with o = 2. Policy A; is smoother but less responsive than When
g = 10, A, converges frong,,.;,, to g after 3 adjustments but incurs an overload2®%; and wheng = 20, A, converges after
8 adjustments and incurs an overloadl®%. |

To characterize the ability of a policy to provide a satisfactory behavior over the whole range of possible guaranteed through-
puts, we introduce a notion @fasibility of an increase policy with respectiesponsiveness andsmoothness requirements:

Definition 6.1 An increase policy i¢easible with respect taesponsiveness 1 andsmoothness v iff there exists such a single
setting for the parameters of the policy that:

Vg € [gminagmaz] u(gmin) <n AN v<uw (21)
To compare two policies qualitatively, we define a relationfe feasible than” and denote it as>":

Definition 6.2 Policy A is more feasible than policy B iff whenever policyB is feasible with respect to some responsiveness
and smoothness policy A is feasible with respect to the samandv:

ADB = Vn,v>0 (Bisfeasible with respect tpandv) = (A is feasible with respect tg andv). (22)

To assess an increase policy quantitatively, we measure the responsiveness of the policy when this policy provides acceptable
performance in terms of its smoothness. First, we consider such parameter settings of the policy that the overload does not
exceed the smoothness requiremeniVe refer to them as-smooth settings:

Definition 6.3 A parameter setting of a policy issmooth iff:

Vg € [gminvgmaz] v <. (23)



I policy | Ml | Al ISI I |

|a

overloadv p—1 5 o 7=
convergence time()\) [logu %1 [%1 (15) (15)
feasibility conditions y<A+v)T | y<1l+nv (21) (21)

3

v-smooth parameter settingsy up<1+v @ <Vgmin | 0 <vg2, |€< vgtin

guaranteed convergence time [log(l +v) 71 [7—‘11 (24) (24)

Table 1: The performances of increase policies.

Then, in the set of-smooth settings of the policy, we distinguish such a setting that provides the policy with the smallest
maximum convergence time. We refer to this time agtieanteed convergence time of this policy and use it as a quantitative
measure of the policy performance:

Definition 6.4 Theguaranteed convergence time p of an increase policy with respect to smoothness the smallest among
the maximum convergence times of the policy when the parameter setting belongs t§ thiesenooth settings of the policy:

p = min { max {U(gmm)}}- (24)

S Lg€lgmin gmaz

We bound the overload to compare the convergence times (rather than limiting the convergence time to compare the over-
loads) because a specific bound on overload — e.g., the buffer size when overload is measured in terms of the buffer occupancy —
can correspond to a boundary between two qualitatively different modes of network operation — e.g., lossless transmission ver-
sus packet drops. On the other hand, it is difficult to provide specific bounds on convergence times such that exceeding them
results in qualitatively different performances.

Using the described methodology, we compare increase policies in the next section.

7 Analysis

We analyze the four increase policies introduced in Section 3: multiplicative increi@}seadditive increaseA(), inverse-

square-root increasés(), and inverse increasé)( We present our findings as a series of lemmata below. While the proofs for

the lemmata are given in Appendix B, Table 1 summarizes the results of our analysis. For some propstiesidfpolicies,

closed-form expressions could not be obtained, and the table refers to the general definitions (15), (21), and (24) in these cases.
First, we derive the values of overload and convergence time for the considered policies:

Lemma 3 The values of overload for Mi, Al, ISI, andIl policies are(u — 1), %, =, andgi2 respectively.
gz

Lemma 4 The values of convergence timg\) for Ml andAl policies are [logu £ and [%1 respectively.

Having obtained the closed-form expressions for both overload and convergence titharad Al policies, we can derive
feasibility conditions as well as closed-form expressions for guaranteed convergence times of these policies:

Lemma 5 Mi is feasible with respect to responsivengssd smoothnessiff:
y<(1+v)" (25)
Lemma 6 Al is feasible with respect to responsivengssid smoothnessiff:

v < 1+nv. (26)



Lemma 7 The values of guaranteed convergence tinfier Ml andAl policies are[log(pr,,) 7] and ["’Tfl] respectively.

The derived values of guaranteed convergence timedifandAl policies do not depend on the minimum guaranteed through-
putg..i;». The following two lemmata show th&gl andll policies possess the same property:

Lemma 8 The guaranteed convergence timésifpolicy does not depend on the minimum guaranteed throughput
Lemma 9 The guaranteed convergence timelgfolicy does not depend on the minimum guaranteed throughput

The main results of our paper are formulated by the following three theorems:

Theorem 2 MI D Al

Proof:
Al is feasible with respect to responsivengssd smoothness
= {Lemmab6}
y<1l+nv
n
= { binomial series(1 +v)" =1+ nv + > (})v* }
k=2
y<(1+v)"
= {Lemmab5}
M is feasible with respect to responsivengssid smoothness
According to Definition 6.2M1 D Al. |

Theorem 3 Al D ISI.

Proof: Let us denote the convergence time and overloa$iopolicy with parametet asu, andwv, respectively. Then,

considerAl policy with parametet, = \/g"i, and denote its convergence time and overloag,aandv, respectively.

Let us compare the results of applying théSeandAl policies to some; andg, such thaty,,,;n < g1 < go.

iy (gl)
= { Definition ofISI policy }
g1+ =

V91

9min

g
\/gmin g1
{a=7=}

= a =
Imin

Imin
g1+ oy [T
1 9

{ gmin < 91}
g1t
{91<92}
g2+«
= { Definition of Al policy }
ia(g2)-

g1+

IN

IN

Thus,(gmin < 91 < 92) = (is(91) < ial(g2)). By induction V7 i7(gmin) < i%(gmin)- Using (15), we derive:

Ue (gmzn) S Ug (gmzn) (27)



Relying on (27), we obtain:

ISI is feasible with respect to responsivengssd smoothness
{ Definition 6.1}
Jo Vg € [gminagmaz] Uo(gmin) <n AN v, <v

= {Lemma3}
g
Jo v.g € [gminagmaz] uo—(gmin) <n A g—% <v
B g
Jo (Vg € [gminagmaz] Ua(gmm) < 77) A 3 <v
3
Imin
= {@n}
o
Ja = (Vg € [gmin, Gmaz] Ua(gmin) <N) A —— <v
Imin gﬁu'n
N (6]
Ja (Vg € [gminagmaz] ua(gmin) < 77) A <v
Imin
N (6]
Ja vy € [gminagmam] ua(gmin) <n A g <v

{ Lemma 3}
Ja Y9 € [gmin, Imaz] Ua(gmin) <N A Vo <V
=  { Definition 6.1}
Al is feasible with respect to responsivengssd smoothness

According to Definition 6.2Al1 D ISI. |
Theorem 4 1SI D II.

Proof: Let us denote the convergence time and overloal pblicy i. with parametee asu. andv,. respectively. Then,

considersl policy i, with parametet = \/gf_, and denote its convergence time and overloaa,aandv,, respectively.

First, examine the derivative for poligy(g) wheng > gmin + —5—:

Imin

2
' €y € € (92in — €)° + 3eg2,;
Z;(g):<g+_):1——221— . 2: mln2 2m1n>0.
g 9 (gmin + ) (gmm +¢€)

Imin

Therefore;.(g) is an increasing function fay > g,in + —<

Imin

Now, let us compare the results of applying thésand:, policies to some; andgs such thay,,;, + —— < g1 < ga:

Imin —

ic(g1)
{ ic(g) is an increasing function far > gin + —— }

9min
7:6(.92)
= { Definition of Il policy }

IN

Vo2 N 92

{gmin < g2 becaus@,,in + —— < g2 }

Imin —

IN

o
g2+ —

NG

10



= { Definition of ISl policy }
io’(gz)‘

Thus, (gmin + 55— < 91 < g2) = (ie(g1) < is(g2)). Using this and the fact thag (gmin) = ie(gmin) = gmin + 55

we derive by induction thatT i7(gmin) < @7 (gmin). Then, according to (15), we have:
ua(gmin) < ue(gmin)- (28)
Relying on (28), we obtain:

Il is feasible with respect to responsivengssd smoothness
=  { Definition 6.1}
Je Vg € [gminvgmaz] Ue(gmin) <n AN ve<v

= {Lemma3}
€
Jde Vge [gminagmaz] ue(gmin) <n A 9—2 <v
N €
Jde (v.g € [gminagmam] ue(gmin) < 77) A 5 <v
Imin
= {28}
€
Jo = (Vg € [gminagmaz] Ua(gmm) < T]) N — <v
Imin Imin
- g
Jo (Vg € [gminagmaz] 'U'a(gmin) < 7]) A —5 <v
3
— Imin
a g
do Vg € [gminagmaz] ua(gmin) <n A —3 <v
g2

{ Lemma 3}

do Vg € [gminagmam] Uo‘(gmin) <n AN v <V
=  { Definition 6.1}
ISI is feasible with respect to responsivengssd smoothness

According to Definition 6.2ISI D 1. |
Theorems 2, 3, and 4 establish an interesting chain of superiorities in terms of the abilities of the considered policies to
satisfy the smoothness and responsiveness requirements:

MI D Al D ISI DI (29)

i.e., Ml is superior toAl which is superior taSI which is superior tdl. Thus, Ml provides the best performance in fair
heterogeneous networks in comparison to the other examined increase policies.

We assess quantitative advantagesibbverAl, ISI, andlil in terms of the guaranteed convergence times of the compared
policies. According to Lemma 7, the guaranteed convergence timst afid Al policies depend only on the smoothness
requirement and the heterogeneity indexof the network. In particular, the guaranteed convergence times of these policies
do not depend on the minimum guaranteed throughput. Lemmata 8 and 9 show thigl and Il policies share the same
property. Thus, we evaluate the guaranteed convergence times of the four compared policies as functions of the heterogeneity
index (see Figure 2) and smoothness requirement (see Figure 3). Figure 2 shows that the larger heterogeneity index for the
network, the larger advantagé provides in comparison to the other considered policies. Figure 3 showdithahsistently
provides better performance than I1SI, andll policies for all considered smoothness requirements.

8 Summary and Discussion

In this paper, we analyze binary adjustment algorithms in fair heterogeneous networks. We introduce a network model where
routers allocate link capacities among flows according to the principle of maxmin fairness. We evaluate four different increase
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guaranteed convergence time

Figure 2 : The guaranteed convergence times as functions of the heterogeneity index for smoothness requite?3&hit
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Figure 3: The guaranteed convergence times as functions of the smoothness requirement.

(b)y =20

policies proposed in the literature: multiplicative increagé,(additive increaseA(), inverse-square-root increadslj, and
inverse increaselj. Our analysis shows thatl is superior to the other increase policies in fair networks.
There are several salient features of our analysis methodology and the results.

¢ Since fair networks provide flow isolation, the guaranteed throughput of a flow is independent of the behaviors of other
flows. Hence, our analysis methodology considers only the performance of the examined flow. This is fundamentally
different from conventional networks witHFO link scheduling; in such networks, the guaranteed performance of a flow
is affected by the behaviors of other flows.

e We consider a heterogeneous network environment in which the examined flow shares its bottleneck link with other flows
that can have diverse round-trip times, be bottlenecked at different links, employ various forms of congestion control
(including, no congestion control at all), and transmit less data than suggested by their congestion control mechanisms.
Further, the number of flows that share the bottleneck link with the examined flow as well as the bottleneck link capacity
may change over time. This is a realistic model of traffic for large heterogeneous networks. For such networks, it is
essential to evaluate binary adjustment algorithms with respect to their ability to provide acceptable performihnce at
of the possible operating points. Our analysis methodology is founded on this requirement. It is important to note that
this is an important methodological departure from previous work on analyzing adjustment algorithA®G ivetworks;
most of the prior work evaluate the relative performance of these algorithms for a fixed network setting.

e Our analysis shows thatl is superior to the other increase policies in fair networks. This is an interesting finding
because it suggests that the multiplicative-increase multiplicative-deck¢iddig)(algorithm is preferable to the additive-
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increase multiplicative-decreasgifID) algorithm in fair networks. In traditional networka)MD is considered to be

more suitable thamIMD sinceMIMD does not ensure convergence to fairness in such networks under the assumption of
synchronous feedback [4]. Thus, the choice of the network architecture proves to be an important parameter in evaluating
adjustment algorithms.

e Our study can also be used for selecting an adjustment algorithm for a streaming application in a fair network. If

the application needs its overload to be bounded by some smoothness requirerttemt the adjustment algorithm

should employ the multiplicative increase policy with increase coeffigiert 1 + v. The decrease coefficient for

the multiplicative decrease policy could be selected in a similar fashion based on the smoothness requirement of the
application in terms of its underload.
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A Proofs for Section 4

Lemma 1 In the overloaded network, the fair share is at least the guaranteed throughput:

(L) > C) = (s(t) 2 9).

C— > (b
Proof:  According to (3),L(t) > C implies thats(t) = n’“f“’ig()t)l. Using (4), we derives(t) > W and
consequently(t) > £. According to (11)s(t) > g. Thus,(L(t) > C) = (s(t) > g).
|
Lemma 2 The examined flow is assured to reach the guaranteed throughput:
It b(t) > g.
Proof: Let us assume that the lemma statement is falseyi.eh(t) < g. Then, we can derive:
Vi b(t)<g
= {(@)}
Vi min{l(t),s(t)} < g
= {L@>CVLH)<C}
Ve (min{l(t),s(t)} < g A L(t) > C) v (min{l(¢),s(t)} < gANL(t) < C)
= {accordingto (3),s(t) > i(¢t)if L(t) < C}
vVt (min{l(t),s(t)} < gAL(t) > C)V (s(t) > I(t))
= {accordingto Lemma 1s(t) > g if L(t) > C }
vt (I(t) <gAs(t) > g) Vv (st) > ()
=
vt (s(t) > 1(t) vV (s(t) = I(£))
=
vt os(t) > 1(t)
= {06)}
Vit f(t)=0
= {induction on (6)}
vt 1(t) =3t(N)
= {(@)wherez=C,l=Xandr =t}
I I(t)>C
= {accordingto (1),L(t) > I(¢) }
I i(t)>CAL(t)>C
= {Lemmal}
I U(t)>CAs(t)>g
= {accordingto (11)C >g¢ }
It U(t) >gns(t)>g
=
It min{l(t),s(t)} > g
= {©)}
It b(t) > g.
A contradiction. Thus3t b(t) > g. The flow is assured to reach the guaranteed throughput.
|
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Theorem 1 g is the maximum throughput that the examined flow is guaranteed to reach.
Proof: Inthe case of. > 1, the examined flow shares the network with a nonemptyrsef other flows. Consider a scenario
when each of all thesg: — 1) flows always imposes loa&2' on the network. Then, the network is permanently overloaded:

L(t) > C. (30)

Since (3) implies that the fair share does not exc€e@ach flow inm demands more than the fair share. Then, according
to (4):

kem = k¢&pt). (31)
Taking into account (3), (30), (31), and (4), we derive that:

C iU > s(t),
s(t) —{ GO if 1(t) < s(t).

n—1

(32)

. . C—l(t .
According to (32), ifl(t) < s(t), thenl(t) < T(l) and consequently:

I(t) << if 1(t) < s(t). (33)
Then,

b(t)
= {2}
min{l(¢), s(t)}

)
g i i(e)
I(t) if ()
{(33)}
c

IN

n
= {1}
g.

Thus,Vt b(t) < g. The throughput of the examined flow never excegds
In the case when = 1, we havey = C' according to (11). Since the throughput can not exceed the network capacity, the
throughput of the examined flow does not exceed
In both cases, the throughput of the flow does not exgeedccording to Lemma 2, the flow is guaranteed to reach
Thereforeg is the maximum throughput that the flow is guaranteed to reach.
|

B Proofs for Section 7

Lemma 3 The values of overload for Mi, Al, ISI, andll policies areg(u — 1), o T andgi2 respectively.

g2
Proof: The overload foMl policy equals:

v

= {18}
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The overload foAl policy equals:

The overload fofSI policy equals:

The overload fotl policy equals:

iu(s(t)) — s(t)
DER ST
{ Definition of MI policy }

us(t) — s(t)
max {5
e =1}
w—1
{@6)}

ia(s(t)) — s(t)
;(?f‘gg{ "0) J

{ Definition of Al policy }
s(t) + a —s(t) }
s(t)

max {

max {7

g.
{(16)}
i (s(t)) —s(t)
g { s() }
{ Definition ofSI policy }
s(t) + —s(t)
()
il { s(0) }
i { (s(t))3 }
s
{(16)}
ie(s(t)) — s(t)
e )

{ Definition ofII policy }
{s(t) + ?Et) —s(t) }
s(t)

max
s(t)>g
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€
max { }
s(t)>g (S(t))2
€
E.
Thus, the values of overloadfor Ml, Al, ISI, andll policies are(u — 1), % =, andgi2 respectively.
2

g

Lemma 4 The values of convergence timé\) for Ml andAl policies are[logu %] and [%1 respectively.
Proof: ForMi policy, i, ()\) = pA andi?,(A) = p*X. Then,,(X) > gis equivalent td > log, §. Using (15), we derive the
convergence time favil policy: u(\) = [logu %1.

For Al policy, i, (A) = A + a andit (\) = X + at. Then,it (\) > g is equivalent tat > %. Using (15), we derive the
convergence time foXl policy: u(\) = [%1

|
Lemma 5 Ml is feasible with respect to responsivengssd smoothnessiff:
y<(@+w)"

Proof:

Ml is feasible with respect to responsivengssd smoothness
{ Definition 6.1}

E|,LL Vg € [gminagmaz] u(gmm) <n AN v<v

= {Lemma3andLemma}

El/f' vy € [gminagmaz] logu <n A u—-1<v

min

gma.z‘

u  log, <n A p—-1<v

min

1

I (2m) <p<itw

9min

(gmam

Imin

1
)77 <l+v

Imaz < (1-{—1/)77

Imin

{(19)}
y<(@+w)"

Lemma 6 Al is feasible with respect to responsivengssd smoothnessiff:
vy<1+nv.
Proof:

Al is feasible with respect to responsivengssd smoothness
{ Definition 6.1}
da Vg€ [gminagmaz] U(gmin) <n AN v<v
{ Lemma 3 and Lemma ¥
9 — Imin
a

Jda Vg € [gminagmaz] S n AN S v

@R
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S « S Vgmin

_ n

9Imaz — Gmin S VGumin
B n

Imaz S 1 + v

Imin
= {19}

y<1+nv.

Lemma 7 The values of guaranteed convergence tinfier Ml andAl policies are[log(H,,) 71 and [77_11 respectively.

Proof: According to Lemma 3, the overloadif policy isv = u— 1. Then, according to Definition 6.3, the $2bf v-smooth
settings forMI policy consists of such thaty — 1 < v. Thus,u € S iff u < 14 v. Using this, we derive the guaranteed
convergence time favil policy:

P
= {(@4)}
min{ _,max  {ulgmin)}}

= {Lemmad4}

min { max { [lo
S Ug€lgmin gman] Su

o, 2

Imin
{peSiff u<1+v}
Imaz

[log(1+u) -|

Imin
{19}
[log(HV) 7-| .

According to Lemma 3, the overload af policy isv = e Then, according to Definition 6.3, the s¢bf v-smooth settings
for Al policy consists of such that% <wv. Thus,a € S iff a < vgnn. Using this, we derive the guaranteed convergence
time for Al policy:

[})

9min

p
= {@9}

min { v max {u(gmm)}}

S Gmin gmaz
= {Lemma4}

mn{__,mex {50
min { | S in [}

{ae S iff a<vgmin}
{M1

V3min
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- (a9
o

Thus, the values of guaranteed convergence tifioe Ml andAl policies are[log(H,,) 71 and [77_11 respectively.

]
Lemma 8 The guaranteed convergence timeasifpolicy does not depend on the minimum guaranteed throughput

Proof: According to Lemma 3, the overload il policy isv = -%. Then, according to Definition 6.3, the sebf v-smooth
g 2

3
settings foiSI policy consists of such that—— < v. Thus,c € S iff ¢ <wg?,,. Using this, we can rewrite (24) to express
2

Imin
the guaranteed convergence timelfairpolicy:

p = max 5 {u(gmm)} (34)

— 2
= Y9min

g € [gmin,gman]
Consider two networks with the same heterogeneity index. Let the guaranteed throughput in the first network be between
y andz while the guaranteed throughput in the second network be betwseandxz wherez, y,z > 0. According to (34),
the guaranteed convergence timasifpolicy in the first network is provided by poligy with parameter setting; = uy%.
Similarly, the guaranteed convergence timéSdfpolicy in the second network is provided by poligywith parameter setting
oy = vizy)t.
Note thatid(zy) = zy = zi(y). Let us assume tha{ = (zy) = zi{* ™" (y). Then,

i5(zy)
= { policy i2 is thelSI policy with parameter setting. = u(:z;y)% }
3
(t— vixy)?2
iy (ay) + 7(5_‘1)
iy (zy)

{ assumption thaty ) (zy) = zil" Y (y) }
D) + vy

1 -
J(t—
2" (y)

3
(t—1) vy=
x(z1 (y) + 71‘“‘1)(1,))
1

MY

{ policy 7, is thelSI policy with parameter setting; = vy
i1 (y)-

By induction, we havel (zy) = =il (y) for anyt. Thus, policyi; reaches the guaranteed throughpbetweeny,,,;, = y and

9gmaz = 2 iN the first network after exactly the same number of adjustments as the number of adjustments it takes for policy

i3 to reach the guaranteed throughpygtbetweeng,,,;, = xy andg,... = xz in the second network. Thus, the guaranteed
convergence time a8l policy does not depend on the minimum guaranteed throughput

}

|
Lemma 9 The guaranteed convergence timelgfolicy does not depend on the minimum guaranteed throughput
Proof: According to Lemma 3, the overload bfpolicy isv = g%. Then, according to Definition 6.3, the s&bf v-smooth
settings forl policy consists of suchthat -~ < v. Thus,e € S iff € < vg2,,. Using this, we can rewrite (24) to express

the guaranteed convergence timelfgolicy:

p=max {u(gmin)} (35)

_ 2
€ = Vimin

9 € [gmin,9maz]

Consider two networks with the same heterogeneity index. Let the guaranteed throughput in the first network be between
y andz while the guaranteed throughput in the second network be betwseandxz wherez, y,z > 0. According to (35),
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the guaranteed convergence timeaigfolicy in the first network is provided by policyi with parameter settingy = vy?2.
Similarly, the guaranteed convergence timelgfolicy in the second network is provided by poligywith parameter setting

€2 = v(zy)t.

Note thatid(zy) = zy = zi%(y). Let us assume thaf’ ) (zy) = zi" ) (y). Then,

-t
is(zy)

{ policy i, is thell policy with parameter setting = v(zy)? }
(t—1) z/(my)2
iy (@Y)+ 0

’ iff ™ (ay)

{ assumption that) % (zy) = zi{" () }

(t—1) I/(my)2
wiy O (y) + e
' 2l ™ (y)

2
(t—1) vy
o )

{ policy i, is thell policy with parameter setting = vy? }
i1 (y)-

By induction, we havel (zy) = zii (y) for anyt. Thus, policyi; reaches the guaranteed throughpbetweery,,;, = y and

gmaz = 2 in the first network after exactly the same number of adjustments as the number of adjustments it takes for policy
15 to reach the guaranteed throughpygtbetweeng,,,;, = xy andg,... = xz in the second network. Thus, the guaranteed
convergence time df policy does not depend on the minimum guaranteed throughput
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