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Abstract—We consider the sizing of network buffers in 802.11 the download and allowing it to continue for a while (to
based networks. Wireless networks face a number of fundamental |et the congestion control algorithm of TCP probe for the
issues that do not arise in wired networks. We demonstrate that g\ ~ijaple bandwidth), the RTTs to the AP hugely increased

the use of xed size buffers in 802.11 networks inevitably leads to . .
either undesirable channel under-utilization or unnecessary high to 2900-3400 msDuring the test, normal services such as

delays. We present two novel dynamic buffer sizing algorithms Web browsing experienced obvious pauses/lags on wireless
that achieve high throughput while maintaining low delay across stations using the network. Closer inspection revealed that the
a wide range of network conditions. Experimental measurements pyffer occupancy at the AP exceeded 200 packets most of the
demonstrate the utility of the proposed algorithms in a produc- time and reached 250 packets from time to time during the
tion WLAN and a lab testbed. test. Note that the increase in measured RTT could be almost
Index Terms—IEEE 802.11, IEEE 802.11e, Wireless LANs entirely attributed to the resulting queuing delay at the AP, and
(Vr\é%?c'lf)h“éﬁ?'”éﬁ f?é:rcg?;nconggb(ill\i/lAi)r,]Jripssm|55|on controljicates that a more sophisticated approach to buffer sizing
P ' g vy ysIS. is required. Indeed, using the A* algorithm proposed in this
paper, the RTTs observed when repeating the same experiment
. INTRODUCTION fall to only 90-130 ms This reduction in delay does not come

In communication networks, buffers are used to accomm%t—_the cost of reduced throughput, i.e., the measured throughput

date short-term packet bursts so as to mitigate packet dr(%'%h the A* algorithm and the default buffers is similar.

S : . = In this paper, we consider the sizing of buffers in
and to maintain high link ef ciency. Packets are queued goz 11/802p11pe (1] [2]) based WLANs Wegfocus on sindle-
too many packets arrive in a suf ciently short interval of tim ' ) ) 9

during which a network device lacks the capacity to proce gpIWIt_ﬁNs smche these 3”3 frapldlytvt\)/eclfmlng ublllqwtqus as
all of them immediately. e last hop on home and of ce networks as well as in so-

: - . . cr'%lled “hot spots” in airports and hotels, but note that the
For wired routers, the sizing of buffers is an active researc Joposed schemes can be easilv applied in multi-hop wireless
topic ([31] [5] [27] [32] [9]). The classical rule of thumb for PT°P Y app b

o : : ; nFtworks. Our main focus in this paper is on TCP trafc
sizing wired buffers is to set buffer sizes to be the product glnce this continues to constitute the bulk of traf c in modern
the bandwidthand the averagdelayof the ows utilizing this

: e networks (80—90% [35] of current Internet traf c and also of
link, nam_ely theBandywdth pelay Produc(BDP) rule [31]. WLAN traf c [28]), although we extend consideration to UDP
See Section VIl for discussion of other related work.

Surprisingly, however the sizing of buffers in Wirelesérafc at various points during the discussion and also during

networks (especially those based on 802.11/802.11¢) appé)auréexpenmental _te_sts. L
) . A . . ompared to sizing buffers in wired routers, a number of
to have received very little attention within the networkin

, . . . NY.ndamental new issues arise when considering 802.11-based
community. Exceptions include the recent work in [21] rel"Jltmrqetworks. Firstly, unlike wired networks, wireless transmis-

to buffer sizing for voice traf ¢ in 802.11e [2] WLANS, work ions are inherently broadcast in nature which leads to the

in [23] which consu_ders the impact OT butffer s1zing on Tc packet service times at different stations in a WLAN being
upload/download fairness, and work in [29] which is related :

. strongly coupled. For example, the basic 802.11 DCF ensures
to 802.11e parameter settings.

%hat the wireless stations in a WLAN win a roughly equal

Buffers play a key role in 802.11/802.11e wireless ne o o
: : umber of transmission opportunities [19], hence, the mean
works. To illustrate this, we present measurements from the

. . . . acket service time at a station is an order of magnitude longer
production WLAN of the Hamilton Institute, which show tha - . 9 ng
. - when 10 other stations are active than when only a single
the current state of the art which makes use of xed sizg .. " . . :
. station is active. Consequently, the buffering requirements at
buffers, can easily lead to poor performance. The topolo

of this WLAN is shown in Fig. 23. See the Appendix for ch statllon Woyld a!so differ, dependlng.c')n the ”“T"t?er of
. . ther active stations in the WLAN. In addition to variations
further details of the con guration used. We recorded RTTS : : C .
. : n_the mean service time, the distribution of packet service
before and after one wireless station started to download.a

37MByte le from a web-site. Before starting the download Imes 15 also strongly dependgnt on the WLA'\.I o_ffered load.
Tnls directly affects the burstiness of transmissions and so

we pinged the access point (AP) from a laptop 5 times, e""Euffering requirements (see Section Il for details). Secondly,

time sending 100 ping packets. The RTTs reported by t.r\}\ﬁreless stations dynamically adjust the physical transmission

ping program was between 2.6-3.2 ms. However, after Startlpao{e/modulation used in order to regulate non-congestive chan-

This work is supported by Irish Research Council for Science, Engineeriﬁk?l losses. This rate adaptation, Whereby the transmit rate
and Technology and Science Foundation Ireland Grant 07/IN.1/1901. may change by a factor of 50 or more (e.g. from 1Mbps to
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§4Mbp§ in 802.11a/g), may'lnduce large apd rapid variations IdSIIeFSIOt(du)ration 0y o
in required buffer sizes. Thirdly, the ongoing 802.11n stan- Retry fimit 11
dards process proposes to improve throughput ef ciency by Packet size (bytes) 1000

; ; PHY data rate (Mbps) 54
the use of large frarr_1es formed by aggregation of m.ult|ple PHY basic rate (Mbps) | 6
packets ([3] [18]). This acts to couple throughput ef ciency PLCP rate (Mbps) 5
and buffer sizing in a new way since the latter directly affects
the availability of suf cient packets for aggregation into large TABLE |
MAC/PHY PARAMETERS USED IN SIMULATIONS CORRESPONDING TO

frames. 802.1%.

It follows from these observations that, amongst other
things, there does not exist a xed buffer size which can be
used for sizing buffers in WLANSs. This leads naturally to
consideration of dynamic buffer sizing strategies that adapt to
changing conditions. In this paper we demonstrate the major
performance costs associated with the use of xed buffer sizes
in 802.11 WLANS (Section Ill) and present two novel dynamic
buffer sizing algorithms (Sections IV and V) that achieve
signi cant performance gains. The stability of the feedbackig. 1. WLAN topology used in simulations. Wired backhaul link bandwidth
loop induced by the adaptation is analyzed, including whéfOMbps. MAC parameters of the WLAN are listed in Table .
cascaded with the feedback loop created by TCP congestion
control action. The proposed dynamic buffer sizing algorithm . .
are computationall;fJ ck?eap an)c/i suited to implengnen?ation g&at were previously xed. In particular, the values BIF 3

standard hardware. Indeed, we have implemented the al %qlleotI)AIFSf n 80hZ.1t1?) an\;‘\/:r:/'\llmitnh nf]aI)IISbOezslef ontaé)erd_
fithms in both the NS-2 simulator and the Linux Madwi °'25S Dasis for each station. e the u 1€ standard IS

ot implemented in current commodity hardware, the EDCA

driver [4]. In this paper, in addition to extensive simulatio ensions have been widely implemented for some vears
results we also present experimental measurements dem%ﬂ- y 1mp y ’

strating the utility of the proposed algorithms in a testbed
located in of ce environment and with realistic traf c. ThisC. Unfairness among TCP Flow
latter includes a mix of TCP and UDP traf ¢, a mix of uploads cgonsider a WLAN consisting oh client stations each

and downloads, and a mix of connection sizes. _carrying one TCP upload ow. The TCP ACKs are transmitted
'_I'he remainder of the paper is orggnlzed as foIIows..Sectlgg) the wireless AP. In this case TCP ACK packets can be

Il introduces the background of this work. In Section Iyl queued/dropped due to the fact that the basic 802.11

simulation results with xed size buffers are reported to furthgh ok ensures that stations win a roughly equal number of

motivate this work. The proposed algorithms are then detailgd s mission opportunities. Namely, while the data packets
in Sections IV and V. Experiment details are presented {§; the n ows have an aggregate=(n + 1) share of the
Section VI. After introducing related work in Section VII, We o nemission opportunities the TCP ACKs for theows have
summarize our conclusions in Section VIIl. only al=(n+1) share. Issues of this sort are known to lead to
Il. PRELIMINARIES signi cant u_nfairness amongst TCP ows bgt can be readily
A. IEEE 802.11 DCF resolved using 802.11e functionality by treating TCP ACKs as

a separate traf c class which is assigned higher priority [15].
IEEE 802.11a/b/g WLANSs all share a common MAC alyjith regard to throughput ef ciency, the algorithms in this

gor_ithm_ called the Distributed Coor_dinated Function_ (DCFﬁaper perform similarly when the DCF is used and when TCP
which is a CSMA/CA based algorithm. On detecting th@cks are prioritized using the EDCA as in [15]. Per ow
wireless medium to be idle for a peri@ F S , each wireless pepavior does, of course, differ due to the inherent unfairess

station initializes a backoff counter to a random numbgg the DCF and we therefore mainly present results using the
selected uniformly from the interval [0, CW-1] where CWepcA to avoid ow-level unfairness.

is the contention window. Time is slotted and the backoff

counter is decremented each slot that the medium is idle. ]

An important feature is that the countdown halts when tfé Simulation Topology

medium is detected busy and only resumes after the mediunin Sections Ill, IV and V-G, we use the simulation topology
is idle again for a periodIFS . On the counter reaching shown in Fig. 1 where the AP acts as a wireless router between
zero, a station transmits a packet. If a collision occurs (two the WLAN and the Internet. Upload ows originate from
more stations transmit simultaneously), CW is doubled and thtions in the WLAN on the left and are destined to wired
process repeated. On a successful transmission, CW is réerdt(s) in the wired network on the right. Download ows are

wired link m;eh
(3)

to the valueCWn,i, and a new countdown starts. from the wired host(s) to stations in the WLAN. We ignore
differences in wired bandwidth and delay from the AP to the
B. IEEE 802.11e EDCA wired hosts which can cause TCP unfairness issues on the

The 802.11e standard extends the DCF algorithm (yieldingred side (an orthogonal issue) by using the same wired-
the EDCA) by allowing the adjustment of MAC parameterpart RTT for all ows. Unless otherwise stated, we use the
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o, wireless stations) at 1Mbps and throughput ef ciency below
0z ] il 50% at 216Mbps. Note that the transmit rates in currently
K available draft 802.11n equipment already exceed 216Mbps
(e.g. 300Mbps is supported by current Atheros chipsets) and
the trend is towards still higher transmit rates. Even across the
P restricted range of transmit rates 1Mbps to 54Mbps supported
— ZMA;;‘é—r-v}c_emie PR ﬁAcSem;c";e;:i;;(m;? 300 _by 802_.11a/b/g, it can be seen that a buffer size of 50 pack_ets
is required to ensure throughput ef ciency above 80% yet this
buffer size induces delays exceeding 1000 and 3000 ms at
Fig. 2. Measured distribution of per packet MAC service time. Solid verticdransmit rates of 11 and 1 Mbps, respectively.
lines mark the mean values of distributions. Physical layer data/basic rates ar&Second, delay is strongly dependent on the traf ¢ load and
1171 Mbps. the physical rates. For example, as the number of competing
stations (marked as “uploads” in the gure) is varied from 0

IEEE 802.11g PHY parameters shown in Table | and e 10, for a buffer size of 20 packets and physical transmit rate

wired backhaul link bandwidth is 100Mbps with RTT 200ms0! 1Mbps the delay varies from 300ms to over 2000ms. This
For TCP traf ¢, the widely deployed TCP Reno with SACK'e ects th_a_lt the 802.11 MAC allocates ava|lable_ transmlss_lon
extension is used. The advertised window size is set to BRPOruNities equally On average amongst the ww_eless stations,
4096 packets (each has a payload of 1000 bytes) which is so the mean service time (and thus delay) increases with
default size of current Linux kernels. The maximum value Jf'€ number of stations. In contrast, at 216Mbps the delay

the TCP smoothed RTT measurements (SRTT) is used as r[ﬂglains below SOOms for buffer sizes up to_ 1609 packets.
measure of the delay experienced by a ow. Our key conclusion from these observations is that there

exists no xed buffer size capable of ensuring both high
throughput ef ciency and reasonable delay across the range
) T . ) of physical rates and offered loads experienced by modern
~ Wireless communication in 802.11 networksifee-varying | ANs. Any xed choice of buffer size necessarily carries
in nature, i.e., the mean service time and the distribution gfe cost of signi cantly reduced throughput ef ciency and/or
service time at a wireless station vary in time. The variationsgcessive queuing delays.

are primarily due to (i) changes in the number of active Thjs |eads naturally therefore to the consideration of adap-
wireless stations and their load (i.e. offered load on th§e approaches to buffer sizing, which dynamically adjust
WLAN) and (i) changes in the physical transmit rate useghe pyffer size in response to changing network conditions to

(i-e. in response to changing radio channel conditions). In tB@syre both high utilization of the wireless link while avoiding
latter case, it is straightforward to see that the service time cgfhecessarily long queuing delays.

be easily increased/decreased using low/high physical layer
rates. To see the impact of offered load on the service time at
a station, Fig. 2 plots the measured distribution of the MAC IV. EMULATING BDP

layer service time when there are 2 and 12 stations active. Itwe begin by considering a simple adaptive algorithm based
can be seen that the mean service time changes by oveloanthe classical BDP rule. Although this algorithm cannot
order of magnitude as the number of stations varies. Obsepdge advantage of statistical multiplexing opportunities, it is
also from these measured distributions that there are signi cajftinterest both for its simplicity and because it will play a

uctuations in the service time for a given xed load. This is &ole in the more sophisticatel algorithm developed in the
direct consequence of the stochastic nature of the CSMA/GRxt section.

contention mechanism used by the 802.11/802.11e MAC. As noted previous|y, and in contrast to wired networks,

This time-varing nature directly affects buffering requirem 802.11 WLANs the mean service time is generally time-
ments. Figure 3 plots link utilizatidnand max sRTT (propa- varying (dependent on WLAN load and the physical transmit
gation plus smoothed queuing delay) vs buffer size for a rangge selected by a station). Consequently, there does not exist a
of WLAN offered loads and physical transmit rates. We caed BDP value. However, we note that a wireless station can
make a number of observations. measure its own packet service times by direct observation,

First, it can be seen that as the physical layer transmig. by recording the time between a packet arriving at the
rate is varied from 1Mbps to 216Mbps, the minimum buffehead of the network interface quetieand being successfully
size to ensure at least 90% throughput ef ciency varies frofansmittedt, (which is indicated by receiving correctly the
about 20 packets to about 800 packets. No compromise bufgfresponding MAC ACK). Note that this measurement can
size exists that ensures both high ef ciency and low delqye readily implemented in real devices, e.g. by asking the
across this range of transmit rates. For example, a buffer siz&dware to raise an interrupt on receipt of a MAC ACK,
of 80 packets leads to RTTs exceeding 500ms (even Whg#d incurs only a minor computational burden. Averaging
only a single station is active and so there are no competififese per packet service times yields the mean service time

1 . ) Tserv - TO accommodate the time-varying nature of the mean
Here the AP throughput percentage is the ratio between the actua

throughput achieved using buffer sizes show on the x-axis and the maxim@@' VIC€ time, this average can be taken over a sliding window.
throughput using the buffer sizes shown on the x-axis. In this paper, we consider the use of exponential smoothing
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Ill. M OTIVATION AND OBJECTIVES
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Fig. 3. Throughput ef ciency and maximum smoothed round trip delays (max sRTT) for the topology in Fig. 1 when xed size buffers are used. Here,
the AP throughput ef ciency is the ratio between tdewnloadthroughput achieved using buffer sizes indicated on the x-axis and the maxitownioad

throughput achieved using xed size buffers. Rates before and after the /' are used physical layer data and basic rates. For the 216Mbps data, 8 packets are
aggregated into each frame at the MAC layer to improve throughput ef ciency in an 802.11n-like scheme. The wired RTT is 200 ms.

Teew (K+1) = (1 W)Teer (K) + W(te ts) to calculate Algorithm 1 Drop tail operation of the eBDP algorithm.
a running average since this has the merit of simplicityl: Set the target queuing deldynax .

and statistical robustness (by central limit arguments). The: Set the over-provision parameter

choice of smoothing parametér involves a trade-off between 3: for each incoming packet do

accommodating time variations and ensuring the accuracy @  Calculate Qegpp = MiN (Trmax =Tserv + C; QFR5L"
the estimate — this choice is considered in detail later. whereTser, is from MAC Algorithm 2.

Given an online measurement of the mean service tim& | CulTent queue occupaneyQ espp  then
Teerv, the classical BDP rule yields the following eBDP & Putp into queue
buffer sizing strategy. LefTmax be the target maximum 7°  ©IS€
gueuing delay. Noting thatl=Te, Iis the mean service 2: engri?p P:

rate, we select buffer siz®.gpp according toQegpp =
MiN (Tmax =Teerv ; Q2E0P ) where Q80P s the upper limit 1% end for
on buffer size. This effectively regulates the buffer size to
equal the current mean BDP. The buffer size decreases when
the service rate falls and increases when the service rate riggfifer sizes. We therefore modify the eBDP update rule to
so as to maintain an approximately constant queuing delay®fzpp = min (Tmax =Tserv + C; QSBDP ) wherec is an over-
Tmax Seconds. We may measure the ows' RTTs to derive therovisioning amount to accommodate short-term uctuations
value forTmax in a similar way to measuring the mean servicgy service rate. Due to the complex nature of the service
rate, but in the examples presented here we simply use a xg@éhe process at a wireless station (which is coupled to the
value of 200ms since this is an approximate upper bound gaf ¢ arrivals etc at other stations in the WLAN) and of the
the RTT of the majority of the current Internet ows. TCP traf ¢ arrival process (where feedback creates coupling
We note that the classical BDP rule is derived from th#® the service time process), obtaining an analytic value for
behavior of TCP congestion control (in particular, the redu€-is intractable. Instead, based on the measurements in Fig. 3
tion of cwnd by half on packet loss) and assumes a const&@fd others, we have found empirically that a valuecef 5
service rate and uid-like packet arrivals. Hence, for examp|@1aCketS works well across a wide range of network conditions.
at low service rates the BDP rule suggests use of extrem&geudo-code for eBDP is shown in Algorithms 1 and 2.
small buffer sizes. However, in addition to accommodating The effectiveness of this simple adaptive algorithm is illus-
TCP behavior, buffers have the additional role of absorbiritgated in Fig. 4. Fig. 4(a) shows the buffer size and queue
short-term packet bursts and, in the case of wireless links&cupancy time histories when only a single station is active
short-term uctuations in packet service times. It is these a WLAN while Fig. 4(b) shows the corresponding results
latter effects that lead to the steep drop-off in throughpuwthen ten additional stations now also contend for channel
ef ciency that can be observed in Fig. 3 when there armccess. Comparing with Fig. 3(e), it can be seen that buffer
competing uploads (and so stochastic variations in paclsites of 330 packets and 70 packets, respectively, are needed
service times due to channel contention, see Fig. 2.) plus smallyield 100% throughput ef ciency and eBDP selects buffer




Algorithm 2 MAC operation of the eBDP algorithm.
1: Set the averaging parametf.
2: for each outgoing packet do
3:  Record service start timg for p.
4:  Wait until receive MAC ACK forp, record service end

time te.

5. Calculate service time gb: Tsery = (1 W) Tgeny +
Wi(te ts).

6: end for
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is varied. Data is shown for 1, 10 downloads and 0, 10 uploads. Here the
AP throughput percentage is the ratio between the throughput achieved using
the eBDP algorithm and that by a xed buffer size of 400 packets (i.e. the
maximum achievable throughput in this case).

slight decrease in throughput when there is 1 download and
10 contending upload ows, which is to be expected since
Tmax 1S less than the link delay and so the buffer is less
than the BDP. This could improved by measuring the average

Fia 4. Histories of buffer i 4 buft i th BDI:F)QTT instead of using a xed value, but it is not clear that the
a;gbrithm. Ir:s(gglet;e?e isuoﬁ:a ijlcz)svn?(?ad :n(jernSCSSIgzr(]jcyov\(/v; In (i))etherger?et is worth the extra effort. We also Observle that th‘?re 1S
are 1 download and 10 upload ows. 54/6Mbps physical data/basic rates. @ difference between the max smoothed RTT with and without
upload ows. The RTT in our setup consists of the wired link
RTT, the queuing delays for TCP data and ACK packets and
sizes which are in good agreement with these thresholds. the MAC layer transmission delays for TCP data and ACK
In Fig. 5 we plot the throughput ef ciency (measured apackets. When there are no upload ows, TCP ACK packets
the ratio of the achieved throughput to that with a xedan be transmitted with negligible queuing delays since they
400-packet buffer) and max smoothed RTT over a range @fly have to contend with the AP. When there are upload ows
network conditions obtained using the eBDP algorithm. It carpwever, stations with TCP ACK packets have to contend with
be seen that the adaptive algorithm maintains high throughgilher stations sending TCP data packets as well. TCP ACK
ef ciency across the entire range of operating conditionpackets therefore can be delayed accordingly, which causes

This is achieved while maintaining the latency approximatefje increase in RTT observed in Fig. 6.

constant at around 400ms (200ms propagation delay plugtig. 7 demonstrates the ability of the eBDP algorithm to

Tmax = 200ms queuing delay) — the latency rises slightly wittiespond to changing network conditions. At time 300s the

the number of uploads due to the over-provisioning parametétmber of uploads is increased from 0 to 10 ows. It can be

c used to accommodate stochastic uctuations in service raggen that the buffer size quickly adapts to the changed condi-
While Tmax = 200ms is used as the target drain time in th&ons when the weightV = 0:001 This roughly corresponds

eBDP algorithm, realistic traf ¢ tends to consist of ows withto averaging over the last 1000 pacKet&/hen the number of

a mix of RTTs. Fig. 6 plots the results as we vary the RTWploads is increased at time 300s, it takes 0.6 seconds (current

of the wired backhaul link while keepin@max = 200ms.

throughput is 13.5Mbps sb= 1000 8000-13:5 10° = 0:6)

We observe that the throughput ef ciency is close to 10099 send 1000 packets, i.e., the eBDP algorithm is able to react
for RTTs up to 200ms. For an RTT of 300ms, we observet@ network changes roughly on a timescale of 0.6 second.
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V. EXPLOITING STATISTICAL MULTIPLEXING: THE A*
ALGORITHM

While the eBDP algorithm is simple and effective, it is
unable to take advantage of the statistical multiplexing of
TCP cwnd backoffs when multiple ows share the same link.
For example, it can be seen from Fig. 8 that while a buffer
size of 338 packets is needed to maximize throughput with a
single download ow, this falls to around 100 packets when
10 download ows share the link. However, in both cases the
eBDP algorithm selects a buffer size of approximately 350

Performance of the eBDP algorithm as the number of upload ows

is varied. Data is shown for 1, 10 download ows and 0, 2, 5, 10 uploads. 2as per [8], the current value is averaged over the tasbservations for

Wired RTT 200ms. Here the AP throughput percentage is the ratio betwegp percentage of accuracy whexe= 1

(1 W), tis the number of

the throughput achieved using the eBDP algorithm and that by a xed buffgpdates (which are packets in our case). Whién= 0:001 andt = 1000
size of 400 packets (i.e. the maximum achievable throughput in this case)ye have thak = 0 :64:



buffer size [13].). However, using large buffers can lead to high
queuing delays, and to ensure low delays the buffer should
be as small as possible. We would therefore like to operate
with the smallest buffer size that ensures suf ciently high link
utilization. This intuition suggests the following approach. We
observe the buffer occupancy over an interval of time. If the
buffer rarely empties, we decrease the buffer size. Conversely,
L R if the buffer is observed to be empty for too long, we increase
the buffer size. Of course, further work is required to convert
Fig. 7. Convergence of the eBDP algorithm following a change in netwogis pasic intuition into a well-behaved algorithm suited to
conditions. One download ow. At time 200s the number of upload ows is ) . .
increased from 0O to 10. practical implementation. Not only do the terms “rarely” ,
“too long” etc need to be made precise, but we note that an
inner feedback loop is created whereby buffer size is adjusted
/o depending on the measured link utilization, which in turn
depends on the buffer size. This new feedback loop is in
addition to the existing outer feedback loop created by TCP
congestion control, whereby the offered load is adjusted based
on the packet loss rate, which in turn is dependent on buffer
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(a) Throughput (b) Delay We now introduce the following Adaptive Limit Tuning

(ALT) algorithm. The dynamics and stability of this algorithm
Fig. 8. Impact of statistical multiplexing. There are 1/10 downloads and will then be analyzed in later sectionsDe ne a queue
uploads. Wired RTT 200ms. occupancy thresholdy,, and lett;(k) (referred to as the
idle time be the duration of time that the queue spends at or
, . below this threshold in a xed observation intertabndt, (k)
packets (see Figs. 4(a) and 9). It can be seen from Fig. 9 thalterred to as théusy timg be the corresponding duration
as a result with the eBDP_aIgorlthm_ the buffer ra_rely e_mpt'%?)ent above the threshold. Note that t; (k) + ty(k) and the
when 10 ows shz_ire the link. That is, the potential exists tﬁggregate amount of idle/busy timeandt, over an interval
lower the buffer size without loss of throughput. can be readily observed by a station. Also, the link utilitisation
In this section we consider the design of a measuremept-|over bounded byu=(tp + t;). Let q(k) denote the buffer

based algorithm (the ALT algorithm) that is capable of takingi,e qyring thek-th observation intervalThe buffer size is
advantage of such statistical multiplexing opportunities. 1o updated according to

k+1)= g(k)+ agti(k tp(K); 1
A. Adaptive Limit Tuning (ALT) Feedback Algorithm o« )= alk) ti(k) - bute(k) @
Our objective is to simultaneously achieve both ef cien‘(\’herel""l E_‘Edbl, are de§|gnIpargrr?eters.thsetljdo—'ckc‘)de forkth|s
link utilization and low delays in the face of stochastic time2LT a_gor_|t m Is given in Algorit m_3. This algorit M Seexs
variations in the service time. Intuitively, for ef cient link to maintain a balance between the titmehat the queue is idle

utilization we need to ensure that there is a packet availabledd e timéts that the queue is busy. That is, it can be seen

transmit whenever the station wins a transmission opportuni at wheral_ti (k), = bl,tb(k)’ the buffer size is kept unchanged.
That is, we want to minimize the time that the station buffe hen the "?”e t.lm'e is larger so thait; (k) > batp(K), then .
lies empty, which in turn can be achieved by making the buff e buffer size is increased. Conversely, when the b_usy_ time
size suf ciently large (under fairly general traf c conditions, 'S large enough thad; t; (k) < bsty(k), then the buffer size is

buffer occupancy is a monotonically increasing function d:}ecreased. , ) )
More generally, assuming converges to a stationary dis-

tribution (we discuss this in more detail later), then in steady-

w00 state we have thamE[ti] = bE[t], i.e., E[ti] = 2LE [t]
500 and the mean link utilization is therefore lower bounded by
th E[ty] 1
E = = : 2
[ti + tb] t 1+ b=y 2)

where we have made use of the fact that tj(k) + tp(k)
is constant. It can therefore be seen that chooQﬁngo be

0 e ooy 200 small then ensures high utilization. Choosing values for the
e feeeones parametersy; and b, is discussed in detail in Section V-B,
(2) Time history but we note here that values af = 10 andb, = 1 are

Fig. 9. Histories of buffer size and buffer occupancy with the eBDP algorithé@und to work well and unless otherwise stated are used in
when there are 10 downloads and no uploads. this paper. With regard to the choice of observation interval



Algorithm 3 : The ALT algorithm. cwnd of ow i at thek-th congestion event; the round-trip
1: Set the initial queue size, the maximum buffer sigg«  propagation delay of owi. To describe the cwnd additive

and the minimum buffer sizemin . increase we de ne the following quantities: (i); is the

2: Set the increase step siag and the decrease step slze rate in packet=s at gvhich ow i increases its congestion

3: for Everyt secondslo window?, (i) 1 = in:l i is the aggregate rate at which

4:  Measure the idle time;. ows increasg their congestion windows, in packets/s, and

5  QaT = Qar +aity b(t t). (i) At = {‘:1 i=T; approximates the aggregate rate,

6:  Cat = Min(Max(gaLt ; Gmin ); Omax ) in packets=¢, at which ows increase their sending rate.

7: end for Following thek-th congestion event, ows backoff their cwnd
to j(k)wi(k). Flows may be unsynchronized, i.e., not all

} . i(k) =1 if ow i does not backoff at evelt. We assume
@ that the ; are constant and that the(k) (i.e. the pattern of
. b ow backoffs) are independent of the ow congestion windows

’\/\ w; (k) and the buffer sizeQ(k) (this appears to be a good
9 *7 - approximation in many practical situations, see [26]).

- ——— ocoupancy To relate the queue occupancy to the ow cwnds, we adopt

a uid-like approach and ignore sub-RTT burstiness. We also
assume thaty,, is suf ciently small relative to the buffer size
that we can approximate it as zero. Considering now the idle
time T, (k), on backoff after thék-th congestion event, if the
gueue occupancy does not fall belay, thenT, (k) = 0.
Otherwise, immediately after backoff the send rate of ow

t, this is largely determined by the time required to obtaiﬁ i(K)wi (k)=T; and we h%ve that
accurate estimates of the queue idle and busy times. In the T (k) = E[B] T i(Kwi(K)=T; 4
reminder of this paper we nd a value o= 1 second to be 1 (k) = At ' (4)

a good choice. ) ) )
It is prudent to constrain the buffer sizpto lie between whereE[B] is the mean service rate of the considered buffer.

the minimum and the maximum valugsin andgmay . In the At congestion evenk the aggregate ow throughput nec-

following, the maximum siz&max and the minimum buffer €Ssarily equals the link capacity, i.e.,
sizegmin are set to be 1600 and 5 packets respectively. X w; (K)
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Fig. 10. lllustrating evolution of the buffer size.

—————— = E[B]:
T +ok=Ep] "
B. Selecting the Step Sizes for ALT
. We then have that
De ne a congestion evenas an event where the sum of
all senders' TCP cwnd decreases. This cwnd decrease can be X wi(k) _ X w(k) T; + Q(k)=E[B]

caused by the response of TCP congestion control to a single - Ti
packet loss, or multiple packet losses that are lumped together h

T Ti+ Q(k)=E[B]

in one RTT. De ne acongestion epochs the duration between = _owilk)
two adjacent congestion events. ., Ti+ Q(k)=E[B]
Let Q(k) denote the buffer size at theth congestion event. Q(k) X w; (k) 1

Then =

' E[B]. . T+ QK)=E[B]T;
Qk+D= QW+ aT () bRK) @) Bl T QUOZEBIT
Assume that the spread in ow round-trip propagation
riéi,elays and congestion windows is small enough that

inzl (wi (K)=(E[B]T; + Q(k))(1=T;) can be accurately ap-

whereT, is the “idle” time, i.e., the duration in seconds whe
the queue occupancy is belay, during thek-th congestion
epoch, andTg the “busy” time, i.e., the duration when the

L - _ n . .
queue occupancy is abowg, . This is illustrated in Fig. 10 proximated byl=Tr, whereTr = £ =8 the harmonic
for the case of a single TCP ow. mean ofT;. Then
Notice thata = a andb = b, wherea; and by, are X wi (k) (k)
parameters used in the ALT algorithm. In the remainder of BV EB]+ Rt
this section we investigate conditions to guarantee convergence i=1 '
and stability of the buffer dynamics with TCP traf ¢, whichand
naturally lead to guidelines for the selectionaafandhb;. We _
rst de ne some TCP related quantities before proceeding. T, (k) (* T(k))E[BiT T (K)Q(K)=Tr (5)

Consider the case where TCP ows may have different
round-trip times and drops need n_Ot be S.ynChron'Zed'”-et SStandard TCP increases the ow congestion window by one packet per
be the number of TCP ows sharing a linky; (k) be the RTT, in which case ;  1=T,.



P n —

where 1 (k) = % is the effective aggregate
backoff factor of the ows. When ows are synchronized, i.e.,

i = 8i,then + = . When ows are unsynchronized but
have the samaveragebackoff factor, i.e.,.E[ ;] = , then
E[ 7]=

If the queue empties after backoff, the queue busy time RIS E IS FARRVAR VRS 1
Tg (k) is directly given by Boo 0 Wm0 o o

3000 i
Time (seconds) Time (seconds)

Ts (k) — Q(k + 1) = (6) (a) Instability (b) Stability

P n : . Fig. 11. Instability and stability of the ALT algorithm. In (a), a=100, b=1
where 1 = i=z1 i 1IS the aggregate rate at which OWSihe maximum buffer size is 50000 packets. In (b), a=10, b=1, the maximum

increase their congestion windows, in packets/s. Otherwiseyuffer size is 400 packets. In both gures, there is 1 download and no upload.
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Te(k)=(Q(k+1) qk))= 1 )
whereq(k) is the buffer occupancy after backoff. It turns out Under mild independence conditions,
that for the analysis of stability it is not necessary to calculate E[ oK)= ak[ t(K)] t=(A7Ty),
g(k) explicitly. Instead, letting (k) = g(k)=Q(k), it is enough ¢ T+b '
to note that0 (k) < 1. Observe that,
- =
Combining (3), (5), (6) and (7), T E(D in:1 1=T)2
o+ = QO+ (QEBITr: oK) ArTr 0, 17T
1 (K)Q(K); otherwise when we use the standard TCP AIMD increase of one packet
where per RTT, in which case i 1=T;. We therefore have that
a +(K) +=(A:T 1=n T=(ATTT) 1. Also, when the standard AIMD
k) = T(T)+ Tb (Ar T); backoff factor of 0.5 is used):5 < E[ (k)] < 1. Thus,
o - b (K) - al KT sincea> 0, b > 0, Ta> 0, it is suf cient that
T+b ¢ T+b ArTr’ 1< T+b E[ (k)] 1b<1
. . T T
Taking expectations, A suf cient condition (from the left inequality) for stability is
E[Q(k +1)] then thata < 2 1+ b. Using again (as in the eBDP algorithm)

_ ; 200ms as the maximum RTT , a rough lower bound gn
=E kK)Q(k) + K)E[B]TTjak k
[ e()QUg+ (OE[BITriql)  dar Ipe(k) is 5 (corresponding to 1 ow with RTT 200ms). The stability

+ E[ 1 (0QMjAk) > e 11 pe(k)) constraint is then that
with pe(Kk) thg probability _that the queue g, followi_ng the a< 10+ b: )
k-th congestion event. Since the(k) are assumed indepen-
dent of Q(k) we may assume tha&[Q(K)jg(k) Gnr ] = Fig. 11(a) demonstrates that the instability is indeed ob-
E[Q(K)ja(k) > qur ] = E[Q(K)] and served in simulations. Here, = 100 andb= 1 are used as

example values, i.e., the stability conditions are not satis ed. It
E[Qk+1)]= (KE[Q(K]+ (KE[B]Tr (8) can be seen that the buffer size at congestion events oscillates
around 400 packets rather than converging to a constant

where value. We note, however, that in this example and others the
(K) = pe(K)E[ e(K)ja(k) e ] instability consistently manifests itself in a benign manner
+(1 pe(K)E[ ¢ (K)ja(k) > g I; (small oscnla'tlons):.However, we leave detailed analysis of
K = b (KET -(Kiak the onset of instability as future work.
(k) =pe(K)EL e(k)ja(k)  ainr ] Fig. 11(b) shows the corresponding results vath 10 and

b= 1, i.e., when the stability conditions are satis ed. It can
be seen that the buffer size at congestion events settles to a
) . . constant value, thus the buffer size time history converges to
C. A Suf cient Condition for Stability a periodic cycle.
Providedj (k)j < 1 the queue dynamics in (8) are ex-
ponentially stable. In more detail,(k) is the convex com- D, Fixed point
bination of E[ ¢(k)] and E[ ¢ (k)] (where the conditional : _
dependence of these expectations is understood, but Omi%e\é\ﬂ;?,r; ttr;]its ystem dynamics are staafelpe = 0, from (8)
to streamline notation)Stability is therefore guaranteed pro- 1 E
vided JE[ «(K)]i < 1 andjE[ ¢ (K)]j < 1. We have that im e[k = & ELTD erpyr (10)
0<E[ (k)] < 1whenb > 0 since 1 is non-negative kil b=a+ E[ 1]
and 0 (k) < 1. The stability condition is therefore thatFor synchronized ows with the standard TCP backoff
JE[ e(K)]j < L factor of 0.5 (i.e.,E[ 1] = 0:5) and the same RTT,
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Fig. 12. Impact ofb=a on throughput ef ciency. The maximum buffer size Fig. 13.

N .
is 400 packets, and the minimum buffer size is 2 packets. Convergence rate of the ALT and A* algorithms. One download

ow, a =10, b=1. At time 500s the number of upload ows is increased
from 0O to 10.

500

i LE[BITr reduces to the BDP wheb=a= 0. This

indicates that for high link utilizationve would likethe ratio ~ «o
b=ato be small. Using (5), (6) and (10) we have that in steadyg,,,

N i 500
-~ -Occupancy - - -Occupancy
— Buffer size — Buffer size

AP buffer (pkts)

state the expected link utilization is lower bounded by k2
0 200 200
1 1 <
. (11) 100 - ﬂ oy 100
1+ b_1 1+ 2 ::%ﬁ» AN et
aATTr a B Eﬁﬁéﬁ{ﬁﬁ%&:mﬁ BB BT T A
. . . . . 100 200 300 400 500 200 400 600 800 1000
This lower bound is plotted in Fig. 12 together with the Time (seconds) Time (second)
measured throughput ef ciency Ms=ain a variety of traf c (a) 10 downloads only (b) 10 downloads, with 10 uploads

conditions. Note that in this gure the lower bound is violated starting at time 500s

by the measured data whera > 0:1 and we have a Fig. 14. Buffer time histories with the A* algorithm, a=10, b=1.

large number of uploads. At such large valuesbefa plus

many contending stations, the target buffer sizes are extremely

small and micro-scale burstiness means that TCP RTOs ocgigmple in Fig. 13(a) is essentially a worst case. In the next
frequently. It is this that leads to violation of the lower boungection, we address the slow convergence by combining the
(11) (sincepe = 0 does not hold)However, this correspondsALT and the eBDP algorithms to create a hybrid algorithm.

to an extreme operating regime and for smaller valuels=af

the lower bound is respected. It can be seen from Fig. 12 tifatCombining eBDP and ALT: The A* Algorithm

the ef ciency decreases when the ratio lu#a.in_creases.,. N \We can combine the eBDP and ALT algorithms by using
order to ensure throughput ef ciency 90% it is required he mean packet service time to calcul@gspp as per the
that b eBDP algorithm (see Section V), and the idle/busy times to
a 0.1 (12) calculatega v as per the ALT algorithm. We then select the
buffer size asninf Qegpp ; dat 910 Yield a hybrid algorithm,

Combined with the stability condition in inequality (9), Weeferred to as the A* algorithm, that combines the eBDP and
have thata = 10, b=1 are feasible integer values, that is, wepo AT algorithms.

choosea, =10 andby =1 for the A* algorithm. When channel conditions change, the A* algorithm uses
the eBDP measured service time to adjust the buffer size
E. Convergence rate promptly. The convergence rate depends on the smoothing

I_\L\/eightW. As calculated in Section IV, it takes around 0.6

In Fig. 13(a) we illustrate the convergence rate of the A dqf N The A* alaorith furth
algorithm. There is one download, and at time 500s the numtar-°" 0Qeppp 0 converge. The A* algorithm can further
se the ALT algorithm to ne tune the buffer size to exploit

of upload ows is increased from 0 to 10. It can be see . ) o : .
the potential reduction due to statistical multiplexing. The

that the buffer size limit converges to its new value in aroun ’ f this hvbrid h when the traf ¢ load
200 seconds or 3 minutes. In general, the convergence rat§ |§CUVENEss of this hybrid approach when the frafc loa

determined by the product(0) (1)::: (k). In this example, Is increased suddenly is illustrated in Fig. 13(b) (which can

the buffer does not empty after backoff and the convergen & directly .compared .W'th. Fig. 13(a)). Fig. 14(b) shows the
rate is thus determined by (k) = T+11ék)_ To achieve correspondlng time h|stor|e§ for 10 download ows and a
fast convergence, we require smajl(k) so thatQ(k +1) = changing number of competing uploads.

¢ (k)Q(K) is decreased quickly to the desired value. We thus
need largeb to achieve fast convergence. However 1 is G- Performance
used here in order to respect the stability condition in (9) andThe basic impetus for the design of the A* algorithm is
the throughput ef ciency condition in (12). Note that wherto exploit the possibility of statistical multiplexing to reduce
conditions change such that the buffer size needs to incredadfer sizes. Fig. 14(a) illustrates the performance of the A*
the convergence rate is determined by &hparameter. This algorithm when there are 10 downloads and no upload ows.
has a value ofa = 10 and thus the algorithm adapts muctComparing with the results in Fig. 9 using xed size buffers,
more quickly to increase the buffer than to decrease it and thve can see that the A* algorithm can achieve signi cantly
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Fig. 16. Performance of the A* algorithm as the wired RTT is variedrig. 17. Performance of the A* algorithm when the channel has a BER of
Physical layer data and basic rates are 54 and 6 Mbps. Here the A® 5. Physical layer data and basic rates are 54 and 6 Mbps. Here the AP
throughput percentage is the ratio between the throughput achieved usim@ughput percentage is the ratio between the throughput achieved using the
the A* algorithm and the maximum throughput using xed size buffers.  A* algorithm and the maximum throughput using xed size buffers.

smaller buffer sizes (i.e., a reduction from more than 350 padi- that the current buffer size is too small which causes the
ets to 100 packets approximately) when multiplexing existSCP source backs off after buffer over ow. To accommodate

Fig. 15 summarizes the throughput and delay performancembre future packets, the buffer size can be increased. Note
the A* algorithm for a range of network conditions (numberghat increasing buffer sizes in this case would not lead to

of uploads and downloads) and physical transmit rates ranginigh delays but has the potential to improve throughput. This

from 1Mbps to 216Mbps. This can be compared with Figradeoff between the throughput and the delays thus holds for
3. It can be seen that in comparison with the use of a xegboth EDCA and DCF.

buffer size the A* algorithm is able to achieve high throughput However, the DCF allocates roughly equal numbers of

ef ciency across a wide range of operating conditions whilgansmission opportunities to stations. A consequence of using
minimizing queuing delays. DCEF is thus that when the number of upload ows increases,

In Fig. 16 we further evaluate the A* algorithm whenthe uploads may produce enough TCP ACK packets to keep
the wired RTTs are varied from 50-300ms and the numbgtfe AP's queue saturated. In fact, once there are two upload
of uploads is varied from 0-10. Comparing these with thews, TCP becomes unstable due to repeated timeouts (see
results (Fig. 5 and 6) of the eBDP algorithm we can sgg0] for a detailed demonstration), causing the unfairness issue
that the A* algorithm is capable of exploiting the statisticadliscussed in Section II-C. Therefore, we present results for up
multiplexing where feasible. In particular, signi cantly lowerto two uploads in Fig. 18, as this is the greatest number of
delays are achieved with 10 download ows whilst maintainingpload ows where TCP with DCF can exhibit stable behavior
comparable throughput ef ciency. using both xed size buffers and the A* algorithm. Note that
in this case using the A* algorithm on upload stations can also
decrease the delays and maintain high throughput ef ciency if
. . . ) their buffers are frequently backlogged.

In the foregoing simulations the channel is error free and e 5150 present results when there are download ows only
packet losses are solely due to buffer over ow and MAC-laygQt, the unfaimess issue does not exist). Fig. 19 illustrates
collisions. In fact, channel errors have only a minor impagf,, throughput and delay performance achieved using the A*
on the effectiveness of buffer sizing algorithms as errors pl%Ygorithm and xed 400-packet buffers. As in the EDCA cases,
a similar role to collisions with regard to their impact oR, o can see that the A* algorithm is able to maintain a high
link utilization. We support this claim rst using a Simmaﬁonthroughput ef ciency with comparatively low delays.
example with a channel having an i.i.d noise inducing a bit Note that DCF is also used in the production WLAN test

error rate (BER). oflo 5, Resultg are shown in Fig. 17 Whe"?where the A* algorithm is observed to perform well (see
we can see a similar trend as in the cases when the med'ggl:tion ).

is error free (Figs. 15(e) 15(f)).
We further con rm this claim in our test-bed implementa-
tions where tests were conducted in 802.11b/g channels ahdRate Adaptation
noise related losses were observed. See Section VI for detailsije did not implement rate adaptation in our simulations.
However, we did implement the A* algorithm in the Linux
. DCF Operation MadWi driver which includes rate adaptation algorithms.
We tested the A* algorithm in the production WLAN of

The _propqsed *?L_‘ffef sizing algorithms are St_i” valid fo_{he Hamilton Institute with the default SampleRate algorithm
DCF since link utilization and delay considerations remaif spled. See Section |.

applicable, as is the availability of service time (for the eBDP
algorithm) and idle/busy time measurements (for the ALT
algorithm). In particular, if the considered buffer is heavily
backlogged, to ensure low delays, the buffer size should béWe have implemented the proposed algorithms in the Linux
reduced. If otherwise the buffer lies empty, it may be dudladWi driver, and in this section we present tests on an

H. Impact of Channel Errors

VI. EXPERIMENTAL RESULTS
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Fig. 15. Throughput ef ciency and maximum smoothed round trip delays (max sRTT) for the topology in Fig. 1 when the A* algorithm is used. Here, the

AP throughput ef ciency is the ratio between the throughput achieved using the A* algorithm and the maximum throughput achieved using xed size buffers.
Rates before and after the '/* are used physical layer data and basic rates. For the 216Mbps data, 8 packets are aggregated into each frame at the MAC laye
to improve throughput ef ciency in an 802.11n-like scheme. The wired RTT is 200 ms.

I o [Tigmes | A. Testbed Experiment

fgf & fm The testbed topology is shown in Fig. 20. A wired network
5 o %‘m is emulated using a desktop PC running dummynet software on
;g.n o émz“: FreeBSD 6.2 which enables link rates and propagation delays
g z to be controlled. The wireless AP and the server are connected
: ;;o(“f:w/‘;”d = to the dummynet PC by 100Mbps Ethernet links. Routing

% oo % L s ©© in the network is statically con gured. Network management
is carried out using ssh over a wired control plane to avoid

affecting wireless traf c.

Fig. 18. Performance of the A* algorithm for 802.11 DCF operation when |n the WLAN, a desktop PC is used as the AP and 12 PC-

there are both upload and download ows in the network. Here the A ; ;
throughput percentage is the ratio between the throughput achieved usingﬁﬁesed embedded Linux boxes based on the Soekris net4801

A* algorithm and the maximum throughput using xed size buffers. Physical€ used as client stations. All are equipped with an Atheros

4 6
# of uploads

(a) Throughput (b) Delay

layer data and basic rates used are 54 and 6 Mbps. 802.11b/g PCI card with an external antenna. All nodes

run a Linux 2.6.21.1 kernel and a MadWi wireless driver
o : : o | (version r2366) modi ed to allow us to adjust the 802.11e
\o\i 180 —»—10 downloads, 0 upload| 180| —»— 10 downloads, 0 upload|

CWhin » CWnax andAIFS parameters as required. Specic
vendor features on the wireless card, such as turbo mode, rate
adaptation and multi-rate retries, are disabled. All of the tests
are performed using a transmission rate of 11Mbps (i.e., we
use an 802.11b PHY) with RTS/CTS disabled and the channel
number explicitly set. Channel 1 has been selected to carry
0B er size (pkis R e size (pKS @ out the experiments. The testbed is not in an isolated radio
environment, and is subject to the usual impairments seen in
an of ce environment. Since the wireless stations are based on
Fig. 19. Performance of the A* algorithm for 802.11 DCF operation whefpwy power embedded systems, we have tested these wireless
fere are dounion Ows.onl b e neark et we lstae e percentaifations to con r that the hardware performance (especially
AP buffer sizes as shown on the x-axis) of both throughput and delayfieé CPU) is not a bottleneck for wireless transmissions at
Physical layer data and basic rates used are 54 and 6 Mbps. the 11Mbps PHY rate used. The con guration of the various
network buffers and MAC parameters is detailed in Table II.
Although both SACK enabled TCP NewReno and TCP
experimental testbed located in an of ce environment ardUBIC with receiver buffers of 4096KB have been tested,
introduce results illustrating operation with complex traf ¢ thahere we only report the results for the latter as CUBIC is
includes both TCP and UDP, a mix of uploads and downloadgw the default congestion control algorithm used in Linux.
and a mix of connection sizes. Default values of Linux Kernel 2.6.21.1 are used for all the

g

£ 140

@

© 120

g Y

(RO

Max RTT percentage (%)

(a) Throughput (b) Delay
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started every 10s to allow collection of statistics on the
mean completion time.

Dummynet
C. Results

N Fig. 21 shows example time histories of the buffer size
and occupancy at the AP with a xed buffer size of 400
packets and when the A* algorithm is used for dynamic buffer
Fig. 20. Topology used in experimental tests. sizing. Note that in this example the 400 packet buffer never
completely lls. Instead the buffer occupancy has a peak value
E’]?g?f’;‘sée: Jueue \Z’a;giiets of around 250 packets. This is due to non-congestive packet
Dummynet queue| 100 packets losses caysed by chann_el noise _(the testbed operates in a real
MAC Preamble | long of ce environment with signi cant interference, because there
MAC data rate 11Mbps are bluetooth devices and WLANs working in channel 1.)
MAC ACK rate | 11Mbps which prevent the TCP congestion window from growing to
MAC retries 11 .
completely Il the buffer. Nevertheless, it can be seen that the
TABLE II buffer rarely empties and thus it is suf cient to provide an
TESTBED PARAMETERS SUMMARY indication of the throughput when the wireless link is fully

utilized.
We observe that while buffer histories are very different

) _with a xed size buffer and the A* algorithm, the throughput
other TCP parameters. We put TCP ACK packets into a h'%‘very similar in these two cases (see Table IIl).

priority queue (we use the WMEAC_VO queue of MadWi One immediate benet of using smaller buffers is thus a

as an example) which is assigned paramete€Whin =3, oqyction in network delays. Table IV shows the measured
CWmax =7 andAIFS =2. TCP data packets are collecteqjq|ays experienced by the UDP ows sharing the WLAN with
into a lower priority queue (we use the WMBC_VI queue) e Tcp trafc. It can be seen that for STA 8 both the mean
which is as&gnecCWmin = 31, CWmax = 1023 and 54 the maximum delays are signi cantly reduced when the
AIFS =6. We use iperf to generate TCP traf ¢ and resulta« 440rithm is used. This potentially has major implications
are collected using both iperf and tcpdump. for time sensitive trafc when sharing a wireless link with
data traf c. Note that the queuing delays from STA 7 are for
B. Traf ¢ Mix traf ¢ passing through the high-priority traf ¢ class used for
: TCP ACKs, while the measurements from STA 8 are for traf ¢
We con gure the trafc mix on the network to 'capturein the same class as TCP data packets. For the offered loads
the complexity of real networks in order to help gain greater

] . - ._._used, the service rate of the high-priority class is suf cient to
con dence in the practical utility of the proposed buffer SIZIn%(VOid queue buildup and this is re ected in the measurements
approach. With reference to Fig. 20 showing the networ The reduction in network delay not only benets UDP

topology, we create the following trafc: ows: traf ¢, but also short-lived TCP connections. Fig. 22 shows the

TCP uploads One long-lived TCP upload from each ofy,aa5ured completion time vs connection size for TCP ows.

STAs 1, 2 and 3 to the server in the wired network. STA$ can he seen that the completion time is consistently lower
2and 3 always use a xed 400-packet buffer, while STA 4, 5 tactor of at least two when A* dynamic buffer sizing is

uses both a xed 400-packet buffer and the A* algorithm,seq. Since the majority of internet ows are short-lived TCP
TCP downloadsOne long-lived TCP download from the connections (e.g., most web traf c), this potentially translates

wired server to each of STAs 4, 5 and 6. __into a signi cant improvement in user experience.
Two way UDP One two-way UDP ow from the wired  nqte that STA's 2 and 3 in the A* column of Table Il use

server to STA 7. The packet size used is 64 bytes and theq sjze buffers rather than the A* algorithm. The results
mean inter-packet interval is 1s. Another UDP ow fromgp o\ are the throughput they achieve when other stations run
the wired server to STA 8 with the used packet size Qe a* algorithm. It can be seen that the A* algorithm does
1000 bytes and the mean inter-packet interval of 1s. . signi cantly impact STAs 2 and 3, con rming that A*

Mix of TCP connection sizeShese ows mimic web ¢ sypport incremental roll-out without negatively impacting
traf c4. A short TCP download from the wired server thgacy stations that are using xed size buffers.

STA 9, the connection size of which is 5KB (approxi-
mately 3 packets). A slightly longer TCP download from
the wired server to STA 10 with a connection size of . o .
20KB (approximately 13 packets) and another to STA 11 The classical approach to sizing Internet router buffers is the
(connection size 30KB, namely, around 20 packets). RDP rule proposed in [31]. Recently, in [5] it is argued that

fourth connection sized 100KB from the server to STANe BDP rule may be overly conservative on links shared by a

12. For each size of these connection. a new ow i&rge number of ows. In this case it is unlikely that TCP
congestion window sizes (cwnd) evolve synchronously and

“4Note that in the production WLAN test, we used real web traf c. due to statistical multiplexing of cwnd backoff, the combined

VII. RELATED WORK
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" Buferoccupancy. fred 400 e in [27] [12] a measurement-based adaptive buffer size tuning
ZoBufter sizei A7 method is proposed. However, this approach is not applicable
to WLANS since it requires a priori knowledge of the link
capacity or line rate, which in WLANSs is time-varying and
load dependent. [34] introduces another adaptive buffer sizing
algorithm based on control theory for Internet core routers.
y ) [24], [14] consider the role of the output/input capacity ratio
o oy at a network link in determining the required buffer size. [6]
experimentally investigates the analytic results reported in [5],
Fig. 21. Buffer size and occupancy time histories measured at the AP wj5], [10] and [33]. [11] considers sizing buffers managed with
xed 400-packet buffers and the A* algorithm. active queues management techniques.

The foregoing work is in the context of wired links, and

w
&
S

AP buffer(pkts)
bR NN W
8 &8 8 8 8

@
S

)

Fixed 400 packets| A* . ..
Throughput of STA 1| 1.36Mbps 1.33Mbps to. our kqowledge the. question of buffer sizing for.802.11
Throughput of STA 2| 1.29Mbps 1.30Mbps wireless links has received almost no attention in the literature.
Throughput of STA 3| 1.37Mbps 1.33Mbps Exceptions include [21] [23] [29]. Sizing of buffers for voice
m;gﬂgﬂpﬂi g; Sk 833%": g'gémp: traf ¢ in WLANS is investigated in [21]. The impact of xed
Thmughgut ofSTA G 0:52MbEs 0:42Mbgs buffer sizes on TCP ows is studied in [23]. In [29], TCP
performance with a variety of AP buffer sizes and 802.11e
TABLE IlI parameter settings is investigated. In [16] [17], initial inves-
MEASURED THROUGHPUT tigations are reported related to the eBDP algorithm and the

ALT algorithm of the A* algorithm. We substantially extend
the previous work in this paper with theoretical analysis,

i ) experiment implementations in both testbed and a production
buffer requirement can be considerably less than the BRF1 AN. and additional NS simulations

The analysis in Fg5] suggests that it may be suf cient to size
buffers asBDP=""n. This work is extended in [25], [10] and

[33] to consider the performance of TCP congestion control
with many connections under the assumption of small, mediumWe consider the sizing of network buffers in 802.11 based
and large buffer sizes. Several authors have pointed out thdteless networks. Wireless networks face a number of fun-
the valuen can be dif cult to determine for realistic traf c damental issues that do not arise in wired networks. We
patterns, which not only include a mix of connections sizes adg¢monstrate that the use of xed size buffers in 802.11
RTTs, but can also be strongly time-varying [9], [32]. In [32]petworks inevitably leads to either undesirable channel under-
it is observed from measurements on a production link thatilization or unnecessary high delays. We present two novel
traf ¢ patterns vary signi cantly over time, and may containbuffer sizing algorithms that achieve high throughput while

a complex mix of ow connection lengths and RTTs. It ignaintaining low delay across a wide range of network con-
demonstrated in [9][32] that the use of very small buffers cadlitions. Experimental measurements demonstrate the utility of

lead to an excessive loss rate. Motivated by these observatidhg, proposed algorithms in a real environment with real traf c.
The source code used in the NS-2 simulations and the

experimental implementation in MadWi can be downloaded

VIII. CONCLUSIONS

Fixed 400 packets| A* from www.hamilton.ie/tianjili/buffersizing.html.
mean (max) mean (max)

RTT to STA 7 | 201ms (239ms) 200ms (236ms)

RTT to STA 8 | 1465ms (2430ms) | 258ms (482ms) APPENDIX

" UDgAB'-E 'VSTA . In the production WLAN of the Hamilton Institute, the AP
EASURED DELAYS OF THE FLOWS. S TRAFFIC IS PRIORITIZED . . .
TO AVOID QUEUE BUILDUP AND THIS IS REFLECTED IN THE is equipped with an Atheros.802.11/a/b/.g PCI card and an

MEASUREMENTS external antenna. The operating system is a recent Fedora 8

(kernel version 2.6.24.5). The latest MadWi driver version
(0.9.4) is used, in which the buffer size is xed at 250 packets.

o e 400 pckes The AP is running in 802.11g mode with the default rate
§ adaptation algorithm enabled (i.e., SampleRate [7]). All data
ém traf ¢ is processed via the Best Effort queue, i.e., MadWi
= / is operating in 802.11 rather than 802.11e mode. A mix of
g A Windows/Apple MAC/Linux laptops and PCs use the WLAN
g e /,/ from time to time.
e
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Fig. 23. WLAN of the Hamilton Institute. Stars represent users' approximate
locations.




