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Abstract— Because medium contention occurs for each held in November 2004 [1]. The IETF network was
packet that is transmitted in a IEEE 802.11 wireless g |EEE 802.11b-based WLAN consisting of 152 APs
network, tran_smission of a large number of small packets (38 physical APs, each supporting four virtual APS)
can be particularly detrimental to performance. As a - .
result of contention overhead, end-to-end delay and energy placed qn three adjacent floors of the event Iocathn
dissipation increase and the medium utilization decreases and serviced more than 1000 users. Three laptops using
In this paper, our goal is to reduce contention through Prism2 chipset cards in the RFMon mode were used to
concatenation of several small packets into a single large gniff traffic and record packet traces on three orthogonal
packet, and subsequently transmit this large packet. We channels 1, 6, and 11. Figure 1 shows the CDF of

propose IPAC, an IP-based packet concatenation protocol . -
that adaptively selects an appropriate packet size based on the packet sizes observed in the network. We observe

the route quality. Simulation results show that with IPAC, ~that a significant fraction of packets are small in size
contention is reduced by a factor of two, resulting in a and can be concatenated. We believe that this trace is

throughput increase by a factor of two to three. representative of the various applications that will be run
on a wireless network.
Concatenation in multihop networks is not a straight-
In a multihop wireless network, packets are relayefbrward extension of the problem of concatenation in
by intermediate nodes between a source and destinatisimgle-hop infrastructure LANSs. In a single hop network,
Each node in a collision domain contends for mediutie sender has complete information about the link
access for every transmitted packet. The transmissionafaracteristics of all the next hop receivers and can use
a large number of packets may significantly deterioratais information to compute the packet sizes. However, in
performance due to overhead imposed by medium coa-multihop network, the nodes do not have the complete
tention. An increase in contention results in an increagath information.
in average backoff, the number of retransmissions, andTo address this problem, we propose IPAC, I&h
aggregate energy dissipation per node in a network [ljased adaptive PAcket Concatenation scheme. IPAC is
The primary cause of severe contention and congedistinct from previous work in that it is both an IP
tion in a multihop network is the transmission of dayer scheme and dynamically adaptive. As an IP-based
large number of small packets at each intermediate nodeheme, queuing and concatenation is performed only
Studies have shown that there is more overhead aodce at the source, as a result of which the end-to-end
power utilized in medium contention than is neededelay is reduced. Through the adaptive calculation of an
to transmit longer packets; packets should be large &ppropriate packet size, packet loss due to transmission
keep the transmission overhead small [2], [3]. Packef large packets is reduced. To perform adaptive concate-
concatenation is a technique in which small packets amation, a routing metric is used to obtain an indication
aggregated into a large super-packet, thereby allowing the route quality. The packet size is computed based
a node to send fewer large packets than many smal the value of this routing metric. A high quality route
packets. MAC contention takes place only once for thienplies that packet errors are low, retransmissions are
single super-packet instead of multiple times for thtew and consequently larger packets can be sent. On
smaller packets. As a result, a node spends less tiie other hand, a low quality route indicates that larger
in contention and backoff, which leads to better mediupackets will likely suffer a high loss rate. For this reason,
utilization, and consequently higher throughput. the packet size computation is closely tied to the route
Before designing a concatenation scheme, one qussiection. The selected routing protocol chooses the best
tion that needs to to be answered is whether smatiute based on the routing metric, which is also used to
packets exist in a wireless network. To answer this, weompute the packet size that will be used on that route.
study the traffic traces captured from the 61st IETF Simulation studies show that with packet concatena-
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Fig. 1. Packet sizes from traffic analysis of the 61st IETFRdhal
November 2004.

Fig. 2. Queuing and packet concatenation in IPAC.

tion, the average number of times that a node contends”AC and APC are link-layer multihop schemes that
before it acquires the medium for transmission decreas@@apt the payload size to the link conditions. Link layer
by a factor of two. Consequently, an improvement igchemes provide a higher granularity of adaptation to the
throughput by a factor of two to three is observed. Aink dynamics since they can adapt to the link quality at
systematic study of the delay introduced by the concat@ach hop on the path. However, they introduce latency
nation scheme in a 3-hop network shows that the en@t €ach hop due to queuing and data copy operations.
to-end packet delay increases by only 1.3 to 1.6 timddey also slow the intermediate nodes by increasing their

due to buffering prior to concatenation. processing load.
In this paper, we study the performance of an IP-based
Il. RELATED WORK concatenation protocol. To the best of our knowledge,

Previ K K , h this is the first work that studies adaptive concatenation
revious work on packet concatenation s eme_s CAthe 1P layer. IP-based schemes concatenate packets
be ca_ltegonzed based on their target ne_ztwork YPe: SINY the source and deconcatenate at the destination, thus
hopkmfrasc';rtjhctulre net\f[vorrlf_s ha?hd mult|-h(€p. ?dkr:oc negliminating hop-by-hop packet concatenation delay. The
Works, and the fayer at which they operale. inK 1ayer f,ya_off with 1P-based schemes is that the payload size

Ig Iaygr. PnISFOGf thi flrFs)tFéont|onstX%s I“Packet f']:ram@alculation is performed once, at the source, as a result
rouping ( ) 141 ~> 1S a ayer SChem&ss \which the adaptation to link variation is more coarse-
for wireless LANs that improves the performance OErained than a link layer approach

multimedia traffic by grouping small packets and sharin
the performance overhead between the grouped packets.

To date, PAC-IP is the only existing work on IP layer
concatenation [5]. The main idea is to concatenate IPThe first challenge for the concatenation scheme is to
packets into a single large “Concatenated Collectioniyinimize the introduced delay such that the application
which is considered as an ordinary payload at the lintkonstraints are met. We decrease this latency by using an
layer. end-to-end concatenation scheme. Concatenation takes

PFG and PAC-IP were developed for WLAN networkglace only at the source, and there is no concatenation
that consist of a single hop. Some of the work odelay introduced at the intermediate routers.
concatenation describe link layer protocols that target One of the important parameters in our scheme is the
multihop networks.PAcket Concatenation (PAC) is a time interval for which packets can be queued at the
MAC layer scheme for rate adaptive mobile ad hosender before they are concatenated and delivered. This
networks [6]. PAC dynamically calculates the number dé called the Maximum Concatenation Interval (MCI).
frames to be concatenated as a ratio of the current dataing this parameter, we can control the queuing delay
rate to the lowest supported data rafelaptive Packet introduced at the source due to IPAC and meet the
Concatenation (APC) is a distributed MAC layer packetapplication constraints. Thus, the delay introduced by
concatenation scheme for multihop sensor and ad httie scheme can quantified systematically by varying the
networks. APC adaptively concatenates packets using tM€I| parameter, and the effect on the applications can
current transmission rate [7]. be studied.

1. CHALLENGES



The second challenge to be addressed is the potentialltiple intermediate nodes. Each of the intermediate
increase in packet loss due to an increase in bit erratedes have to forward the super-packet instead of several
and collisions caused by increase in packet length. Osmall packets, thus significantly reducing the contention.

solution uses route quality as a metric to adaptivel _ . o
compute the maximum size of the concatenated packéﬁconcatenanon: On receiving a packet, the destination

Packets are concatenated only up to an optimal sig&&mines the incoming packet and checks for a concate-
called the Maximum Concatenation Size (MCS), so Aation header. If this header is not present, the packet

to not increase the packet loss. Each queue is associdied€livered to the transport layer. If a concatenation
with an MCS value that is computed based on tHeader is present, then the packet is deconcatented to

quality of the route to the destination to which the que tain the smaller packets and the individual packets are
corresponds. delivered to the transport layer. The concatenation header

provides the destination with the information needed for
IV. PROTOCOL DESCRIPTION deconcatenation.

The IPAC protocol functions at the IP layer. The . o ] )
underlying principle of IPAC is that packets that are ag?daptive MCS Determination: Computation of the size
dressed to a common destination are concatenated befdrdn€ super-packet is a critical aspect of the protocol.
being passed to the link layer. This process is shown fh Small payload length will increase the medium con-
Figure 2. The link layer contends for the medium foféntion and consequently decrease the throughput and
this single large packet. Once the IP destination receiv@dium utilization. Large packets reduce contention and
this packet, the packet is deconcatenated. The followif}Frease medium utilization in the presence of a high

sections provide details on the protocol operations. quality route. However, large packets are prone to bit
errors and collisions, thus increasing packet loss if the

Queuing: The sender maintains one queue for eadfdute is lossy [8]. The transmission of large packets,
destination to which it has a packet to send. IP packefgthout considering the channel quality, increases the
are queued based on their destination. Each queuenis error rate and packet loss. Packet losses result in
associated with a MCS value depending on the routgtransmissions, which further decrease the throughput.
quality to the corresponding destination. The timer modrhroughput is shown to be a function of packet payload
ule controls the maximum packet queuing interval. Thength, as well as the number of retransmissions. It is
timer is set to the desired MCI value based on the del®&gnce important that the concatenation scheme does not
that can be tolerated by the receiver. A study of MGhcrease the number of retransmissions.

values and the associated delay is described in Section Vg reduce the packet loss, the concatenation size
C. should be adaptive to the channel quality. The sender

Dequeting: At the sender, the packets are dequeued f§pould determine the optimal payload length that can
transmission in one of the two cases: be transmitted without increasing the packet loss. To

« The number of queued bytes exceeds the MCS compute this, we use the the routing metric “Weighted
o The timer expires. In this case, the packets al umu_lative Expected Transmission _Time” (WCETT)
dequeued for delivery regardless of the queue siz escribed by Draveet al. [9]. WCETT is a path metric

After dequeuing, the packets are aggregated into a sin Igt is calculated as the sum of the ETT’s of all the hops

super-packet and a four-byte header is added to indic lthe path.. Th'z %IVGS an kesttl'[natel_of thle en?r;to-er;g
the number of concatenated packets and the size ay experienced by a packet traveling along the pa

each concatenated packet. When there is an incom% sed on the loss rate and bandwidth. Thus WCETT for

packet that cannot be queued because the MCS will B ath withr, hops is given by:
exceeded, the queue is flushed, the dequeued packets ACCETT —
transmitted and the incoming packet is then queued. If
the incoming packet size is larger than the MCS, the
queue is flushed and the packet is transmitted withowhere k is the number of channels in the network and
being queued. This prevents re-ordering of packets. X; is the sum of transmission times of hops on channel
After dequeuing, a packet is passed to the link laygr, The authors note that the metric is a tradeoff between
where it is processed as a single IP packet. The nodelay and throughput of the path. The first term gives a
has to contend for the medium for the single supemeasure of latency and the second term represents the
packet, instead of several smaller packets. This supénpact of bottleneck links. The weighted average strikes
packet is transmitted to the destination, possibly throughbalance between the two.

(1=p)* > ETT; + 3 max, X; (1)

=1



A. Evaluation Methodology

1500mQ , —— Simulation result

" P N —Linear The simulations consist of 100 nodes in a 1000m
Quadratic X 1000m area, of which there are 10 pairs of sender-
12000 oy ~e Cubic receiver nodes. The nodes are placed in a uniform

random topology in the simulation area. The results are
an average of five seed values. Each simulation run
is for a duration of 200 seconds. Each of the nodes
is equipped with a single IEEE 802.11b radio. The
RTS/CTS mechanism is turned off in all the simulations
expect when mentioned otherwise. This is to give equal
weight to total path length and bottleneck links, a value
of 0.5 is used forg in Equation 1. A3 value of 1 will
pick a path with the least bottleneck but will not factor in
the path length. On the other hangs0 will randomly

Fig. 3. Mapping of WCETT values to packet sizes, linear, gatid  select one path from a set of equivalent paths without
and cubic fitted curves. (Lineay = - 9.5 + 1400 Quadraticy =  considering whether there is a bottleneck link in the path;

0.042:2 - 16z + 1600 Cubicy = - 0.000123 + 0.07k? - 18z + . . : .
1600) Y the throughput will suffer if there is a bottleneck link.
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) ) B. Mapping WCETT to Packet Sze

The WCETT is a measure of the quality of a path and . _
hence it serves as a suitable metric for choosing packet™ critical aspect of IPAC 'i to map tr?e Vf\:.CETT .
sizes. In a set of paths between a source and destinatiyfiues 10 an appropriate packet size. The efficacy o

the path with the lowest WCETT value is most likely tdne concatenation protocol depends on this mapping.

deliver the maximum number of packets with least delagn optimal packet size is one that maximizes medium

Because the path is of high quality, it is likely that larg t|||zat||(()n lejnd thrOl;]ghput_whllle a"l‘("d'”g an m((j:_reasle
packets, perhaps up to some maximum size, can be sbhiPacket drops. The optimal packet size is directly
over such a link without increasing the packet loss rat&0rrelated with the link quality and data rate. Packet sizes
We perform empirical evaluations to extract the mappm%reater than the optimal size result in a higher loss rate.

from WCETT value to packet sizes. This is described in W€ performed empirical evaluations to obtain this
Section V-B. mapping. The application type used is CBR traffic. In

ach run of the simulation, the application packet size
as varied from 100 bytes to 1500 bytes, incremented
steps of 100 bytes. For each of these packet sizes,

The WCETT metric was designed for static multihoée
networks. IPAC leverages the WCETT routing metric”

as a measure of route quality to dynamically adapt tP‘ ) ,
IPAC leverages the WCETT routing metric as a measu e WCETT value that 1S compl_Jted IS _recprded. A
ata rate of 64 Kbps, typical of voice applications, was

of route quality to dynamically adapt the packet lengths. . ; .
9 y yhe y adap P g yéed. Packet concatenation was not performed in this
Hence the concatenation solution is applicable to a statl

multihop network. IPAC targets planned static muItihoSXpe”ment'

networks such as a mesh backbone. However, IPAC isThe goal of the experiment was to determine a map-
itself independent of any routing solution ' ping of WCETT to packet size. Simulation results show

that for each WCETT value, there was a particular packet
size above which the throughput decreased due to an
V. PERFORMANCEEVALUATION increase in packet drops. This confirms that there is
a threshold packet size above which the bit error rate
IPAC has been implemented on the Qualnet simulaicreases. This maximum packet size above which a
tor. We extended the OLSR-INRIA implementation irthroughput decrease was seen was recorded for each
Qualnet to incorporate the WCETT metric. The packaVCETT value. The90!" percentile value of all the
concatenation protocol has been implemented to usienulation runs was computed and mapped to the corre-
these WCETT values and adapt the packet size to thgonding WCETT value. Figure 3 shows the results from
routing metric. The performance of IPAC has beethe simulations along with three fitted curves - linear,
evaluated through extensive simulations using Qualneuadratic and cubic. The x-axis represents WCETT
The evaluation methodology, simulation environmentalues and y-axis represents the corresponding optimal
and results are described in the sections that follow. packet sizes as seen from the experiments. We observe
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that the linear curve does not fit the graph. The quadratic 4 140
and cubic curves fit our simulation results, and to avoid 120 120
overparameterization, we use the equation correspondin 100 ?:; 100
to the quadratic curve for the rest of our simulations. - ‘é
C. Evaluation Reslts § ” g”
In this section, we evaluate IPAC to quantify its g ® E %0
performance in terms of improvement in throughput and 40 B 40
medium utilization and the drawbacks such as delay ani 20 20
overhead. Evaluations are performed with two traffic pat-
terns: CBR and HTTP applications. These applications 970 00101 1 10 100 0 500 1000 1500
. . . MCI (ms) Packet size (Bytes)
represent two classes of traffic with different charac- @ ®)

teristics. CBR, using UDP as the transport protocol, is
sent as best effort. CBR traffic can be used to modeb. 4.  Evaluation of (a) Delay with varying MCI values (b)
voice applications, which are periodic and do not tolerafefreentage of overhead with varying packet sizes.

large delays. HTTP, on the other hand, uses TCP at . .
the transport layer and requires reliability. There is npacket. The MAC overhead without IPAC is even more

periodicity of packet transmission and the traffic is morgubstantial if RTC/CTS is enabled. With IPAC, RTS/CTS
tolerable to delays. The metrics used and the protodgkes place for the single super-packet instead of several
performance are described below. small packets. This reduction in overhead becomes sig-
) ) _ nificant when the traffic rate is high and a large number
Effect of varying MCI value: In this experiment, the of small packets are available for concatenation.
MCI values are varied to study the end-to-end delay The gverhead reduction can be observed from Figure
they introduce in the system. This results in bettef) The simulations consist of ten random CBR flows
understanding of the delay caused by the timer, so thakn 160 byte packets and a data rate of 64 Kbps
the timer value can be tuned based on the delay toleranggy RTS/CTS disabled. The overhead is calculated as

of the application. ___afraction of the payload and expressed as a percentage.
In this experiment, ten random senders transmit CBR

packets to ten random receivers. The sending rate is $#2P Performance
to 64 Kbps and the packet size is 160 bytes, which is To study the performance of UDP traffic, ten random
typical of voice applications. The MCI values are variedenders transmit CBR packets to ten random receivers.
from 1 us to 100 ms and the resulting end-to-end delalhe data rates are varied as 50 Kbps, 100 Kbps, 1
is plotted. The results are shown in Figure 4(a). A MCMbps and 5 Mbps. The 50 Kbps data rate results in an
value of 1 ms results in an end-to-end delay of 83 menderloaded network (27% utilization). The 100 Kbps
The delays obtained up to MCI values of 10 ms arend 1 Mbps results in a moderate utilization (30-50%)
within the tolerable delay limits for voice applicationswhile the 5 Mbps data rate the network is heavily utilized
using the popular ITU-T G.711 codec. (77%). The results from these experiments are shown in
Although the delay values seen depend on the netwdrigures 5 and 6. Each of the graphs is further explained
topology, the results indicate that for a given topology, below:
MCI value can be chosen such that the delay caused
IPAC does not adversely impact the application perfo
mance. A higher value of MCI will, however, increas
the benefits of concatenation.

_t¥empts to Medium Access (AMA): A node contends

or the medium for each packet transmission. The “At-
tempts to Medium Access” metric is a count of the
number of times a node contends for the medium for
Overhead: A potential drawback of IPAC is the overheadhe successful transmission of a packet. This count
introduced by the concatenation header. However, evirtludes any retransmission attempts. The AMA is an
though a four byte header is added by the protocamportant metric as it translates to the amount of time a
overall there is a significant reduction of MAC layemode spends in backoff. A higher AMA count indicates
overhead. IEEE 802.11b adds a 30 byte header at tibat a node attempted a greater number of transmis-
MAC layer, a 4 byte FCS and a 24 byte PLCP headeaions. With each unsuccessful transmission attempt, a
This results in 58 bytes of MAC overhead, which camode has to backoff. As per IEEE 802.11, the backoff
be considerable overhead for small packets. With IPACpunter increases exponentially with each retransmis-
the MAC and PLCP headers are added for a single larg®n.
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3.0
The AMA has been calculated as the average numbe 0.35
of times a node contends for the medium during the 25 0.30
entire length of the simulation. As shown in Figure 5(a), & '
there is a decrease in AMA with packet concatenation §2° 025
When the traffic load is high, as in the 1 Mbps and 5 ‘5’15 2020
N . . ape o (0]
Mbps cases, the decrease in AMA is significant, approx: 5 201
imately 50%. Because of concatenation of small packet 2 10 '
into a single super-packet, there are fewer packets t "™ 0.10
send and the node contends fewer times. This reduce 05 0.05
the time spent by a node in contention and backoff. With
low traffic loads, there are fewer packets contending anc 0 10 1 05 01 % 1o 1 05 01
hence the reduction in AMA is not as large. Th'n?a;'me ©) Th'”k(t[')r;‘e (©)

Medium Utilization: This is measured as a ratio of the 2 Results f o lai i HTTP traffic with i
. e . 9. /. esults rrom simulations wi raffc with vamgitnin
time ;pent by a node tre}ns.mlttlng a packet ag_amSt tﬁ (a) Throughput measurements (b) Delay measurements
total time spent in transmission and backoff. An increase

in medium utilization usually results in an increase in

the throughput (unless the medium is congested). Fig .
5(b) shows that medium utilization increases due Cl value was sef[ to 1ps, Wh'(_:h was selected based on
packet concatenation. This increase is because, wh results from Figure 4(a). Figure 6(b) shows the delay

fewer packets to send, the node spends less time'FWOduced due to concatenation in the above scenarios.
%

ntrol the queuing delay. In the above experiments the

medium contention and backoff. When the medium i © observe that maximum delay is introduced when

: : traffic is low. The delay under high traffic loads
acquired, the node transmits as large a packet as can .
d g P |sp%etween 1.3 to 1.6 times the delay seen when there

is no packet concatenation. The maximum throughput
Throughput: The increase in end-to-end applicatiobenefit is also seen at higher traffic loads, implying
layer throughput is shown in Figure 6(a). Under highghat concatenation is most beneficial under high traffic
load, a throughput improvement up to a factor of tweonditions.

is obtained. Under low traffic conditions, the nodes are
sending fewer packets, the utilization is low and henc
there is only a moderate improvement in throughput.

sent without increasing the bit error rate.

CP Performance
Evaluating the protocol performance in the presence of
TCP traffic is important as the delay can affect the TCP
Delay: A potential drawback to packet concatenatiotimers, potentially resulting in timeouts. In the next set
schemes is the end-to-end delay. Concatenation invohafseexperiments, HTTP traffic model is used and thiek
gueuing and data copy operations which introduce deldyme is varied to obtain different data rates. Think time
The MCI parameter discussed in section IV is used ie the amount of time between HTTP requests, which is



often the time spent by a user thinking, remaining idle qz]
deciding what to do next. Figures 7 shows the results for
throughput and RTT measurements. As seen in Figure
7(a), with concatenation, a throughput increase up (g
1.2 times is obtained. The queuing and concatenation
delays do not affect the TCP timers adversely. Figure
7(b) compares the Round Trip Times (RTT) with ang¥]
without concatenation. The delay is comparable to the
delay with UDP traffic, approximately 1.4 times th
delay seen when concatenation is not performed.

The results show that the throughput increase witfl
HTTP traffic is modest as compared to the in-
crease with CBR. This is because HTTP traffi(7]
does not have a large number of small sized pack-
ets available for concatenation; TCP typically transg
mits MTU sized packets. As voice and video appli-
cations become more widespread, we anticipate the
transmission of packets smaller than the MTU, i@]
which case IPAC will become increasingly benefi-
cial.

V1. CONCLUSION

Wireless network traffic consists of a large number
of packets with small payloads. Frequent medium con-
tention for a large number of small packets is expensive,
and the medium can be better utilized by sending large
packets once the medium is acquired. This paper studies
the benefits of packet concatenation at the IP layer
and proposes a solution to adapt packet concatenation
size based on the route quality. We have shown that
there is an optimal packet size corresponding to a route
quality that results in maximum throughput. Above this
packet size, the packet loss due to bit errors increases.
With concatenation, an increase in medium utilization
and consequently an increase in throughput is observed.
This improvement becomes increasingly significant un-
der high traffic loads. Simulation results show that the
throughput and medium utilization can increase by a
factor of two to three. As the number of deployed mul-
tihop wireless networks increases and voice and video
applications become widely used, packet concatenation
will be increasingly beneficial to network performance.
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