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Abstract— Most congestion control algorithms try to emulate
processor sharing (PS) by giving each competing flow an equal
share of a bottleneck link. This approach leads to fairness, and
prevents long flows from hogging resources. For example, if a set
of flows with the same RTT share a bottleneck link, TCP’s con-
gestion control mechanism tries to achieve PS; so do most of the
proposed alternatives, such as eXplicit Control Protocol (XCP).
But although they emulate PS well in a static scenario when all
flows are long-lived, they do not come close to PS when new flows
arrive randomly and have a finite amount of data to send, as is the
case in today’s Internet. Typically, flows take an order of magni-
tude longer to complete with TCP or XCP than with PS, suggest-
ing large room for improvement. And so in this paper, we explore
how a new congestion control algorithm — Rate Control Protocol
(RCP) — comes much closer to emulating PS over a broad range
of operating conditions. In RCP, a router assigns a single rate to all
flows that pass through it. The router does not keep flow-state, and
does no per-packet calculations. Yet we are able to show that un-
der a wide range of traffic characteristics and network conditions,
RCP’s performance is very close to ideal processor sharing.

Index Terms— Processor Sharing, Congestion Control, Flow
Completion Time, High Bandwidth-Delay Networks, Short Flows

I. INTRODUCTION

Congestion control algorithms try to share congested links
efficiently and fairly among flows. In the absence of informa-
tion such as the size, round trip time (RTT) and path of each
flow, it is natural to share a congested link equally among all
flows. In fact, if the routers in the Internet had unlimited buffer-
ing, and if it was simple to emulate Processor Sharing (PS), then
the solution to the congestion problem would be simple: Let a
source send data at maximum rate, and use a PS scheduler to
share link bandwidth equally among flows.

But routers have limited buffers, and per-flow scheduling is
non-trivial. And so congestion control algorithms send feed-
back to the source to limit the amount of traffic admitted into the
network, allowing simple FIFO queueing in the routers. Most
notably, TCP’s congestion control mechanism provides feed-
back by dropping packets (or through explicit congestion no-
tification); and is quite successful at emulating processor shar-
ing in a static scenario when a fixed number of flows have an
infinite amount of data to send.> But in practice flows arrive
randomly, and transfer a finite amount of data. Simple exper-
iments with ns-2 indicate that with typical Internet flow sizes,
TCP does not come close to emulating processor sharing. For

IWeassume here that all fows have the same RTT. TCP approximately shares

bandwidth as ﬁ where p isloss probability [1] and K is a constant.
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Fig. 1. The top plot shows the average fow duration verses fow size un-
der TCP and XCP from a simulation with Poisson fow arrivals, fow sizes are
Pareto distributed with mean = 30 pkts (1000 byte/pkt) and shape = 1.4, link-
capacity = 2.4 Ghps, Round Trip Time = 100 ms, offered load = 0.9. The
bottom plot shows the the number of active fows verses time. In both plots the
PS values are computed from analytical expressions.

example, Figure 1 compares TCP with ideal PS (as well as XCP,
which we’ll discuss shortly). The top plot compares the mean
duration of flows (how long they take to complete) as a function
of flow size. The values for PS are derived analytically, and
show that flows would complete an order of magnitude faster
than for TCP.

There are several reasons for the long duration of flows with
TCP. First, it takes “slow-start” several round-trip times to find
the fair-share rate. In many cases, the flow has finished be-
fore TCP has found the correct rate. Second, once a flow has
reached the “congestion-avoidance” mode, TCP adapts slowly
because of additive increase. While this was a deliberate choice
to help stabilize TCP, it has the effect of increasing flow du-
ration. We’ll see later that we can design stable congestion
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control algorithms that don’t require additive increase. A third
reason TCP flows last so long is because of buffer occupancy.
TCP deliberately fills the buffer at the bottleneck, so as to ob-
tain feedback when packets are dropped. Extra buffers mean
extra delay, which add to the duration of a flow.

Our plots also show eXplicit Control Protocol (XCP) [2].
XCP is designed to work well in networks with large
bandwidth-delay products. The routers provide feedback, in
terms of incremental window changes, to the sources over mul-
tiple round-trip times, which works well when all flows are
long-lived. But as our plots show, in a dynamic environment
XCP can increase the duration of each flow even further rela-
tive to ideal PS, and so there are more flows in progress at any
instant.

The goal of our work is to identify a simple and practical
congestion control algorithm that emulates processor sharing
irrespective of flow size distributions and network conditions.
Our approach is very different from TCP and XCP. Instead of
incremental window changes in every round trip time, we want
to know if there is an explicit rate that the router can give to
the flows so as to emulate processor sharing. Furthermore,
we would like to achieve this without per-flow state, per-flow
queues, or per-packet calculations at the routers.

Il. RATE CONTROL PROTOCOL (RCP): AN ALGORITHM
TO ACHIEVE PROCESSOR SHARING

A. Picking the Flow Rate

We’re going to address the following question:

Is there a rate that a router can give out to all flows, so as to
emulate processor sharing?

If the router has perfect information on the number of ongoing
flows at time ¢, and there is no feedback delay between the con-
gested link and the source, then the rate assignment algorithm
would simply be:

where R(t) is the rate given out to the flows by the router at
time ¢ 2and C is the link capacity. But the router does not
know N(t) and it is complicated to keep track of. And even
if it could, there is a feedback delay and so by the time R(t)
reached the source, N(¢) would have changed. So, we propose
that the routers have an adaptive algorithm that updates the rate
assigned to the flows, to approximate processor sharing in the
presence of feedback delay, without any knowledge of the num-
ber of ongoing flows. RCP is a particular heuristic designed to
approximate PS. It has three main characteristics that makes it
simple and practical:

1) The flow rate is picked by the routers based on very little
information (the current queue occupancy and the aggre-
gate input traffic rate).

2) Each router assigns a single rate for all flows passing
through it.

3) The router requires no per-flow state or per-packet calcu-
lations.

2The sources are informed at what rate to transmit. We will shortly see how
thisis done.

B. The Algorithm

The basic RCP algorithm operates as follows.

1) Every router maintains a single fair-share rate, R(t), that
it offers to all flows. It updates R(¢) approximately once
per RTT.

2) Every packet header carries a rate field, R,. When trans-
mitted by the source, R, = oo. When a router receives
a packet, if R(t) at the router is smaller than R, then
R, < R(t); otherwise it is unchanged. The destination
copies R, into the acknowledgment packets, so as to no-
tify the source. The packet header also carries an RTT
field, RTT),, where RTT, is the source’s current estimate
of the RTT for the flow. When a router receives a packet
it uses RT'T), to update its moving average of the RTT of
flows passing through it, do.

3) The source transmits at rate 12,,, which corresponds to the
smallest offered rate along the path.

4) Each router periodically updates its local R(t) value ac-
cording to Equation (1) below.

Intuitively, to emulate processor sharing the router should of-
fer the same rate to every flow, try to fill the outgoing link with
traffic, and keep the queue occupancy close to zero. We want
the queue backlog to be close to zero since otherwise if there
is always a backlog then at any instant, only those flows which
have their packets in the queue get a bandwidth share, and the
other flows don’t. This does not happen in ideal PS where at
any instant every ongoing flow will get it’s fair share®. The
following rate update equation is based on this intuition:

_ [a(C - y(t)) — BLL)
R(t) = R(t — do) + 0 (1)

where dy is a moving average of the RTT measured across all
flows, R(t — do) is the last updated rate, C'is the link capac-
ity, y(¢) is the measured input traffic rate during the last update
interval (dg in this case), ¢(t) is the instantaneous queue size,
N (t) is the router’s estimate of the number of ongoing flows
(i.e., number of flows actively sending traffic) at time ¢ and «,
[ are parameters chosen for stability and performance.

The basic idea is: If there is spare capacity available (i.e.,
C — y(t) > 0), then share it equally among all flows. On the
other hand, if C' —y(t) < 0, then the link is oversubscribed and
the flow rate is decreased evenly. Finally, we should decrease
the flow rate when the queue builds up. The bandwidth needed
to drain the queue within an RTT is %. The expression a(C —

y(t)) — ﬁ% is the desired aggregate change in traffic in the

next control interval, and dividing this expression by N(t) gives
the change in traffic rate needed per flow.

RCP doesn’t exactly use the equation above for two reasons.
First, the router can’t directly measure the number of ongoing
flows, N (t), and so estimates itas N (t) = %. Second, we
would like to make the update rate interval (i.e., how often R(¢)
is updated) a user-defined parameter, 7.* The desired aggregate

3 Assuming a flid model for simplicity.

4Thisisin case we want to drain afi lling queue more quickly than once per
RTT. The update interval is actualy min(T, do) since we want it to be at least
equal to RTT.
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Fig. 2. Comparison of the number of measured active flows and the estimate
(C/R). Bottleneck capacity, C' = 10Mb/s, RTT = 50ms, fow arrival rate = 400
flows/sec, and flow sizes are Pareto with mean = 25 pkts (1000 byte/pkt) and
shape parameter is 1.2.

change in traffic over one average RTT is o(C' — y(t)) — %?,
and to update the rate more often than once per RTT, we scale
this aggregate change by T'/dy. And, N(t) = C/R(t - T).
Then the equation becomes:

R(t)

Rit—T)[1+ %

C. Understanding the RCP Algorithm

1) How good is the estimate N = C/R?: When the router
updates the rate, it knows precisely the spare capacity and the
gueue size it needs to drain. So the accuracy of the algorithm
depends on how well C// R estimates N (¢).

In the simplest scenario with only long-lived flows, C/R
converges to the correct number of flows, N. An example is
shown in Figure 19 where 20 flows start at time ¢ = 0 and 20
more flows start at time 40, and 20 flows complete at time 100.
In each case, C/ R converges to N(t). The values of o and
only affect the rate of convergence; we’ll examine the stability
region for « and g shortly.

When flows are not long-lived, C// R can still be a good es-
timate of the number of active flows. In particular, when flows
correspond to current Internet conditions (Poisson flow arrivals,
pareto flow size distributions, and mean flow size E[L] is close
to or greater than bandwidthxRTT), then C/R is a good esti-
mate. It is a smoothing estimate since flows arrive and depart
quickly and N (t) changes rapidly. An example of this case is
shown in Figure 2.

When E[L] <« bandwidth x RTT, most of the flows fit in the
bandwidth-delay “pipe” and most do not have sufficient data to
send for an entire round trip. In this case C'// R(t) represents an
“effective” number of flows, N.(¢t) < N(t), where each flow
has at least a round trip time worth of data to send. Underesti-
mating the flows (and hence increasing the rate for each flow)
is actually the right thing to do because when each flow has less
than an RTT of data to send, giving exactly C/N(t) to each
flow means the pipe will never be filled.

But, what if some of the flows are bottlenecked elsewhere
and cannot send in traffic at rate R. For example if N; flows are
bottlenecked at a certain node and N5 flows are bottlenecked
elsewhere and are arriving at rate, R, less than their fair share
i.e. Ry < C/(Ny 4+ Ns). Inthis case, the rate R in RCP will
be such that RN; + RoN, = Cie. R = 0%121‘]2. In other
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Fig. 3. Long flows achieve max-min fair under RCP: 8 flows (Group A) start
att =0, and 4 fows (Group B) join at ¢ = 40 and leave at ¢ = 100. Group A
is bottlenecked at Link C and Group B is bottlenecked at Link B. The flbows
achieve their max-min fair rates.

words, RCP achieves max-min fairness. An example is shown
in Figure 3. From time, ¢ = 40 to 100, N, = 8 flows (Group A)
and N» = 4 flows (Group B) share the bottleneck of 400 Mbps
(Link C). Group B flows are bottlenecked at Link B of 80 Mbps.
As seen in the bottom figure, the flows achieve their max-min
fair rates. In this case, C//R is an estimate of N, + 6 N> where
8 = Ry /R. This is exactly what is desired if we want max-min
fairness.

2) Handling Packet Losses: RCP retransmits lost packets
just like TCP. Losses were rare events for RCP in all our simu-
lations, which is not surprising since RCP drives the queue to-
wards empty. A queue only builds up because of the short term
“mistakes” in rate estimation, resulting from the feedback delay
and the small amount of information the algorithm is working
with. Although the current form of RCP in Equation (2) does
not explicitly account for losses, we note that it can easily do so
by replacing ¢(t) with ¢(¢)+ (number of packet losses in inter-
val T') — i.e. this would have been the queue we wanted to drain
if we had enough buffering to accept the lost packets.

RCP’s control is robust and stable even when packets are lost.
If, for example, ACKs are lost, then rate feedback information
is delayed. This is equivalent to increasing the feedback delay
(or round trip time in the network). We will see in Section I11
that RCP’s control is robust to increasing round trip delay.

3) Stability and Convergence: Stability of RCP depends on
it’s parameters o and 5. We can think about RCP stability under
the following two very different regimes:

1) Deterministic scenario of long-lived flows: In this sce-
nario with NV long-lived flows the equilibrium state of the RCP
system is: R, (equilibrium rate) = C/N and g, (equilibrium
queue) = 0. We find that, if perturbed, the system will return
to stability so long as «, 8 are within the stable region shown
in Figure 4. There are two regions shown in the figure: a) The
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Fig. 4. Region enclosed by the solid curve is the stability region obtained
via Bode and Nyquist analysis. The region to the left of the’ — #/ line is the
stability region of the non-linear system obtained from simulations and phase
plane method.

stable region obtained by Bode and Nyquist analysis of the lin-
earized system. Details of the linear stability analysis are given
in section V. b) Stable region of the non-linear system. The
real system is non-linear in nature, the most important one be-
ing the queue saturation at ¢ = 0. In general while doing the
stability analysis of congestion control protocols such as TCP,
this non-linearity is ignored since the equilibrium point is away
from it. The same is not true of the RCP system. Shown in
Figure 4 is also the stable region obtained by simulations and
phase portraits of this nonlinear system. Using tools from non-
linear control theory, we obtained a precise characterization of
the non-linear stable region and it matches well with our simu-
lated region. The details of the non-linear analysis can be found
at [8].

The two key points of the stability analysis are: First, the de-
rived stability conditions for («, ) guarantee global stability in
the sense that irrespective of the initial conditions, (Ro, qo), the
system always converges to the equilibrium point; and second,
we can make the system stable by choosing « and 3 indepen-
dent of link RTT, capacity and number of flows. Although these
results are proved to hold true incase of a single bottleneck link,
our simulations indicate that they also hold true in a network
scenario with multiple bottlenecks.

2) Stochastic scenario with random flow arrival times and
flow sizes: In this case, convergence of R(t) in the same sense
as for long-lived flows is less meaningful because the input con-
ditions are changing. Further, as discussed before we do not al-
ways want R(t) to be equal to C/N(t) exactly: If N (t) is very
large but each of the flows has very little traffic to send (less
than a RTT) then we actually want to underestimate N (¢) and
thereby give a higher rate to each flow, since if we give C/N (¢)
exactly to each flow we will never fill up the link.

What would be more meaningful would be convergence in
the stochastic sense like E[N (¢)] (mean number of flows) and
E[D(1)] (mean flow completion time for flow of length ) con-
verge to finite equilibrium values. Proving such a result rig-
orously is a notoriously hard problem specially for non-linear
delayed feedback systems such as RCP. The same is true for
TCP, XCP and other algorithms. A large number of simulations
indicate that under a variety of dynamic situations (like differ-
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Fig. 5. The fi gure shows the normalized rate, R(t)/C versus time for Pois-
son fow arrivals with pareto distributed flow sizes. Bottleneck capacity, C' =
150 Mb/s, RTT = 100ms, offered load = 0.7, mean fow size = 30 pkts (1000
byte/pkt) and shape parameter is1.2. Initiad rate, R(0) = 0.05C. R(t) sweeps
over it's entire range depending on the input conditions.

ent flow arrival distributions, different flow size distributions,
offered load, link capacities, round trip times...) RCP’s perfor-
mance in terms of E[N (¢)] and E[D(l)] converges to that under
ideal processor sharing for a wide range of (a,8) > 0. These
simulations are shown in section Il1.

The convergence of RCP’s performance measures E[D(1)]
(and E[N(t)]) to that of processor sharing is independent of the
initial value of R(t) chosen. The simulations support this. For
any particular simulation we observe that R(t) sweeps over the
entire space (min-rate, link-capacity), depending on the condi-
tions on the link. Any point could have been the starting point
of the experiment. An example to illustrate this is shown in
Figure 5. Notice that R(t) takes a wide range of values de-
pending on the input conditions. Starting with different initial
values of R(t) will give different sample paths of the stochastic
processes N (t) and D(l), but the key point is the underlying
statistical properties E[N (t)] and E[D(l)] converge to that in
processor sharing.

Given that the algorithm is stable for a wide range of
(o, 8) > 0, we picked those values for the RCP system to
maximize performance for a wide range of traffic and network
conditions.

4) Round Trip Time Estimation: Every packet passing
through the router carries the source’s estimate of it’s RTT. The
router uses this to update the moving average, dg, as follows:

do = gain X RTTpacket + (1 — gain) x dé‘”t

where gain = 0.02. The running average gives an estimate of
the average RTT across all packets passing through the router.
This skews the RTT estimate towards flows which have a larger
number of packets. This is what is desired since the flows with
a large number of packets will last many RTTs and will deter-
mine the stability of the control loop. The control loop stability
depends less on the short flows which finish within one or just
afew RTTs.

We find from our large number of simulations that RCP is ro-
bust to the RTT distribution of the flows. An example is shown
in section I11-C.3 where flows with RTT ratios up to two orders
of magnitude co-exist on a single link and RCP successfully
emulates processor sharing.

5) Comparison with XCP: Both XCP and RCP try to emu-
late processor sharing among flows, which is why their control
equations are similar. The manner in which they converge to PS
is quite different; the main difference between XCP and RCP is
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in the kind of feedback that flows receive. XCP gives a window
increment or decrement over the current window size of the
flow (which is small for all newly starting flows). At any time
XCP flows could have different window sizes and RTTs and
therefore different rates. XCP continuously tries to converge
to the point where all flows have the fair-share rate, by slowly
reducing the window sizes of the flows with rates greater than
fair-share and increasing windows of the flows with rates less
than fair-share (while avoiding over-subscription). New flows
start with a small window, and the convergence could take sev-
eral RTTs especially if there is little or no spare capacity. If the
flows arrive as a Poisson process with heavy-tailed flow sizes,
then most of the flows finish by the time they reach their fair
share. In RCP, all flows (new and old) receive the same rate
feedback which is their equilibrium rate. This helps flows finish
quickly. We will see in Section 11 that this difference between
RCP and XCP contributes to a big difference in their perfor-
mance.

XCP is computationally more complex than RCP since it
gives different feedback values to each flow, and involves mul-
tiplications and additions for every packet. RCP maintains a
single rate for all flows and involves no per-packet computa-
tion.%

D. RCP for the Internet

This is an outline of how RCP can be implemented in the In-
ternet. We assume that — as with TCP — flows continue to have
the connection set-up phase to establish state at both ends of the
connection. This allows the initial rate to be calculated during
the initial handshake by piggy-backing on the SYN and SYN-
ACK messages. This is very important for short-lived flows,
which could last less than one RTT. Current feedback-based al-
gorithms don’t work well for short-lived flows, yet most flows
in the Internet are of this type [3]. An example of the RCP
startup mechanism is illustrated in Figure 6. The SYN message
sent by the source indicates the rate at which it wants to send
the flow (which could be infinite). As detailed in the last sec-
tion, each router maintains a single rate, R(t), that it assigns
to all flows. As the message passes through the network, if the
current rate R(t) at a router is lower than the value in the SYN
packet, the router overwrites it. When the SYN packet reaches
its destination, it has the lowest rate corresponding to the most
congested link along the path. This value is sent back to the
source in the SYN-ACK message to set the starting rate. When
the flows last longer than an RTT then they are periodically and
explicitly told a new rate by the network. This rate is piggy-
backed on the data and the ACK messages.

I1l. RCP PERFORMANCE
A. Simulation Setup

In this section we study RCP’s performance using ns-2 [4]
(\Version 2.26) augmented with RCP end-host and queue mod-
ules.

5The router uses the RTT information in the packets to update its RTT esti-
mate — our stability analysis and simulations indicate that it is suffi cient for the
router to have a “rough” estimate of the feedback delay, and so it can even just
sample afew packets and update its estimate of RTT.

Router 2 Receiver
EZ

Rate=5Mb/s {

Rate=5Mb/s ‘

ek | Rate=SMb/s

Sender Router 1
. Rate=10Mb/s

Fig. 6. The sender sets the desired rate in the SYN packet, and a router can
overwrite this rate if the current rate R that it can give out is lower then the
desired value. The receiver then sends back the rate in the SYN-ACK packet.
If the flow lasts longer than one RTT, the subsequent rates are piggy-backed on
the data and ACK packets.

We compare the performance of RCP with processor shar-
ing, TCP and XCP. We are primarily interested in the average
flow completion time (AFCT).® Flow completion time (FCT)
is defined as the time from when the sender sends a SYN
packet until the receiver receives the last packet of the flow,
i.e. FCT =1 RTT for the connection set-up plus the dura-
tion of the data transfer. For elastic flows this is arguably the
most important performance metric. We will use RTPD to
abbreviate round-trip propagation delay. AFCT is the aver-
age of FCT over all flows for the simulation run. Note that
AFCT > 1.5RTPD + % This is because (ignoring queue-
ing delay) the minimum FCT for any flow of size L is: 1 RTPD
for SYN/SYN-ACK and (1/2 RTPD + L/C) for the data trans-
fer. The analytical expression for FCT of a flow of size L under
processor sharing is [5]:

_ L
C1-p)

where p is the offered load and C is the link capacity. We will
use Equation (3) to compute the PS values for our simulation
setups. As secondary measures, we are also interested in the
link utilization, and the average number of ongoing or active
flows — which in PS can be simply computed by Little’s Law:
E[N] = X x FCTpg where X is the flow arrival rate.

We assume the usual rule-of-thumb that a router’s queue
equals the bandwidth-delay product, i.e., link capacity multi-
plied by maximum RTPD of flows passing through it [6]. We
also assume that packets are dropped from the tail of the queue.
Our simulations are run until the performance measures con-
verge. In all simulations so far, we have not seen any packet
drops with RCP and XCP. There are packet drops with TCP.

Equation (2) is the rate update equation used in the RCP
router. The RCP parameters are: Control period, T' =
min(10ms, RTT) and o = 0.1, = 1.0. For TCP, we used
TCP Reno module in ns-2 with an initial window size of two
packets. The ns-2 implementation of XCP (Version 1.1) is pub-
licly available [7], and the parameters are set as in the paper [2].

All data packets are 1000 bytes and the control packets
(SYN, SYN-ACK, FIN) are 40 bytes. It is known that the ses-
sion arrivals can be accurately modeled as Poisson and that the

FCTpg = 1.5 RTPD + ©)

SWe will use the term “flow” here to represent the packets corresponding to
aparticular application flow.
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Fig. 7. AFCT for different fow sizeswhen C' = 2.4 Gb/s, RTPD=0.1s, and
p = 0.9. Flows are pareto distributed with E[L] = 25 pkts, shape=1.2. The
top plot shows the AFCT for flow sizes 0 to 2000 pkts; the middle plot shows
the AFCT for fow sizes 2000 to 10 4 pkts; the bottom plot shows the maximum
flow completion time among all fows of the particular size.

flows within a session could be bursty in nature [9]. However it
is reasonable to suppose that flows arrive as a Poisson process,
which would be the case when they correspond to a large num-
ber of independent sessions [1]. Unless otherwise mentioned
we will assume that flows arrive as a Poisson process with rate
A and flow sizes are pareto distributed [3], [9]. The offered load
onalinkis p = AE[L]/C. In our simulations we vary each of
the following parameters — p, E[S],C, RT PD, flow size dis-
tribution, arrival process distribution — while keeping the rest
constant, and observe how RCP, TCP and XCP compare with
PS when a network or traffic parameter is varied from one ex-
treme to the other.

B. When Traffic Characteristics Vary

In this section our goal is to find out if RCP’s performance
is close to PS under different traffic characteristics. All simula-
tions in this section are done with a single bottleneck link in the
network.

1) Average Flow Completion Time vs. Flow Size: In this
section we will observe the AFCT of RCP, XCP and TCP for
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Fig. 8. AFCT for different fow sizes when C=0.15 Gh/s, RTPD=1.6s, and
p = 0.9. Flows are pareto distributed with E[L] = 25 pkts, shape = 1.2.
The top plot shows the AFCT for flows sizes 0 to 2000 pkts; the middle plot
shows the AFCT for flow sizes 2000 to 6000 pkts; the bottom plot shows the
maximum flow completion time among all fows of the particular size.

an entire range of flow sizes in two particular simulation se-
tups. These setups are chosen to represent high bandwidth-
delay product (C' x RTPD) networks, since this is the scenario
that often differentiates the performance of protocols. In both
setups flow sizes are pareto distributed.

e Setup 1: C' = 2.4 Gbps, RTPD =100 ms, p = 0.9
AFCT is plotted against flow size in the top two graphs of Fig-
ure 7. The AFCT of RCP is close to that of PS and it is always
lower than that of XCP and TCP. For flows up to 2000 pkits,
TCP delay is 4 times higher than in RCP, and XCP delay is as
much as 30 times higher for flows around 2000 pkts. Note the
logscale of the y-axis.

With longer flows (> 2000 pkts), the ratio of XCP and RCP
delay still remains around 30, while TCP and RCP are similar.
For any fixed simulation time, not only was RCP better for the
flows that completed, but it also finished more flows (and more
work) than TCP and XCP.

The third graph in Figure 7 shows the maximum delay for a
given flow size. Note that in RCP the maximum delay experi-
enced by the flows is also very close to the average PS delay.
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With all flow sizes, the maximum delay for RCP is smaller than
for TCP and XCP. TCP delays have high variance, often ten
times the mean.

e Setup 2: C' =150 Mbps, RTPD =16, p=0.9
AFCT is plotted against flow size in the top two graphs of Fig-
ure 8. Once again, the AFCT for RCP is always lower than for
TCP and XCP and is close to the PS delay for all flow sizes.
TCP’s delay is about five times higher than RCP, while XCP is
20 times higher.

The third figure shows the maximum delay for all three al-
gorithms, and again TCP has the highest delay variance. RCP’s
mean and maximum are close.

The results above are representative of the large number of
simulations we performed.

Now let’s see why these protocols have such different delays.
RCP vs. TCP: In both figures, 7 and 8, the TCP delay for most
flows follows the Slow-start curve. The delay in TCP slow-start
for a flow of size L is [log2(L + 1) + 1/2] x RTPD + L/C
(excluding the queueing delay). With RCP the same flows get
a jump-start because the routers set a higher initial rate close to
what they would have gotten with PS. Hence their delay is close
to PS. This is clear from the time evolution of a typical flow, as
shown in Figure 9 (top plot).

Next, consider the TCP flows which deviate from the Slow-
start curve. These flows experienced at least one packet drop in
their lifetime and entered the additive increase, multiplicative
decrease (AIMD) phase. Once a flow is in the AIMD phase,
it is slow in catching up with any spare capacity and therefore
lasts longer than it needs to. RCP on the hand is quick to catch
up with any spare capacity available and flows finish sooner.
An example of the time evolution of a flow is shown in Figure 9
(bottom plot).

RCP vs. XCP: The time evolution of XCP for two sample
flows is shown in Figure 9. XCP is slow in giving bandwidth to
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Fig. 10. Comparison of AFCT as the mean fow size increases. Flows are

pareto distributed with shape 1.2 and the mean flow size varies as shown on

x-axis. C = 2.4 Gb/s, RTPD = 0.1sand p = 0.8. The top plot shows the
AFCT for fows with < 7000 pkts vs. mean flow size; the bottom plot shows

the AFCT for larger fows (> 7000pkts) vs. mean fbow size.

the flows, giving a small rate to newly starting flows. It grad-
ually reduces the window sizes of existing flows and increases
the window sizes of the new flows, making sure there is no
bandwidth over-subscription. It takes multiple RTTs for most
flows to reach their fair share rate (which is changing as new
flows arrive). Many flows complete before they reach their fair
share rate. In general, XCP stretches the flows over multiple
RTPDs, to avoid over subscribing the link, and so keep buffer
occupancy low. On the other hand, RCP tries to give the equi-
librium rate to every flow based on the information it has so far,
at the expense of temporary bandwidth over subscription.

2) When mean flow size increases: Figure 10 compares
AFCT when mean flow size gets longer. Flow sizes are pareto
distributed and the mean flow size is varied from 30 pkts (equals
Tos5 - C - RTPD) to 30,000 pkts (equals C - RT PD). The top
plot shows the AFCT averaged over flows with < 7,000 pkts
and the bottom one is for flows > 7,000 pkts.” There are two
points to take away from the graph:

1) The AFCT of RCP is close to PS irrespective of the mean

flow size

2) The performance of XCP and TCP is reversed as the

mean flow size increases: For small flows, XCP performs
far worse than TCP — see bottom plot of Figure 10. As
flows get larger, XCP’s performance gets closer to PS
while TCP deviates further from it.

XCP vs. TCP: The reversal in performance of XCP and TCP
is also clearly illustrated in Figure 11. The top plot shows a
snap shot of the AFCTs for E[L] = 30 pkts and the bottom
two plots are for E[L] = 30000 pkts. In the bottom plot the

"We consider these two different ranges because, with a Pareto distribution,
there are many more short flows than long fows. Just taking the average AFCT
over dl fowsis more representative of the short flows than the long flows.
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AFCT of TCP flows is more than an order of magnitude higher
than in PS — this is due to the well known problem with TCP
in high bandwidth delay product environments [10] i.e., long
flows are unable to catch up with spare bandwidth quickly after
experiencing a loss. XCP and RCP are both close to PS. On
the other hand, for small flows, XCP’s performance is worse
than TCP’s because XCP is conservative in giving bandwidth
to flows, especially newly starting flows. This unnecessarily
prolongs flows and so the number of active/ongoing flows be-
gins to grow. This in turn reduces the rate of new flows, and so
on. Our many simulations showed that new flows in XCP start
slower than with Slow Start in TCP.

We will see next that this phenomenon is not specific to
Pareto distributed flows, but happens with other distributions
as well.

3) Different flow size distributions: We simulated RCP, TCP
and XCP under several different flow size distributions and for
different parameters of each distribution. Due to space con-
straints we are only able to present a small sample here. We
chose three distributions — uniform, exponential and Pareto
— to represent super exponential-tailed, exponential-tailed and
heavy-tailed distributions. Figures 12, 13, 14 and show the
AFCT and number of active flows for uniform, exponential and
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Pareto respectively. The take away point in all these plots is that
RCP follows PS closely independent of the flow-size distribu-
tion.

As noted before, because the mean flow size is small com-
pared to the bandwidth delay product, XCP has a large number
of active flows and an AFCT higher than TCP.8

4) Non-Poisson flow arrivals: Up until now we have only
considered the case when new flows arrive according to a Pois-
son process. In practice, “flash crowds” can happen due to a
sudden interest in a website, time of day, a particular set of
data, or just bad luck. While we can expect a sudden burst of
new flows to upset RCP — in particular, to temporarily upset
RCP’s estimate of N(¢) — RCP should recover and converge
to the new situation within a few RTTSs.

81n some of the simulations, not shown here, the number of active fows in
XCP was still growing when the simulation ended and did not converge to any
equilibrium point. We are investigating whether this is just because X CP does
not have any equilibrium point i.e. the system is stochastically unstable in the
sense of E[N] — oo or that it has an equilibrium but which is alarger number
than the simulation reached.

Our simulations suggest that this is the case. We simulated
RCP, TCP and XCP with bursty flow arrivals using a Pareto
distribution. Figure 15 shows one such example. Qualitatively,
our results are the same as we observed with Poisson flow ar-
rivals. Since we do not have an expression for PS under a
G//G /1 model, we compare the AFCT with its lower bound i.e.
1.5RTPD + L/C. RCP compares well with the lower bound
in all cases we considered.

5) As load increases: The results so far were for the case
when average offered load is at or below 90%. Figure 16 shows
the AFCT as the offered load is varied. The main observations
are:

1) The AFCT of RCP follows that of PS closely.

2) Under low loads and for large flows, TCP’s AFCT is as
much as fourteen times higher than PS (and RCP) but
improves with increased load. XCP on the other hand
has sufficient spare capacity under low loads so as not
to make all flows last many RTTs. On the other hand
XCP’s performance gets worse with an increase in load —
because with increased load, the system maintains more
active flows and hence increases flow duration.

We have seen such a switch in performance between XCP and
TCP once hefore in section 111-B.2 as the mean flow size in-
creases. We see that here again as the offered load increases.
A detailed plot is shown in Figure 17 under a different setting,
for a low offered load of 0.2 and in Figure 18 for a high offered
load of 0.94. Notice that XCP performs better than TCP on av-
erage under a low load regime and vice versa under a high load
regime. RCP’s performance is fairly independant of the offered
load.

6) Long-lived flows: RCP works well for long-lived flows,
as well as for a mix of flow lengths.

As an example, consider a single link bottleneck with C' =
150 Mb/s. The flows have RTPDs uniformly distributed from
20-200ms. Twenty flows start at ¢ = 0, then 20 more flows ar-
rive at t = 40s, and 20 flows finish at ¢ = 100s. Figure 19 shows
the time evolution of the rate factor y(¢t) = R(t)/C and the
measured utilization at the bottleneck link. In equilibrium, the
value of C'/ R exactly equals N; i.e. as expected, RCP shares
the bottleneck link fairly across all flows, and the link utiliza-
tion at the bottleneck is close to 100%.

C. When Network Conditions Vary

In this section we explore how well the congestion control
algorithms match PS under different network conditions. We
will vary the link capacity, round-trip times, and increase the
number of bottlenecks. In each case, we find that RCP matches
PS closely.

In the simulations that follow, flows arrive as a Poisson pro-
cess with pareto distributed flow sizes, E[L] = 25 pkts, shape
=1.2[3].

1) \[NLen link capacity increases: As link capacity increases,
the bandwidth-delay product increases, and so more flows can
potentially complete in fewer RTTs. Figure 20 shows the AFCT
for flows < 500 pkts and > 500 respectively, ° for link capac-
ities varying from 100 Mbps to 9.6 Gbps °. AFCT for RCP is

999.5% of fows have size < 500 pkts
1ORTPD and load are fi xed at 100 ms and 0.9 respectively for al simulations.
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Fig. 16. Comparison of RCP, TCP and XCP under different loads with C =
150 Mb/s and RTPD = 0.1s. The top two plots shows the AFCT vs. load and
the bottom plot shows the normalized average queue length vs. load.

always lower than for TCP and XCP, and is close to PS for any
link capacity. TCP and XCP require multiple RTTs to find the
rate for a flow, and so short flows are forced to last longer than
necessary. As link rates increase, the problem gets worse for
short flows.

For flows with fewer than 500 packets, flows last three times
longer with XCP than with RCP; and twice as long for TCP
than for RCP. For flows with more than 500 packets, flows last
30 times longer with XCP, and six times longer with TCP than
with RCP.

Figure 20 also shows the normalized queue sizes i.e. average
queue size divided by the product C' x RTPD. The normalized
queue size of RCP is 2% of the bandwidth-delay product for all
the link capacities and is smaller than that of TCP. XCP always
maintains a very small queue size.

2) When Round Trip Propagation Delay increases: Increas-
ing the path length also increases the bandwidth-delay product,
making it possible for flows to complete in fewer RTTs.

Figure 21 shows the performance for different RTPDs rang-
ing from 10 ms to 1.6 s, with a fixed C' = 150 Mb/s and p =
0.9.

Again, RCP flow duration is lower than for TCP and XCP,
and follows the PS line closely for all RTPDs. Flows with fewer
than 500 pkts last about 2.5 times longer with TCP and XCP
than for RCP. And flows with more than 500 pkts last four times
longer with TCP and thirteen times longer with XCP than with
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Fig. 17. Comparison of RCP, TCPand X CP under low offered load of p = 0.2,
C = 2.4 Gbls, RTPD = 0.1s, pareto fows E[L] = 300 pkts. The top plot
shows the AFCT vs. fbw size and the bottom plot shows the number of active
fows vs. time. XCP fi nishes fows faster than TCP under this low load regime.

RCP.

As with PS, RCP is robust to variations in propagation delay:
As RTPD increases, the AFCT of flows increases as 1.5 RTPD
— the first term in Equation (3); the queueing + transmission
delay is independent of RTPD in RCP, just as with PS.

3) Flows with different round-trip times: All three conges-
tion control schemes depend on feedback to adjust the window
size and/or sending rate. If different flows have shorter round
trip times, we do not want them to benefit at the expense of
others.

To explore this effect we simulated flows that share a com-
mon bottleneck link, but with different RTPDs. The round-trip
delay of the common bottleneck link is 0.01 s and its capacity is
640Mb/s. Arriving flows are classified into ten groups. Flows
in the same group have the same end-to-end RTPD, and each
group has an RTPD of 0.02, 0.04, ,.., 0.18, or 0.2s. All groups
have the same flow arrival rate and total p = 0.9.

Figure 22 shows the AFCT for these different groups of
flows. The x-axis is each group’s RTPD. For each RTPD, RCP
is close to PS, suggesting that RCP is not biased in favor of
flows with shorter RTPD. For a more explicit illustration of this
fact, Figure 23 shows the AFCT for two different groups of
flows. The top figure shows the AFCT for flows with RTPD of
0.02s (smallest value) while the bottom figure is for flows with
RTPD 0.2s (largest value). RCP seems robust to variations in
RTT and achieves close to the minimum AFCT for each of the
group of flows.
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p = 0.94, C = 2.4 Gbls, RTPD = 0.1s, pareto fows E[L] = 283.35 pkts.
The top and middle plot show the AFCT verses fow size and the bottom plot
shows the number of active fows verses times. TCP fi nishes fows quicker than
XCP under the high load regime.

4) When the reverse link is congested: So far the flows
encountered a single bottleneck link in the forward direction.
In this section the reverse link is also bottlenecked, allowing
us to observe any effect on flow completion times when the
ACKSs encounter congestion. Figure 24 shows the performance
of the three protocols when the forward and reverse links are
both loaded at 0.75. For comparison purposes Figure 25 shows
the corresponding performance when there is no reverse traffic.
The only way we can expect a reverse congested link to affect
the forward traffic is through the ACKs experiencing queueing
delay or being dropped. Since the queue sizes in RCP and XCP
are under control and are deliberately driven to zero, we can
expect the reverse congestion to have little or no effect on the
forward traffic. The results in Figures 24, 25 confirm this. TCP
on the other hand maintains large buffer occupancies resulting
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Fig. 21.  The comparison of RCP, TCP and XCP under different RTPDs,

C =150Mb/s, p =0.9. The top plot shows AFCT of flows with sizes < 500
pkts and the middle plot shows AFCT of flows with sizes > 500 pkts. The
bottom plot shows the normalized average queue size.
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in delayed or dropped ACKs. This results in increased timeouts
at the sender and eventually increased flow completion times.

TCP’s performance deterioration under reverse congestion is
further illustrated in Figure 26 where now there is a high of-
fered load of 0.95 on both forward and reverse links. We saw
in section 111-B.5 that under high loads TCP out performs XCP.
But in the presence of reverse congestion, TCP performs just as
poorly as XCP. Infact in this particular simulation with a high
load on both forward and reverse link, TCP and XCP appear
to be stochastically unstable in the sense that E[N(¢)] does not
converge. Unlike with TCP, XCP’s instability is probably just
due to the heavy offered load and has nothing to do with the re-
verse traffic. In case of RCP, the performance is slightly worse
than PS, nevertheless comparable to PS and stable.

A final example is shown in Figures 27, 28 with a heavy load
of 0.95 on the forward link and a light load of 0.2 on the re-
verse link. The results reiterate the observations made before
— for the heavily loaded link, the active number of flows in
XCP continually increases, TCP flows see a large variance in
the flow completion times, while RCP’s prformance is compa-
rable to PS. In case of the lightly loaded link, as was seen in
section 111-B.5, XCP performs better than TCP.

5) When there are multiple bottlenecks: While flows typ-
ically encounter only one bottleneck, it is possible for a flow
to encounter two or more. Figure 29 shows a topology with n
cascaded bottleneck links. Flows in group O traverse all the bot-
tleneck links, and flows in group i(i = 1, ..,n — 1) use only the
bottleneck link ¢. All the bottleneck links has the same capacity
C and the same delay, and all flow groups have the same arrival
rate A.

Here, we investigate the effect of increasing the number of
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Fig. 26. Comparison of RCP, TCP and XCP when both forward and reverse
link are bottlenecked. Offered load = 0.95, E[L] = 46 pkts, C = 2.4Gbps,
RTT = 0.2s. The top plot shows the AFCT versus fbow size and the bottom
plot shows the number of active flows over time. XCP and TCP appear to be
stochastically unstable. RCP's performance deviates slightly from PS but is
stable.

bottlenecked hops on flows in group 0. While fixing the RTPD
of flow group 0 at 0.2s, we increase the number of hops to one,
two, four, eight and observe how AFCT changes. The AFCT for
flow group 0 is plotted in Figure 30. RCP always achieves a de-
lay close to the lower bound irrespective of the number of hops.
The performance of TCP degrades as the number of hops in-
crease. We noticed that TCP flows have a greater chance of ex-
periencing losses when traversing through multiple bottlenecks,
and in general have a lower throughput.

The detailed plots of AFCT vs. flow-size as the number of
bottlenecked links increase are shown in Figure 31. Notice
how the performance of TCP degrades as the number of bot-
tlenecks increase; the AFCT of TCP gets farther away from the
Slow-Start curve as the flow passes through more bottlenecks.
This is because the probablility of a loss increases as a flow tra-
verses through multiple bottlenecks, and hence having a greater
chance of entering into AIMD phase.

RCP achieves max-min bandwidth sharing in the multiple
bottleneck case, and with multiple bottlenecks, flows complete
an order of magnitude faster with RCP than with TCP or XCP.

IV. STABILITY ANALYSIS

A desirable characteristic of any congestion control scheme
is that it is stable, in the sense that — under equilibrium load
conditions — it converges to some desirable operating behavior.
Significant research has lead to an understanding of the stability
region for TCP and other algorithms [31], [10].
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Fig. 27. Comparison of RCP, TCP and XCP when both forward and reverse
link are bottlenecked. Forward link: offered load = 0.95, E[L] = 46 pkts,
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In this section we derive the stability region of RCP for long-
lived flows. We find that we can choose RCP’s parameters,
so that the network is stable independent of the link capacity,
number of flows and round trip delay.

A. RCP System Equations

The RCP system is described by the following coupled non-
linear differential equations:

a(C — y(t) - ALY

R(t) = R(t-T) 0 ) @
y(t) = NR(t—do) (5)
dit) = do+ %t) (6)
Q(t) = [yt - Cl; q(t) > 0 (7)

= max[y(t) - C,0]; ¢(t) =0

where d(t) is the RTT of the flows at ¢. The rest of the symbols
are as we saw in Section I1-B.

B. Equilibrium and Linearization

Taking (R, q) as the state, the equilibrium point (R., g.) is
defined by R = 0 and ¢ = 0. So we get (Re,q.) = (£,0).
Because the rate update equation (4) is non-linear, we’ll first
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Fig. 28. Comparison of RCP, TCP and XCP when both forward and reverse
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Fig. 29. Multiple bottleneck topology. Flow group O traverses all the bottle-
neck links and the other group of fows (group 1,..,n-1) use only one bottleneck
link.

linearize the RCP rate update equation around the equilibrium
point. Note that Equation (7) for the queue evolution is nonlin-
ear as well. This equation has a discontinuity at the equilibrium
point, making it hard to deal with the nonlinearity. For now we
will ignore this non-linearity and approximate the queue evolu-
tion as:

q(t) =y(t) - C

We will come back to this nonlinearity later. The details of the
linearization steps are in Appendix I1, and lead to the following
linearized equations:

6¢(t) = NOR(t—do) 8)
SR(t) = —d%&R(t —do) — Nidgaq(t)
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where R = R — R, and dq = q — ¢, are perturbations around
the equilibrium point. Taking Laplace transform of the lin-
earized equations gives:

s6R(s) = —dgoe*SdoéR(s)—NidQ(Sq(s)
sdq(s) = Ne *P§R(s)

The block diagram of this feedback control system is shown in
Figure 32.

C. Bode Plot Analysis

We will now obtain the stability region of our system via
the Bode plot analysis. From Figure 32, the open loop transfer
function of the RCP system is:

asdg + B

—sdo
e

2 72

s2dg

G(s) = ©)
We can already see that the variables N and C' do not appear
above in the transfer function, which means that the system sta-
bility is independent of the number of flows and link capacity.
Let us then see if there is a region for « and g such that the
system is stable for any dp.

From Equation (9) the magnitude and phase of G(s) are given

by:

,32 + (wdoa)2

|G(Jw)| = (de)Q

(10)

—wdy + arctan(wa )—

LG(jw) = 3
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The stability criterion for the closed loop system is:

IG(w)| <1 at LG(jw) = - (11)

This stability criterion is true for systems where |G(jw)]
crosses the magnitude = 1 line only once. This is true for our
system. If w, is the frequency at which |G (jw)| = 1 and w, is
the frequency at which /G(jw) = —m, then the stabilty crite-
rion in Equation (11) is equivalentto w, < w, i.e.

1 [a?+ /ot +482
where w, is the solution of the equation:
d
d ; @ _ tan(wdyp) (13)

There is no closed form solution to the above equation. We need
the following condition for the existence of a non-zero solution
to Equation (13). See Appendix 11 for details on this.

o
3 >1
All that remains now is to solve for « and § satisfying Equa-
tions (12), (13) and (14). We did this in Matlab by first choosing
a; and g; satisfying (14), then solving (13) numerically for w,
and finally determining if inequality (12) is satisfied for the cho-
sen a; and 3;. Ifitis, then for these parameter values (a;, 3;)
the closed loop system is stable. Observe from (12) and (13)
that the term dy on both sides of the inequality gets cancelled
and hence the the system is stable for this («;, 5;), for every dy.
Continueing this way, we obtained the region («, 3) for which
the RCP system is stable for all N, C and dy. This is shown in
Figure 33.

(14)

D. The Nyquist Stability Analysis

In the last Section we obtained the stability region from the
Bode plot analysis. There are some conditions to be satisfied

16

for the Bode analysis to hold. Specifically, the stability crite-
rion, |G(jw)| < 1 at /G(jw) = —m, holds for systems where
|G(jw)| crosses the magnitude = 1 line once, the most com-
mon situation. However, there are systems when the |G(jw)|
crosses magnitude = 1 more than once. A rigorous way to re-
solve these ambiguities is to use the Nyquist stability criterion.
So, in this Section we will use the Nyquist criterion and confirm
the stability region obtained before.

Recall that the open loop transfer function of our system is
given by G(s) = e~%%(asdy + 3)/(sdy)?. The closed loop
transfer function is G(s)/(1 + G(s)). Therefore, the closed
loop roots are the solutions of 1 + G(s) =0 i.e.

d3s® + adge *% s + fe % =0 (15)

We will write d2s®> + adge *%s + Be *% = ( in the form

1+ 0‘28 = 0. This is given by:

1+ aidoe_mos =
d%s? + fe—sdo
i.e. b(s) = doe~*%s and a(s) = d2s® + Be~*%. Let Gy (s)
denote dg‘;gi_%. Then, the procedure for obtaining the sta-
bility region can be summarized as follows:
1. Fix a value of 3. Plot the nyquist plot of G4 (s)
2. Determine the number of unstable (i.e. Right Hand Plane)
poles of G (s) and call that number P.
3. Determine the region on the real axis where —é should lie
such that if V denotes the number of encirclements of — é then
N + P should be equal to zero. Z = N + P are the number of
unstable closed loop roots, and therefore we want Z to be equal
to 0. Note that, NV is negative if the encirclement of —L is in
anticlockwise direction and positive if in clockwise direction.
To draw the nyquist plot of G (s), we will use the Pade approx-
imation for e~#de 11, Substituting this in G1 (s) we get:

dg 3 _ dj 2
138° — 3+8° +dos
d3

Gl(s)_ 3 2
d d
ﬁ54+7083+(d%+/8% —#)S—I—ﬂ

Let’s go through the three steps above with an example. Let us
take 5 = 0.3. Now, we want to find the range of o for which
the system is stable. The nyquist plot of G1(s) is shown in
Figure 34 for 5 = 0.3. The value of d, taken does not mat-
ter, the plot does not change with do. G1(s) has two unstable
poles and so P = 2. Therefore, in order for Z to be equal
to 0 we need N = —2, which means —é must be encircled
twice in anticlockwise direction in the plot. The only region in
the plot where there are two anticlockwise enciclements is be-
tween points A and B shown in the figure. So the stable region
is —2.91 < —1 < —0.696 i.e. 0.3436 < o < 1.436 when
B = 0.3. And thus continueing, we can obtain the stable range
for « for every value of 8. When g is larger than about 0.55
there does not exist any value of « for which the system is sta-
ble. An example of such a nyquist plot is shown in Figure 35.
As can be seen, there is no region on the plot where there are
two anticlockwise encirclements, and hence we cannot get Z to
be equal to 0, and therefore the closed loop system will have
atleast one unstable pole for this value of 3.
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Fig. 35. Nyaquist plot of G1(s) when 8 = 0.6

The stable region obtained from the procedure above is shown
in Figure 36. The region obtained from the nyquist analysis
is shown in + signs, while that obtained from the Bode plot
analysis is shown in solid line. As can be seen, they match
well. Thus the nyquist criterion analysis confirms the region
that we obtained.

E. Stable Region

Let us now step back and understand why the stability region
looks like the way it does in Figure 36. Recall the RCP rate
update equation;

Tla(C =y (1)) — BLY] )

c
If there is spare capacity available then the role of « in the above
equation is to decide how much of this available capacity should

R(t) = R(t - T)(1 +

— do)> do)?
11, Sdo%(lf%‘F(slg) )/(1+%+(slg) )
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Fig. 36. Stable region obtained from Bode analysis and Nyquist analysis

be allotted to the flows in one round trip time. It is intuitively
clear that if « is large, say 10 for example, and if there is spare
capacity available then we are increasing the aggregate flow rate
by 10 times more than what is available. Obviously, this will re-
sult in an overshoot from the equilibrium rate, everytime there
is even a small § amount of spare capacity. So, it is not surpris-
ing that a cannot be indefinitely large. As seen in Figure 36,
there does not exist a stable region for a > 1.6.

The parameter 5 on the other hand determines the amount
that the aggregate incoming traffic should be reduced so that
any queue at the router can be drained. Given any stable value
of a,0 < a < 1.6, a large value of 8 only means that we are
being very aggressive in draining the queue. It is not intuitive as
to why this would lead to an unstable system and why 3 is lim-
ited to values < 0.55. The answer to this is that we did not take
into account the non-linearity in the queue size in Equation 7.
Without this non-linearity, it would mean that the queue length
can become negative as well. This explains why j is capped.

We hypothesize that the actual stability region (i.e. taking
the queue non-negativity into account) is larger and includes
the one obtained through the linearized model. The initial ev-
idence of this is from simulations. The set up is as follows: 5
long flows, all with the same round trip time, start at time 0.
Their equilibrium normalized rate is % = 0.2. 5 more flows
then start at time 40. Now, the equilibrium rate of the 10 flows
is 0.1. The original five flows then depart at time 100. This ex-
periment is done for every value of 0.1 < 8 < 1,0.1 < a < 2
in steps of 0.1. For each value of 8 we note the « that is the
onset of instability. For example in Figure 37 when g = 0.1,
the system does not stabilize for & > 1.6. In Figure 38, when
B = 0.4, the system is unstable from « = 1.3 onwards. And in
Figure 39, when 8 = 0.6, the system is unstable from a = 1.2
onwards. Note that in our linearized stability region, there is no
stable point for 8 = 0.6. The plots shown here are just a sample
of the simulations we did. The stable region obtained as above
is shown in Figure 40. It supports our hypothesis that the sta-
ble region of the non-linear system is larger than the linearized
system.



STANFORD HPNG TECHNICAL REPORT TR04-HPNG061604

0.1 b0.1
0.5 0.5

al1.2 bo.1

0.45 0.45
0.4 0.4
0.35 0.35
0.3 0.3

025 025
|

0.2 0.2 VV
0.15 0.15
0.1 0.1
o 50

0.05 0.05

al.6 bo.1
0.5 os

a2 bo.1

0.45 0.45

0.4 0.4

0.35 0.35

o3 o3
025 025 i
0.2 o2 il H‘
oas 0.as

01 01 \‘1

0.05 0.05

Fig. 37.
a>1.6

Long fow simulations for 3 = 0.1.

20.2 bo.4
o5 0.5

a1 bo.4

o.a5 4 o.a5
0.4 4 oa
0.35 4 0.35
os 4 os
025 1 0.25

0.2 0.2

0.15 4 0.15

0.1 4 0.1

0.05 4 0.05
50 100 150

a1.3 bo.4
0.5 0.5

al.4 bo.4

0.45 4 0.45

0.4 4 0.4
0.35 4 0.35

0.3 0.3
0.25 0.25
0.2 0.2
0.15 0.15
0.1 0.1

0.05 0.05

Fig. 38.
a>13

Long fow simulations for 3 = 0.4. The sytem is unstable for

F. Phase Plane Analysis

In this Section we will obtain the stability region of the RCP
parameters, taking into account the non-linearity in the queue
length equation. We will use a method called phase-plane anal-
ysis, which is used to solve and understand nonlinear control
problems. We will first give a brief introduction to this method.
The RCP system described by Equations (4) and (7), can be
written as:

R(t) f(R(t—T),R(t —do),q(t), N,C)

(16)

where f(.) and g(.) are non-linear functions. If we take R and
g as coordinates of a plane, then to each state of the system
there corresponds a point in this plane. As t varies, this point
describes a curve in the R — ¢ plane, indicating the history of
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the system dynamics. Such a curve is called a trajectory. The
geometrical representation of the system behaviour in terms of
trajectories is called a phase-plane representation of the system
dynamics. The initial condition determines the initial location
of a representative point on the trajectory. As time increases,
the representative point moves along the trajectory. A family of
such trajectories is called a phase-plane portrait.

We will now plot the phase-plane portraits of the RCP system,
and determine the stability region from these plots. The phase
portraits are generated by a C' program which given an initial
state (R, ¢) does a step- by-step evolution of the RCP system
state from Equations (4), (6), (5) and (7). Following is the set
up for obtaining the phase portraits:

C = 0.15Gbps, dg = 0.2s, T = 0.01sand N = 10 flows

The initial conditions are chosen to be: v;,;; = {0.5,0.1,0.01}
where + is the normalized flow rate i.e. v = %, and ginir =
{2- C - dy,0}. The trajectories are drawn for all combinations
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Fig. 41. Phase Portrait for o = 0.6 and 8 = 0.2

of (Yinit, @init). « and 8 vary from (0.1, 2) in steps of 0.1

For each value of («, ) we get a family of trajectories corre-
sponding to each of the initial conditions chosen. Note that the
equilibrium state of the system is (-y,q) = (0.1,0). So, for a
given (a, 8), if for any of the initial conditions the trajectory
does not finally end at the equilibrium state we can conclude
that this point does not lie in the stable region. Figures 41, 42
and 43 show some sample phase portraits. Figure 41 shows the
phase portrait for (e, ) = (0.6, 0.2). This point is well within
the linearized stability region and as seen in this Figure, all the
trajectories converge to the equilibrium point. Figure 42 shows
the phase portrait when («, 3) = (0.6,0.8), which is a point
outside the linearized stability region but within our hypothe-
sized stable region. Here too all the trajectories converge to
the equilibrium point. The top plot in Figure 43 shows phase
portrait for (a, 8) = (1.4,0.8), a point well outside the stable
region. The bottom plot in Figure 43 shows that for the initial
condition (Yinit, ginie) = (0.01,2- C - dy), the trajectory never
settles down at the equilibrium. It continuously keeps oscillat-
ing around the equilibrium point. The magnitude of these oscil-
lations only grow larger as we get farther away from the stable
region. Finally, Figure 44 shows the stabililty region obtained
from the phase-plane anlysis. The stable regions obtained from
the linearized analysis and simulations are also shown for the
purposes of comparison. As can be seen, the region obtained
from the phase-plane analysis matched well with that obtained
via the simulations.

The stable region in Figure 44 holds true for varying C, dg and
N. The range that we tried are:
C = {5.6Kbps,0.15Gbps, 2.5Gbps, 10Gbps, 1000Gbps }
do = {0.01,0.5,1,2}
N = {10,100, 1000, 5000}
Under all these varying conditions the stable region that we ob-
tained remained the same, as shown in Figure 44.

A part of the stability region of the non-linear system has also
been analytically derived using tools from non-linear control
theory and is the subject of a separate paper [8].
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V. RELATED WORK

The closest related work to RCP is the eXplicit Control Pro-
tocol (XCP) [2]; we have already seen the algorithmic differ-
ence between the two in section I1-C.5 and the performance
differences in Section I1l. Other related work includes:

e Statistical Bandwidth Sharing: There is a large effort to-
ward understanding how bandwidth in the Internet should be
shared in the presence of statistical traffic e.g. [1], [12], [13],
[14] so as to achieve different performance goals. Our work is
complementary in the sense that we are looking for simple, dis-
tributed algorithms that can possibly achieve these bandwidth
sharing objectives under a broad range of network scenarios.
This work has shown that we achieve insensitive bandwidth
sharing for a single bottleneck case with a simple algorithm.
We think that finding congestion control algorithms that can
achieve similar goals for any general network topology is inter-
esting future work.

¢ ATM ABR and Algorithms to achieve Max-min fair-
ness. Explicit rate based feedback is definitely not novel to this
paper, and has been proposed in the ATM ABR literature for
example [15]. Although these algorithms usually try to achieve
max-min fairness, they are very different from RCP. They either
have a low storage and implementation complexity but do not
achieve max-min fairness e.g. [16], [17], [18] or they achieve
max-min fairness using per-flow state information e.g. [19],
[21], [20]. In particular, we are not aware of any ATM ABR
algorithm which has been demonstrated to emulate PS under
a broad range of dynamic traffic and network conditions, and
without per-flow state.

MaxNet [22] is a recently proposed mechanism for achiev-
ing max-min fairness. The links update the congestion signal
sent to the sources as d;(t + 1) = d;(t) + oy (C; — yi(¢)). The
sources adjust their rates based on the maximum of all feed-
backs of links on their paths. Although the rates eventually
converge to max-min fair rates, MaxNet relies on the fact that
the flows last multiple round trip times. It is far from ideal in
a dynamic environment where most flows could finish within a
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few RTTs. MaxNet also differs from RCP in that it does not
explicitly try to drain the queue.

o Rate feedback to TCP: Jain et.al proposed QuickStart,
which is an enhancement to TCP to allow an initial rate to
be set, or an allowed initial congestion window, in the TCP
SYN packet [23]. They propose that a TCP host indicate its
desired sending rate in packets per second in the TCP SYN or
SYN/ACK packet and each router in turn could either approve
the specified rate or decrease it. Their proposal outlines the
framework (which is essentially the same as the startup phase
of RCP), but does not specify how the routers should pick this
initial rate. Explicit rate feedback from the routers to TCP is
also proposed in [24]. The rate feedback is mainly used to re-
duce TCP’s window size and the usual modes in which TCP
increases its rate — Slow Start and AIMD - still remain. As
with TCP, the resulting performance won’t be close to proces-
sor sharing.

e Variations of TCP: There are several proposals that change
TCP at the end-hosts without any changes at the routers [27],
[28], [29]. All of these address the problems with the Con-
gestion Avoidance mode in TCP in high bandwidth-delay net-
works, when all the flows are long lived. While these schemes
improve the performance of TCP-Reno in a static scenario with
long-lived flows, there is no reason to think they will emulate
PS under a wide range of dynamic network environments.

e TCP with scheduling algorithms: There have been pro-
posals to differentiate short and long TCP flows at the router to
improve the response times of short flows, by using schedulers
at the routers that give preferential treatment to the short flows.
While, we think this is a good approach, they do not however
change slow-start or AIMD, which are the primary causes of
long flow durations in TCP.

V1. CONCLUSION

TCP’s congestion control mechanisms work well in a static
network with only long-lived flows. With long lasting flows,
small mistakes in control do not lead to a big drop in perfor-
mance. This is no longer true in a dynamic environment with
random flow arrivals and arbitrary amounts of data to send. We
saw in this paper the unnecessary number of round trip times
taken by the TCP slow-start and AIMD algorithm to find the
fair-share rate. Often, the flow has finished before the fair-
share rate has been found. Unfortunately, making the network
faster doesn’t help, because the flow duration is dominated by
the propagation delay. The same is true for XCP.

It is the premise of this paper that it is better to design con-
gestion control algorithms to closely emulate processor sharing.
This way the algorithm scales naturally with link capacities,
RTTs and other network conditions. The performance is invari-
ant of the flow size distribution — so it won’t matter what mix
of flows applications generate. Flows will complete sooner for
a broad range of network and traffic conditions.

RCP is designed to be a practical way to emulate processor
sharing, and appears to come very close to doing so under a
broad range of conditions, and allows flow to complete much
faster than with TCP or XCP.
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APPENDIX |
SIMULATION EXAMPLES. AVERAGE FLow COMPLETION
TIME vS. FLow SIZE

Two more examples comparing performance of TCP, XCP
and RCP are shown in Figures 45,46.
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APPENDIX |1
LINEARIZATION OF RCP RATE UPDATE EQUATION

In this Appendix we will linearize the RCP rate update Equa-
tion. The equations describing the system are:

§(t) = NR(t—do)—C 17)
dit) = % +do
R(t) = R(t- T)(a(C - NR(CtC&SO)) - ﬂ%)
We define:
f(Br, Rag) = Re(+ 282 ]\g;d) ~P1y (1)
g(R)) = NR,—C

where Ry = R(t—T), Ry = R(t—do),d = d(t) and ¢ = ¢(¢).
Recall that the equilibrium point is given by:

q(t)=0¢NRe:C=>Re:%

. a(C = NR,) - %
R(t) =0 = R( od )=0=>¢ =0
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From above, the equilibrium value of d(¢) is d. = dy. Evalu-
ating partials of f and g at the equilibrium point (R, g.,d.) =
(£,0,do) gives:

of NRra
6—Rd _W| Rr=1{, d=do
- 4
= 7
@ ) _E_W_%“%d:%fd:do,q:O
= 0
o BRr(& - d)
6_(] C(% + d)3 |RT:%’ q=0, d=do
__B
N2
Og
99 _ N
ORy

The linearized equations are:

sy = 9 spo OF spis_ of
OR(t) = aRdéR(t d0)+6RT6R(t T)+6q6q(1§))
_ s oy B
= doéR(t do) Nd%&q(t)
) 0
5q(t) = 6—1§daR<t—do>
= NOR(t — dp)
where
R = R-R, (20)
0 = q—qe
APPENDIX |1

BODE PLOT ANALYSIS

In this Appendix we will see why we need the condition
& > 1, in order for Equation (13) to have a non-zero solu-
tion. Recall that if Equation (13) has a solution, w., then this is
the frequency at which the phase plot of G(s) crosses the —m
line. In other words, at w, we have:

weadg

B

Notice that /G(jw) = —m atw = 0. And for large w, /G(jw)
is much smaller than —=. So, unless /G (jw) first increases and
then decreases, as w increases from 0, it will not cross the —=
line. Thus, the condition is that there should exist a maxima for
/G(jw). Differentiating /G (jw) and setting it to 0 gives:

adg 1

)—m

LG(jwe) = —wedy + arctan(

=-7

d
o G(jwm) do + 3 1+(meéxdo)2 0
b8 [a
= — . /=-—-1
= W ado\/ B
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Fig.48. (a,B) = (0.4,0.2): w, exists

Obviously, the above maxima exists only if £ > 1

Thus, if the condition £ > 1 is satisfied then the the phase plot
crosses the —m line. Examples: the plot in Figure 47 shows a
Bode Plot for (o, 8) = (0.2, 0.4). Notice that the phase always
decreases starting from —z, and never crosses the —r line for
any non-zero w. Hence w. does not exist. Figure 48 shows a
Bode Plot for the case (a, 8) = (0.4,0.2) and in this case, since

% > 1, w, exists.
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