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Abstract

Traditional Diff-Serv approaches have relied on multiple queues and scheduling mechanisms to
provide traffic classes throughput guarantees at links. In this paper! we describe a framework to provide
throughput guarantees using only a First-In-First-Out (FIFO) queue. We assume that each link can support
K classes of traffic. Each link guarantees each class at least a certain fixed fraction of its capacity. We first
formulate the problem of providing throughput guarantees as a multi-stage convex optimization problem.
We then present a decentralized, scalable solution to this formulation in terms of congestion-controllers
at the sources and adaptation algorithms at the links. A possible implementation at the routers is then
presented followed by packet level simulations. We then study the stability of the proposed scheme in
a general network topology.

[. INTRODUCTION

An explosive growth in business applications using the Internet have resulted in a strong
demand for some notion of reliability or quality of service during periods of congestion. During
periods of congestion or failure, the quality of service of all flows is degraded. As a result, a
strong need for service differentiation in the Internet is felt both by the service providers as
well as the customers. Service differentiation helps to protect certain classes of traffic during
periods of congestion. Protection of these classes can be in terms of assuring maximum delay
guarantees and/or assuring minimum throughput guarantees. For example, a service provider
might want to provide two classes of traffic (Class 1 and Class 2) with Class 1 traffic guaranteed
a minimum throughput during congestion. As a result, the customer can distribute their traffic
among these two classes depending on the priority of the class as well as their budget. For
example, a banking firm might like to ensure that in times of congestion, preference is given to
bank transaction data. So, the bank might label all their transaction data as Class 1 traffic.

Another example which exemplifies the need for service differentiation arises in a situation
of failure. Let us assume there are two classes of traffic in the network (e-commerce traffic and
non-commercial traffic). When a link goes down, the IP routing architecture reroutes the traffic
on that link. This might cause congestion and losses in other parts of the network. It might
be impractical to over-provision the network to account for these failures in the network. As
a result, the network might just want to protect the e-commerce traffic in such scenarios by
guaranteeing a minimum throughput for such classes of traffic during periods of congestion
caused by failure.

To provide quality of service (QoS), the Internet Engineering task Force (IETF) has proposed
the Integrated services (IntServ) model (cf. Braden et al. [4]) and the Differentiated services (Diff-
Serv) model (cf. Bernet et al. [2]. The Intserv model provides per-flow QoS guarantees, but does

1A shorter version of the paper was presented at the Annual Allerton Conference, 2003



not scale well with the number of users. The Diff-Serv model on the other hand provides per-
hop behavior based on aggregates (or classes) at the core routers and hence scales well at the
core routers. Per flow policing and shaping is done at the edge routers.

Assured forwarding for Diff-Serv was first proposed by Clark and Fang in [6] to provide an
“expected capacity” to flows (or classes) specified by the traffic profile. The basic idea was that at
the edges, packets are classified as In if the traffic conforms to the traffic profile negotiated or Out
if the traffic violates the negotiated traffic profile. Within the network, the packets are queued
using a FIFO queuing discipline and during congestion the router preferentially drops the Out
packets. RIO (RED with In and Out) is used at the routers to preferentially drop packets. While
RIO and its variants RIO-C, RIO-DC and WRED preferentially drops Out packets, the throughput
achieved by the In packets cannot be determined or set. A service provider would like to set
a minimum throughput that can be achieved by the In class due to the preferentially marking
scheme. Such a flexibility becomes more important when packets can be classified into more
than two classes.

Schemes have been proposed in recent literature to create preferential treatment of packets in
which packets of different classes are put into different queues. The queues are then serviced
according to some scheduling policy to provide a desired quality of service to that class. For
example, Weighted Fair Queueing algorithm (cf. Clark, et al. [7] and Demers et al. [8]), Priority
Queueing (cf. Jaiswal [13]) Weighted Round Robin (cf. Katevenis et al. [14]) and Class Based
Queuing (cf. Floyd and Jacobson [10]) employs multiple queues at the link and can ensure
that each class receives at least some portion of the bandwidth. However, separate queues for
separate packet types might cause packet reordering leading to performance degradation in TCP
and delay jitter in real time traffic.

Our paper proposes a framework that integrates the virtues of having multiple queues at the
routers with the RIO scheme. We wish to preserve the simplicity of the RIO scheme at the routers
while at the same time ensuring that classes receives at least a certain share of the bandwidth.
The main contributions of the paper are: 1) proposing an analytical framework to study the
problem using convex optimization techniques, 2) designing a class of marking algorithms at
the routers to achieve minimum throughout guarantees, 3) demonstrating the effectiveness of
such algorithms using simulations and 4) studying the stability of such schemes in a general
network setting with round-trip delays.

A. Related Work

Recent advances in Active Queue Management (AQM) schemes have been successful in
providing a low-loss, low-delay service at high utilizations (cf. the adaptive RED scheme by
Floyd [9], the Adaptive Virtual Queue (AVQ) scheme by Kunniyur and Srikant [17], the REM
scheme by Athuraliya and Low [1] and the PI controller by Hollot et al. [12] to name a few).
Schemes like AVQ have demonstrated that a low-loss behavior can be obtained for very small
buffer sizes. As a result, one can bound the maximum delay experienced by any flow. However
the traffic into the link is not differentiated in these schemes and all packets are treated equally.
As a result, one cannot guarantee minimum bounds on throughput for a particular traffic class
using such schemes. It would be desirsable to implement a differentiated services model that
provides minimum throughput guarantees at each link to certain classes while maintaining the
low-delay and low-loss behavior using only a FIFO queue.



In this paper we integrate low-loss, low-delay AQM schemes with the Diff-Serv framework
to provide minimum guaranteed throughputs per class using a FIFO queue. The framework
assumes that each link guarantees at least a fixed fraction of its capacity to its priority classes.
We also assume that the links provide congestion feedback to the sources in the form of ECN
marks? and that all the sources react to congestion notification from the routers (elastic sources).
The structure of the congestion-controllers at the sources can be arbitrary and are modeled using
utility functions as in [15]. We use multiple marking functions at a link to guarantee a minimum
throughput for each traffic class. The use of multiple marking functions per link in the context of
pricing was proposed by Gibbens and Kelly in [11]. Each link has two logical resources with the
higher priority traffic using both the logical resources and the lower priority traffic using only
one logical resource. As a result, more packets of the high priority traffic are marked compared
to the lower priority traffic. This translates into a higher price for the high priority traffic. Due
to the pricing implication and the ability of users to adapt, no relative throughputs for different
traffic classes need to be set. But the total utilization of the link as well as the utilization of
a class is a function of the prices that is set at the link and hence is variable. In this paper we
consider a system in which each class is guaranteed a minimum throughput at each link. We assume that
pricing for each class is already set by the service providers. Due to the minimum throughput
restriction, traffic in a class with a guaranteed minimum throughput cannot receive more marks
than the traffic in non-guaranteed throughput class. One can also adapt this framework to apply
in the context of pricing as in [11]. We also consider a system model that is different from the
system model considered in [11].

Recent work by Chait et al. [5] considers a two-level marking scheme for providing throughput
differentiation. However, the model uses token buckets at edge-routers to guarantee minimum
throughputs and assumes that the core routers are able to deliver the guarantees. As a result,
the edge routers are responsible for setting the parameters of the token buckets and adapting to
changing network load. A similar idea of traffic engineering at the edge routers for traffic classes
in which each class is guaranteed a minimum throughput from edge-to-edge is discussed in [19].
In this paper, we consider a different mode of operation in which the throughput guarantees
are provided at each link by guaranteeing each priority class at least a certain fixed fraction
of the capacity of the link. As a result, rerouting due to core failures and protection of certain
classes at the core due to such failures can be easily handled using the framework presented
in the paper. In addition, the framework can be easily integrated in the AF framework of the
Diff-Serv model.

The rest of the paper is organized as follows. We first describe the system model in Section II
and formulate the problem of providing a low-loss, low-delay service with minimum throughput
guarantees as a convex optimization problem. We then propose a decentralized algorithm to
solve the convex optimization problem in Section II-A and provide a possible implementation
of the algorithm at the routers in Section III. Detailed simulations using the proposed implemen-
tation are presented in Section IV. We then study the stability of such schemes in the presence
of round-trip delays by conducting a local stability analysis in Section V. We conclude with
discussions and future work in Section VL

’The results presented in the paper segue smoothly with some modifications when dropping instead of marking is employed
at the routers.



II. SYSTEM MODEL

Consider a network with a set £ of links and let C; and 7; < 1.0 be the capacity and the desired
utilization respectively of each | € L. By desired utilization, we refer to the ratio of the maximum
arrival rate (that can be supported by the link to guarantee a desired small loss probability) to
the link capacity. We assume that there are K classes of traffic. At each link | € L, class j is
guaranteed at least a fraction n] of the total bandwidth at the link. We assume that the network is
provisioned correctly in the sense that Z;:ll n <~ for all links. Without loss of generality, we
assume that class K has no guaranteed minimum bandwidth at the link and forms the best
effort class of the network.

We associate a route with each flow and hence we use the terms flow and route interchangeably
throughout this paper. Let R be the set of all flows in the network and let R’ be the set of all
flows in the network that belong to class j. Denote by R; the set of all flows that traverse link /.
Denote a flow 7 in class j by f7. Let £J C L be the set of links through which flow fJ traverses.
Let flow f/ generate traffic at rate zJ. Suppose a rate 7 has an utility U/(z?) to flow fJ. Assume
that the utility functions are strictly concave and monotonically increasing functions of x, over
z, > 0 and that U/ (zJ) — oo as 24 — 0 for all fJ. Examples of such utility functions include
log(z) [15] and =* [20], [16].

The objective of the network is to provide Classes 1 to K — 1 the minimum guaranteed
throughput at each link. The network would like to first ensure that the traffic in Classes 1
to K — 1 gets the assured bandwidth before routing the best-effort traffic with no guarantees.
Such a task requires the network to first route the higher class traffic (Classes 1 to K — 1) and
then allocate the remaining bandwidth at each link to best-effort users. The remaining bandwidth
at each link is now a function of the routing matrix of the higher class traffic. The following
example illustrates the model more clearly.

Consider a two link network and two classes of
traffic as shown in Figure 1. We have two flows of , ,

Class 1 (Flow 0 and Flow 1) and two flows of Class I Cistiafc [ — s 20
2 (Flow 2 and Flow 3) as shown in Figure 1. We Flow? Flow3
assume that all flows have a log(z) utility function.
Assume that Class 1 traffic is guaranteed at least
a fraction 7 (say, 0.50) of the capacity at each link.

1 Mops, =05 10Mbps, =05

Flow

v

We can see that Link 1 acts as a bottleneck link for

Flow 0. Even if the entire link 1 capacity of 1 Mbps <‘> Lirk1 # Link2
is given to Flow 0, it will not be able to realize its

guaranteed minimum throughput of 5 Mbps at Link Flow1

2. As a result, the remaining bandwidth at link 2 for
Class 2 flows is a function of the routing matrix of
Class 1 flows and the capacities of the links through
which Class 1 flows traverse.

In addition to ensuring minimum throughput guarantees, the network has to ensure that flows
within the same class are treated fairly. In this paper, we use the utility maximization approach
proposed in [15] as a measure of fairness. Such an approach can be used to approximate many
notions of fairness like max-min fairness, proportional fairness and minimum potential delay
fairness.

Fig. 1. Example illustrating the system model



We decompose the system® objective into two steps: In the first step, the system routes the
higher class traffic (Class 1 to Class K — 1) such that their minimum throughput guarantees are
satisfied. For each Class m, m € {1,--- , K — 1}, the step can be written down as:

AUX-SYSTEM(U™, ™) (1)

max  »  UM(y")

frerm™
subject to Yy <y"Cp VIEL 2)
fmlelm
Y >0 Vit e R™.

The system solves the above convex problem for each high priority class. Note that we have
a < constraint in (2) instead of a > sign. Each class (except the best effort traffic class) solves
problem (1) which is similar to the system problem defined in [15]. For each j € {0, K — 1}, let
9/ solve the above AUX-SYSTEM problem. In the second step, the system tries to allocate the
remaining bandwidth at each link to all the users. This step can be written as:

SYSTEM(U, 7) 3)
K-1
maxy > Ul +g)+ Y UF(a) )
J=1 feri JEeRK
subject to
K-1
(@ +3)+ >, wf <y, Vel (5)
=1 plaec fEdeLK

Since flows in classes 1 to K — 1 have already been allocated a flow rate equal to {7/} (obtained
by solving their respective AUX-SYSTEM problem), their utility functions are modified as shown
in the objective function in (4). Since UX'(zX) — oo as #X — 0, this forces the network to allocate
bandwidth to Class K traffic and prevent starvation of Class K traffic. In other words, the high
marginal utility of Class K flows forces the network to allocate some bandwidth to Class K
flows. The capacity constraint of the system is given in (5). Note that the capacity constraint is
modified to take into account the rates {47} that has been allocated to the higher priority traffic.
The motivation behind such a framework is that once the minimum throughput guarantees are
satisfied, the system objective is to maximize the total utility of all the users subject to capacity
constraints and non-negativity constraints. Note that the non-negativity constraints for flows in
Classes 1 to K —1 are required to prevent the network from reassigning any bandwidth that was
allocated in the AUX-SYSTEM problem. We now show that there exists an unique equilibrium
to the problem that the network tries to solve.

Theorem II.1 There exists an unique solution to the SYSTEM problem defined in (3).

Proof: Since the utility functions are strictly concave and the constraints are linear, both the
system problem in (3) and the auxiliary system problem in (1) have unique solutions. |

*By system, we refer to both the users (or flows) and the network [15].



The system model shown in (3) is a multi-stage optimization problem in which the solution
to the AUX-SYSTEM problem for classes 1 to K — 1 is used to solve the SYSTEM problem. A
centralized solution to the problem is not feasible in the current Internet. Moreover, with flows
arriving and departing, a decentralized solution is necessary for such a model to be successful
in the Internet. In the next section we show that the proposed system model in (3) can indeed
be solved in a decentralized fashion.

A. Decentralized solution

Denote by ), the total flow into link / and by X/ the total Class j flow into link I. Let each
link / in the network generate feedback in the form of Explicit Congestion Notification (ECN)
marks. Let pl()\l,é’l) be the fraction of packets that are marked by the link. As in AVQ [16],
we can think of {C;} as the parameter that detects incipient congestion in the links. Hence, the
fraction of Class K packets that are marked is given by p;(\;, é’l). However in order to provide
a minimum throughput guarantee for a Class j flow, the congestion feedback is modified by a
function which depends upon the total Class j arrivals as well as a parameter that determines
the utilization of Class j flows. Let the fraction of Class j packets that are marked at link [/ be
given by max{0,p;(\;, Ci) — ¢/ (X, C))}, where ¢/ (A, C}) is the weighting function and C/ is the
parameter that determines the throughput of class j flows. Since in the current Internet only
negative feedback is provided, the max(0, z) function is employed. We will make the following
assumptions regarding the marking functions at each link.

Assumption 1 The marking functions qu(u,v), pi(u,v),u > 0,0 >0and 1 < j < K — 1, at each link
are assumed to satisfy the following conditions*:

(1) qu(u,v) > 0 and p;(u,v) > 0 for all u,v
(ii) ¢ (u,v) is strictly decreasing in u and strictly increasing in v
(iii) ¢ (u,0) = 0.
(iv) pi(u,v) is strictly increasing in u and strictly decreasing in v

We assume no feedback delays in this section to describe the decentralized solution. Let each
flow f7 employ the congestion-control algorithm given by

o) = K/

P (L G G = G 7

less
where k! determines the speed of the congestion-controller and the function (z)* denotes the
max (0, z) function. For Class K, the feedback from link [ reduces to p;(\;, C}) since ¢/ (u,v) =0
for all u and v (since Class K has no throughput guarantees). If we assume U,.(z,) = =, we get
the familiar TCP congestion controller.

Each link updates C; and C/ using the following algorithm:

s a(mCr—N) C, >0
Cr = >0 .
l { max [0, a;(7Cr — A)] Cr=0 (8)
: J (] 7 =i
o felbG-N) G0
Cl o { max [O)a?(nljcl — /\g)] Cl] -0 J e {LK 1]7 (9)

Such assumptions on marking functions are common and are satisfied by a huge class of marking functions.



where o; and o] are the step-sizes that determine the speed of adaptation at link /. Note that the
routers can employ any arbitrary marking function (p and q) to mark packets. The adaptation at
the link is the critical feature. When the total arrival rate ()\;) is greater than the desired utilization
of the link (v,C)), C; decreases which increases the marking rate p(\, él). Similarly, when the
total arrival rate is less than the desired utilization, C; increases which decreases the marking
rate p()\;, ;). Hence at equilibrium the total arrival rate equals the desired utilization at the
link. In addition, if the arrival rate of Class j flows ()\]) falls below the guaranteed throughput
at the link (/C;), C/ increases which increases ¢/(\/,C7), which in turn reduces the marking
rate for Class j flows. This in turn increases the arrival rate of Class j flows into the link. If
at the equilibrium point the total arrival rate of Class j flows at link [ is below their minimum
guaranteed throughput, then all flows of Class j are either bottlenecked at a different link or
has achieved the maximum possible rate (say, due to restrictions on the maximum congestion
window size or receiver window size). In this scenario the equilibrium marking rate for Class
j flows is zero (i.e., (p; — qu )™ = 0)°. Hence no packets of Class j flows are marked by link .
However, if at the equilibrium point the total arrival rate for Class j flows at link [ is greater
than the minimum guaranteed throughput for Class j, the equilibrium value of ¢/ is zero. Hence
the fraction of Class j packets marked is equal to the fraction of Class K packets marked and
is equal to p;()\, él). This scenario represents a situation when a normal AQM scheme would
lead to a Class j throughput that is greater than the guaranteed throughput. That is, when the
level of congestion is not high enough to reduce the throughput of a class below its guaranteed
minimum throughput the proposed link adaptation algorithms behave like the AVQ scheme.

In equilibrium, the minimum aggregate rate that is offered to Class j at link [ is at least 7] C;
provided all Class j flows are not bottlenecked elsewhere. Once the minimum throughput guar-
antees are satisfied, the number of congestion marks that Class j flows receive is proportional
to their rate which discourages them from starving the Class K flows. In the event a particular
class is unable to use its guaranteed throughput, the unused bandwidth is shared among all
users. The congestion controllers determine how the bandwidth is shared by the users. The
system comprising the congestion-controllers and the adaptation algorithms at the link can be
described by the set of the differential equations given by (7), (8) and (9).

We now state the main result of this section.

Theorem I1.2 The system of congestion-controllers and link adaptation algorithms in (7)-(9) solves the
SYSTEM problem in (3). |

The above result shows that the invariant point of the system of differential equations describ-
ing the congestion-controllers and the link adaptation algorithms solves the proposed SYSTEM
problem. Note that the congestion-controllers and the link adaptation algorithms are decen-
tralized in nature and depend only on local parameters. Before proving this result, we first
characterize the invariant points of the system of differential equations given by (7)-(9).

5See Simulation 2 in Section IV



Definition IL1 A point ({zJ*}, {C}, {C/*}) is an invariant point if

j .
dC“Z;‘ =0 VfieRw
dC, [0 YI:C < o0}
dt b1 Sl >0 V{I:Cf =0}
.y 0  Y{l:C% < o0}
acy L
dtl =4q >0 V{I: )" =00} .
Ci=Ci <0 Y{l:CV" =0}

Lemma IL1 The virtual capacities ({C;},{C?*}) and the arrival rates ({\:},{\*}) at the invariant
points of the system given in (7)-(9) satisfy the following conditions:

A =30 Vie{jeL:Cr< oo}

A <yC Vie{jeL:Cr=o0}

N =nlCy Yie{jeLl:Cl" <o}

N <l Yie{jel:Cl" =0}

N >nlcy Yie{jeL:Cl" =0}

|
The Lagrangian of the auxiliary SYSTEM problem in (1) is given by:
B (", ") = max y L UP(u") = Y (Y v = ui"C (10)
I leL MR,

where v = (1" : | € L) is the Lagrange multiplier. Therefore, the optimal solution {y"} for the
auxiliary SYSTEM problem in (1) satisfies the KKT conditions [3]:

Urar = Yyt =0 Yt eR” (11)
L:lefm
vt =0 i Y gt <aC (12)
fmel,
yto>0 i Y gt = (13)
meL,

Now, denote the Lagrangian of the SYSTEM problem in (3) by J(x7, /). We know

(
maXZZU] zl + 97) —i—ZUK +2293x7

=1 g

I, ) = = , (14)

_Z,UIZ Z@fﬂ'iﬂj ZM Z o)

leC  j=1 ficp, leL  fKeR,
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where y= (p: 1€ L) and 0 = (67 : fI € R7,j € {1,2,..., K — 1}) are the Lagrange multipliers.
The optimal solution for the SYSTEM problem in (3) satisfies the KKT conditions [3]:

- > wm=0 VfFerK (15)
l:leff,(
US G+ 2) = > u+60, =0,V eRIj#K (16)
llef;
K—
=0 Z Z @+ )+ D & <me (17)
J=1 fle fKeL,
1 .
>0 Z @+ + Y & =m0 (18)
i=1 fle fEeL,
67 =0 if 22 >0 (19)
0 => (mu—v) ifz=0. (20)
lefl

We now restate Theorem II.2 and outline its proof.

Theorem I1.3 The system of congestion-controllers and link adaptation algorithms in (7)-(9) solves the
SYSTEM problem in (3).

Outline of the Proof: From the definition of an invariant point and Lemma II.1, we have for all
f? such that j # K,

U () = Y (N CF) = qf (X, CP)F =0 (21)
Llef}
and
US @) = > mA,Ch =0 VS eRN (22)
LlefK

At the invariant points, the following relations also hold.

A< 30 = p (N CF) = (23)
)\] > 1, 10y = q ()\f*,C’]*) = (24)
)\{ < 0y = q ()\{*, C]*) (25)

Substituting p;(\f, C;) for y; and (p(\f, CF) — ¢l (N¥, CJ*))* for v/, we can see that the invariant
point solves the KKT conditions in (15) - (20). Since the SYSTEM problem has an unique solution,
the invariant point solves the SYSTEM problem. H
Note that the Lagrange multipliers need not be unique. In the next section we discuss a
possible implementation of such algorithms at the routers.
Remarks:
o The utility function of a TCP user is approximately —- where 7" is the round-trip delay and «
is the flow rate of the user [16]. As a result for a TCP user in class j, the congestion-controller
in (7) can be written as:

b= 1| o — e()2() Y C) — O, )| (26)

T2
lecl
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o 2(t) D iepi (i(N, C)) — ¢/ (M, C7))* is the fraction of packets marked in the network. Hence,
the congestion-controllers at the sources need not be changed.

« Such a scheme can be implemented using only binary feedback from the routers (cf. [1],
[17], [12]).

III. IMPLEMENTATION AT THE ROUTERS

In this section we describe a potential way of implementing such class based algorithms at a
link. We use the concept of virtual queues and virtual capacity adaptation in [17] to implement
such a scheme. One can use any AQM scheme as long as the adaptation parameters and the
marking function can be identified. For example, we believe one can modify RED, REM or PI
to work in this framework. We call the above implementation the Class-Based AVQ algorithm.

An illustration of the class based AVQ scheme with two classes of traffic (high priority and low
priority) is shown in Figures 2-5. The high priority traffic is guaranteed a minimum throughput
of 1 times the capacity of the link. The link maintains two virtual queues, a virtual queue for the
high priority traffic and a common virtual queue (that is common to both the high priority and
low priority traffic). The high priority virtual queue capacity is adapted using (9) to guarantee
the minimum throughput for the high priority class and the common virtual queue capacity is
adapted using (8) to track the desired utilization of the link.

When a low priority packet arrives at the link, a fictitious packet is enqueued only in the
common virtual queue as shown in Figure 2. When a high priority packet arrives, a fictitious
packet is enqueued both in the common and high priority virtual queues (see Figure 3). We
note that no actual enqueueing and dequeueing of packets is necessary at the virtual queues.
We just keep track of the virtual queue lengths. If the incoming packet overflows all the virtual
queues to which the fictitious packet is added, it is marked in the real queue and removed from
the buffers of the virtual queues. For example, a high priority packet is marked if both the high
priority and common virtual queues overflow (see Figure 4). An incoming low priority packet
is marked if it makes the common virtual queue overflow (see Figure 5). Note that an incoming
low priority packet cannot make the high priority virtual queue overflow since no packet is
added to the high priority virtual queue when a low priority packet arrives.

An alternate method to achieve the same result is: for each incoming packet set p = 1 if the
common virtual queue overflows, else set p = 0. Set g7 = 0 if the high priority virtual queue
overflows, else set ¢ = 1. For each low-priority packet, mark it with the value of p. Similarly,
for each high-priority packet mark it with the value of (p — ¢")". The adaptation of the virtual
queues can be implemented using a token bucket scheme as in the AVQ algorithm [17]. Equation
(8) can be thought of as a token bucket of size C; in which tokens arrive at the rate «;y,C; and
are drained at a rate of ay\; by each arrival. The size of the token bucket is the upper bound
on the virtual capacity C;. Similarly, we can think of Equation (9 as a token bucket of size C; in
which tokens are generated at the rate a77/C; and are drained at a rate of a;\] by each Class j
arrival. Figure 6 illustrate the adaptation of the virtual capacities. Note that complexity of the
class based AVQ algorithm is comparable to the complexity of RIO. RIO also employs multiple
virtual queues to preferentially drop packets. The calculation of the average virtual queue size
and marking probability in RIO is replaced by the adaptation of the virtual queue in the class
based AVQ algorithm.
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IV. SIMULATIONS

We use ns-2 to carry out a detailed simulation taking into account finite packet sizes, round-
trip delay, TCP window-flow control and short flows and is designed to study the effectiveness
of the proposed algorithm with packet-level implementations of the TCP congestion controller.

The network used in the simulations is shown in Figure 7. We consider a single bottleneck link
of capacity 10 Mbps (link between nodes Core 1 and Core 2 in Figure 7). All other links have
a capacity of 100 Mbps. We simulate the class based adaptive virtual queue algorithm on the
bottleneck link between nodes core and core2. We let ~, the desired utilization of the bottleneck
link, be 0.95. The destination node (Dest node in Figure 7) is connected to five edges with round-
trip delays of 40ms, 70ms, 100ms, 130ms and 160ms. TCP connections are initiated between the
edges and destination. We use TCP-NewReno as the default transport protocol with the TCP
data packet size set to 1000 bytes. Each TCP connection is placed in one of three QoS classes:
Class 1, Class 2 or Best-effort. Class 1 is assured an utilization of 40% at the link and Class
2 is assured an utilization of 30%. The best-effort class does not have a minimum throughput
guarantee at the link. In all the simulations we choose o = a? = 0.2 for all classes.

Simulation 1: In this simulation, we have 20 TCP flows in Class 1, 30 TCP flows in Class
2 and 80 TCP flows in Class 3. The TCP flows are uniformly distributed among all the edges,
i.e.,, 4 Class 1 flows, 6 Class 2 flows and 16 best effort flows are initiated at each edge. The
evolution of the total throughput of each class at the bottleneck link is presented in Figure 8.
After an initial transient, we can see that Class 1 and Class 2 has an average utilization close
to 40% and 30% respectively, as desired. The remaining bandwidth is taken by the best effort
TCP connections. We plot the total utilization at the link in Figure 9. We can see that the total
utilization at the link hovers around 0.95 as desired. Figures 10 - 12 shows the evolution of the
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Edge 1 Edge 2 Edge 3 Edge 4 Edge 5

Class 1 traffic 399 Kbps | 228 Kbps | 153 Kbps | 116 Kbps | 97 Kbps

Class 2 traffic 138 Kbps | 118 Kbps | 96 Kbps | 73 Kbps | 59 Kbps

Best effort traffic | 43 Kbps | 30 Kbps | 28 Kbps | 25 Kbps | 25 Kbps
TABLE I

AVERAGE FLOW RATES OF AN USER WHEN MINIMUM THROUGHPUT GUARANTEES ARE EMPLOYED

average flow rate that a typical user gets in each class from Edges 1, 3 and 5. The average is
taken over all the users in the class. We can see that Class 1 and Class 2 flows have a higher
average flow rate than best effort flows due to the minimum throughput guarantees at the link.
Class 1 has a higher average flow rate than Class 2 due to a higher throughput guarantee and
smaller number of flows. The fraction of throughput achieved by each class at each edge router
is shown in Table I. We see that flows within the same class but from different edges realize
different shares of the guaranteed bandwidth. In particular we note that the flows from Edge 1
(which has the smallest round-trip delay) receive a bigger share of the bandwidth. This is due
to the well-know round-trip bias of TCP. In the absence of a class-based management scheme,
all users from Edge 1 would have received an average throughput of 122 Kbps, all users from
Edge 2 would have an average throughput of 76 Kbps, all users from Edge 3 would have an
average throughput of 64 Kbps and all users from Edge 4 and Edge 5 would have an average
throughput of 54 Kbps and 46 Kbps respectively.

Simulation 2: In this simulation, we simulate a scenario in which all Class 1 flows have a
maximum rate of 400 Kbps. This is achieved by limiting the maximum window size of the
connections. Class 1 flows are guaranteed at least 6 Mbps at the bottleneck link. We ignore Class
2 flows in this simulation. Initially there are 10 Class 1 flows (two Class 1 flows per edge) and
80 best-effort flows (16 flows per edge). Between 100s and 110s 5 new Class 1 flows (one flow
per edge) are introduced. The utilization of Class 1 and best-effort flows at the links are shown
in Figure 13. We can see that the utilization of Class 1 flows is below the minimum guaranteed
throughput till new flows are introduced into the link. The reason is all Class 1 flows have
achieved their maximum rate of 400 Kbps leading to a utilization of only 4 Mbps at the link.
The remaining bandwidth is taken by the best effort flows. When 5 new Class 1 flows are
introduced, we can see that the utilization of Class 1 flows increases to accommodate the new
flows. The average flow rate of a flow in each class is shown in Figure 14. We can see that each
flow regardless of its round-trip delay achieves a throughput close of 400 Kbps. Introduction of
new Class 1 flows do not affect the throughput of already established connections since with
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flow rate in each class from Edge 3

the new flows the total throughput of all Class 1 flows at the link is 6 Mbps and equal to the
guaranteed minimum throughput of Class 1 flows at the link. As a result, the link does not mark
any Class 1 packets. The average flow rate of the Class 1 flows introduced after 100s is shown
in Figure 15. We can see that the flows quickly achieve a rate of 400 Kbps.

Simulation 3: In this simulation we show that minimum bandwidth guarantees do not under-
utilize the links. When Class 1 and Class 2 are not able to achieve their minimum throughout
guarantees, the bandwidth is shared by all the flows in inverse proportion to their flow rates, that
is, flows with higher rates get a smaller share of the excess bandwidth. We lower the minimum
guaranteed throughput at the link for Class 1 and Class 2 traffic to 15% and 10% for better
illustration. We start the simulations with 10 flows in Class 1 and Class 2 and 100 flows in the
best effort category. At time 150 seconds, all flows of Class 1 depart and at time 250 seconds, all



14

2 1 \ \
(D) g:i::% a ——  Class 1 traffic
T + Best Effort 09F : | - - - Besteffort traffic | -
| I
il Lhl il
“ T 08fy
5 h
< 7 T Y 1
g W o W ‘ o1, /\ 0 ]
g’_ o ?f ‘ # % ‘ T T \‘ | | “ \"/\ ‘r \ /\\F “\’\Q;\\//\ i A\’\\,\\/\’\\
2 Bk B 1l 06F1 ' - ! A A A A A
@ Ih ‘H il “ %? I @F I E] %ﬂ 1 NN AN A A AA A
M) WAL e 44 5
£ s LT L E | i | Sosp M ]
$ e b o4 P L ol 50 R
SR 8 N
g ol I (Y Al e | 3P forl i [ / |V
2 u‘l ® @ ,ma,,(“‘ ® Fold @l upo] @ "llul B “| h J \f
§ Hl % B | wld S8 BB L Ll |10 A8 Ll o3y /| :
2 © 1% ' {0 ] T B 0 | @ ,‘l' © 00‘., )
o ‘nn o % o 0 O r ¢ @ i"u T [ | /
s+ bt Y s I\ 19 oo ol ok | |
Jr‘ o o W, 4 f*“ ﬁ t‘ﬁ ol 1 o 4 MT*W‘LT 2|
Jr "" *“ f;‘ﬂ‘ \‘Hﬁﬁ% hbwjﬂf | ‘ JHF‘;LHt ]
‘ il ﬁ‘*ﬁ | ‘HFTI il L i‘*‘ \%ﬁ *H i W **# 1 oal / g
B AN S | t 4] |
| /
I - i | L L L L L L L L 0 W L I I I L L L I I
0 20 40 60 80 100 120 140 160 180 200 0 20 40 60 80 100 120 140 160 180 200
Time (in seconds) Time (in seconds)
Fig. 12.  Simulation 1. Evolution of the average Fig. 13. Simulation 2. Utilization at the link for
flow rate in each class from Edge 5 different classes of traffic
T T
—— Edgel
5001 Edge 1 500+ \—g‘ J
0 L L L L L L L L L 0 L L L L L L L L L
0 20 4 60 8 10 120 140 160 180 200 0 20 4 60 8 10 120 140 160 180 200
: \ \ : : : : : \ \ : : :
500f Bdge 2 500 Bdge2] |
[} [}
Q Q
Q Qo
! 0 L L L L L L L L L ! 0 L L L L L L L L
£ 0 2 4 6 8 10 120 140 1.0 180 200 S %0 2 4 e 8 100 120 140 160 180 200
] T T T T T T T Q T T T T T T
[P Edge 3 Bl ——  Edge3| |
3 3
o o
0 0
% 0 20 4 60 8 10 120 140 160 18 200 % 0 20 4 60 8 10 120 140 160 180 200
a>3 w T T T T T T T Edge 4 § ol T T T T T T Edge 4 ]
< <
0 L L L L L L L L L 0 L L L L L L L L L
0 20 4 60 8 10 120 140 160 180 200 0 20 4 60 8 10 120 140 160 180 200
T T T T T T T T T T T T T
—— Edge5 —— Edge5
500f \—g 500 9
0 s s s s s s s s s 0 \ \ \ \ \ s s s s
0 20 4 60 8 100 120 140 160 180 200 0 20 4 60 8 100 120 140 160 180 200
Time (in seconds) Time (in seconds)
Fig. 14. Simulation 2. Evolution of the average Fig. 15. Simulation 2. Evolution of the average
flow rate of a Class 1 flows from each Edge flow rate of a Class 1 from each Edge

flows of Class 2 depart. The utilization at the link for each class is shown in Figure 16. We can
see that at time 150 seconds, the utilization of Class 3 increases to use up the excess bandwidth
caused by departure of Class 1 flows. There is no significant increase in utilization of Class
2 flows since the excess bandwidth is distributed inversely proportional to the flow rates and
hence Class 3 flows get a major share of the excess bandwidth (due to the larger number of
class 3 flows and a smaller rate per flow). Similarly, at time 250 seconds, the utilization of Class
3 flows jumps to 0.95 since all Class 1 and Class 2 flows have departed.

Simulation 4: Till now we have ignored the presence of short flows in performance of the
proposed scheme. We know that a large number of flows in the Internet can be classified as short
flows. As a result, we repeat Experiment 1 with short flows arriving and departing at the link
along with long flows. We assume that there are 3 Class 1 flows, 5 Class 2 flows and 14 best effort
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tlows per edge that persist throughout the simulations. We simulate short flows using a Poisson
arrival process. Each class has an arrival rate of 5 flows per second with flows choosing the
edges randomly. Each short flow transmits 20 packets. The utilization at the link for each class
is plotted in Figure 17. We see that the presence of short flows does not alter the performance of
the proposed algorithm. Each class is still able to achieve its minimum guaranteed throughput.

V. STABILITY ANALYSIS

In this section we discuss the stability of the congestion controllers and the link adaptation
schemes as a function of the adaptation parameters 7 and «7.. We will assume that the total
desired utilization ;, and the minimum guaranteed throughput for each class {7} at a link are
design parameters that are chosen by the service provider. A high value of the link adaptation
parameters might destabilize the network. A low value of the link adaptation parameters might
lead to good stability results, but the system will tend to be sluggish and less robust to sudden
changes in load. In this section we provide conditions on the congestion-controller parameters
({x7},) and the link adaptation parameters ({a;} and {a}}) for local stability of the algorithms.
For ease of exposition, we will only consider the = utility function in this paper. As mentioned
before, the =* utility function approximates the TCP congestion controller [16]. The results segue
smoothly to more general utility functions and will be omitted in this paper for the sake of clarity.
For each flow f/, let dJ(r, k) be the propagation delay from the source to the link &, and d}(r, k)
be the feedback delay from the link %k back to the source. Let 77 be the total round-trip delay
for flow f7. Note that

T = d(r, 1) + d(r,1) Ve L. (27)

We assume 77 to be a constant such that (27) is satisfied for all links through which the flow
traverses. The system comprising the congestion-controllers at the sources and the adaptation
algorithm at the links can now be described by the following set of differential equations:
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¢l >0
(30)

¢l =0 "

where ; and ¢/ denote the time-delayed versions of the feedback from link / and are given

by,

Ault) = i (M(t = dy(r.1)). Cult — d3(r.1)))
() = (Nt = dr,0),Ci (e - di(r.1)).

and \;(t) and )/ (t) denote the time delayed versions of the total flow into the link and the
total Class j flow link into the link respectively and are given by

nNiE) = >
m,k:fkeR,
No o= )

mffn GRlﬁR{

x),(t = di (m, D).

Note that in the absence of propagation and feedback delays i.e., T} = 0, the system reduces
to the model in (7)-(9). The starting point of our analysis is the linearization of the system
given in (28)-(30) about the equilibrium point. Due to space constraints, we do not present the
linearization steps in this paper. In order to do this, we assume that each link has at least one
flow of each class that passes only through it. This assumption ensures that the equilibrium
point of the system lies in the interior of the domain. With this assumption, we can see that
P — G >0foralll € £ and for all j. Let y/(t) := 2/(t) — &/, where #J denotes the equilibrium
value of z/(t). Let C; denote the equilibrium value of Cy(t) and ¢} denote the equilibrium value

of C/(t). Similarly, let \; and )/ denote the equilibrium values of the total flow into the link and
the total Class j flow into the link respectively. Denote:

bi (5\17 él)) bY D

8]95 N A ~&
‘_8(51 (AMJ;) | by pj,
oql

e (X{,Of) | by éfj, and

Let y,(s) denote the Laplace transform of y,(t) and define Y (s) := [y1(s), y2(s), - - -

20 (3.¢1) by

% <3\z,éz) bY ﬁf,

Qlj (5%6’5) bY qua

J
l

l
,y|R|(S)]T. Note

that ¢/ is a decreasing function of z7. Motivated by the approach in [23], we can now write the

Laplace transform of the linearized version of (28)

Y(s) =

- (30) as
—L(s)G(s)Y (s),

(381)
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where i
g e i s N At
L(s) = dlag{W}, bp = K T Z(Pl —a)",
leL]
o . 1
G(s) := diag{x!T?} X* [X‘Q + M(s) + —M(s)} ,
S
- 52 o s (df (r1) —df (kD)) L
My i(s) = plA: ~2d\ = s(ds ()~ (k1)) j%l 7 (32)
T+ g e =) =
- A& —s(di (r,l)—d) (k,l)) s
My pils) = alplj 7 is(di(rl)fdj(kl)) ]#Z , (33)
R (qupf + oqqp e A= Gl G =4
and X = diag{i/}.
Define,
K(s) == L(s)diag{x/T/} X [X*Q + M(s)} . (34)

K (s) describes the system of congestion-controllers in the absence of any link adaptation, i.e,
K (s) describes the system when o; = 0 and o = 0 for all [ € £ and all j.

We first consider the stability of the system of congestion-controllers in (28) without the link
adaptation algorithms. In this case, the transfer function of the system is given by

Y(s) = —K(s)Y(s), (35)
where K (s) is given in (34).

Theorem V.1 The system of congestion-controllers defined by the transfer function in (35) is locally
stable if for all flows fI € R,

o N N Aa: i T
Y (p, + 3+ NG+ n{cl) <o (36)
leci '
Proof: Please refer to Appendix A. |

Theorem V.1 shows that the adaptation speed of the congestion-controllers should be inversely
proportional to the round-trip delay of the flow for ensuring the local stability of the congestion
controllers. The result is similar to the result obtained in [23] for a log(z) utility function when
no minimum throughput guarantees are provided. We now state the theorem that provides
conditions on the local stability of the system of congestion-controllers and link adaptation
algorithms in (28)-(30). Define, T}yax := max T? and .y := max 7.

fler fler
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and
) N
af < 4 Pi oy Vie L,

~GT A

q; p;

then the system comprising of the congestion-controllers at the sources and the link adaptation algorithms
is locally asymptotically stable.

Proof: We outline the proof here. For the complete proof, please refer to Appendix A.

To show the stability of (31), we show that the eigenvalues of L(jw)G(jw) do not encircle —1
for all values of w. Towards this, we briefly outline the three steps that we use to show the local
stability of the system:

(i) There exists a w* such that no eigenvalue of L(jw)G(jw) is real for all w < w*.

(ii) Given a 9, each user can choose {x,} according to (37) such that a g neighborhood of the
eigenvalues of K (jw) do not enclose —1 for all w.

(iii) Finally, if oy and o] are chosen according to (38), the eigenvalues of L(jw)G(jw) can be
bounded by a 2 neighborhood around the eigenvalues of K(jw) for all w > w*. Using (i) and
(ii), we can now easily show that the eigenvalues of L(jw)G(jw) do not enclose —1.

Appealing to the Generalized Nyquist criteria, the system is locally asymptotically stable. W

The following corollary specializes the above theorem to a special case when the marking
function takes a particular form.

Corollary V.1 Suppose the marking functions at each node are given by
. A\ P o Y B
(A C) = (5) and q(N,C7) = <¥> ,

for some B> 1. Givena 0 < § < 1, if
s

WAL+ B) Y P+ @) =05, VI €R
lesl T
1 1 1-96 T
< g min{—z, -  VieL
M T M T ST B amaTa
and for all j # K,
) 4J\1/B _
Q?S(ql) . 1 1-96 T }7 vier

Toax V2776 8(1 + B)EmaxTmax

then the system of congestion-controllers and class based link adaptation algorithms are locally asymp-
totically stable. |

VI. CONCLUSIONS AND FUTURE WORK

In this paper we presented a framework to provide minimum throughput guarantees in
the network using FIFO queues. The framework assures each class a minimum throughput
during periods of congestion while maintaining the same delay characteristics for all flows. The
maximum delay that each user perceives can be controlled using the desired utilization of the
network and the maximum buffer size at the queues. Choice of this desired utilization and buffer
size to guarantee a particular delay characteristic is a subject of future research.

We then proposed and analyzed a decentralized scheme to achieve the minimum throughput
guarantees. The scheme allows any congestion-controller to be used at the source and does not
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require any changes at the source. As a result, one can use current TCP protocols at the sources
as shown in the simulations in Section IV. We then presented a way to implement such schemes
at the router and presented simulations results that agreed with analytical results derived earlier.
We finally discussed the local stability properties of the algorithm and provided conditions on
the adaptation parameters to ensure stability. One can use such conditions as design rules in
implementing such schemes at routers.

In some instances, a service provider might want to create a strict hierarchy among classes
to ensure that certain classes are not affected by congestion either due to increased traffic load
or due to failures. The framework presented in this paper can be easily adapted to encompass
such a hierarchy.

(2]
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APPENDIX A

In this section we provide the complete proof of the local stability theorem given by Theo-
rem V.2.

Lemma VI Ifforalll € Land j € {1,2,--- | K — 1},

gl

pl q
\/_prmax \/iqu ! Tmax
the eigenvalues of L(jw)G(jw) cannot be real.

and of <

then, for all w < W* 1= F—,
Proof: The proof of this lemma follows the proof in [18] which shows the stability of the
congestion-controllers and AVQ algorithms with no classes. Define

H(jw) := dlag{i}dlag{n’Tj}\/f X724+ M(jw) + jiw]\_f(jw) VX.

Note that o(H (jw)) = O'(L(jw)G(jw)). Let A(w) be an eigenvalue of H(jw) and p be the corre-
sponding normalized eigenvector. Therefore,
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we can write the imaginary part of (38) as
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is sufficient to ensure that (39) can never be zero if w < —=. |

Hence & < vy

1
\/ETII) ax

Lemma VI.2 Let n(w) be any eigenvalue of K (jw). For a given 0 < e < 1, if

j s A s sl g _ s
Ky Z (pz +q +ornCi+q mCz) = 52Trj
lecs
then, for all w, a (1 — €) neighborhood of 1n(w) will not enclose —1.
Proof: Follows directly from Theorem V.1. u

Lemma VI3 Let A(w) be an eigenvalue of G(jw). If

P . 1 (1-9) 7T : > ieck (B +q)
a < min { —, — min - PR i ,
\/5 0 S(xmaXTmax) i Zleﬁ’:n (pl + q; + pf)\l) + qm )\l

ﬁlETmax
i
CY? S Alej Aial
q; D
foralll € Land j €{1,2,--- K — 1} and if for all fj € R,
KLY (pz + @+ G+ § Jngcl> =i

leci
then, for all w > w*, Re(A(w)) > —1.
Proof: For ease of exposition we define the following variables:
Q = diag{\/W TI#I} (X2 + NI(jw))diag{y/ W 1937}
—ijij

v b

)

e

Q = diag{\/#/T/#]} M (jw)diag{\/#]T]#]}, and L = diag{—
Jw

- R
Let a; = &2t and of = a7 Note that
1 q

o (L(jw)G(jw)) = o((Q + j%éz)m.

Let A(w) be an eigenvalue of G(jw) and let i be the corresponding eigenvector. Also note () is
a Hermitian positive definite matrix and () is a Hermitian matrix. Therefore

(<) (I+j—wQ’1Q)Lu = AQ 7'
(=) u*(l+j%Q‘1Q)Lu = MQ '

wlp  G6prQQLp
x()—1 +— *()—1 - :
Qe jw Qe

(<)
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L L qoes not encircle

wQ

Note that from Lemma VI.2, we know that the real part of the first term

—e. Therefore, we need to show that
< (1—e).

& Q' QL
Jw Q7

G Q7 ol @ llal L |l

Next, note that
& Q' QL
jw M*Qilru w* )\min(Qil)
ap(Q)? 1
< _TP\xJ _
=A@ T
Amax(A*A). The first

where || . ||z is the matrix induced spectral norm given by || A ||,=
inequality follows directly from the Cauchy-Schwartz inequality and the last inequality is due
to the fact that p(Q) < p(Q). We know that

Amin (diag{/ ki Tedn }(X 2 + M (jw))diag{\/ k1 Tidr})

)\min(Q) =
> Amin(diag{\/kxTp2x } X 2diag{/x,Tpir})

- Apry T

= min(———).
k T
Since p(Q)) = €5 and w* = 77—, we have
@ pQ QL _ 1e
; x()—1 — A T
Jw Qi min( k/fk k)TminTiaX
k Tk

If 2,4, is measured in packets-per-second, 11y, > ﬁ due to processing delays. Therefore,
1 (1-6) =« . e, (b + )
an - 2k ) sk \ k ’
D teck (D4 +DPA) + 47 A

o < Aepl min { —, —
p[Tmax \/§ 5 S(xmameax) fﬁn

Axd AG
j q p
CY{ < Algj Aglc 8%
q; D

i’u*Q_léLM < (1—e).

Jw pQu

ensures that

Therefore, the eigenvalues do not enclose -1.
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L Set of all links
i Capacity of link [
Y Desired utilization at link [
n Fraction of link capacity that is guaranteed
for Class j at link [
R Set of all routes
RI Set of all routes that belong to Class j
Ri Set of all routes that traverse link /
J A flow 7 in class j
L Set of links that flow fJ traverses
d Rate at which traffic is generated by flow f7

d{:(r, k) Delay from the source to link k for flow f;
d}(r,k) Delay from link k to the source for flow f

T3 Total delay for flow f;

Al Total arrival rate at link [

A Total arrival rate for Class j at link !

C Parameter that determines the total utilization
of link [

cy Parameter that determines the utilization of
Class j at link {

TABLE II

NOTATIONS USED THROUGHOUT THE PAPER

APPENDIX B

Table II summarizes all the notation used in this paper.
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