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Abstract: Finding an appropriate end to end congestion control scheme for each type
of flow, such as real-time or multicast flows, may be difficult. But it becomes even more
complex to have these schemes be friendly among themselves and with TCP. The assistance
of routers within the network for fair bandwidth sharing among the flows is therefore helpful.
However, most of the existing mechanisms that provide this fair sharing imply complex
buffer management and maintaining flow state in the routers. In this paper, we propose to
realize this fair bandwidth sharing without per-flow state in the routers, using only a trivial
queueing discipline. Packets are tagged near the source, depending on the nature of the
flow. In the core of the network, routers use FIFO queues, and simply drop the packet
with the highest tag value in case of congestion. We call our scheme 7UF , Tag-based Fair
Queueing for Responsive and Unresponsive Flows, and compare it with the Core Stateless
Fair Queueing (CSFQ) proposed recently by Stoica et al [6]. We believe our approach is
simpler, avoids in particular parameter tuning and label rewriting in the core routers, while
providing similar performances. Moreover, tagging flows depending on their responsiveness
to losses, as proposed in TUF , avoids poor performances in bursty environments, as in
CSFQ.

Key-words: Fair Queueing, congestion control, max-min fairness, router filters, multi-rate
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Utilisation de label pour un partage équitable de bande
passante

Résumé : Définir des mécanismes de controle de congestion de bout en bout pour des
flots avec contraintes temporelles, ou des flots multipoints peut étre assez complexe. Ceci
I’est d’autant plus qu’il faut veiller & adopter un comportement compatible avec celui des
flots TCP. Obtenir l'aide des routeurs dans le réseau pour partager équitablement la bande
passante est donc utile. Les propositions existantes utilisent des mécanismes complexes de
gestion de files d’attente et maintiennent un état par flot dans les routeurs. Nous proposons
ici de réaliser ce partage équitable sans introduire d’état dans les routeurs au coeur du
réseau. Les paquets sont marqués prés de la source, en tenant compte de la nature du flot.
Dans le coeur du réseau, les routeurs se débarrassent des paquets marqués avec les plus
hautes valeurs en cas de congestion. Nous comparons notre protocole, TUF, Tag Based
Fair Queueing for Responsive and Unresponsive Flows, avec celui proposé récemment par
Stoica et al., CSFQ (Core Stateless Fair Queueing). Nous obtenons avec notre approche
des performances semblables. Toutefois, en tenant compte de la nature des flots, notre
mécanisme est plus robuste lorsque le traffic externe est trés irrégulier.

Mots-clés : Equité, controle de congestion, filtres, protocoles, Internet, labels, multidébit



Tag-based Fair Bandwith Sharing 3

1 Introduction

With traditional end to end congestion control schemes, sources adapt their rate in response
to congestion signals from the network. As in TCP, these signals often correspond to packet
losses in the congested routers. Fairness is achieved by the congestion control algorithm in
the end hosts : sources tend to send at the same rate because they undergo the same loss rate.
However, leaving all the responsibility of congestion control to end hosts is sometimes not
possible. This is for example the case for multicast flows, where receivers heterogeneity makes
rate adaptation non-trivial for the source. Moreover, having different schemes cooperate
makes it even more complex. Fair bandwidth sharing in the routers can therefore be useful,
and can protect well-behaved flows from ill-behaved ones.

To provide fair bandwidth allocation between a responsive TCP flow and an agressive
- unresponsive flow in a congested router, we need to differentiate their loss rates. Using
techniques maintaining flow state in the routers at the core of the network increases the
implementation complexity. This complexity is often an obstacle to their massive deploy-
ment. We have designed our congestion control scheme 7 UF to be very simple and to avoid
per-flow state in the routers. As no state is present in the routers, state has to be present
in the packets to enable distinct behaviors (i.e. loss probability) between the flows. That
state is a “7T ag”, a numeric value carried in one of the packet’s field. The internal state of
the congested router (e.g., the average queue size) and the tags of the packets present in its
queue are the only elements used by the router to make a drop decision.

The paper is structured as follows : In section 2, we discuss previous work related to
stateless fair queueing. Section 3 starts by presenting our objectives and a basic overview of
TUF . We then go into further details and implementation issues. Section 4 describes some
of the strengths of 7 UF . Section 5 presents simulation results and section 6 concludes the

paper.

2 Related Work

Fair bandwidth allocation techniques have been studied to protect well-behaved flows from
ill-behaved ones. Until recently, these techniques classified packets into flows, updating
variables pertaining to that flow. They then either maintained a separate queue for each
flow (per-flow queueing), or used one queue with flow state to determine the packets to
drop in case of congestion (per-flow dropping) as in FRED [1]. Among the variants of Fair
Queueing [2] [3] [4], that fall in the first category, Deficit Round Robin [5] achieves nearly
perfect fairness with limited complexity.

However, maintaining that flow state has a cost and raises scalability issues in high speed
networks that can jeopardize the massive deployment of these techniques. Recently, Stoica et
al. proposed Core-Stateless Fair Queueing (CSFQ) [6], in order to approximate fair queueing
while limiting flow state to the edge of network and removing it from core routers. Cao et
al. proposed Rainbow Fair Queueing (RFQ) [7], a similar scheme that avoids fair share rate
calculation in the core routers and that is better adapted to layered encoding applications.

RR n° 3846



4 Antoine Clerget, Walid Dabbous

A previous version of TUF [8] was conceived originally as an alternative to Receiver-driven
Layered Multicast [9] for multicast congestion control in heterogenous environments. As
with RFQ, layered encoding applications can benefit from this scheme.

The fair bandwidth sharing mechanism 7 UF proposed here differs from those mentionned
above in the following way :

e Contrarily to CSFQ, the TUF tag does not represent the rate of the flow. It keeps
its value during all the packet’s lifetime. We therefore avoid label rewriting in each
router.

e T UF routers consist in a very simple queueing discipline. Contrarily to previous work,
we do not need to estimate fair share rates (CSFQ) or color thresholds (RFQ). We
avoid having to set parameters that impact on the router’s reactivity (update;,; for
RFQ and K., K,, for CSFQ).

e State is introduced in the packets depending on the nature of the flow and its re-
sponsiveness to losses. Thus, 7UF is better adapted to responsive flows in bursty
environments.

e TUF provides a smooth distribution of packet losses.

3 TUF : Tag-based Fair Queuing for Responsive and Un-
responsive Flows

3.1 Objectives
3.1.1 Max-min Fairness

Our primary objective is to allocate network resources fairly among the flows. We here focus
on the bandwidth allocation of a router in the core of the network. Our fairness objective
can be summarized as follows : we say that we allocate bandwidth fairly if it is not possible
to increase the satisfaction of a flow without simultaneously causing the decrease in the
satisfaction of a more constrained flow. This qualitative property, used to define fairness, is
called max-min fairness [10].

Let’s suppose that we have n flows, Fi,..., F,. Let R; be the rate of flow F; upstream
(arriving at the router), and R; be the rate of the flow downstream (leaving the router).
The bandwidth allocation is fair if Vi, R; = min(Ri, Ryair). Rjqir is the fair share rate at
the router. It corresponds to the maximum bandwidth a flow should get. Ryq4 is set to fill
the router’s capacity C ; it is the unique solution to :

C =) Ri=)Y_ min(Ri,Ryair)

A flow F; is either :

INRIA
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(s

The core of the Network

Figure 1: Our tagging architecture

e Constrained : the bandwidth obtained is, as all constrained flows, equal to the fair
share rate, and is larger than that obtained by unconstrained flows. Vj, F; constrained, R; =
Rj = Rfair

e Unconstrained : the bandwidth requested by the flow is less than the fair share rate,
that it could get. The router therefore forwards all its packets and the loss rate is 0.
Vj, F; constrained, R; = R; < Rj = Ryqir

Weighted fairness

To generalize our fairness criteria, we can define relative priorities by associating weights
with flows. A flow with a weight of w = 2 can get twice as much bandwidth as a flow with
a weight of 1. The definition above does not change, except that the rates R; and R; are

replaced by R;/w; and ]%,/wz Thus, Vi, R; /w; = min(R;/w;, Rgqir)-

3.1.2 Stateless congestion control

A second objective is to avoid per-flow state in the high-speed backbone routers and to
maintain our algorithms scalable and easily implementable. A tagging entity, called the
“tagger”, is responsible for placing a tag in each packet. The tagger is the only entity
maintaining flow state, necessary for tagging. This is why the tagger should be kept close
to the source. Tagging is done either by a router at the edge of the network, or ideally by
the source itself. Figure 1 presents our global architecture.

Not having flow state in the routers that are in the core of the network has two conse-
quences :

RR n° 3846
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X
X

Threshold

------------- -
il = L.

e .
- Filter
Packets from 4 flows Already filtered

Figure 2: A TUF router, modeled as a simple filter

e Tagging should not depend on the state of the network. We do not want specific
feedback from the routers in the network (or the destinations).

e Dropping decisions in the core routers are not based on per-flow information, but on
the tags of the packets present in the queue.

3.2 7T UF overview

This section presents 7 UF , our Tag-based Fair Queueing scheme. The Tag is a numeric
value carried in a field, in the packet header. It is used by the routers to decide if they should
enqueue or drop a packet. We chose to give high values to the tags of the packets that will
be more eligible for discard, and low values to the tags of packets that are less eligible
for discard. The tag therefore represents a drop precedence. A TUF router forwards
the packets with low values and discards those with high values in case of congestion. We
simply model our routers as bufferless filters that let through the packets with tags lower
than threshold K as shown on figure 2.

As the load of the router increases, more packets need to be dropped, and the router
reduces its tag threshold K. On the contrary, when the load decreases, the router increases
its tag threshold, maintaining a full utilization of its capacity. The threshold reaches the
maximum value K,,,, when the router forwards all the packets. In section 3.2.2, we will see
that we can realize a good approximation of this filter with a very simple queuing algorithm
: when a packet arrives and the queue is full, the router drops from its queue the packet
with the highest tag.

Let us consider a greedy source that sends packets through router A. The tag threshold
for router A is K, and the flow receives the fair share rate Ry,i-. Let us suppose that the
packets are now rerouted towards a router B that has the same tag threshold K. The same
packets will be filtered out, and the flow will therefore achieve the same fair share rate Ryq;r.
A threshold K is therefore representative of a fair share rate Ryq;-. We can “convert” rates
to integer tags using an increasing function 7', a constant of the protocol : Tag = T'(Rate).

INRIA
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Section 3.3.1 explains how we choose the function 7. Intuitively, when a source or tagger
sends a packet with the tag 7T ag, it asks each router on the path to “forward the packet if
the fair share rate is greater than T~ (Tag)”. We will now describe the tagging algorithm
at the tagger and the queueing discipline in the core routers used to achieve fairness.

3.2.1 The tagging algorithm

This section describes how the tagger sets tags in the packets in order to achieve fairness in
a congested router on the path. Let us consider n flows Fi,... F,. For generality, we define
the flows’ weights w;,...,w,. We suppose that we can model these sources, and that we
know the throughputs achieved by these flows when they are submitted to a loss rate p :
Bi(p),...,Bn(p). The functions B; are decreasing functions, since the throughputs achieved
decrease when the loss rates increase. Sections 3.4.1 and 3.4.2 describe how these functions
are defined in practice.
Weighted fairness is achieved if, for all tag thresholds K:

e For constrained flows : R;/w; = Bi(p;)/w; =T *(K) = Ryair
e For unconstrained flows : R; /w; = B;(p;)/w; <T ' (K) = Rfqir and p; =0
where p; is the loss rate for flow ¢ when the threshold is K.

Theorem 1 A “fair” tagging function for packets of flow F; is T'(B;(X)/w;), where X is a
stochastic variable, uniformly distributed over the interval [0,1].

PROOF :
For constrained flows :

= B;(Probability(T (B;(X)/w;) > K)) /w;
B;(Probability(X < B; ' (w;.T~1(K)))/w;
= Bi(B; ' (wi.T'(K)))/wi = T"(K) = Ryair

For unconstrained flows :
pi =0 = Probability(T(B;(X)/w;) > K))

= Probability(B;y(X)/w; > T~1(K))
= Bz(O)/wz < Tﬁl(K) = Rfair

0
=0

To process a packet, the tagger determines its flow, the corresponding function B and
weight w. The tagger then determines a value for X, uniformly distributed between 0 and
1, computes T(B(X)/w) and sets the tag value in the corresponding packet field.

RR n° 3846
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The TUF router Queue

Tag Vaue

o | mili T ull

l'
/ Highest TagDropped

New packet
to be enqueued

Figure 3: The queueing discipline in a 7 UF router

3.2.2 The drop algorithm

The drop mechanism in our 7UF routers has been designed to be very simple and easily
implementable. The queuing discipline adopted is shown on figure 3. When the queue is
not full, our router forwards the packet like a standard FIFO router. In case of congestion,
when the queue is full, the packet with the highest tag is dropped.

We simulated this queueing discipline and compared it with the bufferless filter model
presented in section 3.2. The results shown on figure 4 show that they have a similar
behavior. For the simulation, our tags were uniformly distributed between 0 and 2047. Our
queueing discipline was simulated for the M/D/1/64 queue (Poisson arrival rate is 2000
packets/s, simulation time is 1000s, service time is 1ms).

The TUF router actually does not actually “set” or “adapt” its threshold K to its con-
gestion state. The ’equivalent’ threshold in the bufferless filter model depends on the tags of
the packets in its queue. When the router becomes more congested, the queue fills up with
low tagged packets, and the equivalent threshold in the bufferless filter model decreases.

We will try to explain intuitively why the 7 UF router behaves as a filter. Let us consider
the portion of the traffic with tags below K and the corresponding utilization factor! p.
For small values of K, where px < 1, packet losses occur when the queue fills up completely
with packets tagged below K. This is therefore a rare event. For high values of K, where
pr > 1, the capacity of the router is almost completely filled with lower tagged packets.
Since packets with tags above K can not be forwarded to the detriment of lower tagged
packets, they will therefore almost always be dropped. Finally :

e LossProbability(k) ~ 0 when pp < 1
e LossProbability(k) ~ 1 when pg > 1

Itraditionally defined as the ratio between the average arrival rate and the average service rate

INRIA



Tag-based Fair Bandwith Sharing 9

g’(ﬂw " TUF fi‘lter model
J M/D/1/64 -------
0.8 | 1{ |
{

2 06 }/ |
£
©
Qo
3
a
% /
S oaf ’f |

“h

ﬁ“

|

02 | ‘Y‘} |
W‘
g
y
0 L W ‘ ‘ |
0 500 1000 1500 2000 2500

Tag Value

Figure 4: Comparing our queueing discipline to the TUF filter model

3.3 Optimizing 7UF
3.3.1 Defining the tag-rate conversion function

In our tagging algorithm (section 3.2.1), we used a generic tag/rate conversion function T,
that we have not defined yet. This function must be an increasing function that associates
rates - real values - to a limited number of tags - integer values. We should try to use a
function that maps as well as possible these tag integer values (0, ..., K4 — 1) to the rates
we observe in the Internet. We should indeed try to minimize the error we make by rounding
the ideal fair share rate to make it match one of the values 7-1(0),7-(1),..., T (Knaz —
1). Let’s consider that the rates we observe in the Internet are bounded by R,,i, and R4z,
for example 271° and 222 packets per second. To minimize the uncertainty on the fair share
rate, we choose a logarithmic scale as shown on figure 5.

3 log(’r) - lOg(Rmzn)
T(r) = \‘Kmax- log(Rmaz) — log(Rmz’n)J

Hence, for rates in [Roin, Rmas), the error is bounded by € = (Rpmaz/Rmin)*/Kme=. The
values R4z and R, proposed above correspond to the rates of 1 Byte/s and 4 GBytes/s
for packets of 1 KBytes. With an 11 bit field for the tag (K4, = 2048), the approximation
is bounded by € < 21/32 — 1 ~ 1% and the general expression of T is :

T(r) = |2°.(log2(r) + 10)]

RR n° 3846



10 Antoine Clerget, Walid Dabbous

R min

Figure 5: The tag-rate conversion function

3.3.2 Avoiding bursts of losses

The tagging function presented in section 3.2.1 uses a stochastic variable X uniformly dis-
tributed between 0 and 1. This can be a random value. However, by choosing the value
of X (still uniformly distributed between 0 and 1) so as to interleave low tag values with
high tag values, we can improve the loss pattern and avoid bursts of losses. Since B is a
decreasing function, low tag values are obtained with values of X close to 1, and high tag
values with values of X close to 0. What we propose is to choose the sequence of values X,
taken by X for a flow as follows :

The value of the variable X for packet n from flow F is X,, = I(n + Dp), where Dp is
a random integer, used to avoid flow synchronization, and :

I: N — 0,1
S bi2i s XX b27 !

For example, with D = 1, X would take the following values: 1/2,1/4,3/4,1/8,5/8,3/8,7/8,1/16,.. .,

alternating high and low tags.

3.4 Tagging TCP and UDP flows
3.4.1 TCP flows

Models of TCP throughput depending on the loss rate and round trip time have been
proposed in the literature. The TCP model presented in [11] is a good approximate model
for TCP (b is the number of pqckets acknowledged by a received ACK, and ¢, is the timeout
timer) :

1
RTT.\/2%% + to.min(1,31/ 2225 )p;(1 + 32p?)

B(p) = min | Wy /RTT,

The tagger needs to keep track of the connection’s RTT, by observing the acknowleg-
ments. It updates, exactly as the TCP source, the value of the timeout timer based on the
RTT estimations. This becomes very simple if tagging is done at the source, since the source

INRIA
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Figure 6: Tags for TCP and UDP flows

already keeps track of these parameters. Figure 6 shows the tag value as a function of X
for TCP flows.

1

RTT. /2%~ + to.min(1,3/22) X, (1 + 32X2)

Tagiep =T | min | Wi /RTT,

3.4.2 TUDP flows

Estimating the throughput as a function of the loss rate is something very simple for a CBR
source whose rate R is known:

Bch(p) = R(]- - p)
Tagerr = T(R.(1 — X))

This formula can be used for unresponsive flows, that can be assimilated to CBR sources
over short time periods. (For responsive flows, that use their own congestion control protocol
over UDP, sources will have to set themselves the packet tag, since they alone know their
behavior facing losses). The tagger must now estimate the rate R of the flow. For that
purpose, it updates the rate estimation using an exponential averaging. The rationale for
using this kind of averaging has been discussed in CSFQ [6].

RR n° 3846
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Rpew = (1 - e_At/K)/At + e_At/K.Rold

where At is the packet interarrival time, and K is a constant set to 100ms.
Figure 6 show the tag values depending on the value of X for UDP/CBR flows.

3.5 Implementation issues
3.5.1 Placing the tag in the packet header

We need to find at least 11 bits in the IP packet header for the tag. It is possible to add
a new IP option. This will however significantly increase the packet’s processing time. As
pointed out in [12], very few packets (0.22%) are actually fragmented. A second possible
implementation is to use the IP identifier field for the Tag when the pair (More Fragment
and Fragment Offset) are both set to zero (i.e. the packet is not fragmented). Fragmented
packets are ignored by T UF and forwarded as usual. A reserved value of the TOS byte is
used to indicate that the packet is transporting a 7 UF tag.

3.5.2 Incremental deployment
For an incremental deployment, we must make sure that :

e Non-tagged packets can traverse 7 UF routers. Minimum bandwidth should be re-
served for these packets. We can use two separate queues that we serve in a weighted
round-robin manner : the queue with tagged packets, and the queue with non-tagged
packets.

e Tagged-packets can go though non-7 UF routers. Of course, fair bandwidth sharing is
not assured in non-7 UF routers.

4 Strengths and perspectives

4.1 Multiple congested routers

We clearly understand that our mechanism is not affected by the presence of non-congested
routers along the flow’s path, since these do not change the tags and do not drop packets.
However, we may wonder what happens when the flow crosses multiple congested routers.
We modeled TUF routers as filters that drop packets whose tag exceed a tag threshold
K. Having multiple congested routers along a flow’s path is equivalent to having only the
bottleneck router congested, as shown on figure 7.

INRIA
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Figure 7: Multiple congested gateways

4.2 TUF and rerouting

Our protocol is not sensitive to routing changes : 7 UF routers do not contain flow state,
and react immediately to the arrival of a new flow, by reducing the fair share rate. However,
routing changes become a problem if they occur between the source and the tagger, since
the tagger holds information concerning the flow.

4.3 7TUF and multicast

As explained in [8], such a congestion control scheme based on Fair Queueing in the routers
is particularly adapted to multicast environments, since each receiver in the multicast group
receives its fair share rate, regardless of the presence of slower receiver in the group.

4.4 TUF and layered encoding

If tagging is done at the source, layered encoding applications can benefit from 7UF by
asking the network to drop packets from the higher layers first. Suppose that our application
sends its data into three layers, at the same rate in each layer. To send data in the first layer,
the application will choose X uniformely distributed in the interval [2/3, 1] and compute the
tag. For the second layer, X will be uniformely distributed in the interval [1/3,2/3][, and for
the third layer in the interval [0,1/3[. As long as the application keeps sending at an equal
rate in each layer, the overall X will be uniformely distributed between 0 and 1, and we will
achieve fairness. The packets dropped first will be those of the last layer (corresponding to
low values of X). This can be generalized to any number of layers with various rates.

RR n° 3846
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5 Simulations

In this section, we evaluate our proposal by simulations using the ns — 2 simulator [13].
We compare the throughputs and fairness achieved using the following mechanisms in the
routers :

e TUF : Our Tag-based Fair Queueing for Responsive and Unresponsive Flows.

e CSFQ : Core Stateless Fair Queueing [6]. We used the code of CSFQ they released for
the ns simulator [14].

e FIFO : The standard FIFO router
e RED : The Random Early Discard router [15].

e DRR : The Deficit Round Robin router [5], which is an implementation of the weight-
ed fair queueing discipline. DRR serves as a reference in terms of fairness for our
simulations.

We reproduced most of the scenarios presented in [6] for better comparison. In all our
simulations, the links have a capacity of 10 Mbps, and a propagation delay of 1ms. Our
buffers length is 64 KBytes, and all packets are 1000 bytes long (ns default values). The
simulation where run over a 10 seconds time interval.

To summarize the following results, we can say that for the two first sets of simulations
(5.1, 5.2) CSFQ and TUF have comparable performance, and achieve a good degree of
fairness slightly below that of DRR. In the third set of simulations, where we introduce bursty
ON/OFF sources, we show that in certain conditions, TCP sources suffer from instability
under the CSFQ scheme, but behaves significantly better with 7 UF .

5.1 A single congested link

The first set of simulations is run with the topology shown on figure 8. The purpose of these
simulations is to evaluate the fairness of the different mechanisms when a number of UDP
and TCP connections share the same link.

In the first simulation, 32 UDP flows with varying aggressivity share the same 10Mbps
bottleneck link. The arrival rate for the UDP flow number 7 is (i + 1) times the fair share
rate,i.e. (i+1)*x10Mbps/32. Figure 9a shows the throughput achieved by all the UDP flows.
The RED and FIFO queueing disciplines do not ensure fairness, and the most aggressive
flows (with the greatest flow IDs) achieve the best throughputs. On the other hand, DRR,
CSFQ, and TUF propose comparable output rates to all the UDP flows.

The second simulation (figure 9b evaluates the impact of an ill-behaved UDP flow (Flow
ID=0) on a set of 31 TCP connections. The UDP flow is a CBR source whose rate is the
link’s capacity, i.e. 10Mbps. Again, apart from RED and FIFO, that give most of the
bandwidth to that flow, DRR, CSFQ and 7 UF limit the rate of the UDP connection to its
fair share, as all the other connections.

INRIA
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Figure 8: The single congested link topology
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Figure 9: Throughputs for N=32 flows sharing the same 10 Mbps bottleneck link. (a)The
arrival rate for UDP flow (i=0..32) is (i+1) times the fair share rate. (b)The UDP flow
(ID=0) is sending at 10 Mbps shares the link with 31 other TCP flows.

In the third simulation, we show how a single TCP connection resists to the pressure
of an increasing number of concurrent UDP connections. The UDP connections all send at
twice the fair share rate (10 Mbps divided by the number of flows). Figure 10 shows the
normalized bandwidth of the TCP flow, which is the ratio between the throughput achieved
and the fair share rate, as a function of the number of flows. Note that, as explained in [6],
the performances of DRR are significantly affected when the number of flows exceeds 22,
because the space reserved in the buffer for the TCP connection is too small. CSFQ and
TUF performances are comparable : the TCP connection receives between 55% and 90% of
the fair share rate for CSFQ and 70% and 100% for TUF.
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Figure 10: Normalized throughput of a single TCP flow sharing the link with N=1..32 other

UDP flows.

Each UDP flow sends at twice its fair share

Cross-traffic Sinks

UDPla.lj UDP2a2 UDP3a.3j
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Router H Router H Router H Router }7
A A A A 10Mbps
UDP1a.lj UDP2a.2j UDP3a.3j UDP4a.4j

Cross-traffic Sour ces

Figure 11: The multiple congested link topology

5.2 Multiple congested links

UDP Na.Nj

Main Sink

The second set of simulations is run with the topology shown on figure 11. The purpose of
these simulations is to evaluate the robustness of these mechanism when the flows traverse
more than one congested link. 10 CBR sources send at 2 Mbps on each of the congested
links. All this cross traffic enters the path in one of the router and exits at the next. The
main source is a TCP source (figure 12a) or a UDP source (figure 12b) sending at its fair

share rate (909Kbps).
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Figure 12: Normalized throughput of a TCP (a) or UDP (b) connection going through
N=1..9 congested links. Cross traffic are CBR sources sending at twice the fair share rate.

The first simulation with a TCP connection shows once more that 7UF and CSFQ are
comparable, and DRR performs slightly better. However, T UF seems to perform better
than CSFQ as the number of congested links grows. RED and FIFO routers do not enable
the TCP connection to achieve a significant throughput. In the second simulation, the main
UDP source is absolutely not affected by the cross traffic, and achieves perfect fairness in all
three scenarios (DRR, CSFQ, and TUF ), whereas RED and FIFO are unable to maintain
a significant throughput.

5.3 Bursty cross traffic

The third set of simulations is run on the same topology (figure 11). The CBR sources
that formes the cross traffic are now replaced with ON/OFF sources. The burst (ON) and
idle (OFF) time periods are both exponentially distributed with the same average chosen
between 5ms and 1s. The cross traffic’s average intensity is the same than for the previous
set of simulations : the UDP ON/OFF sources send at 4 Mbps during the ON period.

As the ON/OFF time periods reach the critical 100ms, the performances of CSFQ are
seriously affected (Figure 13). Figure 14 shows us the congestion window size and the losses
for the TCP connection going through 3 congested links, both for CSFQ and 7TUF . The
average burst and idle times equal 200ms. We observe that burst of losses occur for CSFQ
and not for 7UF . Indeed, when the cross traffic intensity increases, the fair share decreases
and the TCP connection is using more bandwidth than it deserves. CSFQ reacts by dropping
bursts of packets, to adjust the output rate to the fair share rate. This impacts dramatically
on the performance of TCP. On the other hand, 7UF drops just one packet, and TCP
reduces its throughput on its own once it detects the loss.
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Figure 13:

Average burst/idle time of ON/OFF sources (in seconds)

Normalized throughput of a UDP (a) or TCP (b) connection going through 3 or

5 congested links. Cross traffic are on/off sources whose burst and idle time vary between
5ms and 1s. The average rate of these sources is twice their fair share.
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Figure 14: Congestion window size and losses for the TCP connection going through 3 links.

Average burst and idle time equal 0.2s.
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6 Conclusion

In this paper, we presented TUF , a Tag-Based Fair Queueing for both responsive and
unresponsive flows. This scheme enables us to do fair bandwidth sharing among flows of
different types, such as TCP and greedy UDP flows, without requiring flow-state in the
high-speed backbone routers. Packets are tagged at the edge of the network, or at the
source, with a value that represent the minimum fair share rate a router must support to
forward the packet. The queueing discipline in the 7 UF router is very simple and consists
in dropping the highest tag value when the queue is full. This behaves as a bufferless filter,
that lets through packets with tag below a threshold K. We simulated 7UF , and it achieves
approximately fair bandwidth sharing, as CSFQ or DRR. However, it provides better fairness
than CSFQ in bursty environments, especially for TCP flows, since it adapts specifically to
any form of responsive flow whose throughput can be determined as a function of the loss
rate. We believe that, by its simplicity and efficiency, 7 UF is an interesting approach to
network oriented congestion control. We are currently working on a real implementation.
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