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Abstract—Internet routers require buffers to hold packets a few dozen packet buffers in each router, and perhaps at the
during times of congestion. The buffers need to be fast, and expense of 100% link utilization. While this is an interesting

so ideally they should be small enough to use fast memory iyieliectual exercise in its own right, there would be practical
technologies such as SRAM or all-optical buffering. Unfortu- s .
consequences if it were possible.

nately, a widely used rule-of-thumb says we need a bandwidth- : 3 - “ .
delay product of buffering at each router so as not to lose link First, it could facilitate the building of all-optical routers.
utilization. This can be prohibitively large. In a recent paper, With recent advances [8], [9], [13], it is now possible to
Appenzeller et al. challenged this rule-of-thumb and showed that perform all-optical switching, opening the door to routers with
for a backbone network, the buffer size can be divided byv'’N huge capacity and lower power than electronic routers. Recent

without sacrificing throughput, where N is the number of flows . - .
sharing the bottleneck. In this paper, we explore how buffers in advances in technology make possible optical FCFS packet

the backbone can be significantly reduced even more, to as little as buffers that can hold a few dozen packets in an integrated
a few dozen packets, if we are willing to sacrifice a small amount opto-electronic chip [13]. Larger all-optical buffers remain
of link capacity. We argue that if the TCP sources are not overly infeasible, except with unwieldy spools of optical fiber (that
bursty, then fewer than twenty packet buffers are sufficient for can only implement delay lines, not true FCFS packet buffers).

high throughput. Specifically, we argue thatO(log W) buffers are . - . . .
sufficient, where 1 is the window size of each flow. We support We are interested in exploring the feasibility of an operational

our claim with analysis and a variety of simulations. The change all-optical network with just a few dozen optical packet buffers
we need to make to TCP is minimal—each sender just needsin each router.

to pace packet injections from its window. Moreover, there is  Second, if big electronic routers required only a few dozen
some evidence that such small buffers are sufficient even if we packet buffers, it could reduce their complexity, making them

don't modify the TCP sources so long as the access network is . - ) .
much slower than the backbone, which is true today and likely easier to build and easier to scale. A typical 10Gb/s router

to remain true in the future. linecard today contains about one million packet buffers, using
We conclude that buffers can be made small enough for all- many external DRAM chips. The board space the DRAMs
optical routers with small integrated optical buffers. occupy, the pins they require, and the power they dissipate all

limit the capacity of the router [3]. If a few dozen packet
buffers suffice, then packet buffers could be incorporated
inside the network processor (or ASIC) in a small on-chip
Until quite recently, Internet routers were widely believed t8RAM; in fact, the buffers would only occupy a tiny portion
need large buffers. Commercial routers today have huge paasethe chip. Not only would external memories be removed,
buffers, often storing millions of packets, under the assumptidit it would allow the use of fast on-chip SRAM, which scales
that large buffers lead to good statistical multiplexing anith speed much faster than DRAM.
hence efficient use of expensive long-haul links. A widely-used Our main result is that minor modifications to TCP would
rule-of-thumb states that, because of the dynamics of TChleed allow us to reduce buffer-sizes to dozens of packets
congestion control mechanism, a router needs a bandwidiith the expense of slightly reduced link utilization. We obtain
delay product of bufferingB = RTT x C, in order to fully this result in a succession of steps. We will start by adopting
utilize bottleneck links [5], [6], [16]. Here(' is the capacity of two strong assumptions: (1) That we could modify the way
the bottleneck link B is the size of the buffer in the bottleneckpackets are transmitted by TCP senders, and (2) That the
router, andRTT is the average round-trip propagation delay afetwork is over-provisioned. However, we will soon relax
a TCP flow through the bottleneck link. Recently, Appenzelléghese assumptions.
et al. proposed using the rul® = RTT x C/+/N instead, We start by asking the following question: What if we
where N is the number of flows through the bottleneckept the AIMD (Additive Increase Multiplicative Decrease)
link [3]. In a backbone network todayV is often in the dynamics of TCP window control, but changed the TCP
thousands or the tens of thousands, and so the sizing ruiBnsmission scheme to “space out” packet transmissions from
B =RTT x C/+/N results in significantly fewer buffers. the TCP sender, thereby making packet arrivals less bursty?
In this paper, we explore if and how we could build Ve assume that each TCP flow determines its window size
network with much smaller buffers still—perhaps with onlysing the standard TCP AIMD scheme. However, if the current

I. MOTIVATION AND INTRODUCTION
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window size at time is W and the current round-trip estimatethe network being over-provisioned. We consider a single
is RTT, then we assume the TCP sender sends accordindtttleneck link, and assume that if each flow were to send at
a Poisson process of rat®/RTT at timet¢. This results in its maximum window size, then the link would be severely
the same average rate as sendifigpackets per RTT. While congested. In our simulations (presented in Section 1V),
this is a slightly unrealistic assumption (it can result in thBaced TCP results in high throughput (around 70-80%) with
window size being violated and so might alter TCP behavitine relatively small buffers (10-20) predicted by the simple
in undesirable ways), this scenario yields important clues abdisson-transmissions analysis. While we have not been able
the feasibility of very small buffers. to extend our formal analysis to the under-provisioned network
We are also going to assume that the network is ovarase, some analytical intuition can also be obtained: if we
provisioned—even if each flow is sending at its maximurassume that the TCP equation [12] holds and that the router
window size, the network will not be congestetinder these queue follows the M/M/1/B dynamics, then buffers of size
assumptions, we show that a buffer size @flog Wiax) O(log Whax) Suffice to utilize a constant fraction of the link
packets is sufficient to obtain close to peak throughput, wherapacity.
Whax is the maximum window size in packets. Some elementsOur results are qualitatively different from the bandwidth-
of the proof are interesting in their own rightThe exact delay rule-of-thumb or from the results of Appenzelietr
scenario is explained in Section Il and the proof itself is ial. On the positive side, we haveompletely removedhe
Appendix . dependence of the buffer size on the bandwidth-delay product.
To get some feel for these numbers, consider the scenar® understand the importance of this, consider the scaling
where 1000 flows share a link of capacity 10Gbps. Assumdhere the RTT is held fixed at, but the maximum window
that each flow has an RTT of 100ms, a maximum windogize W,,.., the number of flowsV, and the capacity all
size of 64KB, and a packet size of 1KB. The peak rate o to oo such thatC = NW,,.,/7. This is a very reasonable
roughly 5Gbps. The bandwidth-delay product rule-of-thumécaling sincer is limited by the speed of light, whereé§ N,
suggests a buffer size of 125MB, or around 125,000 packedsid 17, are all expected to keep growing as Internet traffic
TheRTT x C/+/N rule suggests a buffer size of around 3958cales. Under this scaling, the sizing rule of Appenzedter
packets. Our analysis suggests a buffer size of twelve packatssuggests that the buffer size should grow\aa& Wiax,
plus some small additive constant, which brings the buffer singhereas our results suggest that the buffer size needs to grow
down to the realm where optical buffers can be built in thenly at the more benign rate dbg W,... On the negative
near future. side, unlike the result of Appenzellet al. , our result is a
We then systematically remove the two assumptions wedeoff result—to obtain this large decrease in buffers, we
made above, using a combination of simulations and analysiave to sacrifice some fixed fraction (say around 25%) of
We first tackle the assumption that TCP sends packets inirk capacity. This might be a good tradeoff for an all-optical
locally Poisson fashion. Intuitively, sending packets at fixegetwork routers where bandwidth is plentiful and buffers are
(rather than random) intervals should give us the same beneéiirce. But for electronic routers, this trade-off might not make
(or better) as sending packets at a Poisson rate. Accordinggnse.
we study the more reasonable case where the TCP sending/e give evidence that our result is tight in the following
agent “paces” its packets deterministically over an entigense.
RTT. Paced TCP has been studied before [2], and does no
suffer from the problem of overshooting the window size.
We perform an extensive simulation study of paced TCP
with small buffers. When the network is over-provisioned,
the performance of paced TCP closely mirrors our analytical
bound of O(log Wi,.x) for Poisson sources. This holds for
a wide range of capacities and number of flows, and not
just in the regime where one might expect the aggregate
arrival process at the router to resemble a Poisson process [4]2)
These results are presented in Section Ill. In appendix II, we
provide additional intuition for this result: if many paced flows
are superimposed after a random jitter, then the packet drop
probability is as small as with Poisson traffic. While TCP pacing is arguably a small price to pay for
The next assumption we attempt to remove is that @fastic reduction in buffer sizes, it does require a change to
end-hosts. Fortunately, we suspect this is not necessary, as
1This assumption is less restrictive than it might appear. Current Tavo effects naturally provide some pacing in current networks.
implementations usually cap window sizes at 32 KB or 64 KB [10], and itjrst the access links are typically much slower than the core
is widely believed that there is no congestion in the core of the Internet. All . . . .
optical networks, in particular, are likely to be significantly over-provisionediNks, and so traffic entering the core from access links is
Later we will relax this assumption, too. automatically paced; we call this phenomenon “link-pacing”.

2For example, we do not need to assume the TCP equation [12] or aggregala present simulations showing that with Iink-pacing we 0n|y
Poisson arrivals [14]—hence we do not rely on the simplifying assumptions

about TCP dynamics and about a large number of flows that are required [ﬂ:ﬁ'ed very small buffers, because packe.ts are spaced enough
these two results. by the network. Second, the ACK-clocking scheme of TCP

.Il) Under the scaling described above, buffers must at least
grow in proportion tolog Wy, to obtain a constant
factor link utilization. In Section IV-A, we present
simulation evidence that constant sized buffers are not
adequate as the maximum window size grows to infinity.
We also perform a simple calculation which shows the
necessity of the log-scaling assuming the TCP equation
and M/M/1/B queueing.

When we run simulations without using Paced TCP, we
can not obtain reasonable link utilizations with log-sized
buffers, even in the over-provisioned case (Section IlI).
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paces packets [2]. The full impact of these two phenomebaffer of size )

deserves further study. B > log, ( Wihax ) 1)
Other interesting directions for further study include the =P 2(1-0)

impact of packet sizes, the interaction of switch schedulingffices.

algorithms and small buffers, the impact of short flows, and  pygof: See Appendix I. 0

the stability properties of TCP with our log-scaling rule. ag gn example of the consequences of this simple model,
(Significant progress in analyzing stability was made recentjly Wiax = 64 packets,p = 0.5, and we want an effective
by Raina and Wischik [14].) utilization of 90%, we need a buffer size of 15 packets

Of course, significant additional work—including experiregardless of the link capacityin other words, the AIMD
mental verification, more detailed analysis, and Iarger Sirﬂynamics of TCP don’'t necessar"y force us to use |arger
ulation studies—is required before we undertake a drasfgffers, if the arrivals are well-behaved and non-bursty. So
reduction in buffer sizes in the current Internet. what happens if we make the model more realistic? In the
next section we consider what happens if instead of injecting
packets according to a Poisson process, each source uses Paced
TCP in which packets are spread uniformly throughout the
window.

Il. INTUITION: POISSON INJECTIONS AND AN
OVER-PROVISIONED NETWORK

The intuition behind our approach is quite simple. Imagine
for a moment that each flow is an independent Poisson process. Ill. PACED TCP,OVER-PROVISIONED NETWORK
This is clearly an unrealistic (and incorrect) assumption, but it |t should come as no surprise that we can use very small
serves to illustrate the intuition. Assume too that each routgfifiers when arrivals are Poisson: arrivals to the router are
behaves like an M/M/1 queue. The drop-rate wouldb& penign and non-bursty. Queues tend to build up—and hence
where p is the link utilization andB is the buffer size. At \ve need larger buffers—when large bursts arrive, such as
75% load and with 20 packet buffers, the drop rate would hghen a TCP source sends all of its outstanding packets at
0.3%, independent of the?T'T", number of flows, and link- the start of the congestion window. But we can prevent this
rate. This should be compared with a typical 10Gb/s routgbm happening if we make the source spread the packets over
line-card today that maintains 1,000,000 packet buffers, afib whole window. Intuitively, this modification should prevent
its buffer size is dictated by the RTT, number of flows anfrsts and hence remove the need for large buffers. We now
link-rate. In essence, the cost of not having Poisson arrivalssigoy that this is indeed the case. Throughout this section, we
about five orders of magnitude more buffering! An interestingssyme that the bottleneck link is over-provisioned in the same
question is: How “Poisson-like” do the flows need to be igense as in the previous section. In the next section we remove
order to reap most of the benefit of very small buffers? i assumption.

To answer our question, assume long-lived TCP flows  First, supposeV flows, each with maximum window size
share a bottleneck link. Flowhas time-Varying window size Waax, Share a bottleneck link. Then the fo”owing is true,
W;(t) and follows TCP's AIMD dynamics. In other wordsynder some mild assumptions (laid out in appendix II):
if the source receives an ACK at t|me it will increase the Theorem 2: The packet loss probab|||ty during a sin-
window size byl /W;(t), and if the flow detects a packet losgle RTT is O(1/W2,.), if (1) The buffer size is at least
it will decrease the congestion window by a factor of tWO: 1, log Winax packets, wherez > 0 is a sufficiently large
In any time interval(t,¢'] when the congestion window sizeconstant; and (2) Each flow sends packets at a rate at most

is fixed, the source will send packets as a Poisson procesg at/ ¢ log Wy, fraction times that of the bottleneck link,
rateW7(t)/RTT Note that this is different from regular TCP,WhereCS is a Sufﬁcienﬂy |arge constant.

which typically sends packets as a burst at the start of the proof; See Appendix II. 0

window. The buffer size requirement for Theorem 2 (Assumption (1))

We will assume that the window size is boundedby..x. is comparable to that in Theorem 1—a few dozen packets
Implementations today typically have a bound imposed by thgr present-day window sizes, independent of the link ca-
operating system (Linux defaults W,.... = 64kbytes), or the pacity, number of flows, and RTT. This requirement appears
window size is limited by the speed of the access link. Welb be necessary to achieve constant throughput, even with
make the simplifying assumption that the two-way propagatiggaced TCP (see Section IV-A). The packet loss probability
delay of each flow is RTT. Having a different propagatioih Theorem 2 is comparable to that for Poisson traffic with
delay for each flow leads to the same results, but the analygis same buffer size. To understand the second assumption of
is more complicated. The capacity of the shared link is Theorem 2, note that if flows can send at the same rate as the
assumed to be at leat/p) - NWy,ax/RTT wherep is some pottleneck link, then there is no pacing of traffic whatsoever.
constant less than 1. Hence, the network is over-provisionglthis case, our simulations indicate that constant throughput
by a factor ofl/p, i.e. the peak throughput j&”. The effective s not achievable with log-sized buffers. The natural goal is
utilization, 6, is defined as the achieved throughput divided bfius to obtain good throughput with small buffers provided
pC. flows are “sufficiently non-bursty”. Theorem 2 quantifies this:

In this scenario, the following theorem holds: as long as all flows send at a rate that is roughlyg@V,, .«

Theorem 1: To achieve an effective utilization of, a factor slower than that of the bottleneck link, a Poisson-like
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throughput-buffer size tradeoff is achievable. This slowdowi2Mb/s to 3.4Gb/s to keep the peak load at 80%. The buffer
factor is only a few dozen for present-day window sizesjze is still set to 10 packets. The graph shows that regardless
while access links are often orders of magnitude slowefthe number of flows, throughput is improved by Paced TCP.
than backbone links. This huge difference in access link aftie throughput of Paced TCP is around 70% (i.e., the effective
backbone link speeds also seems likely to persist in the neditization is more than 85%) while the throughput of the TCP
future (especially with an all-optical backbone). Reno is around 20% (with an effective utilization of around

To explore the validity of Theorem 2, we performed®5%) regardless of the number of flows in the system.
simulations using the populats2 simulation tool [1]. We
implemented Paced TCP and used various values of RTT, 1 e S ‘
different number of flows, and buffer sizes. ool ~o- TOP Reno

In Figure 1 we compare the number of buffers needed by oslk
TCP Reno with Paced TCP. We plot the throughput of the o;f‘\“‘ ____________ R L
system as function of the buffer size used in the router, for
various number of flows. The capacity of the bottleneck link is
100Mb/s, and the average RTT is 100ms. In this experiment,
the maximum congestion window size is set to 32 packets,
and the size of packets is 1,000 bytes. The simulation is run
for 1,000 seconds, and we start recording the data after 200
seconds.

As we can see, with 40 unmodified TCP (Reno) flows, we
need to buffer about 100 packets to achieve a throughput above O 0 200 30 400 B0 0 700 sw0 900 1000
80%. However, in the same setting, Paced TCP achieves 80% Number of flows
throughput with just 10 packet buffers. Fig. 3. Paced TCP vs. TCP Reno.

Figure 2 compares the congestion window (CWINDf
TCP Reno with Paced TCP. In this experiment, 500 flows sharg; g important to note that this significant discrepancy

a bottleneck link with a capacity of 1.5Gb/s; the buffer size iggtween paced and regular TCP is observed only with small

10 packets; and each flow is limited to a maximum windoffers. If we use the bandwidth-delay rule for sizing buffers,
size of 32 packefs Notice that TCP Reno rarely reaches thg,ig discrepancy vanishes.

maximum window size of 32 packets, whereas Paced TCP has
a larger congestion window at almost all times. Paced TCP
flows experience fewer drops, and so CWNjpows to larger
values.

Throughput
o o o
S o =

I I I

o
w
L

1

o
I

IV. UNDER-PROVISIONED NETWORK LIMITED ACCESS
LINK CAPACITY

So far we have assumed that the network is over-provisioned
and we do not have congestion on the link under study. Even
though this is true for most links in the core of the Internet,
it is also interesting to relax this assumption. We next study,
via simulations, how congestion affects link utilization.

We repeat an experiment similar to that depicted in Figure 1.
However, we increase the number of flows to up to 100. The
average RTT is 100ms, and the maximum window size is 32
packets. Each packet is 1000 bytes, which means each flow
can contribute a load 032 x 1000 x 8/0.1 ~ 2.5Mb/s. The
capacity of the core link is 100Mb/s, which mean if we have
more than 40 flows, the core link will become congested.

Figure 4 shows the throughput of the bottleneck link as a
function of the buffer size for various number of flows. We can
see that as we increase the number of flows from 20 to 40 (at
which point the link starts to be saturated) the throughput goes
) i , from around 50% to about 80-90%. As we keep increasing the

In Figure 1 we increased the system load as we increasggnper of flows, to 100, and 200 flows, for some buffer sizes
the number of flows. It's also interesting to see what happeps, see a degradation in throughput, but the throughput never
if we keep the system load constant (at 80% in this case) Whilgas helow 80% even when the buffer size is 10 packets.
increasing the number of flows. This is illustrated in Figure 3, \ne have shown that Paced TCP can gain a very high
for ﬂOW_S with & maximum congestion window of 32 IO":mk("’t%hroughput even with very small buffers. A very interesting
As we increase the number of flows from one to more thang@seryation is this: if the capacity of the access links is

thousand, we also increase the bottleneck link capacity frqi|,.h smaller than the core link, packets entering the core

3Note that even if CWNDis more than 32, the source doesn't allow mord/ill iaufcomatically haV? spacing betW_een them eV?n WithC_)Ut
than 32 un-acknowledged packets. modifying TCP. We did some experiments to verify if this

120

CWND,

Fig. 2. Congestion window size (TCP Reno vs. Paced TCP)
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Fig. 1. Bottleneck link utilization for different buffer sizes and number of flows. (a) unmodified TCP (b) unmodified TCP with logarithmic x-axis (c) paced
TCP (d) paced TCP with logarithmic x-axis. The maximum possible offered load is 0.026 with one flow, 0.26 with 10 flows, 0.52 with 20 flows, and 1 with
40 flows.

spacing can result in the same throughput as Paced TCP. Twnsider the scaling (described in the introduction) where the
core link bandwidth is set to 1Gb/s, and we vary the capacil®TT is held fixed atr, but the maximum window Siz8/ .,

of the access links. The maximum window size is very larghe number of flowsV, and the capacity’ all go to oco. To
(set to 10,000), and the buffer size is set to 10 packets, and tia@ture the fact that the network is under-provisioned, we will
average RTT is set to 100ms. Figure 5 shows that we still gassume that' = NW"“* i.e. the link can only support half

a high utilization even though we are not using Paced TCRe peak rate of each flow. Similarlg; = 2Nvfmax represents
Here, thex-axis represents the capacity of the access link&ie under-provisioned case.

and they-axis represents the throughput. We can see that al et p be the drop probability, ang the link utilization.
the beginning the throughput increases (almost) linearly wittiearly, p = RN/C, where R is the average throughput of
access link capacity. For example, with 100 flows, this happegach flow. Then, the TCP equation states:

when the access link capacity is below 8-9Mb/s. Note that the

normalized throughput is close to 100% in this case since the 1 /3 1 /3
core link is not the bottleneck. As we increase the access link - T\/> (1/vp) = — 2% @
capacity, the throughput gradually decreases. This is because
we lose the natural spacing between packets as the capacityhe M/M/1/B assumption yields [7]:
of access links is increased.
p=pP b L &)

. o . ) 1—pB14+p
A. The necessity of logarithmic scaling of buffer-sizes

We have not been able to extend our proof of theorem 1 toEQuations 2, 3 immediately yield the following:
the case when the network is under-provisioned. However, thel) AssumeC = V;’mx For any constant < 1, there ex-
TCP equation [12] gives interesting insights if we assume that  ists another constagtsuch that settind? = (5 log Winax
the router queue can be modeled as an M/M/1/B system [15]. vyields p > «. In other words, logarithmic buffer-sizes
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Fig. 4. Bottleneck link utilization vs. the buffer size. With only 40 flows the_ o
core link becomes saturated, but even if we increase the number up to %% 6. Constant vs. logarithmic buffers
flows, the throughput does not go below 80%.

09 ‘ ‘ ‘ ‘ ‘ ‘ ‘ ‘ throughput remains approximately the same, just as predicted
by our theoretical model.
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V. CONCLUSIONS

o
o
T

The main conclusion, of course, is that our results suggest
packet buffers can be made much smaller; perhaps as small
as 10-20 packets, if we are prepared to sacrifice some of the
link capacity. It appears from simulation - though we have not
been able to prove it - that the buffer size dictates directly how
much link capacity is lost, however congested the network is.
o] For example, a 40Gb/s link with 15 packet buffers could be
‘ ‘ ‘ ‘ ‘ ‘ considered to operate like a 30Gb/s link. This could, of course,
B essimkbanawgn sy 0 be compensated by making the router run faster than the link-
rate, and so not lose the link capacity at all. In a future network
with abundant link capacity, this could be a very good tradeoff:
Use tiny buffers so that we can process packets optically. In
) o ) o the past, it was reasonable to assume that packet buffers were

suffice for optammg constgqt link utilization even Wher?:heap, and long-haul links were expensive and needed to be
the network |32139Vder—pr0w3|oned. fully utilized. Today, fast, large packet buffers are relatively

2) AssumeC = ===max. If B = o(log Winax) thenp = naingyl to design and deploy; whereas link capacity is plentiful

o(1). In other words, if the buffer size grows slower thanyn it js common for links to operate well below capacity. This
log Winax then the link utilization drops to 0 even in thejg eyen more so in an all-optical network where packet buffers
over-provisioned case. are extremely costly and capacity is abundant.

Obtaining formal proofs of the above statements remainsThe buffer-size we propose depends on the maximum win-
an interesting open problem. Simulation evidence suppodsew size. Today, default settings in operating systems limit
these claims, as can be seen in Figure 6 which describeswiedow size, but this limitation will probably go away over
throughput for a constant vs. a logarithmic sized buffer. Féime. However, even if the maximum window size were to
this simulation we are using Paced TQW,is held fixed at increase exponentially with time according to some form of
10, Wpax varies from 10 to 1529, and’ varies as follows: "Moore’s law”, the buffer size would only need to increase
C' is chosen initially so that the peak load is constant andliaearly with time, which is a very benign scaling given recent
little over 50% and this choice determines the initial value faechnology trends.
the ratio 5513; then, since we fixV and RTT, C varies Our results also assume that packets are sufficiently spaced
proportionally toW,,.... keeping the above ratio constant asut to avoid heavy bursts from one flow. Again, slow access
in our theoretical modeling. The buffer size is set to 5 packdinks help make this happen. But if this is not true - for
whenW,,..« = 10. Thereafter, it increases in proportion wittexample, when two supercomputers communicate - the TCP
log Whax for the log-sized-buffer case, and remains fixed aenders can be modified to use Paced TCP instead.

5 for the constant buffer case. Here, initially the throughput Our results lead to some other interesting observations.
is around 50% for both buffer sizing schemes. However, thérst, it seems that TCP dynamics have very little effect on
throughput for the constant sized buffer drops significantly &siffer-sizing, and hence these results should apply to a very
C, Whax increase, while for the logarithmic sized buffer thddroad class of traffic. This is surprising, and counters the

Throughput
o o
S o

T

o
w
T

o
N
T

0.1 ¢

Fig. 5. Throughput as a function of access link capacity
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prevailing wisdom (and our own prior assumption) that buffers
should be made large because of TCP’s sawtooth behavior.
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APPENDIXI which means the inequality still holds.
PROOF OF THEMAIN THEOREM 4) If we have an arrival to both of the queues and the real
We will use the topology of figure 7. The capacity of the system drops the packet but the virtual system doesn't,
shared link(v, w), which is denoted by, is assumed to be we consider two cases. |Qr(t) — Qv (¢)]T > 1, then
at least(1/p) - NWhax/RTT wherep is some constant less both sides go down by one unit. Otherwise, since the
than 1. Hence, the network is over-provisioned by a factor of  real system drops the packet but the virtual one doesn't,
1/p, i.e. the peak throughput jgC. The effective utilization, we can conclude tha r(t) > Qv (¢) (¢ is the time right

0, is defined as the achieved throughput divideddoy. We before this last arrival), which meafi@g(t) — Qv (¢)]*
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is strictly greater than zero, and therefof®, (t) is Let us consider a long time interval of length and let us
greater thanD(t). Now, after the arrival and the drop,denote the number of packets injected by the sources in the
the LHS will become zero, while the RHS is greatevirtual system during this interval witt®,, and the number

than or equal to zero. of packet drops in the virtual system during this time interval
In all cases the inequality holds. Now, sin¢@r(t) — Wwith Dy. Choose an arbitrarily smadl> 0. As A goes toco,
Qv (t)]* is greater than or equal to zero (by definition), ouwe have:
inequality is translated t®y (t) > Dgr(t). O _ -
So far we have shown that the number of packet drops in Pr|P, > ANWmaX(l +e)| =o(1); (5)
the virtual system is more than the number of packet drops I RTT ]

in the real system. The next step is to bound the number ofgn(g,
drops in the virtual system. In this system the arrival process i i
is Poisson. If we assume that the packets are all of the same pPr|p, < ANWmax(l — ol =o(1). 6)
size, the service time will be fixed. Therefore, we have an i RTT

M/D/1 queue with a service rate @f, and the arrival rate of  gjqce the probability of each packet being dropped is less

pC. . . ) _thanp?, using Equation 5, we can bound the total number of
Lemma 2: The drop probability of the virtual system 'Spacket dropsD as follows.

bounded above by”.
Proof: The queue occupancy distribution of an M/D/1 pBANW,
- i Pr|Dy > ———"(1+¢)| = o(1) (7)
FCFS queueing system is equal to that of an M/D/1 LCFS-PR 4 RTT .
(last-come first-served with preemptive resume) queue. This , i
is because both queues have the same arrival process, affsed onLemma 1 the number of packet drops in the virtual
work conserving, and have the same service rate. Now, gystem is no less than the number of packet drops in the real
any M/G/1 LCFS-PR system the steady state queue occupapytem (henceforth denoted Hyr). Therefore, we get the
distribution is geometric with parameter Therefore, the drop '0OWing.
probability of the M/G/1 LCFS-PR system equal, which is BANW
. . ,0 max
an upper bound on the drop probability of the virtual system. Pr {DR > —FRrT
]
Note that this is not necessarily an upper bound on theNow, if none of the flows in the real system encountered
packet drop probability of the real system. any losses during the time intervAl, the amount of data that
Now that we have an upper bound on the packet lossuld have been sent during this timér, can be bounded
probability of the virtual system, the next step is to find aelow as follows.
lower bound on the throughput of the real system. Without
loss of generality, we consider thg dynqmics of one of the Pr [UT < %(1 — 6)] =o(1). (9)
flows, say flow number one. For simplicity, we assume that R
flow one is in congestion avoidancee., during each RTT  We will lose some throughput as a result of packet drops
the congestion window size is inc_remer_lted by one if therei'ﬁ the system. As we can see in Figure 8, the maximum
no packet loss, and the congestion window goes to zeroathount of loss occurs when the triangles corresponding to

a packet loss is detected by the source. Once the congespagket losses have the minimum overlap. Therefore, we have
window size reaches its maximum valuee( W ,.,) it will

(1+ 6):| = o(1). (8)

remain fixed. U, < DrW3 ax (10)
Area loss . Area loss N 2
5} withoverlap o overiap In Equation 8 we have bounded the number of packet losses
z g / in the real system with a high probability. Combining this
; bound, with Equation 10 we get
S B 3
p A]\ZIA/I’I’IHX
Time Pr UL > W(l + E) = 0(1) (11)
Fig. 8. Dynamics of the congestion window. Now, if we want to guarantee an effective utilization

. ) ] throughput of¢, the following equation must hold.
Figure 8 depicts an example of the changes in congestion

window size. The area under the curve indicates the total Ur - UL 0 (12)
amount of data which has been sent by the flow. We can see pCA  —

that by each packet _Ioss some portion of this area is lost, an%incepc — NWina /RTT, we need to satisfy

the amount of loss is maximized when the overlap between

the I_ost regions is minimum. We omit a _formal proof. We Up < NAWmar(1 — 0 — ¢)/RTT. (13)
are ignoring slow-start in this system. It is not hard to see

that considering slow-start can only lead to better bounds (i.e.Combining Equations 9, 11, and 13 if we want to have a
smaller buffers)—again, we omit the formal proof. throughput off, we merely need to ensure
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first state the lemmas, then show how they imply Theorem 2,
ANWiax(1 — 6 — €) and finally prove each of the lemmas in turn.
(14) The first lemma upper bounds the overpopulation probabil-
ity for small intervals (of length at most).
Lemma 3: In the notation above, iff < S, then the

(14 €)pPANW?

max

2RTT RTT ’
which, in turn, is satisfied if the following holds:

2(1 -6 — O(e)) probability that the intervall is overpopulated is at most
pP < " (15) e—<(B+) wherec > 0 is a positive constant depending onl
W2 ) p p g only
max on cg.
Sincee is arbitrarily small, it is sufficient for the buffer size  The second lemma considers intervals of intermediate size.
B to satisfy Lemma 4: In the notation above, if <1 < SWiy.y, then
W2 the probability that the interval is overpopulated is at most
B >logy, (2(1‘““‘2)) , (16) e %, wherec > 0 is a positive constant depending only on
o Cs.
which is O(log Wiax) since we assumed that, ¢ are Finall){, we upper bound the probability of overpopulation
constants less than 1. in large intervals.

Lemma 5: In the notation above, if > SW..., then
the probability that the interval is overpopulated is at most

APPENDIXII W . " )
e~ °/Wmax wherec > 0 is positive constant depending only

PACING ANALYSIS

on cg.
In this Appendix we prove Theorem 2. We will consider Wfa now show how Lemmas 3-5 imply Theorem 2.

the following discrete-time model of the packet arrivals at theroof of Theorem 2We consider an arbitrary packet arriving
bottlelink link during one RTT. There are atotél = C-RTT' i time slot ¢, and take the Union Bound over the over-

time slots, where is the bandwidth of the bottlenexk link. Wepopyation probabilities of all intervals that conclude with
assume thalv flows will each send at mo$¥y,..x packets, and time sot ¢. First, by Lemma 3, the total overpopulation
that there are at least time slots between consecutive packel opapility for small intervals (length at mostS) is at
arrivals of a single flow. The parametsrcan be interpreted mostfs =108 Wmax+2) g which is O(1/W2,.) provided

1 max

. . 1
as a lower bound on the ratio of the bottleneck link speed 1;% (in Assumption (1)) is sufficiently large. Next, Lemma 4

the access link speed. Noteis the crucial parameter in thisyjies that the total overpopulation probability of intervals
section: whenS' is small traffic can be arbitrarily bursty and,yit, length? in [S, SWinax] is at MOStSWinaxe—2(5), which

we cannot expect good throughput with small buffers (see al%oo(l/Wflax) providedcs (in Assumption (2)) is sufficiently

Section IV-A). We thus aim to prove that small buffers permige Finally, Lemma 5 implies that the total overpopula-
large throughput provided is sufficiently large. Finally, we {4, probability of large intervalsi(> SWinay) is at most
assume that the average traffic intengity= NWp,ax/M is [ =@/ Was) 4 Changing va_riablesz(: 2/ Winas),
bounded below 1. . . . this Iaaantity equaldV .x fsoc e~*dz, which is O(1/W2,.)
For the rest of this section, we adopt three assumptlons.provided cs is sufficiently large. Taking the Union Bound
(1) Buffers are sufficiently largeB > cplog Winax, Where  oyer the three types of intervals, we obtain an upper bound of
cpg > 0 is a sufficiently large positive constant. O(1/W2, ) for the total overpopulation probability, and hence

max

(2) The distance between consecutive packet arrivals ofig} the probability that the packet is dropped. This completes
single flow is sufficiently largeS > cglog Winax, Where the proof.J
cs > 0 is a sufficiently large positive constant. Proof of Lemma 3if the length! of interval I is at most
(3) Random jitter prevents a priori synchronization of th then each flow contributes at most 1 packetltoThis
flows: flow start times are picked independently angdccurs with probability at mostVy,..//M. Let X; denote
uniformly at random from thel/ time slots. the corresponding indicator random variable for flowand
As discussed in Section Ill, the first two assumptions adgefine X = > X;. Note that EX < pl. We use the
often reasonable and are mathematically necessary for falfowing Chernoff bound (see e.g. [11]) for a sum of indicator
results. The validity of the third assumption is less clear, esandom variables with expectatiom: Pr[X > p+ A\ <
pecially in the presence of packet drops, which could increasep{—(A\2)/(2u+ \)}. Settingu = pl and A = (1 — p)l + B,
the degree of synchronization among flows. Our simulatiomge getPr[X > [+ B] < exp{—(0(I)+ B)2/(6(l) + B)} =
in Section IV indicate, however, that our analytical bounds ©(+5) for fixed p < 1. O
remain valid for long-lived flows that experience packet dropBroof of Lemma 4:Suppose(k — 1)S < | < kS for some
Our proof of Theorem 2 will focus on a particular (but arbix € {2,3, ..., Wiax - Then each flow contributes at maokst
trary) packet. If the packet arrives during time sipthen the packets tal. Assume for simplicity that each flow contributes
probability that it is dropped is at most the probability that foeither0 or k& packets tal, with the latter event occurring with
some intervall of [ contiguous time slots ending in time slotprobability Wi,,.,.S/M (so thatE[kX] = pl). (Here X; is the
t, there were at least+ B other packet arrivals. If this eventindicator for the latter event, so the total number of arrivals
occurs, we will say that the intervdl is overpopulatedWe in I is at mostkX, where X = > . X;.) A more accurate
will bound the probability of overpopulation, as a function ofnalysis that permits each flow to contribute any number of
the interval length, via the following sequence of lemmas. Wepackets between 0 andto I (with appropriate proabilities)
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can also be made, but the results are nearly identical to those
given here.

We use the following Chernoff bound (see e.g. [11]):
PriX > (1+8)u] < exp{—(82u)(2+5)}. We are interested
in the probability Pr[X > (I 4+ B)/k], which we will upper
bound byPr[X > 1/k]. Sincen < pl/k, the Chernoff bound
gives Pr[X > I/k] < exp{—O(l/k)} = e=©) for fixed
p<1.0

Proof of Lemma 5:The proof is similar to the previous
one. Suppose that > Wy,..S and assume that each flow

1 contributes eithef or W, packets tol, the latter event
occurring with probabilityl/M. (S0 E[WyaxX] = pl.) The
same Chernoff bound argument as in the proof of Lemma 4
gives Pr[Wypax X > 1 + B] < e~ @/ Wuax) for fixed p < 1.

[



