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Abstract

In this paper, wewill presert and analyzeadaptive fragmentation algorithms for enhancingthrough-
put performanceunder a slow fading channel. We will rst study the similarities betweenthe TCP
protocol and MA C protocol. Next, we will proposean adaptive approad to changethe fragmenrtation
sizedynamically accordingto variations of the wirelesschannel quality. Simulation results show that
the proposedalgorithms can greatly improve the throughput performanceof the IEEE 802.11wireless
LAN.

1 Intro duction

There is an increasingdemandfor QoS provisioning in the IEEE 802.11wirelessLAN. As in other wireless
networks, the IEEE 802.11WLAN facesproblems such asfading channel, interference, power e+ciency,
and soforth. Additionally , the IEEE 802.11network is more complexthan other wirelessdata networks,
since it usesthe random accessmedanism and the half duplex channel. This makesits performance
more susceptibleto be a®ectedby retransmissionsthan other wireless data networks suc as cellular
networks. In general,retransmissionsin the IEEE 802.11wirelessLAN are causedby collisions and bit

errors. Collisions are causedby the characteristics of random bad<o® algorithm and other factors such
as hidden terminals; frame errors are causedby interference, fading, and noisesin wireless channels.
Normally, collisions also appear as frame errors at the receiver end.

Unlik e its wired counterpart, a wirelesschannel is error-prone and time-varying due to slow fading, fast
fading, path loss, shadaving, noise, interference,and so forth. This causesa very high frame error rate
at the receiver and resultsin a lot of retransmissions. As a consequencethe channel exciency is sewerely
degraded [8, 5]. On the other hand, current wirelesssystemsare generally designedto use xed MAC
parameters such as frame size. This is obviously not excient in terms of the channel utilization [4].
Eventhough someoptional measuressud asdata rate drafting and power cortrol, have beenmerntioned
in the IEEE 802.11standards [1], no further speci cation on theseissuesare de ned.

Link adaptation techniques can improve the system performance of wireless LANs by changing the
protocol parameters, according to the channel quality and the network load. These techniques have
beenstudied in many researt works. In [8, 7], the optimal frame size prediction in wirelessnetworks
has beenstudied. In [8], there are two approaces proposedfor obtaining the optimal frame size with
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the wirelessARQ protocol. In [7], the trade-o® betweenthe protocol overhead and the payload size
is studied by gathering physical measuremeis with the Lucent WAVELAN radio. Generally speaking,
the idea behind theseworks is to achieve maximum throughput by dynamically changing the frame size
accordingto variations in wirelesschannel quality. When the channel quality is good, a longer frame size
could be used;similarly, when the channel quality is bad, a shorter frame sizeis usedto lower the number
of retransmissions. In [6], link adaptation under a Rayleigh fading channel is addressedon frame size,
equalizer, and power cortrol.

In this paper, we will propose and analyze seweral adaptive fragmenation algorithms for enhancing
throughput performanceunder a slow fading channel. The paper is organizedas follows. A comparison
of TCP protocol and MA C protocol is givenin section 2. The proposedfragmert adaptation algorithms
are preseried in section3. A simulation is described and the results are given and analyzedin section4.

2 Characteristics of TCP Proto col and MA C Proto col

The TCP protocol is usedto provide end-to-end error-free data transfer services. When transmitting
data of connection-orierted applications acrossconnectionlessnetworks sudc asthe Internet, we cannot
detect whether or not congestionsoccur inside the network. Congestion is usually causedby unpre-
dictable network load that may trigger bu®erover®ows in network nodes. As a consequencepadkets are
discarded whenewer a congestionoccurs. The discarded padets will be retransmitted after the timeout
occurs at the sender. In the TCP protocol, all padket lossesare assumedto be causedby congestions.
On the other hand, the MAC protocol de nes a set of functionalities to decidewhen and how a station
can accessand usethe physical medium. In the MA C protocol, padket lossesare assumedto result from
collisions that occur during transmissions.

The MAC protocol, in terms of resourceallocation, is similar to the TCP protocol. In both protocols,
the primary concernis how to allocate the network resourcesexciently. In the TCP protocol, end-to-end
congestion-cottrol algorithms have beendeveloped for improving the throughput performance,wherethe
congestionwindow sizeis usedas a unit of resourceallocation. Through dynamically changing conges-
tion window sizesat the senderand the receiver, congestionswill be controlled or avoided. In the MAC
protocol, the frame size can be used as the unit of resourceallocation, sinceit is closely related to the
overall channel accesgime and channel fading rate.

In both the TCP protocol and MAC protocol, when a padet is not adknowledged successfullyor is
discarded, a retransmission will be scheduled. Retransmissionsare the main causesof poor through-
put performanceand channel utilization. Due to the end-to-end nature and coarse-scaldimer usedin
the TCP protocol, the cost of transport layer retransmissionsis much higher than that of MAC layer
retransmissions. Note that even though the MAC ACK can shorten the delay overhead of retransmis-
sions, it is still a main factor of performancedegradation, especially in the wirelesservironment, where
retransmissionsare mainly causedby frame errors rather than collisions.

3 Adaptiv e Fragmen tation Algorithms for Throughput Enhancemen t

In the IEEE 802.11wirelessLAN, its MAC protocol is much di®erert from its wired cournterpart such
as Ethernet. There is only oneradio in a wirelessLAN terminal, which can either transmit or receivwe
but cannot do both simultaneously. Therefore, unlike in Ethernet where collisions can be detected right
away after frames having beensert, it is very ditxcult to detect collisions occurring in a wireless LAN
in a timely manner. Moreover, the hidden station problem increasesthe number of collisions due to
impairments on channel sensingmecanisms and interferences [2]. Additionally , wirelesschannels are
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Figure 1: Basic AccessMethod of MA C Fragmerntation

especially error-prone and bursty, often causing seriousdegradation in channel utilization. All of these
factors make the design of the wirelessLAN MAC layer protocol ditcult.

In the current IEEE 802.11 MAC protocol [1], Distributed Coordination Function (DCF) and Point
Coordination Function (PCF) are de ned to provide a collision-free multiple accessenvironment by
physical carrier sensingmedanism plus virtual carrier sensingmedanism. Se\eral performance en-
hancemen methods speci ¢ for the wirelessLAN, such as MAC layer Acknowledgemen (ACK), MAC
layer fragmertation, etc., are proposedin the current standard [1]. Essetially, all these measuresfocus
on improving link reliabilit y and reducing the number of retransmissions.

The goal of the MAC layer fragmentation is to lower the frame error rate when interferencescausedby
microwave ovens, Bluetooth terminals, and cordlessphonesoccur. In general,the channel exciency has
the following relation with the frame size
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here,L = | + h is the total sizeof a frame, | is the payload size of a frame, and h is the total overhead
that includes header size of a frame, acknowledgemen and time of waiting an acknowledgemen. Py is
the bit error rate under a given channel quality. Thus, the frame size should be determined in such a
way that it satis es the speci ed frame error rate. This could be done by fragmerting a longer frame
into seweral shorter fragmerts when the channel quality is bad. This is illustrated in Figure 1.
Although fragmentation is usefulto improve the channel throughput, there is no speci cation on how to
choosethe fragmertation threshold in the current standard [1]. The drawbadk of fragmenrtation is that
it will increasethe overall overhead. There is always a balance betweenthe fragmentation overheadand
the throughput improvemert. Based on exploring the similarities betweenthe TCP protocol and the
MA C protocol, new adaptive fragmentation algorithms are proposedin a heuristic manner of studying
congestioncortrol algorithms [4].

TR
AD APTIVE FRA GMENT ATION ALGORITHM  1:

Input: Lk is the fragmert sizeat time k
FRGmin and FRGax are respectively
the minimum frame size and the maximum frame size
Parameters of uniform distributions ° and !
Output: The fragmentation sizeusedin the next transmission.
Local Vars: n and m are uniform r.v.
if ACK times out
generaten 2 [1;°] with a uniform dist.;
M1 = Mk ¥ N,
if (lk+1 < FRGmin)
U+1 = FRGpin ;
else



generatem 2 [1;! ] with a uniform dist.
M1 = B E M
if (l+1 > FRGmax)
Mc+1 = FRGmax;
end-if
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where® and ! are the maximum badko® window sizesused by the increaseand decreaseprocedures

respectively. n and m are the badko®slots usedin time k+ 1. Note that hereafter we usethe time slot to
represen the transmission opportunit y for simplicity. pis the adaptive fragmentation threshold usedby
the sender. In the above algorithm, the fragmertation threshold is increasedor decreasedexponertially
in a random manner [3].

(TS
AD APTIVE FRA GMENT ATION ALGORITHM 2:
Input: L is the fragmen sizeat time k

FRGmin and FRGnax are respectively
the minimum frame size and the maximum frame size

Output: The Fragmenation sizeusedin the next transmission.
if ACK times out
M+l = k¥ 2
if (lk+1 < FRGmin)
M+1 = FRGmin;
else
M+1 = Wk £ 2;
if (M+1 > FRGmax)
Mk+1 = FRGmax;
end-if
TR AT

The algorithm 2 is designedby using the method behind the slow-start congestion-cotrol algorithm that

is widely adopted in the TCP protocol [9]. If ACK is lost or timed out, the adaptive fragmenation
threshold will be decreasedby half; in other words, in time k + 1, the threshold will be one-half of
the threshold in time k. Similarly, if ACK is received successfully the fragmentation threshold will be
doubled in time k + 1. In this algorithm, the fragmentation threshold should be lessthan the maximum
frame sizeand larger than the minimum frame size.

Both the algorithm 1 and 2 adopt the exponertial increaseand decreaseof the fragmentation threshold.
This may causean overreaction due to the nature of exponertial algorithm, especially when the channel
quality is changing slowly. In order to mitigate or to avoid this de ciency, we design the following
fragmentation adaptation algorithms.

[T
AD APTIVE FRA GMENT ATION ALGORITHM 3

Input: L is the fragmen sizeat time k
FRGmin and FRGax are respectively
the minimum frame size and the maximum frame size
* is the fragmert increasestep



The parameter of a uniform distribution ©°

Output: The fragmentation sizeusedin the next transmission.
Local Vars: n and m are uniform r.v.
if ACK times out
generaten 2 [1;°] with a uniform dist.;
Mk+1 = Mk ¥ N;
if (W1 < FRGmin)
M+1 = FRGmin;
else
M1 = Mk T £
if (k+1 > FRGmax)
H+1 = FRGmax;
end-if
TR

In algorithm 3, the fragmertation threshold is decreasedin a random exponertial way; but increased

in an additive way. The algorithm 4 is designedby using an idea behind an improved version of slow-
start algorithm [9]. In algorithm 4, a presetlimit 2 is speci ed to slow down the further increaseof

fragmentation threshold beyond the limit.
TTHTTTTTIOT
AD APTIVE FRA GMENT ATION ALGORITHM 4:

Input: Lk is the fragmert sizeat time k
FRGmin and FRGax are respectively
the minimum frame sizeand the maximum frame size
* is the fragmert increasestep

Optimal fragmentation threshold 2 under a certain channel quality

The parameter of a uniform distribution ©°

Output: The fragmentation sizeusedin the next transmission.
Local Vars: n and m are uniform r.v.
if ACK times out
generaten 2 [1;°] with a uniform dist.;
Mk+1 = k¥ N;
if (k+1 < FRGmin)
M+1 = FRGmin;
else
if( < 2)
k1 = W £ 2;
else
Ml = e+
if (lk+1 > FRGmax)
H+1 = FRGmax;
end-if
TR AT

where 2 is the global optimal fragmentation threshold under a given network scenario. When the last

frame is acknowledged correctly, the fragmentation threshold will be increasedexponertially until the



fragmentation threshold reachesa presetlimit. After that, the fragmenation threshold will be increased
additively. In algorithm 5, the global optimal fragmertation threshold is always usedfor retransmissions
while the sameincreasingschemeasin algorithm 4 is adopted.

TN
AD APTIVE FRA GMENT ATION ALGORITHM  5:

Input: Lk is the fragment sizeat time k
FRGuin and FRGax are respectively
the minimum frame sizeand the maximum frame size
* is the fragmert increasestep
Optimal fragmertation threshold 2 under a certain channel quality
The parameter of a uniform distribution ©

Output: The fragmertation sizeusedin the next transmission.
if ACK is timeout
M1 = 2
else
if( < 2)
k1 = K £ 2;
else
M+ = Ik +
if (Mk+1 > FRGmax)
Hc+1 = FRGmax;
end-if
TR AT

4 Results and Analysis

System Mo deling and Simulation Con guration

The measuremen results of indoor channel quality, asintroducedin [10], are adopted for this simulation.
Figure 2 shaws the variation of the wirelesschannel quality. Simulations have been conducted under
two channel quality scenarioscorresponding to the di®erert noise °oors. In this simulation, they are
-85dB and -95dB, respectively. Note that even at a samenoise °oor, the channel quality may still be
time-varying.

The parameters chosen for simulations are as follows, in accordancewith the IEEE 802.11 MAC
standard. The xed long frame sizeis set to 1500 bytes. The valuesof © and ! usedin the proposed
algorithms are set to 4. % is set to 150 bytes and 2 is set to the optimal fragmertation threshold.
According to the current IEEE 802.11standard, the maximum fragmert size should be lessthan the
frame size;the minimum fragmen sizeshould be larger than the one-sixteerh of the frame size. In this
simulation, the FRGin is 150 bytes and F RGax is 1500 bytes.

Sinceour primary concernis to evaluate the performanceof proposedadaptive fragmertation algorithms,
the meansof determining the optimal fragment sizeis beyond the scope of this paper. In this simulation,
the optimal fragmen sizefor di®eren channel quality scenariosis derived by running simulations with
di®erent fragmertation thresholds. We choosethe best one that can achieve the highest throughput as
the optimal fragment sizefor the proposedalgorithms [4]. We rst run the simulation iterativ ely from



-65 T

o

-75 H -

-80 H -

Received Power (-dBm)

wl ! |

-90 - n

95 L L L L L
500 1000 1500 2000 2500 3000
Channel Measurement

Figure 2: Measuremens of Indoor Wireless Channel

the fragment size 100 Bytes to 1500 Bytes with an increasestep of 10 Bytes, and then we pick the one
that achievesthe best throughput performance.

According to the simulation results, the optimal fragmen size under the given frame size and given
network scenariosis 750 Bytes, which is one-half of the selectedlong frame size. This is becauseunder
the given channel quality and network load, fragmerting a large frame just into two fragmerts results in
the lowest overhead, asillustrated in Figures 3, 4, 5and 6.

We ewaluate the averagethroughput performance of the proposedalgorithms by using the algorithms
to transfer Tes with di®erert Te sizes. We run all simulations ten times and compute the mean and
con dence intervals of the averagegood throughput.

Result Analysis

We rst evaluated the averagegood throughput performanceby transferring a 100 KB le. Table 1
shows the comparisonof throughput performancewith di®erent xed fragmertation threshold, wherethe
noise°oor (NF) is -85dB and the number of stations (M) is 5. In this case,the algorithm 5 achievesthe
best throughput performancedue to its constart decreaseand slow-start increaseprocedure. Actually,
algorithm 1 can also achieve a better average throughput performance than the xed fragmen size
schemeor the non-fragment scheme. In addition, all proposedalgorithms can achieve a higher average
good throughput than the xed sizescheme. But note that the lower bounds of other algorithms fail to
meet the lower bound of 95% con dence interval of the "xed fragmernt scheme, even though its average
performanceis better than that of the xed fragmert scheme.

Table 2 is derived under a scenarioin which NF=-85dB, M=20. In this case,algorithm 4 achieves
the best throughput performance. This is probably due to the fact that it has aggressie decreaseand
slow-start increaseprocedure. The lower bound of algorithm 1 is smaller than the lower bound of 95%
con dence intervals of the xed fragment scheme, even though its average performanceis better than
that of the xed fragmernt scheme.

Table 3is derived for the casewhere NF=-95dB, M=5, and Table 4 is derived under the scenariowith
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Figure 3: Throughput Performanceof Fixed Fragmernt Scheme (NF=-85dB, M=5)
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Average Good Throughput (bps)
= N w N
5 N 0 w n EN 5

[N

o
o

I I I I I I I
200 400 600 800 1000 1200 1400
Fragment Size (Bytes)

Figure 5: Throughput Performanceof Fixed Fragmernt Scheme (NF=-95dB, M=5)
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Table 1: Comparison of Throughput Performanceof Di®erert Algorithms with NF=-85dB and M=5

Algorithm Averagegood throughput (1 £ 10° bps)
(95% con dence intervals)
Algorithm 1 3.9254(3.3569,4.4940)
Algorithm 2 3.8202(3.0954,4.5449)
Algorithm 3 3.9132(3.0785,4.7480)
Algorithm 4 3.8075(2.7885,4.8265)
Algorithm 5 4.1057(3.1490,5.0625)
Fixed fragmert size 3.1541(2.9493,3.3589)
Non-fragmert scheme 3.4923(3.1245,3.8601)

Table 2: Comparison of Throughput Performanceof Di®erent Algorithms with NF=-85dB and M=20

Algorithm Averagegood throughput (1 £ 10° bps)
(95% con dence intervals)
Algorithm 1 2.8499(1.9872,3.7127)
Algorithm 2 2.9253(2.3825,3.4681)
Algorithm 3 2.8522(2.3752,3.3291)
Algorithm 4 3.0816(2.3669,3.7964)
Algorithm 5 3.0030(2.6169, 3.3890)
Fixed fragmert size 2.3551(2.0618,2.6484)
Non-fragment scheme 2.6356(2.2863,2.9849)

Table 3: Comparison of Throughput Performanceof Di®erert Algorithms with NF=-95dB and M=5

Algorithm Averagegood throughput (1 £ 10° bps)
(95% con dence intervals)
Algorithm 1 7.6955(7.1333,8.2577)
Algorithm 2 7.7038(6.9168,8.4908)
Algorithm 3 7.6565(7.0586, 8.2545)
Algorithm 4 7.7267(6.9739,8.4795)
Algorithm 5 7.5866(6.7529,8.4203)
Fixed fragmert size 5.0287(4.8283,5.2292)
Non-fragmert scheme 7.6232(6.9281,8.3183)

NF=-95dB, M=20. We can conclude that when the channel quality is good, all proposedalgorithms
achieve a better performancethan the xed fragmernt size scheme. But we should note that when the
number of usersincreasesthe performanceof fragmentation gradually decreasesn that collisionsbecome
the main reasonof retransmissions. Under this situation, cortinuing to usefragmenation will make the
network more crowded. For example,with NF=-95dB and M=20, the non-fragmert schememay perform
better than all the other fragment schemes.



Table 4: Comparison of Throughput Performanceof Di®erert Algorithms with NF=-95dB and M=20

Algorithm Averagegood throughput (1 £ 10° bps)
(95% con dence intervals)
Algorithm 1 5.4794(4.9741,5.9848)
Algorithm 2 5.2076(4.6464,5.7688)
Algorithm 3 5.3714(4.4442,6.2985)
Algorithm 4 5.4757(4.7394,6.2119)
Algorithm 5 5.2403(4.5296,5.9510)
Fixed fragmert size 3.4729(3.2192,3.7267)
Non-fragmert scheme 5.6929(4.8772,6.5085)

In general,from above analyses,we can concludethat by usingthe proposedalgorithms, we can achieve
a much better throughput performancethan what is achieved by the corvertional x fragmernt scheme.
But the proposedalgorithms have a larger variance of averagegood throughput than the xed fragmert
algorithm. In addition, using the proposed algorithms to transfer a small Te like a web page, the
maximum improvemert on the averagegood throughput is 50%.
Recall that TCP congestioncortrol algorithms are optimized to the TCP's coarsetimer (500ms) and
end-to-end delay, we evaluate the performanceof the proposedalgorithms by running simulations, where
we usethe algorithms to transfer a large Te (1 MB).

Table 5 shawsthe comparisonof throughput performancewith di®erert xed fragmertation threshold,

Table 5: Comparison of Throughput Performanceof Di®erert Algorithms with NF=-85dB and M=5

Algorithm Averagegood throughput (1 £ 10* bps)
(95% con dence intervals)
Algorithm 1 1.6600(1.5935,1.7265)
Algorithm 2 1.6576(1.6068,1.7084)
Algorithm 3 1.6538(1.5709,1.7367)
Algorithm 4 1.6680(1.6064,1.7296)
Algorithm 5 1.6758(1.6137,1.7380)
Fixed fragmert size 0.2534(0.2382,0.2686)
Non-fragmert scheme 1.0090(0.9117,1.1003)

where the noise °oor is -85dB and the number of stations is 5. Table 6 is derived for the casewhere
NF=-85dB, M=20; Table 7 is derived under the scenariowith NF=-95dB, M=5; Table 8 is derived
under the scenariowith NF=-95dB, M=20.

Table 5and 6 shaow that by using the proposedalgorithms, the throughput performancecan be greatly
improved, especially when the channel quality is bad. In Table 5, the averagegood throughput can be
improved more than sewen times by using the proposedalgorithms. From this table, we can obsene that
we can achieve a much better throughput performancethan with the xed fragmernt scheme. The overall
system overheadis greatly increasedby using the xed fragment size shemedue to a large number of
retransmissions. We can also concludethat in the given network scenariothe adaptive fragmen scheme
can achieve a better averagethroughput performancethan the non-fragmert scheme. We can get similar



Table 6: Comparison of Throughput Performanceof Di®erert Algorithms with NF=-85dB and M=20

Algorithm Averagegood throughput (1 £ 10* bps)
(95% con dence intervals)
Algorithm 1 1.5588(1.4629,1.6547)
Algorithm 2 1.5344(1.4360,1.6329)
Algorithm 3 1.5476(1.4946,1.6006)
Algorithm 4 1.5735(1.5084,1.6386)
Algorithm 5 1.5717(1.5277,1.6157)
Fixed fragmert size 0.2297(0.2202,0.2391)
Non-fragmert scheme 0.9149(0.8355,0.9942)

Table 7: Comparison of Throughput Performanceof Di®eren Algorithms with NF=-95dB and M=5

Algorithm Averagegood throughput (1 £ 10° bps)
(95% con dence intervals)
Algorithm 1 7.3280(7.0156,7.6403)
Algorithm 2 7.4590(7.2219,7.6961)
Algorithm 3 7.3748(7.1472,7.6024)
Algorithm 4 7.4013(7.1283,7.6742)
Algorithm 5 7.3783(7.1400,7.6167)
Fixed fragmert size 2.2700(2.0340,2.5059)
Non-fragment scheme 7.4987(7.2240,7.7734)

Table 8: Comparison of Throughput Performanceof Di®erert Algorithms with NF=-95dB and M=20

Algorithm Averagegood throughput (1 £ 10° bps)
(95% con dence intervals)
Algorithm 1 5.2583(4.9172,5.5994)
Algorithm 2 5.2813(5.0000, 5.5627)
Algorithm 3 5.3194(5.1358,5.5030)
Algorithm 4 5.2653(5.0680,5.4626)
Algorithm 5 5.1898(4.9052,5.4744)
Fixed fragmert size 1.7086(1.4189,1.9984)
Non-fragmert 5.4049(5.1392,5.6706)

conclusionsfrom Table 6, exceptthat the improvemens is higher.

Tables 7 and 8 demonstrate that when the channel quality is good, the proposedalgorithms can triple
the throughput performance of the xed fragment scheme. These results verify the fact that using
the proposedadaptive fragmentation algorithms under a favorable channel quality results in declining
improvemert of throughput performanceby using the proposedalgorithm. In fact, when the channel
quality is good, fragmentation givesa worsethroughput performancethan doesthe non-fragmert scheme



due to the increaseof overall system overhead.
In general,from abovetables, it is shavn that the performanceof binary exponertial algorithm (algorithm
2) is really closeto that of the random exponertial algorithm (algorithm 1). In fact, the performance
of all proposedalgorithms are very close. But algorithm 4, which has a slow-start increaseand random
exponertial decreasecan in generalachieve a slightly better performancethan the others.
We also considerthe averagethroughput performanceof the proposedalgorithms with di®erer Te sizes.
Figure 7 is derived under NF=-85dB and M=5. We normalize the average good throughput of the
proposedalgorithms with the maximum throughput of the "xed fragmernt sizes.From this "gure, we can
obsene that the performanceof the proposedalgorithms vary accordingto di®erert Te sizes.
As previously mertioned, when usingthe xed frame sizeschemeto transfer a given le, the total number
of frames is determined. If fragmertation is usedto transmit ead frame, ead fragment of the frame
will experiencea di®erern channel quality. In other words, a larger Te has more transmissionsthan a
smaller Te. On the other hand, as shown in Figure 2, the channel quality is time-varying. Hence,the
larger ‘Te has more chancesto experienceseriouschannel quality degradationsthan a smaller Te. As a
result, its averagegood throughput is lower than that of a smaller Te. For example,in Figure 7, using
the proposedalgorithms to transfer 1 MB e achievesa lower throughput performancethan with a 100
KB le. Furthermore, we can obsene that there is a big drop in the averagethroughput between 900
KB and 1 MB in that the channel quality experiencesa seere degradation when transferring 1 MB Te.
In general,by using the proposedalgorithms, the improvemert of throughput turns into more and more
with the increaseof the Te size.
Similar results are derived under NF=-95dB and M=5, shawn in Figure 8. We normalize the average
good throughput of the proposedalgorithms with the maximum throughput of the xed fragmert sizes.
Note that there is no big drop between 900 KB and 1 MB in this gure. This is becausethat the
noise °oor in this simulation is -95dB. In this case,the bad e®ectof variations of the channel quality is
smoothed out by dropping the noise °oor.

From the above simulations and analysis, we can concludethat under the samechannel condition and
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network load, using the proposedadaptive fragmentation algorithms can improve the good throughput
performance signi cantly, especially under an unfavorable channel quality. This improvemert can be
attributed to the exploration of the similarities betweenthe TCP protocol and MAC protocol in terms
of adaptivit y.

Howewer, we should note that the proposedalgorithms cannot achieve the best throughput performance
under all network scenarios.This is becausdragmentation will increasethe overall systemoverhead,even
though it can enhancethe reliabilit y of transmissions. Moreover, the congestioncortrol algorithms in the
TCP protocol are proposedand optimized for the characteristics of the TCP protocol; for example, TCP
congestioncortrol algorithms have to accommalate factors such as end-to-end nature, the coarsetimer,
and the assumptionof having a reliable medium. SinceTCP congestioncortrol algorithms are optimized
for a coarsetimer, the proposedadaptive fragmentation algorithms cannot keep track of variations in
channel quality in a timely manner. As a result, there is not too much margin on the throughput
improvemert in somecases.especially with ftp or downloading a small Te sud asa web page.

5 Conclusion

In this work, we improved the throughput performance of the IEEE 802.11 wireless LAN with link
adaption algorithms at the MA C layer. We investigated the e®ectof adapting frame fragmertation sizes
to channel variations. We proposedand studied se\eral adaptive fragmertation algorithms by exploring
the analogiesbetween the TCP protocol and the MAC protocol. We have showvn by simulating our
proposedalgorithms greatly improved the good throughput.
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