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Abstract— Multimedia transmission over wireless local area was conducted in [2]. Rate adaptation using a theoretical
ne:WOVKSf t%WLA_N?) is % challlenging”taskthdu_ehto thted_\;?rying framework to evaluate the throughput has been investigated
nature of the wireless channel as well as the inherent difference ; ; ;
between multimedia traffic and data traffic. In the MAC layer, in [3]. We extend the above r?SUItS by presenn_ng a SImpIe
a single bit error in the packet can lead to the entire packet theoretical scheme that takes into account the tight Cngpl.|
being discarded. This results in a higher packet error rate for D€tween payload length and data rate as well as the various
higher payload sizes. Retransmission due to packet errors causesprotocol overheads. The theoretical scheme is then used to
the contention window to double, and this leads to a decrease maximize the single-user throughput based on the channel
in throughput if the wireless channel does not improve for the .~ ditions. Our theoretical formulation allows payloadgth

retransmitted packets. Hence, throughput is a function of paclkt to b ied i | id d id
payload length as well as the maximum number of allowable '© P€ Varied continuously over a wide range and we provide

retransmissions. In this paper, we investigate the effect of paytml @ mathematical framework to dynamically adapt the payload
length adaptation and retransmissions on the throughput and length to maximize the throughput for additive white Gaassi
capacity of multimedia users. Numerical results and simulations npise (AWGN) channels. Our results indicate that both the
reveal that careful payload adaptation significantly improves the payload length and the data rate are dependent on the channel

throughput performance at low signal to noise ratios (SNRs). d iderati | ticul f ified si |t
It is also observed that excessive retransmissions can reducesth UNAer consideraton. In partcular, for a specified Sigia

effective throughput, thereby reducing the capacity of multimelia  Noise ratio (SNR), we observe there is an optimal data rate
users in the presence of data users. Since multimedia traffic and payload length that maximizes throughput. We validate
is more latency constrained and less error constrained, this our theoretical results by performing simulations using th
suggests that by carefully selecting the payload length and Qualnet simulator [4].

e nuber of slowsble reransmissons based o1 ™ in aditon to payload lengih, we observe that the IEEE
be supported. 802.11 overhead and retransmission scheme can have a sig-
nificant effect on the number of multimedia users supported.
. INTRODUCTION Woice and video communications are latency constrainedewhi
Wireless local area networks (WLANSs) are rapidly bedata traffic cannot tolerate bit errors. Thus, the retrassiom
coming part of the network infrastructure. These networkshemes aimed at minimizing packet losses can reduce the
were primarily designed for data applications; howevegre¢h overall throughput. We study the impact of retransmissions
is currently great interest in conversational voice andewid under different scenarios. It is observed that in a lossy-env
communications (two-way) over WLANSs. Since present wireconment where packet losses are caused by bit errors in the
less networks were designed for data traffic, achieving effiacket, retransmissions result in a decrease in througiet
cient multimedia communications over wireless LANs is navireless channel does not improve for the retransmitte#giac
straightforward. It has been observed that despite the Idtowever, retransmissions result in a decrease in packst los
bandwith profile of voice traffic, coexistence of voice wittrate. Thus, a retransmission scheme can be devised which, in
data traffic leads to dropping calls and poor quality everwitstead of minimizing packet losses, can allow a certainifsact
quality of service (QoS) features enabled [1]. of packets to be lost (based on the application requirement)
In this paper, we investigate the effect of payload lengthereby leading to a higher throughput. We also observe that
variation for multimedia traffic on the effective singlesus in a heavily loaded network consisting of multimedia and
throughput under different channel conditions. We obs#drae data users, controlling the maximum number of allowable
dynamic adaptation of payload length with channel conditio retransmissions per traffic class results in the supportaem
can significantly improve throughput performance. An earljultimedia users at the expense of data users. We investigat
investigation of the effect of payload size on throughpuhe impact of payload length and retransmissions becasase th
parameters do not require a change in the MAC protocol and
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Technology, Dolby Labs, Inc. and Qualcomm, Inc., by NSF Graps.NCCF-

0429884 and CNS-0435527, and by the UC Discovery Grant Rmogmd OUr Scheme can be also be used in addition to the QoS
Nokia, Inc.. enhancements applicable for IEEE 802.11e.



The paper is outlined as follows. In the next sectiogccess points, the mobile station can estimate the SNR at the
we provide a brief description of the simulation setup. Ireceiver. Throughput corresponding to PHY maoden IEEE
Section Ill, we provide a theoretical model to evaluate lging 802.11a is given by:
user throughput in 802.11a networks. Using the theoretical
model, we are able to plot effective throughput as a function T(m) =
of payload length for different data rates under different
channel conditions. We validate our theoretical schemé wivhere,
network simulation results. Section IV investigates thieaf L: payload length in bits,
of retransmissions on throughput. It is shown that in a lightC,,,: header and DCF overhead corresponding to ratein
loaded network where packet losses are caused primarily His,
bit errors and where the wireless channel does not chang: data rate corresponding to PHY mode
significantly, retransmissions reduce the overall packes| P™(): packet success rate (PSR) defined as the probability of
rate but also reduce the effective throughput. However, faceiving a packet correctly corresponding to PHY made
certain scenarios with good channel conditions and also 4g: SNR per symbol.
the presence of collisions, retransmissions improve tlokgia
loss performance without causing a significant change inC,, encapsulates both header overhead and CSMA/CA
throughput. To evaluate the impact of payload size and therframe spacing. The time delay is converted to bytes for
maximum number of allowable retransmissions on capacitjie purpose of optimization by the following expression:
we perform a variety of simulations that vary these values.

Conclusions and future work are presented in Section V. Cm = Ry * Tho (2)

L
L+ Cm

* Ry x P (s, L) 0}

[1. EVALUATION ENVIRONMENT OVERVIEW where R,, is the transmission rate corresponding to PHY

Our experiments were conducted using the Qualnet sir[ﬁ]-Ode m’ and Thf’ is the total protocol overheadsj,, can
%e evalauted as in [3].

ulator and leveraged IEEE 802.11a at the MAC layer. Twi . . . .
network configurations were used for the simulations - We have assumed hard-decision Viterbi decoding at the

single-user network with one user connected to asinglesaccéece'ver' For a packeL bits long, the probability of packet
point, and a multi-user network with many users connect&j©" €an be bound by [6]

to a smglg access point. The f|.rst conﬂgurayon r_epresents a P™(L,ys) <1 — (1 — P™(v,))" ©)
network with no packet collisions; packet loss is entirale do

the channel loss. The second setup represents a network wittere P!"() is the union bound of the first-event error
packet loss due to both collisions and channel loss. Sifonkt probability corresponding to PHY mode [7] and is given
were done in a homogenous network with only multimediay:

users as well as a network that consisted of both multimedia . >0
and data users. The data user application consisted of FTP Pt (vs) = Z aq + Pa(7vs) (4)
traffic while the multimedia traffic was 64 Kbps constant bit d=djrecc

rate UDP traffic. Here, d,.. is the free distance of the convolutional code

IIl. EFFECT OFPAYLOAD LENGTH ONTHROUGHPUT N S€lected in PHY mode:, anday, is the total number of error
IEEE 802.1% WIRELESSNETWORKS events of weightd that can be obtained from [7]. For hard-

_ ) ) decision decoding with probability of bit errgr, Py(vs) is
In this section we present a mathematical framework f%riven by

single user throughput optimization by varying the payload

length. We provide an integrated framework for link addptat E‘;:(dﬂm (- pF - (1—p)d* if dis odd
by considering various physical and MAC layer adaptatiop (ra) =4 3-( d ) M2 (1 — p) /2

parameters. In particular, we show an adaptive frame Iengtﬁ 2 4z ok Ak e 4
transmission algorithm that can be used to select an optimal + X k—ajo1 (p) P (1= p) if d is even

Q)

payload size and data rate to maximize user throuthﬁﬁe bit error probabilityp computation for AWGN for the

We also show the dependency of throughput on paylogd; .« by modes in IEEE 802.11a is described in [3].

Ie_ngth t_)y peforming Qualnet 5|mulat|o_ns. We observe that th The packet success rate (PSR) is given as:
simulations closely match the theoretical results.

We definethroughput as the number of payload bits per sec- P (s, L) =1— P™(L,~,) (6)
ond received correctly. For simplicity of analysis, we ddes ) )
the effects of payload variation in additive white GaussianhereL is the packet length including the various overheads
noise (AWGN) channels and assume that the acknowledge-bits.
ments from the receiver are error-free. We also assumearline In order to find the optimal payload length*, we as-
mapping between received signal strength (RSS) and SNRsase the payload length varies continuously. Differentiating
in [5]. Thus based on the RSS of the ACK frames from thEq. (1) with respect td. and setting it to zero with packet



success rate given by Eq. (6), the optimal payload length a
given SNR is:

Theoretical

&

[| —— Simulation

L AN
L* = 7% + 1\/02 4% Cpy (7) . | 35dB~y e 2ds
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w
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Some key assumptions in our model are single transmiss|
and no losses due to collisions, i.e. packet losses are a¢au
only by bit errors in AWGN and transmissions of acknowl
edgments are error free.

The variation of throughput with payload lengths at differe
SNRs for 6 Mbps and 9 Mbps over an AWGN channel usin
the theoretical analysis as well as Qualnet simulations
shown in Figs. 1 and 2, respectively. We varied the paylo: O i et e it 1m0 1o 1e 1850 2000
lengths from 1-2000 bytes and added 40 bytes of RTP/UDP; Payload Length in bytes
header used for multimedia traffic. The plots show that there
is an optimal payload length and data rate corresponding fg. 1. Throughput versus payload length at 6 Mbps in AWGN olean
the received SNR for throughput maximization. This is quite
intuitive since at a given SNR, increasing the data rate, i.
the bits per constellation or payload length, initially ses 8f E—
an increase in throughput. However, beyond an optimu | |~ Simulation
throughput value (packet length), a higher packet errcg re - “~w
(Eqg. (3)) results in a decrease in throughput. It should ledo >
that at SNRs in the range of 1.5-3.5 dB, only PHY mode
corresponding to 6 Mbps, is used. The higher data rates are
evident in the plot since the packet error rates at theseehig|
transmission rates cause the effective throughput to bg wi
close to zero. The optimal payload length using the thezakti
model obtained at an SNR of 2 dB is approximately 30
bytes, corresponding to an effective throughput of 2.5 Mbp
Using a payload length different from the optimal value he
a significant impact on throughput. For instance, the &ffect 0 ‘ ‘ ‘ ‘ ‘ ‘ ‘ ‘ ‘
throughput achieved at an SNR of 2 dB in AWGN using a 2 O lenghinpyes
byte payload is 0.6 Mbps, and with a 2000 byte payload, i
is around 0.4 Mbps. Using Qualnet simulations at 1.5 dB, Weig. 2. Throughput versus payload length at 9 Mbps in AWGN cleéin
observe that the optimal payload length is around 400 bytes
corresponding to a throughput of 2.25 Mbps. It is intergstm
note that the actual throughput obtained is significantlyelo lengths leads to a significant lowering of effective thropigh
than the supported data rate of 6 Mbps. We observe from Figs. 1 and 2 that there are relatively sharp

Qualnet simulations confirm that the effective throughpuyteaks in throughput for lower SNRs while a more gradual
obtained using the theoretical model is very close to thaansition is observed for higher SNRs. For the 2 dB case in
obtained by simulations. As can be seen from Figs. 1 aRdg. 1, there is a small range of payload lengths around 300
2, there is a 0.5 dB difference in the channel SNR betweegtes that can be selected for optimal performance, whereas
the theoretical results and those obtained by simulatian. For the 5.5 dB case, there is a much broader range of payload
instance, Fig. 1 shows that the throughput vs. payloadtiamnia lengths around 650 bytes. This suggests that the paylogthlen
obtained at a 2 dB SNR using the theoretical model is similadaptation is more crucial at lower SNRs.
to that obtained from simulation at an SNR of 1.5 dB. This The variable payload scheme discussed can be used to
difference can be attributed to the upper bound in Eq. (3). maximize the number of voice and video users supported at

A proper selection of data rate along with the payload sizedsfferent channel conditions. The lower payload lengths of
crucial for maximizing spectral efficiency. Constant sgétet 80 and 160 bytes correspond to 10 ms and 20 ms G.711
of the lowest data rate, say 6 Mbps using BPSK with rate 1féames, respectively, while the higher payload lengths0éf
convolutional coding, is too conservative an approachtings 2000 bytes correspond to low bit rate video applicationse Th
system resources, while selecting a much higher data ratember of bits consumed by each frame of a video sequence
can cause a severe degradation in overall throughput. Anotdepends heavily on the video context. The first frame of each
interesting observation is that the region of optimal pagllo scene (Intra-coded, or | frame) usually needs many more bits
length is very narrow at low SNRs and using different payloatian the following frames (predicted, or P frames). Theorati
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varies from about 1.5 for high motion videos to as high as 3 -

100 for low motion videos. The typical size of P-frames varie T Rewana Limit -4
from 100 to 2000 bytes for low bit rate videos. In the next 2s} —<— Revans Lim =] {
section, we vary the payload length for 64 Kbps multimedia
users and study the impact on the capacity of multimediasuser

with a varying number of retransmissions.

IV. EFFECT OFRETRANSMISSIONS ONTHROUGHPUT IN
IEEE 802.11A WIRELESSNETWORKS

In this section, we extend the analysis of the previous 0sl,
section to incorporate the effect of the IEEE 802.11 retrass
sion limit on throughput and capacity. We observe that thee us o A e seo 1050 1350 10 o0 1590 2000
of retransmissions in a lossy environment reduces packst lo peviosdLenat n bytes
but can lead to a decrease in the effective throughput. Sincg) Throughput versus payload length at an SNR of 2 dB with G#1b
multimedia traffic can tolerate a certain amount of packes$ lo data rate using the theoretical analysis.

(typically 5-10%), the selection of an appropriate retraiss

sion limit can significantly increase the effective thropgh —— Revans Lmit =6
We investigate the use of selecting different retransmissi L —— Reranz =2 |
limits for multimedia and data users in a mixed traffic scenar

and observe its effect on the capacity of the network.

Let the instantaneous packet error rate (PER) for a payloac
size of L bytes at a given SNRy; and PHY modem be
given by P"(L,~s) and N,,,q,, be the maximum number of
allowable retransmissions. In order to meet the packetridss
qguirement, the overall packet loss afte}, . retransmissions
should be less than the packet loss threstlgy x:

Effective Throughput in Mbps
e
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d
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Payload Length in bytes

The effectwe_ throthpgt aﬁeNmaﬁ” retransmissions (under (b) Throughput versus payload length at an SNR of 1.5 dB wilitbps
the assumption of an identical wireless channel for retransdata rate using Qualnet simulations.

mitted packets as original transmissions) can be evalusged o _ _ _
Fig. 3. Effect of retransmissions on throughput using théeakanalysis
Lx (1 — P™(L,y,)Nmast1) and Qualnet simulations

T(m) = E[Time] ©

E[Time] is the expected packet transmission timefoy,,.. + . _ .
1 transmissions and can be approximated as: gains. However, as the number of users increases, deaeasin

the retransmission limit provides little or no gain in thghyut

Npas+1 . _
, B m (i-1)  om ~and can lead to intolerable packet loss in the network. We
E[Time] = z; P (Lyys) ™+ (1= PE(Ly75)) * Ti analyze the impact of setting different retransmissiorittirat
1=

" N1 multimedia and data users and show that the multimedia user
HE (L ys)) e Tpan (10) capacity depends on the retransmission limit at a given data
whereT; is the time taken to successfully transmit a packédte. Significant gains in the multimedia user capacity can b
after i transmissions and’,,; is the time spent inN,,,, obtained with an appropriate choice of retransmissiontlimi
unsuccessful retransmissions. We first analyze the impact of the IEEE 802.11 retransmis-
IEEE 802.11 utilizes retransmissions to reduce unicasibn limit on the throughput obtained in a single-user nekwo
packet loss in the wireless medium. The retransmissiort lindince the network has a single user, there are no collisions
thus affects the packet loss in the medium. However, eveamd the packet loss is entirely due to channel conditions.
transmission attempt that results in a loss causes an emporieig. 3 shows the effective throughput vs payload length for
tial increase in the contention window size. We show that ilifferent retransmission limits using the theoretical lgsia
a network with little packet loss due to collisions (few iserand simulations. Fig. 4 shows the loss variation using wiffe
connected to an access point), decreasing the retranemissetransmission limits for a data rate of 6 Mbps at an SNR of
limit can provide significant throughput gains at the exgend.5 dB obtained by simulations. As seen in Fig. 3(b), there is
of packet loss in the medium. Multimedia applications, sash a gain of up to 20% in throughput with a lower retransmission
voice and video streaming, can typically tolerate 5-10%kpac limit in a lossy channel (1.5 dB). This is because each loss
loss while still maintaining acceptable quality. Thus aprap results in an exponential backoff until the packet is either
priate choice of retransmission limit can provide througthp successfully delivered or the retransmission limit is hest
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in presence of packet loss, as allowed by the applicatiam, ca
provide even more significant gains in throughput.

Figs. 5 and 6 represent the throughput and loss variation of
a single-user network at an SNR of 8 dB with 18 Mbps. In this
scenario, there is little difference in the throughput oted
with different retransmission limits. Thus, the retranssion
limit plays little role in a network with low loss. However,
it has to be noted that the experiments were carried out
in a collision free environment. The same experiment was
repeated in a network with 50 users. It was observed that
beyond the capacity limit, the maximum achievable throughp
with different retransmission limits is approximately theme.
However, the loss in the network with no retransmissions is
as high as 10-15%, while the loss in the network with a
retransmission limit of three or greater is 0%. This highigy
the importance of a higher retransmission limit in a network

With a low retransmission limit, there are fewer backoffel anoperating under load with many users.
hence less idle time in the medium. This results in more We next analyze the impact of different retransmission lim-

packets transmitted per unit time. However, there is a trdfle its for data users and multimedia users. We consider a mixed
between the throughput and loss. The gain in throughput isteter network, with data users running FTP and multimedia
the expense of packet loss in the network. Fig. 4 shows tise lesers running a constant bit rate stream of 64 Kbps. Data-tran
at different retransmission limits. With no retransmissiothe fer applications such as FTP cannot tolerate any loss, ared th
loss rate is high and can be intolerable to many applicatiory loss at the MAC layer results in end-to-end retransionissi
However, voice and video streams are likely to be able &i the upper layer (TCP). Since end-to-end retransmissimns
tolerate certain degree of loss (up to 5 to 10%). Fig. 4 alexpensive, we use the highest retransmission limit at th€MA
shows that for a given payload length used by the applicatidayer for data users. Multimedia applications such as voice
an appropriate retransmission limit can be chosen to sait thnd video streaming, however, can tolerate some loss in the
application requirements and obtain the highest throughpu network. The tolerable loss is specific to the applicatiod an
the network. The network can thus obtain higher throughpdépends on the codec used. Assuming the tolerable limit to be
with the use of a low retransmission limit that meets th&0%, we study the impact of varying the retransmission limit
packet loss constraint of the application. The payloadtlengat the multimedia users on the capacity of the network.
also determines the gain in throughput obtained. At very Figs. 7 and 8 show the capacity results for multimedia users
small payload lengths (under 100 bytes), there is littlengawith one and five data users, respectively. The number of
in throughput obtained with a low retransmission limit. multimedia users supportable with an average loss of less th
The above experiments were carried out with a fixed trans0% represents the capacity of the network. As seen in Fig. 7,
mission rate. When the network is using rate adaptation,iraa network with a single user running an FTP application,
less conservative retransmission scheme that allows aircerthe capacity variation with different retransmission lisnat
amount of packet loss can benefit the network. An applicatiomultimedia users is minimal. However, with five data users in
aware rate adaptation scheme that operates at higher vates ¢he network, as seen in Fig. 8, there is a significant gain in
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Fig. 7. Capacity gain with 1 data user in the network (SNR isB3atd Fig. 9. Effect of retransmission limit on the throughput ofalasers.
data rate is 6 Mbps).

retransmission limits is at the expense of the throughput of
the data users.

It is thus clear that setting an appropriate retransmission
limit results in the support of more multimedia users in the
network. This comes at the expense of the throughput of
data users and depends on the allowable packet loss by the
multimedia stream. As discussed earlier, the retransamissi
limit selection depends on the data rate and the curreninghan
loss in the network. The selection of this limit can be in&tgd
with the data rate selection to suit the application reeuoésts
in terms of latency and loss.
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V. CONCLUSIONS
Fig. 8. Capacity gain with 5 data users in the network (SNR @B8and . . .
data rate is 6 Mbps). In this paper, we explore schemes to improve the effective

throughput of multimedia users over a wireless link. Care-

ful adaptation of PHY and MAC layer parameters, namely,
capacity with the use of a lower retransmission limit at théata rate, payload length and maximum number of allow-
multimedia users. With a payload size of 1000 bytes, theddle retransmissions has a significant impact on the eftecti
is a 50% gain in capacity if no retransmissions are allowdbroughput. Varying the data rate and payload length based o
compared to setting a higher retransmission limit of 4 dhe channel conditions can significantly improve the eftect
higher. With a lower retransmission limit at the multimedighroughput, thereby leading to a greater number of supgorte
users, there are fewer exponential backoffs, and thus teergnultimedia users. We also observe that by controlling the
prioritized channel access for the multimedia users over tmaximum number of retransmissions, a greater number of
data users. This is at the cost of packet loss, which is assunieultimedia users can be supported in the presence of data
to be tolerable up to 10% for these users. As mentioned earligsers.
these experiments were carried out for fixed data rate, and
the choice of retransmission limit depends on the data rate o _ ) _
chosen. A ate slection scheme that adjusis the retrasemist O ey ok o Wiless L Al o e 1
limit appropriately for different users can provide sigesiint uary 2005.
capacity gains for the multimedia users. [2] P. Lettieri and M. B. Srivastava, “Adaptive Frame Lengtlor@ol for
~We now look at the impact of different retransmission :D”r‘gcrgg’é?n%x;el'ééé Ifwéo?(;%%g%tb.%%Z%es?f,dl\f;;i;]gigifg?w in
limits on the throughput of data users. Fig. 9 shows thg p. Qiao, S. Choi, and K. G. Shin, “Goodput Analysis and kidap-

impact of varying the retransmission limit for the multinned tation for IEEE 802.11a Wireless LANSIEEE Transactions on Mobile
r Computing (TMC), vol. 1, pp. 278-292, Oct-Dec 2002.
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