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Abstract—IEEE 802.11 Wireless Local Area Networks and multimedia support to the current 802.11a/b/g WLAN
(WLANs) legacy standards can provide up to54Mbps, and standards, while supporting full backward compatibility with
the next generation WLAN will offer a physical-layer speed at haga standards. To provide better QoS, especially for multi-

least an-order-of-magnitude higher than the existing standards. . S . . .
However, when the current medium access control (MAC) is media applications, improving the WLAN performance is very

applied directly to the higher-data-rate WLAN, it leads to Crucial.

high protocol overhead and significant throughput degradation There are two major methods to improve the performance
because of its design for lower data rates. Designing efficient of high capacity WLAN: One is to increase the raw bit rate at
MAC schemes becomes critical and crucial. In this paper, we the physical (PHY) layer and the other one is to increase the

propose a novel reverse direction (RD) protocol to transfer data - .
in both directions, to overcome the fundamental overhead and efficiency of the WLAN and reducing the overhead, usually

to improve performance. The aim is to render the MAC efficient at MAC layer. For instance, the maximal physical layer rates
and robust not only for current IEEE 802.11a/b/g standards, have been increased froth Mbps for IEEE 802.11 to first
but also for the next generation WLAN with higher speed and 11 Mbps for 802.11b and theA4 Mbps for 802.11a/g [1],
higher throughput, i.e, IEEE 802.11n. Simulations with OPNET [2], [3], [4]. The main challenge for this high-performance
are performed and the comprehenswe S|mglqt|0n result.s show MAC desian is h t inimize th t | head. Th
that the novel RD protocol provides more efficient, effective and esign 1s how o minimize the protocol overnead. 1he
robust performance results. current 802.11 DCF [1] uses control messages of RTS, CTS,
and ACK, contention backoff and various inter-frame spacing
. parameters, in order for the CSMA/CA-based MAC to func-
. Introduction tion properly. However, these parameters incur high protocol
The recent proliferation in the deployment of WLANs hagverhead. When the physical-layer rate further increases, the
been unprecedented. Facilitated largely through widespre@igh overhead becomes even more significant since the data-
broadband Internet access and a robust consumer electropisying time shrinks as the overhead time remains fixed. It
market, demand for innovative WLAN systems has outpacés] proved that a theoretical throughput limit exists due to
industry and standards bodies’ ability to support key applbverhead of MAC and PHY [7]. Hence, increasing transmis-
cations. Presently, 802.11a/b/g Wireless Local Area Network®n rate cannot help a lot. As well as pursing higher data
(WLANS) legacy standards provide adequate performance fates, reducing overhead is very essential and necessary for
today’s networking applications where the convenience hfgh capacity WLAN. Therefore, the MAC solutions needs
a wireless connection can provide the user value. As next- handle the issue of reducing the overhead. The state-of-
generation wireless applications emerge, higher WLAN dagat MAC solutions are not designed for the high-capacity
throughput will be required. Key considerations in architectugshysical layer. They do not address issues of minimized
of the next generation WLANs are costs and robust perfasverhead and maximized MAC throughput simultaneously. For
mance. In addition to different Physical (PHY) technologyhis purpose, the IEEE 802.11n High Throughput Study Group
and wider bandwidth channels, new Medium Access Contrghs established emphasizing higher throughput for higher
(MAC) features maximizing throughput efficiency will bedata rates ovet00Mbps WLANSs in September 2003. IEEE
required to reliably satisfy the higher throughput demands 862.11n will provide both PHY and MAC enhancements with
next-generation applications. a scope of defining an amendment to IEEE 802.11 standards
IEEE 802.11 MAC utilizes mandatory contention-basesuch a way that it is supporting a maximum throughput of at
channel access function called Distributed Coordination Furleast100Mbps, as measured at the MAC data service access
tion (DCF), and an optional centrally controlled channel accepsint.
function called Point Coordination Function (PCF) [1]. The In this paper we propose a novel Reverse Direction (RD)
DCF exploits CSMA/CA with binary exponential backoff.protocol, a highly efficient MAC solution for high-capacity
To support the MAC-level QoS, the IEEE 802.11 WG iSWLANs. Hence, the goal of this paper is the same as IEEE
currently finalizing the standardization of IEEE 802.11e [5B02.11n in terms of focusing on MAC enhancements instead
The upcoming IEEE 802.11e standard provides QoS featumdsPHY enhancements. RD protocol primarily targets reduc-



ing overhead at the MAC layer by transfering data in botB. EDC in IEEE 802.11e

directions without initiating a new transfer. RD protocol uses | EDCA, the QoS support is realized through introduc-
two main ideas, aggregation of multiple MAC frames into thg multiple access categories (ACs) in each QoS station
single physical frame and transmission of bidirectional fran(QSTA)_ EDCA defines four ACs, and different ACs have
aggregations. Since acquiring channel access is expensivegitferent priorities, servicing different types of traffic. ACs are
particular in a highly loaded WLAN due to frame collisionspackground, best effort, video or voice kinds of traffic [5].

in addition to transmission of aggregates of multiple MAGach AC is an enhanced variant of DCF that contends for
frames, allowing reverse direction aggregation from the peginsmission opportunity (TXOP) using AC specified channel
MAC entity inside the same channel access is highly desiraljlgcess parameters from EDCA parameter set, which includes
and efficient. This way, the turnaround times between MAC - .

Y « Minimal CW value for a given AC ¢Wmin[AC)):

entities is minimized while ensuring contention protection . ) ) A
g P CWmin can be different for different ACs. Assigning

within Basic Service Set (BSS). . . L
( ) smaller values of CWmin to high priority classes can

Extensive simulations show that RD protocol can deliver that hiah oriority cl btai TXOPs th
more efficient data. It also support more robust and effective ensure that igh priority classes obtain more s than
low priority ones.

multimedia applications, compared with the 802.11 MAC . Maximal CW value for a given AC qWmac[AC])

without RD protocol solutions. L . - .
b Similar to CWmin, CWmax is also on a per AC basis.

The rest of the paper is organized as follows. Section Il gives o )
an brief overview of IEEE 802.11/.11e. Section Il illustrates * Arb|trat|on Interframe Space (AIFSIAC]): E‘?Ch.AC starts
its backoff procedure after the channel is idle for a

the limitations of current IEEE MAC. Section |V describes period of AIFS[AC] instead of DIFS. The AIFS[AC]

the design of RD protocol. Section V evaluates RD protocol for a given AC should be equal to a short interframe
via extensive simulations, and section VI compares it with the space (SIFS) plus multiple time slots, .47 FS[AC] =

related work. Section VII concludes the paper. aSIFSTime+ ATFSN[AC] *aSlotTime. Considering
[I. An Overview of IEEE 802.11/.11e DIFS = aSIFSTime + 2 * aSlotTime in legacy
We focus on WLANSs operating in the contention-based 802.11, AIFSN[AC] is typically set to not less than
channel access. Contention-based channel access is referred as? such that the shortest waiting time is DIFS.
distributed coordination function (DCF) in IEEE 802.11 and « TXOPlimit[AC]: TXOPs obtained via EDCA are re-

enhanced distributed channel access (EDCA) in IEEE 802.11e. ferred as EDCA-TXOPs. During an EDCS-TXOP, a sta-
We briefly describe both of them in the following. tion may be allowed to transmit multiple data frames from

A. DCFin IEEE 802.11 the same AC with a SIFS gap between an ACK and the
subsequent data frame transmissi@hX O Plimit[AC]
gives the limit for such a consecutive transmission.
"Virtual Collision™: If the backoff counters of two or
more co-located ACs in one station elapses at the same
time, a scheduler inside the station treats the event as a
virtual collision. The TXOP is given to the AC with the
highest priority among the "colliding” ACs, and the other
colliding ACs defer and try again later as if the collision
occured in the real medium.

DCF works as a ’listen-before-talk” scheme based on
CSMAJ/CA where stations listen to the medium to determine
when it is free. If a station that has packets to send senses th&
medium is busy, it will defer its transmission and initiate a
backoff counter. The backoff counter is a uniformly distributed
random number betweefi and contention window (CW).
Once the station detects that the medium has been free for a
duration of DCF Interframe Space (DIFS), it starts a backoff
procedure, i.e., decrementing its backoff counter as long as
the channel is idle. If the backoff counter has reduced to zer T
and the medium is still free, the station begins to transmit, Iﬁ' Limitations of Current |EEE 802.11/.11e
the medium becomes busy in the middle of the decrement,
station freezes for a period of time, and resumes the countdowWe focus on WLANs operation at the ad hoc mode. In
after deferring for a period of time, which is indicated byhe ad hoc mode the key factor that determines efficiency
the so-called network allocation vector (NAV) stored in thef WLAN is the asynchronous data service, as specified by
winning station’s packet header. [1] for the basic 802.11 MAC and showed on Figure 1. In

It is possible that two or more stations begin to transmit #tis service, the local MAC sends a MAC service data unit
the same time. In such a case, a collision occurs. CollisioddSDU) to a peer MAC entity on a best-effort connectionless
are inferred by no acknowledgement (ACK) from the receivdpasis. This local and peer MAC entities are called initiator and
After a collision occurs, all the involved stations double theiresponder, respectively. The responder uses immediate positive
CWs (up to a maximum value, CWmax) and compete to gaiitknowledgment (ACK), which is sent within the short inter-
control of the medium next time. If a station succeeds iimame space (SIFS) interval of the receipt of the MSDU. If
channel access (inferred by the reception of ACK), the station ACK is received, responder schedules a retransmission. As
resets it contention window CW to CWmin. shown in Figure 1, only one data packet is delivered during

We can see that DCF does not provide QoS supports siregch channel access. However, the channel access is expensive,
all stations operate with the same channel access parameiteparticular in a highly loaded WLAN due to frame collisions.
and have the same medium access priority. There is no meklence, the data service of the basic MAC is not effective in
anism to differentiate different stations and different traffic. employing the acquired channel.
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Fig. 1. Asynchronous data service for basic MAC Fig. 2. Improved asynchronous data service in 802.11e

The IEEE 802.11e standard [5] improves the MAC effionly one PHY protocol data unit (PPDU) so that the return of
ciency by transmitting multiple data frames separated byTXOP to initiator is simplified. In the error case initiator fails
SIFS period in a transfer opportunity (TXOP) with only onéo decode the signal field in the responder’s transmission and
channel access and in a single direction from initiator t@verts to Clear Channel Assessment (CCA) mechanism in the
responder. Here initiator and responder can be either statfdnysical Layer for avoiding collisions with other transmissions
(STA) or access point (AC). The TXOP is an interval of tim¢2]. The initiator always gets the channel back SIFS after
when a particular station has the right to initiate transmissiotise end of energy detection and the TXOP protected with
onto the wireless medium and is defined by a starting time aRFS/CTS is then usable by the initiator.

a maximum duration. One Block Acknowledgement (BA) for In the light of above discussion, the reverse direction
multiple packets is employed. Note however that in one TXOp{otocol has shaped in the following: Initiator sends RTS
the delivered multiple packets are still separated by SIF#ich includes NAV duration of TXOP. Upon receipt of RTS,
interval and the data packets can only flow in one direction. the responder checks if it has any packet to send to initiator.
the RD protocol we further improve the MAC efficiency byif it has, it determines the duration needed for the reverse
eliminating the SIFS period that separates different packelisection data transmission. Under the normal conditions CTS
and allow data packets flow in both directions in one TXOHRrom responder must be the duration in RTS minus the sum
) ) . of CTS and SIFS duration. Here for the reverse direction,
IV. Reverse Direction Protocol Design responder also subtracts the value of reverse data duration from

We hereby propose a new simple reverse direction date received duration in RTS and sends CTS with modified
exchange scheme in which the bottleneck overhead is redudedation to initiator. Initiator checks the duration in CTS if
sufficiently and the data packets flow is allowed in both direthe difference between the duration in RTS and CTS is equal
tion. RD protocol exploits the existing control frames, Requegi CTS plus SIFS duration. If it is not equal to, then initiator
to Send (RTS) and Clear to Send (CTS), which provide enoughows that responder has packet to transmit. If this duration is
capability in order to exchange reverse direction data. less than the remaining TXOP, initiator grants use to responder

A proposed reverse direction protocol would simply grarty piggybacking data MPDU or BA Request (BAR) MPDU.
any remaining TXOP to the peer upon reception of peerkhis is shown in Fig. 3.
request if the requested duration is less than the remainingNAV duration in CTS from responder does not reflect the
TXOP. Grant is only given when a BA response is expecteatal NAV duration stated in the legacy standard. First of all,
Reverse data is always piggybacked with BA. Here the simptds corrected with the upcoming frames. Secondly, the STAs
heuristic is that initiator grants remaining TXOP when theralready received RTS from initiator will not consider this NAV
is no more data to send. Responder only returns data thrration from responder because it is smaller than the previous
same AC for the purpose of not violating the existing rulesne [1]. This is true only for Basic Service Sets (BSSs). It is
Responder can request grant inside the Network Allocatitwetter to have smaller unprotected area for overlapping BSSs
Vector (NAV) duration, always less than the TXOP duratio{OBSSSs) in case the frames following CTS is erroneous.

In other words, usage is limited to NAV protection. Moreover, Because of the duration change in CTS, the TXOP is not
initiator always keeps track of the channel ownership durimyotected anymore from hidden nodes, located at OBSSs. This
the transmission. Responder never owns it. This providpsoblem is eliminated by the following. As seen from Fig. 3,
simplicity in the implementation by not involving respondethe duration in CTS is always bigger than the critical time. In
into the time scheduler. The responder is allowed to transrother words, responder will transmit BA or RD data, which



solution to eliminate the SIFS budget problem is to let initiator
advertise AC to responder before requesting RD, leading to
3-way handshake. Initiator should advertise AC in addition to

THOP Durtion =1 duration to responder in RTS. There are 7 unused bits in Frame

« » Control field in RTS so 2 bits of them are used to advertise
‘ s =ty - RS ﬁ' which AC initiator is acquiring for. In case initiator does not
| tiaa =ty - (data + BAR + CTS + 2'SIFS) | advertise AC in RTS, it is meant that no remaining TXOP
} : " is available for responder. Now, responder does not need the
SIFS budget.
2 g g g g 2 g o | A. Achieving Adaptability in RD Protocol
a 218,88 ;g > m When the responder receives RTS, it does not know how
glg|e|g|s 8 *1 much of TXOP the initiator will utilize for the transmission of
1 _Mmultiple data burst and BA. If multiple data transmission by
\g \emmno 2 | 2 | initiator is too big, there is less time left for reverse direction.
®/ RequestRd ¢ / : ® | For example, when the traffic is heavy in the system, the
| : stations will transmit more packets in the TXOP time since
2 g g 20 : | more packets arrive at MAC until the channel is acquired
3 o % 2|z i | | later than u_sual. C_omparak_JIy, Iess_ _packets will be _transferred
U 0o g 3”&} : I per TXOP in the light traffic conditions. The question to be
| x : answered is how the responder knows the remaining time to
! | RDDuration'=tey ' I exchange the data in the reverse direction.
: . lnnuaP=tdata'(BA+RDdala+BAI“SWS) Each station measures the remaining time for each asyn-
[ tors= tars - (tro * CTS # SIFS) N to “~.I chronous data service per each AC and destination and es-

> Y
> >

P

timates appropriate number of reverse direction data size dy-
namically for the next RD data transmission. For this purpose,
the following moving average integration technique is adopted

to take history measurements into consideration. Note that

has updated the duration field, before the unprotected af%he first measurement, the history value is equal to the
starts. Hence, the hidden nodes will set up their NAV uPO&)rresponding measuremént

receipt of BA or RD data. If the requested duration is not
less than remaining TXOP, then initiator rejects it anywayzD(i) = min{|ax RD(i—1)+ (1 —a) X RDmeasured |, 64}
However, there is still possibility of unprotected area if next Q)
BA or data are not received correctly by hidden nodes. Wehere« is a smoothing/aging factor arllD(4) is the number
take out this possibility by reducing the unprotected area in toé RD data packets for thi#h asynchronous data service and is
following mechanism. Responder requests RD duration whidetermined by responder regardless of rejection or acceptance
is scaled down by "n". Both responder and initiator know whaif the request. It can be at moét because of the bitmap
"n" is so initiator can easily calculate exact duration requesdesign in BA control frame. We have only one parameter
by multiplying the difference by "n”. This apparently reduceshat needs to be defined. The predefined v#luesed in the
unprotected area in case BA or data are not received by hidd#mulations is0.5.
nodes. Scaling down the request for RD duration to a value,More complex schemes can be designed easily. However,
less than DIFS time, guarantees the protection from hidddns scheme given here is good enough for our adaptable RD
nodes. protocol according to simulation results in section V-C.

The Reverse Direction (RD) data duration in CTS is deciddsl. IEEE 802.11 Compatibility
upon receipt of RTS from initiator that includes only about This section presents the changes in IEEE 802.11 frame
the address of initiator but not which AC the TXOP belongfrmat for using RD Protocol. All changes are backward com-
to. Therefore, responder picks one frame for each AC phtible with IEEE 802.11. That is, introducing RD-enhanced
this initiator from the corresponding queues and calculateations do not affect legacy stations in any way. In particular,
the corresponding transmission times and finally adjusts thi packet format modifications and algorithmic modifications
duration field in CTS according to the maximum among the&re made in a manner transparent to the legacy stations.
calculated transmission times. If granted, responder sends Tiris, RD-enhanced stations will co-exist with legacy stations.
frame matching the present AC to initiator. Further, this allows us to “incrementally” deploy RD protocol

If acceptance would be 1-way handshake instead of aaran enterprise using WLANS.
2-way handshake, the responder has to do both preparingdow to piggyback for granting use can be done through
BA and figuring out the frames addressed to the initiator gignaling one bit in data or BAR MPDU. One bit in QoS
SIFS. From the practical point of view responder can nabntrol field in data MPDU can be used for this purpose. Bit
meet the SIFS budget to do both. Yet, initiator does ndtis reserved in IEEE 802.11e standard so it is available or we
know how much the responder will acquire the channel itan create a new QoS data subtype called QoS Data + Request-
1-way handshake so initiator loses track of TXOP. The beatcepteD (RAD). In the frame control field, if b3b2 is set to

Fig. 3. Asynchronous data service in RD protocol



802.11e Parameters Values \VoIP Traffic Parameters Values

Channel Transmission Rate 54Mbits/sec Packet Interarrival time 10ms
TXOP size 0.002 sec. \oice packet length 92 bytes
Data Flow AC \oice RTP layer overhead 12 bytes
CWin/CWaa 7131 UDP layer overhead 8 bytes
AIFS[VOICE] 2 IP layer overhead 20 bytes
retry limit 11 MAC layer overhead 34 bytes
TABLE | PHY layer overhead 24 bytes

IEEE 802.1E SYSTEM PARAMETER VALUES TABLE Il

VOICE TRAFFIC PARAMETERS

10, it is QoS data and 1101 value of b7b6b5b4 is reserved @S set atlo _Mbps fpr fixed num.ber of VoIP stations. The
we can use 1101 for RAD. If we want to use BAR MpDUUMber of voice stations was varied frofl to 40.
for granting to responder, the first 12 bits in the BAR contrdp- Performance Metrics
field have been reserved in IEEE 802.11e standard so one of he two mostimportant metrics reflecting the delivered QoS
these bits can be used for signaling purposes. Also, there te VoIP are packet-loss and end-to-end delay. Packet loss
7 bits, not used in the frame control field in BAR so at leaghay result from any of the following: (1) buffer overrun, (2)
one of them is accommodated for this signaling purpose [Bjxcessive MAC-layer collisions or (3) channel interference.
For example "Order” bit can be used for this purpose. Delay may be incurred in numerous ways; here we consider
. . . queuing delay at the source station and MAC delay incurred
V. Simulation Model and Performance Analysis by the frame in service at the source station. Studies have
This section presents results from discrete event simulatighown that for acceptable voice quality VoIP can tolerate
modeling that achieves the following goals: (1) a new adapto) ms delays with as much &% packet loss.(???cite) In
able scheme improving RD protocol in terms of adaptability t§imulation scenarios the tolerable MAC delay between stations
the dynamic traffic-load conditions; (2) performance analysihd AP is30 ms. If a VoIP frame arrives at a peer MAC
of RD protocol in the QoS-enabled station configuration usifgom other MAC more thar80 ms, it is included in a new
one QoS traffic class for bidirectional VoIP traffic with andnetric, total packet-loss. In other words, the new metric, total
without a TCP traffic as a background traffic. The performanggcket-loss, reflects all measures for the performance analysis
analysis focuses on throughput and packet-loss metrics whifea QoS application. Note that packet loss is represented as

varying the number of VoIP stations in the presence argdpercentage according to the following equation:
absence of TCP traffic. The experiments include comparison of

RD protocol turned on and off on the station given everything PL=100-(1— Phtsrevd 2)
else is same. Pktssent
A. Simulation Parameters where the fraction shows the ratio of received packets to the

The discrete-event simulation engine OPNET provided tfi@tal number of packets generated by the source. The total
tools to build an effective model of RD protocol for perPacket loss is also represented as a percentage as follows:
formance analysis. All simulation results reflect statistically Pkts,ood  PktSioo_1ate
significant analysis based on % confidence level and ~ TotalPL =100 (1 — & - Phis (3)
relative precision 0f0.05. The important system parameter et sent
values are given in table-1. The others can be found in the IER¢h€re the second fraction is for the ration of too-late (more
802.11 MAC layer implementation in [5]. System parameteFEa” 30 ms) packets to the total number of packets sent by the
were chosen to reflect typical installations of IEEE 802.11§°Urce-

10 simulation runs are performed to show performance bendéfit Simulation Results
of RD protocol for the support of VoIP traffic. We conduct extensive simulations to study different pa-

The traffic parameters were selected to model the behaviameters such as throughput, packet loss and total packet
of the G.711 codec usingOms packetization intervals for loss considering MAC delay, and effects of traffic load on
VoIP. All traffic sessions assumed a wired AP, hence, traffierformance metrics with and without the RD protocol. There
was not generated between wireless nodes. The simulat@e two different data flows in the simulations. The down flow
scenarios include one AP and a ring of VoIP and TCP statioissfrom AP to the stations, whereas the up flow is vice versa.
around it. The radius of the ring i8) meters. Based on the The number of down flow from AP is the number of stations
G.711 specification the raw packet lengths for voice were fixéa the system and same for the number of up flow.
at 92 bytes. However, Table Il indicates the overhead requiredFigure-4 shows average packet-loss and too-late packets
by the underlying protocol layers: RTP, UTP, IP and MACtetrics in percentage per VolP flow for down and up flows ver-
the aggregate frame lengths camel@) bytes (significant sus the number of VoIP clients in the system. As seen from the
protocol overheard). Each VoIP session was hel@fminutes, figure, the QoS performance metrics for up and down flows has
consisting of bidirectional traffic from the wireless client. Thédeen greatly improved when adaptive RD protocol is turned
background load was kept fixed HiMbps of TCP traffic. TCP on the station except for the too-late packets metric for up
Data traffic was generated by AP towards 10 stations whiflows. Note the asymmetric difference between up and down
downloads local files from AP sending fixéd24 byte frames flows for both metrics when adaptive RD protocol is not used.
at a mean interarrival rate d0 ms. The aggregate data loadVNith RD protocol this asymmetry greatly reduces, especially,
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Fig. 4. Average QoS performance metrics of up and down VoIP flows IFig. 5. (a) The mean total packet loss for VoIP flows in percentage (b) The
percentage versus the number of VoIP client stations (a) for packet-loss ttimpoughput for all flows in Mbps versus the number of clients
for too-late packets

20 Packet Loss vs number of Clients in case of TCP traffic

= or Adpive FD ‘ ‘ PP O I

for too-late packets. Since bidirectional flows are required in . igggﬁﬁgmm S
VolP applications, RD protocol significantly enhance the VoIP _ | -7 —powstero |
performance. : g

Figure-5 depicts the mean total packet loss in percentagﬁeﬁf |
which is determined by taking average for both up and down | ]
VoIP flows and the total throughput in Mbps. Adaptive RD st ) .
protocol allows increasing number of supported VoIP client ey N . Y
by approximatelyr5% from 17 to 30 and also improving QoS ” * o enumberorClents * ©
metric values. The another observation is that the more the
system is congested, the more throughput RD provides. 100 ‘ __Too Late Packels v number of Clents

Results given heavy background TCP traffic of 10Mbps | = werers | -7~ 1
are shown in Figure-6. Heavy TCP traffic does not have any’’| |- cowmnero | S JR——
affect on the packet-loss performance of RD protocol, wheregs., ’ i
it terribly increases the asymmetric quality of up and dovvgl sof // :
flows in case no RD protocol is turned on in stations. This | .—1
asymmetry is even worse for the too-late packets metric. On,| . — i
the other hand, up and down flows has almost same too-latecr.” // R SRR

packets performance with adaptive RD protocol. 1 i g % %0 3 20

The mean total packet-loss metric and the total throughput
is illustrated in Figure-7 in cast) Mbps TCP traffic is used. _ ) )
The system with the adaptive RD protocol now tolerates [0 2 0090 Si2 FETBaRce Beier o ations in case 10 Mbps TCP
VolIP clients while it allows onlyl1 VoIP clients without RD traffic is used (a) for packet-loss (b) for too-late packets
protocol. RD protocol provides00% increase for VolP ap-
plications. The total throughput shows very interesting resull- Related Work
In case no RD is used, aftéd clients, the system goes into Liu et al [6] provides a simple analytic model for com-
congestion and the TCP traffic starts to go down. That is wiputing the capacity of an infrastructure IEEE 802.11 WLAN
there is a break for the results in which no RD protocol ignhanced with the support of the bidirectional MAC frame
used. Moreover, the TCP traffic does not reduce its traffic reaggregation. However, it does not give any detail how to
from TCP layer even until 40 VoIP clients are served in theucceed the bidirectional frame aggregation. The simulation
system. In other words, the congestion for TCP traffic reachggenarios are performed for the validation purposes. There is
much earlier for no RD protocol used than for RD protocato simulation for any QoS applications.
used. Xiao et al [7] proves that a theoretical throughput upper
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Fig. 7. in case 10 Mbps TCP traffic as a background traffic (a) The mean
total packet loss for VoIP flows in percentage (b) The throughput for all flows
in Mbps versus the number of clients

limit and a theoretical delay lower limit exist for IEEE 802.11
protocols. They show that by simply increasing the data rate
without reducing overhead, the enhanced throughput is limited
and bounded, even when the data rate becomes infinitely high.
In order to reduce overhead, they proposed and studied a burst
transmission and acknowledgement mechanism. They do not
use any bidirectional frame aggregation mechanism to further
reduce the overhead.

VIl. Conclusions

We have presented and studied the RD protocol in order to
provide the bidirectional MAC frame aggregation. RD protocol
enhances the performance of IEEE 802.11e EDCA. In partic-
ular, it fits well to TCP by allowing a TCP link to piggyback
TCP ack collection onto TCP data transmission. Also, RD
protocol specifically suits the QoS applications having the
bidirectional flows even if it is not TCP traffic. Furthermore,
RD protocol adapts to the traffic conditions by measuring the
remaining reverse size for each asynchronous data service. The
extensive simulation results show that RD protocol greatly
improves not only the capacity of the infrastructure 802.11
WLAN but also the quality of VoIP clients with or without
the background traffic.
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