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ABSTRACT
Recent years have seen the growing popularity of multi-rate
wireless network devices (e.g., 802.11a cards) that can ex-
ploit variations in channel conditions and improve overall
network throughput. Concurrently, rate adaptation schemes
have been developed that selectively increase data trans-
missions on a link when it offers good channel quality. In
this paper, we propose a Medium Access Diversity (MAD)
scheme that leverages the benefits of rate adaptation schemes
by aggressively exploiting multiuser diversity. The basic
mechanism of MAD is to obtain instantaneous channel con-
dition information from multiple receivers and selectively
transmit data to a receiver that improves the overall through-
put of the network, while maintaining temporal fairness
among multiple data flows. We identify and address the
challenges in the design and implementation of MAD’s three
phases: channel probing, data transmission, and receiver
scheduling. We also use analytical models to examine the
tradeoff between network performance improvement and over-
head of channel probing, and derive an asymptotic perfor-
mance bound for the receiver scheduling algorithms used by
MAD. Results from the analysis and the extensive simula-
tions demonstrate that, on average, MAD can improve the
overall throughput of IEEE 802.11 wireless LANs by 50% as
compared with the best existing rate adaptation scheme.

Categories and Subject Descriptors
C.2.1 [Computer-Communication Networks]: Network
Architecture and Design—Wireless Communication; C.2.2
[Computer-Communication Networks]: Network Pro-
tocols
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1. INTRODUCTION
The availability and low cost of 802.11 wireless networking

products have encouraged a rapid growth in the deployment
of wireless Local Area Networks (LANs). They can extend
access to wired intranets such as campus networks, as well
as support broadband access to the Internet — particulary
at “hot spots”. As the use of powerful portable comput-
ing devices (laptops, PDAs) with wireless LAN connectivity
becomes common, the ability of wireless LANs to cater to
large number of users having applications with high band-
width requirements is increasingly important. The increas-
ing appetite for bandwidth in wireless LANs has in turn
spurred extensive research efforts to provide high data rates
at the physical (PHY) layer. However, the highest feasible
rate is ultimately bounded by the channel signal to noise ra-
tio, which is time-varying due to both slow and fast fading
in mobile environments. This has encouraged the develop-
ment of multi-rate adaptors, where the PHY layer data rate
can effectively respond to wide variations in channel con-
ditions; the difference between the lowest and highest data
rates is expected to widen even further with emerging PHY
layer technologies. This is evident by comparison of IEEE
802.11a [12] with legacy 802.11 standard [11]: the lowest
data rate increased by a factor of 6 while the highest rate
increased by a factor of 27. The number of distinct data
rates supported by PHY is increasing as well and the trend
in next generation PHY technologies such as MIMO and
Adaptive-Bit-Loading OFDM [8] is to provide wider, almost
continuous range of data rates that can be tailored to the
given channel quality.

The multi-rate support at the PHY layer offers primitives
for upper layers to respond in an agile manner to fluctu-
ations in channel conditions and optimize channel utiliza-
tion. Recent research efforts on rate adaptation schemes
at the Medium Access Control (MAC) layer have focused
on dynamic rate switching mechanisms by either sender’s
inference [15] or receiver’s feedback [9] of the current chan-
nel conditions. Sadeghi et al. [23] shows that the success
of rate adaptation depends not only on the ability to find



the highest feasible data rate for the given channel, but
also on the ability to optimize the link utilization under
time-varying channel conditions. Thus, the existing rate-
adaptation schemes merely respond to the quality of a given
channel by selectively increasing the transmission rates when
the channel condition is favorable.

In contrast, this paper proposes a scheme called Medium
Access Diversity (MAD), to actively exploit time and space
varying channels at the MAC layer. In a wireless LAN envi-
ronment, the instantaneous channel conditions from a sender
to multiple receivers are time varying and are not correlated
due to mobility, interference and other factors. This effect
is referred to as multiuser diversity in the context of cellu-
lar networks [16] but is observable in mobile wireless envi-
ronments in general. With multiuser diversity, a node can
aggressively assess the instantaneous channel condition to
each of the multiple receivers and select the receiver whose
channel condition is near its peak. By thus leveraging the
space-time heterogeneity of channels, this scheme can fur-
ther exploit the benefits of any rate-adaptation scheme. To
the best of our knowledge, this is the first attempt to ex-
plore the benefits of as well as identify and address the is-
sues concerning the multiuser diversity in the wireless LAN
environment whose PHY and MAC characteristics are sub-
stantially different from cellular networks. Further, we show
that MAD can be implemented with relatively minor en-
hancements to the IEEE 802.11 standard.

The paper addresses three primary design issues with MAD
that have a significant impact on the overall wireless LAN
performance with contention based MAC protocols: channel
probing, link goodput optimization, and receiver scheduling.
First, we analyze the tradeoff of throughput gain and chan-
nel probing overheads in MAD to deduce optimal channel
probing parameters that account for space and time varying
channel conditions in mobile environments. Second, we pro-
pose Packet Concatenation (PAC) as a new rate adaptation
scheme that efficiently exploits given channel quality to max-
imize individual link goodputs. Compared to existing rate
adaptation techniques, PAC itself achieves up to 50% more
goodput with IEEE 802.11a PHY, under favorable channel
conditions, with relatively minor performance degradation
under poor channel conditions. Third, the study derives
an asymptotic performance bound of MAD by two sched-
uling algorithms that maintain temporal fair share among
multiple data flows. Finally, we present the results from a
comprehensive simulation study on MAD with existing rate
adaptation schemes as well as PAC. The simulation results
in various wireless LAN scenarios show that MAD achieves
120%∼452% throughput improvement over ARF, the rate
adaptation scheme used in Lucent’s WaveLAN II networking
devices, and on average more than 50% throughput improve-
ment over the best known rate adaptation scheme, OAR.

The rest of the paper is organized as follows. The next
section summarizes related work. Section 3 presents an
overview of MAD, followed by three sections each of which
respectively addresses the channel probing, data transmis-
sion, and receiver scheduling issues associated with MAD.
Section 7 uses analytical models to examine the tradeoff be-
tween network performance improvement and overhead of
channel probing, and derives an expected network through-
put achievable by MAD. Section 8 presents extensive sim-
ulation results to evaluate the effects of MAD on wireless
LAN throughput. Section 9 concludes the paper.

2. RELATED WORK
The multiuser diversity has its roots in the seminal work

of Knopp and Humblet [16]. It underlies much of the re-
cent work [4, 14, 19, 27] on the scheduler design for time-
division downlink optimization in Code Division Multiple
Access (CDMA) cellular networks, such as 1xEV-DO High
Data Rate (HDR) [2] and High Speed Downlink Packet Ac-
cess (HSDPA) [10] systems. The aforementioned work has
found that as a consequence of the multiuser diversity ef-
fect, the more users to choose from, the larger the gain from
the scheduler. In that context, a large channel variation is
not a drawback, but is rather preferred [27]. In such sys-
tems, the channel conditions are fed back from all receivers
via the CDMA uplink. One challenge to our work is that
such a closed-loop feedback mechanism is not readily avail-
able in existing 802.11 wireless LANs. MAD differs from the
above work in that it uses explicit multiuser channel probing
to obtain the present channel condition information. The
increasing overhead of channel probing may prohibit MAD
from querying all receivers for each data transmission, hence
posing a challenge to the scheduler design.

A channel-aware ALOHA protocol is proposed in [21] to
exploit multiuser diversity gains. In this work, each user
bases their transmission probability on their channel gain,
assuming each user knows their own channel gain as well
as the distribution of other users’ channel gains. In con-
trast to previously mentioned work, it assumes that closed-
loop channel condition feedback (in the context of ALOHA
like protocol) is not available, and sender has no central-
ized control. Our approach differs from the above two as
follows. The MAD mechanism is built on top of decentral-
ized 802.11 MAC for channel acquisition. However, MAD
gives each sender centralized control over its own multiuser
diversity but with only partial feedback from its receivers.

A number of rate adaptation schemes have been proposed
in wireless LANs. The Auto Rate Fallback (ARF) [15] was
the first implementation of dynamic rate switching, in which
the sender gradually increases data rates after consecutive
successful transmissions and reverts to lower rates after a
failure. The Receiver Based Auto Rate (RBAR) [9] improves
throughput by letting the receiver measure the channel qual-
ity based on request-to-send (RTS) reception and feed back
the transmission rate to the sender. Based on the observa-
tion that the coherence intervals are on the order of multi-
ple packet transmission times, the Opportunistic Auto Rate
(OAR) [23] transmits multiple packets (by treating them
as fragments) when channel condition permits higher data
rates, thus achieves the highest throughput among the three.
The efficiency of MAD is highly dependent on the underly-
ing link goodput optimization techniques. OAR is one such
technique that can be employed by MAD directly. We de-
vote section 5 to further discuss this issue, and comparative
studies on MAD using OAR and our alternative rate adap-
tation scheme PAC is performed via analysis in section 7
and simulation in section 8.

3. MEDIUM ACCESS DIVERSITY
Consider an ideal wireless network where the instanta-

neous channel conditions of all receivers1 are known by the

1If the context is not clear, a sender (receiver) refers to the
sender (receiver) of a data packet, not a control packet in
this paper.
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Figure 1: Medium Access Diversity: sender decides
to send data to receiver k after channel probing with
query/reply exchange.

sender. It is possible for the sender to exploit multiuser di-
versity [16] by adopting scheduling algorithms that serve a
flow when its channel condition is near its peak within a
short latency. Such intelligence provides at least two poten-
tial benefits. First, the head-of-line (HOL) blocking problem
[5] can be alleviated. Instead of continuing retransmission to
a receiver when it experiences a poor channel condition with
a burst of packet retransmission failures, the sender could
try scheduling transmission of data packets to another re-
ceiver. Second, with complete knowledge of channel condi-
tions at all receivers, a sender can not only select a receiver
with the best channel condition for data transmission, but
also choose the highest feasible rate. This approach could
improve the overall network throughput, and such improve-
ment peaks when the channel utilization is optimized, par-
ticularly with the presence of favorable channel conditions.
However, existing contention based MAC protocols such as
IEEE 802.11 DCF cannot be applied with this concept with-
out modification, as the time taken to probe the channel
conditions of all receivers is unpredictable, and the informa-
tion will be obsolete, particularly when expected coherence
time in a wireless network is short.

To realize the above idea in a practical manner for ex-
isting IEEE 802.11 wireless LANs, we propose a medium
access mechanism to exploit multiuser diversity, henceforth
referred to as Medium Access Diversity (MAD). MAD con-
sists of three phases: channel probing, data transmission
and scheduling, where scheduling decisions are required be-
fore each of the former two phases. The basic mechanism of
MAD works as follows (see Figure 1). The sender broad-
casts a query message including the list of potential re-
ceivers for channel condition probing. Following the or-
der indicated in the list, each receiver sends its own reply
message back to the sender in the corresponding time slot.
The reply message contains channel condition information
obtained from evaluating reception of the preceding query
message. After collecting the information from all reply mes-
sages, the sender chooses the receiver that maximizes poten-
tial throughput gain and begins its data transmission. The
chosen receiver will reply with an ack message if it receives
the data packet(s) correctly. This process repeats after the
current data transmission is completed.

Although conceptually straight-forward, the MAD mech-
anism will be effective only if the following requirements are
met in its design and implementation:

• MAD must limit the overhead incurred by channel
probing, implying that only a subset of receivers can

be queried for their channel conditions. MAD must
be able to improve overall network performance even
with such limited information.

• MAD has to maximize the effective throughput for
each data transmission, especially when the current
channel condition at a receiver supports high data rates
in order to improve the throughput gains. This could
also compensate for the overhead of channel probing.

• The MAD scheduling algorithm must balance the need
to improve network throughput with fairness expecta-
tions among multiple traffic flows. The two objectives
often conflict with each other.

The next three sections elaborate the details of MAD for
IEEE 802.11 wireless LANs with the above requirements.
We start with a generic realization of the channel prob-
ing and data transmission phases of MAD for IEEE 802.11
DCF, assuming readers are familiar with the details of IEEE
802.11 wireless LANs [12, 11]. We then present a theoret-
ical scheduling model with two approximation algorithms
for MAD. In section 7, an analysis is carried out to shed
insights about optimal MAD design choices and asymptotic
performance gain by MAD.

4. CHANNEL PROBING
The use of request-to-send (RTS) and clear-to-send (CTS)

control packets as the handshake before actual transmission
of data packet is a well-known distributed channel acquisi-
tion mechanism employed by the IEEE 802.11 wireless net-
works. MAD enhances this handshake mechanism to facili-
tate channel probing as follows.

To allow a sender to query multiple receivers for channel
condition feedbacks, we introduce an enhanced RTS control
packet, referred to as the Group RTS (GRTS). The formats
of regular RTS and our GRTS are shown in Figure 2(a) and
2(b) respectively. The only difference between GRTS and
regular RTS is that a GRTS control packet contains a list
of addresses (RAs) of receivers polled by the GRTS sender.
The rank of an RA in the RA list indicates the order by
which the receiver should respond to the GRTS. When the
number of RAs in the list is one, GRTS is identical to the
original RTS.

We also modify the CTS control packet in the standard by
including an additional field (two octets) named Feedback.
This field consists of two subfields, Rate and Gain as shown
in Figure 2(c). The Rate (4 bits) subfield stores the encoded
data rate selected by a receiver. In MAD, a sender strictly
follows a receiver’s choice of data rate if the sender decides
to transmit data to that receiver in the subsequent data
transmission phase. The receiver uses a simple rate selection
algorithm to suggest a Rate to the sender. The algorithm
will select the modulation scheme that has the highest data
rate among those with bit error rates less than 10−5 for
the measured SNR of previous (G)RTS packet. A similar
approach was used in [9].

The Gain (12 bits) subfield of Feedback in our CTS con-
trol packet stores the relative gain of a receiver’s current
channel condition over its average. In practice, a receiver
can use the measured signal-to-noise ratio (SNR) of received
GRTS packets to represent the estimated channel condition.
Thus, the relative gain is the relative difference between in-
stantaneous SNR and its average. In our current design, the



Gain subfield supports 212 levels of relative gain. The utility
of Gain will become clear after we discuss MAD scheduling
algorithms in section 6.

To compute the relative gain at the receiver, average SNR
values need to be estimated for every sender-receiver pair.
For any receiver, the average SNR value regarding sender i
is estimated via the following equation

SNRi = (1 − α) × SNRi + α × SNRi

whenever a new SNR value is measured from the most recent
GRTS packet sent from node i. α is a coefficient between 0
and 1, and we have fixed the value of α as 0.2 in the scope
of this paper.

It is important to note that the task of monitoring channel
conditions is assigned to the receiver. This choice was made
because the receiver can make better estimations: First, the
suggested rate is based on the reception of the most recent
GRTS packets from sender; Second, the average SNR value
can be updated as long as a GRTS is overheard by the re-
ceiver, even if that receiver is not in the polling list.

Given the above enhancements, the channel probing in
IEEE 802.11 DCF works as follows. A sender transmits a
GRTS packet including the RA list of receivers. Each re-
ceiver will transmit a CTS packet back to the sender at the
assigned time slots after receiving GRTS. The time-slot du-
ration equals the time to transmit the CTS control frame in
base rate plus the Short Interframe Space (SIFS). In partic-
ular, the receiver waits for SIFS and then transmit its CTS
packet in its designated time slot. Channel probing will be
completed at the end of the time slot for the last receiver in
GRTS’s RA list. The sender will then pick a receiver based
on its scheduling decision and move on to data transmission.

A virtual carrier-sensing mechanism referred to as the
network allocation vector (NAV) is used by 802.11 MAC.
The NAV maintains a prediction of future traffic on the
medium based on duration information that is announced
in RTS/CTS frames prior to the actual exchange of data
[11]. However, with data rate negotiation between sender
and receiver in MAD, it is impossible for sender to predict
the exact remaining duration of channel occupation when it
transmits (G)RTS, since it does not know the subsequent
data rate yet. To resolve this issue, the sender would use
existing packet output queue information to make a conser-
vative estimation of channel occupation time and set that in
(G)RTS’s Duration field. This approach serves as a tenta-
tive channel reservation. Other nodes have to set their NAVs
in accordance with the tentative reservation once they have
overheard the (G)RTS. To facilitate later correction to the
tentative reservation, the NAV of each node comprises tuples
of form (src,duration). The src corresponds to the MAC ad-
dress of the node that initiates the data exchange sequence2,
and duration is updated from the Duration field of the most
recently overheard packets containing same src. The cur-
rent channel reservation time is the maximum duration of
all tuples. To maintain consistency of channel reservation
by both sender and receiver, Duration of CTS will be set ac-
cording to sender’s (G)RTS. After (G)RTS/CTS exchange,
the sender can revise its reservation in the data packet. At
the receiver side, ACK will also carry revised channel reser-
vation. If multiple receivers are queried in channel probing,

2The address of src may be specified at different fields in
different control packets. For example, it’s in TA of RTS
and RA of CTS.
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Figure 2: MAC frame formats used by MAD

any receiver not selected in data transmission will not be
able to change its CTS reservation. This operation has a
subtle impact on spatial reuse in wireless LANs, which we
will study in the context of other ad hoc wireless networks
in the future.

Note that there is an open question regarding the optimal
number of receivers which a sender should query in order to
achieve peak performance gains. We will discuss this issue
in section 7. In next section, we will present realization of
data transmission in MAD.

5. DATA TRANSMISSION

5.1 Overview
One of the design requirements for MAD is that it has to

maximize the effective link throughput for wireless networks.
A simple solution to meet this requirement is that during the
data transmission phase of MAD, more data packets should
be transmitted particularly when the current channel con-
dition supports higher data rate. As a result, the expected
overhead per packet can be reduced. Opportunistic Auto
Rate (OAR) protocol proposed by Sadeghi et al. [23] is one
of the recent efforts to better exploit durations of high qual-
ity channel conditions by such means. The key mechanism
of the OAR protocol is to opportunistically send multiple
back-to-back data packets to the same receiver whenever the
channel quality is good. As channel coherence time typically
exceeds the duration of multiple packet transmission in wire-
less LAN environment, OAR achieves significant throughput
gains.

As a rate adaptation scheme, OAR can be directly em-
ployed by MAD during data transmission phase. Figure 3
gives an illustration to how OAR works within the MAD
framework. After sensing the channel to be idle for DCF
Inter-Frame Space (DIFS), the sender initiates channel prob-
ing by sending a GRTS. In this particular example, the
sender decides to transmit packets to receiver 2 after re-
ceiving CTS feedbacks from all receivers because a higher
data rate can be supported. The sender utilizes the IEEE
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Figure 4: Illustration of Medium Access Diversity using PAC.

802.11 fragmentation support by treating multiple back-to-
back packets as fragments of a “super-packet.” After re-
ceiving the ACK from receiver 2 for the first fragment, the
sender will transmit the next fragment. This DATA and
ACK packet exchange is repeated until a packet is lost or
the sender uses up its time share. Note that in OAR, the
maximum number of packets transmitted back-to-back can-
not exceed the ratio between current feasible data rate and
the base rate in order to maintain the temporal fairness
property under single rate IEEE 802.11 [23].

However, OAR may not fully optimize the channel utiliza-
tion even when the channel condition at a receiver supports
the highest data rate. This sub-optimality is due to the fact
that the MAC and physical layer overheads become pro-
gressively more dominant as the highest data rate increases
in wireless LANs. We use IEEE 802.11a as an example to
illustrate this point. In 802.11 wireless LANs, control pack-
ets like RTS, CTS and ACK must be transmitted at one of
the base rates (typically much lower than the highest data
rate) supported by all the communication devices in the net-
work for three reasons: First, the standard has to support
inter-operability among different wireless LAN card manu-
facturers, where many higher data rates are not mandatory
[12]; Second, the communication range at a higher data rate
is much smaller than that at the base data rate3, and thus
control packets must be transmitted at a lower data rate to
alleviate the hidden terminal problem [25] in wireless net-
works; Last, SIFS is a fixed duration (subject to how fast a
transceiver can switch between receiving and transmitting
modes) regardless of data rate. Consider that control pack-
ets are transmitted at 6Mbps. To transmit a single 1KB
packet, the control overhead is 16.5% at 6Mbps and increases
to 64.0% at 54Mbps for legacy 802.11. OAR reduces the
overhead to 49.37% per packet in later case. However, there
is still room for improvement, which motivates us to propose
the concatenation of multiple packets in physical transmis-
sion.

3For example, the D-Link DWL-A520 5GHz (802.11a) adap-
tor has a range of 300 feet at 6Mbps and 40 feet at 54Mbps
(www.dlink.com).

5.2 Packet Concatenation (PAC)
The key mechanism of PAC is to transmit a sequence of

physical data frames to the same receiver back-to-back af-
ter MAD has chosen that receiver for data transmission.
Figure 4 demonstrates how PAC operates under the MAD
framework. Once a receiver is selected after channel prob-
ing, PAC will transmit a Super Frame (SF) control frame
(see Figure 2(d)), immediately followed by a chain of data
packet frames. After the reception of the string of frames,
the receiver will wait for SIFS duration and reply with an
ACK to selectively acknowledge the received data packets.
In contrast to OAR (see Figure 3), PAC can eliminate many
ACKs and SIFS, which potentially will improve channel uti-
lization for MAD. Note that the maximum number of pack-
ets in a single transmission cannot exceed the ratio between
the current feasible data rate and the base rate, so PAC
has the same temporal fairness characteristics as OAR (and
single rate 802.11 MAC). Similar to OAR, PAC also takes
advantage of the fact that channel coherence time typically
exceeds multiple packet transmission times. Details on co-
herence time estimation for modern digital communications
can be found in [22]. Next, we describe how PAC is incor-
porated with the IEEE 802.11 MAC and PHY layers.

5.2.1 Incorporation with IEEE 802.11 MAC
As mentioned previously, a SF control frame is introduced

in the MAC to precede the concatenated data packet frames,
declaring the beginning of super-packet. The format of SF
is shown in Figure 2(d). The Frame Control field in SF is
the same as those in other packet frames [11]. The Duration
field of SF specifies the estimated duration before the cur-
rent data transmission phase will end, including the time
for the transmission of the super-packet plus a SIFS and
ACK duration (see Figure 4). It can be used by other nodes
to update their NAVs for virtual carrier sensing. The Su-
per Frame Control field contains a k-bit RA bitmap where
each bit corresponds to the receivers polled by the previous
GRTS packet. A nonzero bit notifies the corresponding re-
ceiver that it is an intended recipient of the subsequent data
packets after SF. The same node is of course expected to
reply with an ACK after reception of the data packets.
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The ACK control frame needs to be modified to provide
feedback for the exact packets received in the super-packet.
As shown in Figure 2(f), The ACK Bitmap field (2 octets)
is inserted into the original ACK control frame. Each bit
of the ACK Bitmap field corresponds to the ordered data
packet received in the previous super-packet.

We also make a minor modification to the DATA packet
frame (see Figure 2(e)). The Duration field of a DATA
packet frame is originally required for NAV updates. As
the same information has been provided by the SF preced-
ing the data packets of a super-packet. This field is reused
as a counter for the super-packet sender to identify the order
of a data packet in the super-packet. The modifications to
DATA and ACK allow the receiver to selectively acknowl-
edge correctly received data packets.

5.2.2 Incorporation with IEEE 802.11 PHY
Some modification to the IEEE 802.11 PHY layer is also

necessary to support the notion of the super-packet in PAC.
The 802.11 based wireless networks currently have speci-
fications for PHY at 2.4 GHz (802.11b) or 5 GHz band
(802.11a), and a higher data rate extension at 2.4 GHz
band (802.11g). Here we briefly describe how Super Data
PLCP protocol data unit (PPDU) is designed for each of
these PHY specifications. Due to space constraints, we only
show the Super Data PPDU frame formats. The original
formats can be found in [11] and its amendments [12].

IEEE 802.11b PHY has long and short PLCP PPDU for-
mats for 802.11b PHY. In the long format, the Sync field
contains 128 bits of scrambled 1’s. Both the PLCP preamble
and PLCP header are transmitted at 1Mbps with DBPSK
modulation. In the short format, Sync contains 56 bits of
scrambled 0’s. The preamble is transmitted at 1Mbps while
the header is transmitted at 2Mbps with Barker code and
DQPSK modulation. We introduce the Super Data PPDU
format (See Figure 5(a)) which begins with a long PPDU in-
cluding SF (see Figure 2(d)) as its PLCP service data unit
(PSDU). It is then followed by multiple short PPDUs each
containing a data packet in the PSDU from the MAC layer.
The SF is a special control packet transmitted at the base

rate independent of the rate used for subsequent data packet
transmissions.

Similarly, Super Data PPDU frame formats are also intro-
duced to the IEEE 802.11a/g PHYs, which use Orthogonal
Frequency Division Multiplexing (OFDM) [8]. The major
difference between the Super Data PPDU of 802.11g (see
Figure 5(c)) and that of 802.11a (see Figure 5(b)) is that
an 802.11b PLCP preamble and header are added at the
beginning of Super Data PPDU in 802.11g for operational
compatibility with 802.11b.

Note that although the Super Data PPDU looks like a
very long frame, it is in fact a concatenation of multiple
self-contained normal-sized physical frames. Channel esti-
mation and fine frequency acquisition can still be performed
at the beginning of each smaller frame in the Super Data
PPDU during reception. Thus, when the duration of the
super-packet is within the limits of channel coherence time,
the reception should be as good as that when packets are
transmitted individually. Please note that the MAC layer
often sets the maximum packet size to limit the transmis-
sion duration such that the channel estimation by the PHY
layer of the receiver remains accurate until the end of packet
reception. The PAC concatenation does not contradict this
MAC guideline because channel retraining for each concate-
nated packet is facilitated in the Super Data PPDU design.

5.2.3 Other PAC Issues
There are also some minor issues regarding maintenance

of packet retransmission and contention window. In 802.11
MAC, a sender maintains a separate retry counter for each
receiver, and the head-of-line packet for a receiver will be
dropped if its retry counter reaches the limit. In PAC, we
extend it by letting the sender maintain a retry counter for
each retransmitted packet. It can be seen that the number
of retry counters for each receiver will not exceed the maxi-
mum number of data packets in a single transmission. An-
other issue is that in legacy 802.11, the contention window
is enlarged whenever a packet is retransmitted. To preserve
such behavior in PAC, we use a simple heuristic in which
the contention window is enlarged whenever more than half



of the packets in a super-packet need retransmission and is
reset if more than half of the packets are acknowledged. The
reason is that if more than half of the packets are acknowl-
edged, the loss is most likely not due to contention. The
reverse case implies occurrence of either collision or strong
interference.

6. MAD SCHEDULING
The objective of the MAD scheduler is to improve the uti-

lization of the channel while maintaining temporal fairness
among multiple back-logged flows. In this section, we first
discuss a theoretical scheduling policy in Rayleigh fading
channels, then present the scheduling algorithms approxi-
mating the ideal policy behavior in MAD.

6.1 Basic Scheduling Model
The global fairness among different senders is not guaran-

teed by the IEEE 802.11 CSMA/CA protocol [26, 17]. We do
not intend to change or improve fairness of this contention
based channel access mechanism, but rather focus on the
throughput improvement and fairness issues related to the
scheduling phase of MAD within a sender. To simplify the
analysis, let us consider a network of a single sender and N
receivers. The set of instantaneous channel conditions (ob-
served in terms of perceived signal reception power) from
one sender to N receivers {ϕi (t)} at any time t is always
available and ϕi is wide-sense stationary and ergodic. The
highest instantaneous data transmission rate ri (t) for re-
ceiver i at time t can be expressed by Shannon’s law [24]
as

ri(t) = Wlog
1+

ϕi(t)
Γi

2 (1)

where W is the bandwidth of the communication channel; Γi

is the expected power of the additive white Gaussian noise
(AWGN).

We propose a maximum relative gain scheduling policy
which chooses a node with maximum gain relative to others
during each data transmission phase of MAD. The relative
gain function for receiver i at time t can be defined as

Gi (t) = ci

[

ϕi(t)−ϕ̄i
Γi

]

(2)

where ci is a positive (nonzero) relative scaling factor for
receiver i and ϕ̄i is the mean of ϕi. Note that {ϕ̄i} is not
homogeneous among different receivers. Assuming flows to
all receivers are always backlogged, the policy is expressed
as the following:

i(t) = arg max {Gi (t)} (3)

where i (t) indicates that node i is chosen for data trans-
mission at time t. If a tie occurs among multiple receivers
in (3), it will be broken with equal probability. We assume
rate selection is perfect so that all packets are received cor-
rectly. We further assume the data transmission duration
is always fixed regardless of the data rate ri (t), since the
super-packet size is proportional to the data rate. We find
that maximum relative gain scheduling has the following
nice properties when ci = Γi/ϕ̄i

4. This ci value will be as-
sumed when we refer to Gi in (2) in other sections.

4In this case relative gain function has range (−1, +∞)

Proposition 1. With independent Rayleigh fading chan-
nels, asymptotic (long term) temporal fairness is guaranteed
by maximum relative gain scheduling if ci = Γi

ϕ̄i
.

Proof. Given the above scheduling algorithm, the tem-
poral share that receiver i will obtain in the long term can
be expressed by

φi = Pr (Gi > max {Gj 6=i}) (4)

According to Rayleigh fading channel, the c.d.f. for relative
gain of receiver i is

Pi (ξ) = Pr (Gi < ξ) = Pr (ϕi < ϕ̄i [1 + ξ])

= 1 − e−[1+ξ] (5)

the corresponding p.d.f. pi (ξ) is

pi (ξ) =

{

e−[1+ξ] (−1 < ξ)
0 (ξ ≤ −1)

(6)

Thus, substituting into the rhs of (4) we get,

φi =

∞
∫

−1

∏

j 6=i

[Pj (ξ)] pi (ξ) dξ

=

∞
∫

−1

{

1 − e−[1+ξ]
}N−1

e−[1+ξ]dξ =
1

N
(7)

Hence, we prove that when ci = Γi
ϕ̄i

maximum relative gain

scheduling has asymptotic temporal fairness.

Proposition 2. With independent Rayleigh fading chan-
nels, the difference between asymptotic throughput produced
by optimal temporal fair scheduling and that by maximum
relative gain scheduling (ci=Γi

ϕ̄i
) is upper bounded by W log[1/δ]

2 ,

and δ=min
{

1+ϕ̄i/Γi
1+ϕ̄j/Γj

,
1+Γi/ϕ̄i
1+Γj/ϕ̄j

∣

∣∀i,j

}

.

Proof. Suppose there is an optimal scheduling algorithm
that generates highest overall throughput to all N receivers
while maintaining asymptotic temporal fairness. For any
receiver i let us define

r̄i = W log

[

1+
ϕ̄i
Γi

]

2 (8)

and

∆i (t) = ri (t) − r̄i (9)

The overall throughput for both the optimal and the maxi-
mum relative gain scheduling algorithms can be represented
as

lim
T→∞

1

T

T
∑

t=0

ri (t) = lim
T→∞

1

T

T
∑

t=0

r̄i(t)

+ lim
T→∞

1

T

T
∑

t=0

∆i (t) (10)

Since the first term in the rhs of (10) must be equal for both
algorithms due to temporal fairness guarantees, the differ-
ence in overall throughput generated by the two algorithms
can be decided by the second term.

Suppose the transmission duration is fixed regardless of
the rate, both algorithms become time division schemes.
Consider a situation where the maximum relative gain sched-
uling transmits to receiver a while the optimal algorithm



transmits to receiver b at time slot t. We know Ga (t) ≥
Gb (t) > −1. Furthermore,

∆a − ∆b = W log
Γa+ϕa
Γa+ϕ̄a
2 −W log

Γb+ϕb
Γb+ϕ̄b
2

= W log

[1+(1+Ga)
ϕ̄a
Γa

]
[

1+
ϕ̄b
Γb

]

[

1+(1+Gb)
ϕ̄b
Γb

]

[1+ ϕ̄a
Γa

]
2

≥ W log
δ(a,b)
2 (11)

where

δ (a, b) = min
{

1+ϕ̄b/Γb
1+ϕ̄a/Γa

,
1+Γb/ϕ̄b
1+Γa/ϕ̄a

}

If δ =min
{

δ (i, j)
∣

∣∀i, j
}

, ∆a−∆b ≥ W logδ
2 holds for any

time slot t where a stands for the receiver chosen by maxi-
mum relative gain scheduling in that slot. Hence, the overall
throughput difference between optimal scheduling algorithm
and maximum relative gain scheduling is upper bounded by

W log
[1/δ]
2 .

Corollary 1. With independent Rayleigh fading chan-
nels, if ∀i, j :ϕi

Γi
=

ϕj

Γj
, maximum relative gain scheduling

achieves asymptotically highest overall throughput while main-
taining temporal fairness.

Proof. The result is intuitive from proposition 2, as δ =

1 which further implies W log
[1/δ]
2 = 0.

6.2 Approximation Algorithms
In the previous subsection we have analyzed that ideally

using maximum relative gain as the policy of scheduling de-
cision is reasonably good when all channels are wide-sense
stationary and ergodic with Rayleigh (fast) fading and time-
invariant nonhomogeneous slow fading. However, in practice
many assumptions may not hold. The channel condition is
not only subjected to fast fading (such as Rayleigh fading),
but also time-varying slow fading (path loss). The mean sig-
nal reception power to a particular receiver is no longer sta-
tionary but rather time-location dependent. Furthermore,
in the presentation of channel probing design for MAD (see
section 4) one can see that the overhead of inquiring in-
stantaneous channel conditions is directly proportional to
the number of receivers queried. Not all receivers may be
queried for their instantaneous relative gains. Hence, the
basic scheduling model described above cannot be directly
implemented in MAD. Next, we propose two approxima-
tions to the above ideal scheduling algorithm. The two algo-
rithms differ from existing scheduling algorithms exploiting
multiuser diversity in that the scheduling decisions must be
made based on partial feedbacks from receivers.

6.2.1 k-Set Round Robin
A simple way to mimic the behavior of maximum relative

gain scheduling is to leverage the extra information of max-
imum relative gain among the k receivers (that have been
queried in the channel probing phase of MAD) on top of
basic round robin scheduling. The algorithm shown in Fig-
ure 6 works as the following. At the sender, the backlogged
receivers are arranged in a round robin queue. In each iter-
ation of the loop, the first k receivers will be queried in the
channel probing phase to get both the feasible data rates and
the relative gains with current channel conditions. The re-
ceiver with the maximum relative gain among the k queried

Definition:
Q1: Servicing queue of backlogged receivers
Q2: Serviced queue
R: Set of receivers for channel probing

Routine:
while(Q1 6= Ø)
{

// dequeue at most k receivers
R = Q1.dequeue(k);
// channel probe dequeued receivers
R.probe( );
// service receiver with maximum relative gain

among the dequeued ones
Ri = arg max {Gi|Ri ∈ R};
Ri.service( );
// push non-serviced back to head of Q1

Q1.push(R − Ri);
// append serviced receiver to tail of Q2

Q2.append(Ri);
}
swap(Q1, Q2);

Figure 6: k-Set Round Robin Scheduling

ones will be dequeued and put in a waiting queue for data
transmission. The process repeats until all receivers are de-
queued in current round. When the current queue is empty,
it will be swapped with the waiting queue. Note that as
more and more receivers are dequeued, it is possible that
there will be less than k receivers to query in the channel
probing phase of MAD. The reason not to put serviced re-
ceivers immediately to the back of the current queue is to
enforce fairness, so that each receiver will be served exactly
once in each round.

6.2.2 Revenue Based Scheduling
Prior research efforts on revenue (credit) based wireless

fair scheduling [3, 20] have looked into exploiting time vary-
ing channel conditions in wireless fading environment. They
implicitly assume that no cost is associated with channel
probing in time division multiple access (TDMA) or CDMA
cellular systems. However, we must reemphasize that mul-
tiuser diversity gain in the IEEE 802.11 wireless LAN is sub-
ject to the constraints of the feedback mechanism in MAD.
First, due to CSMA/CA behavior of the network nodes,
probing channel conditions immediately before data trans-
mission is important as the obtained information may be
stale after the transmitter resumes from random backoff.
Second, increasing cost of channel probing and limited co-
herence time prevent the sender from querying all receivers
(see section 7). Given these constraints, we propose a varia-
tion of the revenue based temporal fair scheduling for MAD.
We will compare performance of this algorithm with that of
k-set round robin algorithm in section 8.

The difference between traditional revenue based schedul-
ing algorithms and the one proposed here is that in MAD,
the receiver selection decision has to be made in two places:
selecting the candidates for channel probing and selecting
the final candidate for data transmission after channel prob-
ing. Figure 7 shows pseudo code for our revenue based
scheduling algorithm, in which every receiver should receive
a fair share of time in the long term. Initially every receiver



Definition:
Kt

i revenue of receiver i after tth transmission
R
(

Gt
i

)

reward function
U t

i time consumed by tth transmission
Qt

i queue for receiver i after tth transmission
Ct candidates for channel probing
ct candidate for tth transmission

Receiver selection rule:
channel probing candidates:

Ct+1 = {i|high to low rank
(

Kt
i

)

≤ k};
data transmission candidate:

ct+1 = arg max{Kt
i + R(Gt+1

i )|i ∈ Ct+1};
Revenue update rule:

for(i = 1; i ≤ N ; i + +)
{

if(Qt+1
i 6= Ø)

if(i 6= ct+1)
Kt+1

i = Kt
i + max

(

U t+1
ct+1 − Kt

ct+1 , 0
)

;
else

Kt+1
i = max

(

Kt
i − U t+1

i , 0
)

;
else

Kt+1
i = 0;

}

Figure 7: Revenue Based Scheduling

has revenue of zero. The transmitter will pick k nodes with
highest revenue (ties broken randomly) for channel probing.
After the channel probing, each probed receiver may receive
an instant revenue reward defined by

R(Gi) = max [β (1 + Gi) , 0] (12)

where β is a multiplicative constant. The ultimate receiver
chosen for data transmission will be the receiver with highest
sum of revenue and its instant reward. After the data trans-
mission finished, the time taken will be deducted from the
revenue of the serviced receiver. If the balance is negative,
it will be reset to zero, while the difference will be credited
to all other backlogged receivers. Note that the instant re-
ward can only be used for final receiver selection but is not
accounted for in the revenue updates to avoid long term un-
fairness. In depth discussions on why statistical fairness can
be guaranteed by revenue based scheduling approach can be
found in [3].

Note that there may be conditions where other metrics
may achieve better performance. For instance, considering
the number of packets in the queue destined for a receiver
may improve the scheduling decision. Alternative scheduling
metrics in various network conditions are to be evaluated in
our future work.

7. PERFORMANCE ANALYSIS
In this section, we analyze the impact of MAD on the

expected network throughput in a wireless LAN. We begin
with derivation of expected transmission rates for a single
transmitter and discuss the optimal number of receivers (k)
to query during the channel probing of MAD to maximize
the goodput of the channel. The single transmitter results
will then be used to deduce the overall network capacity. We
only use IEEE 802.11a for numerical results, but the analysis

is also applicable if MAD uses other existing 802.11 physical
specifications. We assume free space pathloss and Rayleigh
fading propagation models and AWGN in all derivations.
Unless otherwise mentioned, the derivations are based on
MAD using PAC data transmission scheme.

7.1 Optimal Number of Receivers to Query (k)
As mentioned at the end of section 4, one open question

is what is the optimal number of receivers a sender should
query in MAD. In this subsection, we attempt to analyti-
cally answer this in the context of using PAC in MAD. We
consider a generic network model where a sender ν always
has backlogged packets of constant length l to numerous
potential receivers. ν is located at center of disk area D of
radius X while each receiver is randomly distributed in D.
X must not be larger than radio communication range at
base rate in order to maintain connectivity. All channels
between the sender and receivers have i.i.d. fast Rayleigh
fading. For simplicity of analysis, we assume all packets
are received correctly except for collisions. In this model, ν
always randomly selects k receivers {ωi} to probe channel
conditions and transmits data to a receiver with the highest
relative gain (see section 6).

7.1.1 Derivation of p.d.f. of MAD Transmission Rate
Suppose the physical radio supports M data rates denoted

as r1, r2, · · · , rM (M = 8 for 802.11a). A receiver can
only suggest a data rate rm if the estimated SNR is above
a threshold ηm (η1 < η2 < · · · < ηM ). For simplicity of
formulation, we add rate rM+1 > rM and corresponding
threshold ηM+1 = +∞ so that the probability for receiver
to suggest rate rM+1 is 0. Thus, the probability for sender
ν to transmit data using rate rm, denoted as P (rm) can be
expressed as follows.

P (rm) = P
(

ηrm ≤ η∗ < ηrm+1

)

(13)

where η∗ denotes the SNR value of the receiver with the
highest relative gain among those probed by the sender ν.
If we denote qi as a function of relative gain Gi (see (2)) for
receiver ωi: qi = 1 + Gi, η∗ is given as

η∗ = Pt PL∗q∗/Γ (14)

in which Pt is the transmission power; PL∗ is the pathloss
value at the receiver (denoted as ω∗) with highest relative
gain; q∗ = qω∗ ; Γ is the energy level of the noise. Since rel-
ative gain is not a function of pathloss and vice versa, PL∗

and q∗ are statistically independent. To obtain the prob-
ability distribution of η∗, we first derive p.d.f. of PL∗ and
c.d.f. q∗.

Let x represent the distance between ν and ω∗. Using free
space pathloss model [22], PL∗ is given as:

PL∗ =
GtGrλ

2

(4π)2 L

1

x2
= Z

1

x2
, where Z =

GtGrλ
2

(4π)2 L
(15)

Gt and Gr represent the sender and receiver’s antenna gains;
λ is wavelength; L is a system loss factor not related to
propagation. Since every receiver is randomly distributed
in D, x has the following c.d.f.

P (x < X) = (X/d)2 (16)



Hence, the c.d.f. and p.d.f of PL∗ are

P (PL∗ < Y ) = P (x >
√

Z/Y ) = 1 − Z/
(

Y d2)

p(PL∗) = Z/ (d·PL∗)
2

(17)

From (5) we can derive the c.d.f. for q∗ as

P (q∗ < Q) = (1 − e−Q)k (18)

Now we can derive the c.d.f of η∗ (see (14)) via joint prob-
ability distribution of PL∗ and q∗, given in (17) and (18):

P (η∗ <η) = P

(

PtPL∗q∗

Γ
< η

)

= P

(

PL∗q∗ <
ηΓ

Pt

)

=

∞
∫

Z/d2

p (PL∗) · P
(

q∗ <
ηΓ

PtPL∗

)

d (PL∗)

=

∞
∫

Z/d2

Z

(

1 − e
−

ηΓ
PtPL∗

)k

(d · PL∗)2
d (PL∗)

= 1+

k
∑

i=1

(−1)iZPt

iηΓd2

(

k

i

)

(

1 − e
−

i·ηΓd2

ZPt

)

(19)

Using (13) and (19) we can derive P (rm), the probability
that ν will transmit at rate rm, as follows:

P (rm) = P
(

η∗ < ηrm+1

)

− P (η∗ < ηrm)

=

k
∑

i=1

(−1)iZPt

iηrm+1Γd2

(

k

i

)(

1 − e
−

iηrm+1
Γd2

ZPt

)

−
k
∑

i=1

(−1)iZPt

iηrmΓd2

(

k

i

)

(

1 − e
−

iηrmΓd2

ZPt

)

(20)

7.1.2 Derivation of Expected Goodput per Data Trans-
mission

Let us define transmission dialogue as a sequence of packet
exchanges between ν and {ωi} from (G)RTS till ACK for
each data transmission. The goodput per data transmission
is defined as the ratio of payload size over duration of a
transmission dialogue. With the results of (20), we now
derive the expected goodput of ν per transmission dialogue
for MAD.

First, the goodput in a transmission dialogue where ν
transmits at rate rm, denoted as Srm can be expressed as
follows:

Srm =
Hrm

T
grts/cts
c + Tsp (rm) + TSIFS + 2τ + TACK

(21)

where Hrm is the payload size for ν to transmit at rate rm;

T
grts/cts
c is the time for GRTS/CTS exchange; Tsp (rm) is

the time to transmit a PAC Super Data frame at rm; TACK

is the time for ACK transmission. They are given as follows:

Hrm = l (rm/r1)

T grts/cts
c = TGRTS + τ + TSIFS + k (TCTS + τ + TSIFS)

TGRTS = TRTS + (k − 1) lADDR/r1

Tsp (rm) =

{

TPH + TMH + l
r1

(m = 1)

Tsp (r1) + TSF + TSPH
rm
r1

(1 < m≤M)

where τ is propagation delay. lADDR is the length of MAC
address in bits. All T s in the rhs of the above equations
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Figure 8: Expected Goodput per Data Transmission
with Difference Values of k

refer to the time to transmit corresponding physical or MAC
header, or MAC control frame (transmitted at base rate r1),
denoted by their subscripts. PH , SPH , MH and SF refers to
802.11 physical header, short physical header, MAC header
and Super Frame (see Figure 2(d)) respectively.

With (20) and (21), the expected goodput per data trans-
mission by ν, denoted as S can be computed by

S =
M
∑

m=1

P (rm) Srm (22)

7.1.3 Optimal Value ofk
As we mentioned, this paper will only use IEEE 802.11a

PHY as an example to analyze and evaluate the performance
of MAD, though MAD is applicable to other 802.11 physical
layer specifications. Based on the above derivation results in
this subsection, we can plot the expected goodput per data
transmission vs. the value of k, if given the specifications
of radio devices including receiving sensitivity, transmission
power, the modulation and coding schemes for each trans-
mission rate. Using the 802.11a standard [12] and an actual
802.11a compliant network card product specification found
in [29], we set up the parameters as follows. l is set as 1K
bytes. Since the transmission range of a node is calculated
as approximately 600m with free space pathloss alone, d is
varied from 100m up to 600m in the plot to represent differ-
ence cases in wireless LAN environment. We must find the
optimal value of k that produces close-to-highest goodput
in all cases. The plotted graph is shown in Figure 8, where
we make several observations. First, the optimal value of k
increases with d. Second, the second moment of S decreases
with increasing k and S improves very little if any, when
k is larger than 3. Third, S decreases in all cases when k
is greater than 6, this shows that the overhead of channel
probing overshadows the multiuser diversity gains. Finally,
the figure also demonstrates that when receivers are all close
to the sender (d = 100), the probability of the sender using
peak data rate for data transmission is high. As a result,
multiuser diversity gain is overshadowed by the overhead of
MAD even with smaller value of k (3 in this case).

In practice, the overhead by PAC may be even higher
as some of the packets in a super-packet may not be re-



ceived successfully. Furthermore, the coherence time will
pose another constraint on the value of k. If k is large, by
the time the last receiver reports its channel condition, the
channel conditions from earlier reports may have been ob-
solete. Considering these factors, the optimal value of k in
MAD is clearly 3 when PAC is used. Though not shown
here, we conducted similar analysis for MAD using OAR in
data transmission and found that 3 is also reasonable for k
in that context.

7.2 Network Throughput
Now we analyze the overall network throughput in an

802.11a wireless LAN that employs MAD. We assume all
senders in the wireless LAN operate independently with
same probability distribution of data transmission rates de-
rived in subsection 7.1 and have backlogged queues of pack-
ets of equal length. Each sender operates the same way
as described in subsection 7.1. As GRTS serves the same
purpose as RTS for channel contention, the network under-
goes the same state transitions as in single rate 802.11 DCF.
Thus, results from [6] can be used to derive the expected
network throughput C:

C =
PtrPsE[H ]

(1 − Ptr)σ + PtrPsTs + Ptr(1 − Ps)Tc

Ptr = 1 − (1 − ζ)n

Ps =
nζ(1 − ζ)n−1

Ptr
=

nζ(1 − ζ)n−1

1 − (1 − ζ)n

ζ =
2(1 − 2p)

(1 − 2p)(CWmin + 1) + p·CWmin(1 − (2p)m)

p = 1 − (1 − ζ)n−1

m = log (CWmax/CWmin)

n is the total number of senders in the network. σ is a
slot time. ζ can be solved using the last three equations
above; CWmin, CWmax is the initial and maximum value
of contention window; E[H ] is the expected payload size;
Ts is the average time when the channel is busy due to a
successful transmission dialogue; Tc is the duration in which
the channel is sensed busy by a non-transmitting node due
to the collision of a GRTS packet.

When MAD employs PAC for data transmission, the val-
ues of E[H ], Tc, and Ts are calculated as follows.

E[H ] =
M
∑

m=1

P (rm) l
rm

r1

Tc = TGRTS + TDIFS + τ

Ts = Tc + kTCTS + TSD + TACK + (k + 2) (TSIFS + τ )

TSD=TMH+
l

r1
+TPH+

M
∑

m=2

P (rm)

(

TSF+
rm

r1
TSPH

)

P (rm) is the probability that a node transmit at rate rm

after the channel probing as given in (20).
If OAR is used instead of PAC by MAD, E[H ] and Tc

remain the same but Ts is larger. Due to space limitation,
the derivation of Ts for MAD using OAR will not be shown
here.

Based on the above derivations, the duration of the con-
tention period is invariant of k, and the expected network
throughput reaches the maximum when the goodput per
transmission dialogue is maximized, assuming TGRTS≈TRTS .

Table 1: Comparison of MAD, OAR and Base-rate
802.11 DCF (with 802.11a PHY)

C(Mbps) Ts(µs) E[H ](bits)
MADPAC 21.41 1844.33 40414
MADOAR 17.40 2284.25 40414

OAR 14.35 1968.97 28792
802.11-DCF 4.78 1635.33 8192

This implies the network throughput improvement by MAD
is near its maximum when k = 3. Next, we compare the
network throughput obtained by MAD, OAR and original
802.11 DCF MAC, based on above derivation and results
in [23], [6]. The parameters used to generate the numer-
ical results are as follows: n equals 6; maximum distance
between receiver and sender is 300m; other parameters are
the same as those used in subsection 7.1 (k is 3). The nu-
merical results are shown in Table 1. In this specific case,
the expected payload size (E[H ]) in MAD is improved by
40% over OAR (i.e. multiuser diversity gain). Within MAD,
PAC uses 20% less time (Ts) to transmit same payload than
OAR. Thus, MAD employing PAC as the data transmis-
sion scheme achieves the best network throughput, a 49%
increase over original OAR. Note that a simulation exper-
iment approximating this specific case has been conducted
to compare with the numerical result of network through-
put. That simulation result will be given later in the next
section.

8. PERFORMANCE EVALUATION
We conducted an extensive suite of simulation experi-

ments to evaluate the performance of MAD. The main per-
formance metrics considered in our studies include network
throughput and temporal fairness. We compare existing rate
adaptation MAC protocols proposed for wireless LAN op-
erated in 802.11 DCF mode, such as OAR and ARF, with
four variants of MAD. Each variant of MAD employs a spe-
cific combination of data transmission (PAC or OAR), and
scheduling (k-set round robin or revenue based scheduling)
schemes. In all four variants k is fixed at 3, with which
the overall network throughput approximates the maximum
based on our analysis results in the previous section. β in
MADOAR−Rev or MADPAC−Rev is set as 5000us.

The simulation experiments are conducted using QualNet
(a commercial network simulator derived from GloMoSim
[1]), which provides a set of detailed physical layer models
[28]. Based on the IEEE 802.11a specifications, a node can
choose one of the eight data rates, 6, 9, 12, 18, 24, 36, 48,
and 54Mbps. The transmission power and radio sensitivi-
ties for different data rates are configured according to the
manufacturer’s specification in [29]. We use Free space and
Rayleigh fading as the propagation model in all the experi-
ments conducted. The propagation and PHY layer models
in our simulation account for the effects of interference as
well as stale channel estimation due to the time lag between
channel probing and packet reception.

Five sets of simulation experiments have been carried out,
in each of which one of the following five parameters is var-
ied: density of each traffic flow, number of traffic flows per
transmitter, distance between a transmitter and receiver,
duration of channel coherence time, and network topology.
To isolate effects of these parameters on network perfor-



D: distance between a transmitter and receiver
Dmax: maximal value of D

Nf : number of traffic flows per transmitter
Ntr: number of transmitters in the network
MADOAR−k−Set: MAD (OAR and k-Set round robin scheduling)
MADPAC−k−Set: MAD (PAC and k-Set round robin scheduling)
MADOAR−Rev: MAD (OAR and Revenue based scheduling)
MADPAC−Rev: MAD (PAC and Revenue based scheduling)

Figure 9: Notations

mance, a star topology is used except in the last set of
experiments. This star topology mimics a wireless LAN
comprising an access point surrounded by a set of mobile
stations of equal distance to the access point. The mobile
stations do not transmit data packets themselves but pas-
sively listen to the access point and receive data packets from
the access point if any. The access point has a number of
CBR traffic flows. The destinations of any two traffic flows
are different. Unless otherwise stated, the packet length is
fixed at 1K bytes, and traffic flows are always backlogged.
In the last set of experiments, a star topology with mobile
stations located at randomly chosen distance to the access
point, and a random topology are used to study the impacts
of network topology on the performance of MAD. Figure 9
lists the notations introduced for brevity.

8.1 Impact of Traffic Density
Figure 10 depicts the network throughput with ARF, OAR,

PAC and four variants of MAD under various traffic load.
In this experiment, Nf is set as 9 and the traffic rate of each
CBR session is varied from 25 to 275 pkts/s, corresponding
to an aggregate traffic load of 1.8Mbps up to 20.3Mbps. D
is set as 300m. When the traffic load is low and the channel
is under-utilized, the network throughput is identical among
different MAC mechanisms, with packet delivery ratio equal
to 100%. With ARF or OAR, the network saturates at a
traffic load of 2.7Mbps or 7Mbps. As the volume of traffic
increases, the throughput gains of MAD rise and MADPAC−
Rev performs the best among the four variants of MAD.
With MADPAC−Rev, the network saturates at 14.4Mbps,
which is twice as high as that with OAR.

8.2 Impact of D

Figure 11 compares the network throughput for ARF,
OAR, PAC, and four MAD variants when D is varied from
50 to 500m. Nf is set to 3 or 15. It is noted that the
network throughput drops as D increases. This result is in-
tuitive since the probability of a transmitter using high data
rates declines.

PAC vs. OAR
When used alone, PAC improves the network throughput

significantly compared to OAR when D is small. This re-
sult again demonstrates that MAC and PHY overhead dom-
inates transmission time and is aggravated with high data
rates. Such overhead is reduced significantly by PAC. It is
worth noting that OAR slightly outperforms PAC when D
is relatively large. While larger D (lower SNR) reduces the
performance benefits of both PAC and OAR as fewer packets
can be transmitted consecutively, the performance difference
between them also decreases because PAC can remove less
Interframe Space (IFS) and ACK time when fewer packets
can be concatenated. Moreover, a single transmission in
PAC may include multiple erroneous packets while OAR al-

ways stops upon first packet error. Thus, PAC has higher
retransmission overhead than OAR when channel condition
is not favorable.

k-set Round Robin vs. Revenue Based Scheduling
It is observed in Figure 11 that revenue based schedul-

ing generally outperforms k-set round robin. k-set round
robin enforces fairness among individual flows at fine time
granularity with the flows transmitting in strict order. With
revenue based scheduling, a flow corresponding to a receiver
with good channel condition is rewarded with instant credit
and thus allowed to occupy a channel more often in the short
term than other flows. Hence a transmitter can opportunis-
tically exploit favorable channel conditions pertaining to in-
dividual flows at the price of the short term fairness among
flows and achieve better network throughput.

MAD
Among all the mechanisms investigated, MADPAC−Rev

performs the best. The benefits of revenue based sched-
uling are best exploited when PAC is used in MAD since
PAC can enhance the goodput per transmission dialogue the
most among all the data transmission schemes in presence of
good channel condition. Therefore, despite slightly poorer
performance of PAC against OAR with larger D, the net-
work throughput is always maximized with MADPAC−Rev,
as shown in Figure 11. Compared to ARF, MADPAC−Rev
improves the network throughput by 136% to 452%. Com-
pared to OAR, the improvement is 30% to 120%. If we
compare four MAD varients with OAR and PAC, we can
conclude that the throughput improvement of MADPAC−Rev
is largely attributed to reduced MAC and PHY layer over-
head with small D and to improved data transmission rates
with large D.

8.3 Impact of Number of Flows
Figure 12 plots the network throughput obtained with dif-

ferent MAC mechanisms when Nf is varied from 3 to 18.
D is set as 300m. These results again demonstrate that
MADPAC−Rev performs best among all the mechanisms in-
vestigated, achieving 70% to 100% throughput improvement
over OAR. Since a transmitter can always query three re-
ceivers during channel probing, MADPAC−Rev can signifi-
cantly increase the probability of using high data rates with
even a small number of flows. As the channel conditions
among all receivers are statically independent, the average
transmission rate remains relatively constant with increased
Nf . However, in MADOAR−k−Set or MADPAC−k−Set, the
probability of the transmitter not querying three receivers
drops when Nf increases. Therefore, the average data trans-
mission rates used by the transmitter improves with larger
Nf , resulting in higher network throughput .

8.4 Impact of Channel Coherence Time
In this experiment, we vary the channel coherence time to

evaluate the impact of node mobility on network through-
put in a wireless LAN. Figure 13 compares the network
throughput obtained with ARF, OAR, and MAD. The chan-
nel coherence time is varied such that it corresponds to mo-
bile speed of 2, 4, 6, 8, or 10m/s. Figure 13 shows that
as channel coherence time decreases, the network through-
put drops due to more packet retransmissions. Among all
the mechanisms examined, MADPAC−Rev performs the best
and improves the network throughput by up to 25% with
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Figure 13: Network throughput vs. coherence time

respect to MADPAC−k−Set. The throughput improvement
by MADPAC−Rev is more evident when the channel coher-
ence time is longer. Such improvement occurs because with
MADPAC−Rev can take advantage of a slow varying channel
and select a flow with consistent good channel conditions for
data transmission a few times in a short period of time.

8.5 Network Performance with Different Top-
ologies

In this set of experiments, we evaluate the network through-
put in two other topologies: a star topology with variable
D and a random topology.

8.5.1 Star Topology with VariableD
In the previous experiments, we used a star topology with

constant D. In this experiment, we let D be uniformly dis-
tributed among 0 and a constant denoted as Dmax. Dmax

is varied from 100 to 600 meters. Figure 14(a) compares
the network throughput of different MAC mechanisms. Nf

is set as 9. Figure 14(a) shows that MADPAC−Rev also
works well when individual receivers of a transmitter ob-
serve uneven time-averaging channel conditions. Similarly
as before, MADPAC−Rev performs best and significantly im-
proves the network throughput by up to 13Mbps compared
to OAR. As in star topology with constant D, the relative
ratio of throughput improvement by MADPAC−Rev grows
with Dmax.

Figure 14(b) plots the temporal share of each traffic flow
when Dmax is equal to 300m. The temporal share for a

traffic flow is defined as the ratio of time used to transmit
data packets belonging to this flow over the total time con-
sumed for data transmission at the access point for the en-
tire simulation run. We exclude contention time and MAC
and PHY layer overhead when measuring temporal share of
flows. Figure 14(b) shows that MADPAC−k−Set achieves
slightly better temporal fairness than MADPAC−Rev. With
MADPAC−Rev, each flow has a temporal share ranging from
10% to 11.5% (11.1% for 9 flows with extreme temproal fair-
ness), despite the fact that receivers for these flows are not
evenly far apart from the transmitter and observe different
time averaging channel conditions.

8.5.2 Random Topology
In this set of experiments, we set up a random topology

which comprises 25 nodes uniformly distributed in a two di-
mensional terrain of size 200× 200. In this terrain, Dmax is
283m. There are randomly chosen Ntr transmitters in this
network, where each transmitter has 5 traffic flows, each to
a randomly chosen receiver. Figure 15(a) shows the network
throughput with different MAC schemes when Ntr is varied
from 1 to 6. We note that early observations in star top-
ologies are also applicable here. MADPAC−Rev consistently
outperforms all the others, resulting in significant through-
put improvement. It increases the network throughput by
up to 332% with respect to ARF and 71% with respect to
OAR. The network throughput does not vary much with Ntr

since contention time remains rather constant when Ntr is
small. The network throughput of MADPAC−Rev (shown in
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Figure 14: Star topology with variable D

Figure 15(a)) also matches well with our analysis in Table 1
(21.41Mbps). Note that the network throughput observed
in simulation is slightly lower than predicted by the analysis
as not all packets are received correctly in the simulation.

Figure 15(b) depicts the temporal share of flows at each
transmitter in a random topology with three transmitters.
The figure demonstrates that although MADPAC−Rev sac-
rifices short term temporal fairness to exploit slow varying
channel conditions, it can ensure temporal fairness in the
long run. With MADPAC−Rev, the temporal share of flows
range from 19% to 21% for the three transmitters as opposed
to 20% with strict temporal fairness.

9. CONCLUSION
The increasing number of users and new wave of applica-

tions have created strong demand for high bandwidth wire-
less LANs. In this paper, we proposed a medium access
mechanism, MAD, to improve network throughput by ex-
ploiting multiuser diversity effects in wireless LANs, which
can be implemented as an extension to 802.11 MAC/PHY
with minor modifications. We have identified and addressed
the following three main design issues of MAD: channel
probing, data transmission for link goodput optimization,
and receiver scheduling. We analyzed the tradeoff between
throughput gain and the overhead of channel probing. We
also improved link utilization, which is crucial to the sucess
of MAD, by proposing a new rate adaptation scheme, PAC.
PAC itself can achieve up to 50% link goodput gain over
existing rate adaptation schemes in 802.11a wireless LANs,
when channel conditions are favorable. Further, we derived
the asymptotic performance bound of MAD by two sched-
uling algorithms that maintain temporal fair share among
multiple data flows.

The experiment results show that by using OAR as the
data transmission scheme, MAD achieves up to 70% network
throughput improvement over original OAR, which proves
that exploiting multiuser diversity in wireless LANs can
enhance overall network performance substantially. Com-
bining the superior benefits of PAC and multiuser diver-
sity gains, MAD consistently improves the overall network
throughput over OAR in the range of 30% ∼ 120%. When
compared with ARF, the first rate adaptation scheme used

in Lucent’s WaveLAN II, MAD’s improvement is from 120%
up to 452%. The simulation results also show that temporal
fairness among individual flows is well maintained in MAD.

Multiuser diversity is a common effect and can be lever-
aged in many mobile wireless network environments includ-
ing wireless LANs and mobile ad hoc networks. While MAD
needs to rely on the existence of backlogged traffic to mul-
tiple receivers to improve the network throughput, it has
been observed that downlinks carry more traffic than up-
links in typical campus wireless LANs [18], making heavily
loaded access point an ideal location to deploy MAD. In
mobile ad hoc networks, we conjecture similar situations
to be observed at intermediate routers, but the design and
performance metrics of MAD may be affected by other fac-
tors, including the interaction of MAD scheduling and rout-
ing protocols or the tradeoff between end-to-end delay and
throughput. Recent research studies including [13, 7] have
proposed utilization of path diversity, which can be orthog-
onal to MAD. One important piece of future work is to iden-
tify and address a different set of issues and challenges to
explore multiuser diversity in various mobile networking sce-
narios.
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