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Carrier sense multiple access with collision avoidance (CSMA/CA) has been adopted by the IEEE 802.11 standards for wireless
local area networks (WLANs). Using a distributed coordination function (DCF), the CSMA/CA protocol reduces collisions and
improves the overall throughput. To mitigate fairness issues arising with CSMA/CA, we develop a modified version that we term
CSMA with copying collision avoidance (CSMA/CCA). A station in CSMA/CCA contends for the shared wireless medium by em-
ploying a binary exponential backoff similar to CSMA/CA. Different from CSMA/CA, CSMA/CCA copies the contention window
(CW) size piggybacked in the MAC header of an overheard data frame within its basic service set (BSS) and updates its backoff
counter according to the new CW size. Simulations carried out in several WLAN configurations illustrate that CSMA/CCA im-
proves fairness relative to CSMA/CA and offers considerable advantages for deployment in the 802.11-standard-based WLANs.
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1. INTRODUCTION

The medium access control (MAC) protocol is the main
element determining how efficiently the limited commu-
nication bandwidth of the underlying wireless channel is
shared in a wireless local area network (WLAN). It is cru-
cial that the MAC protocol provides robustness and fair-
ness among users. The IEEE 802.11 standards [5–7] are the
first international standards for WLANs, providing general
MAC layer and physical (PHY) layer specifications. At the
MAC layer, IEEE 802.11 specifies a basic distributed coor-
dination function (DCF) and an optional point coordina-
tion function (PCF). Our work in this paper pertains to
the DCF, which is a contention-based decentralized proto-
col utilizing the so-called carrier sense multiple access with
collision avoidance (CSMA/CA). The latter constitutes the
basic access mechanism for supporting asynchronous data
transfer. At a high-level description, the CSMA/CA for DCF
consists of two parts: the CSMA scheme [2] and the CA
scheme, relying on a binary exponential backoff (BEB) algo-
rithm [2]. In the DCF, collisions of MAC frames are avoided
and/or resolved by jointly utilizing the CSMA scheme and
the BEB algorithm. The analytical and simulation results
in [8, 9] confirm that CSMA/CA endows the IEEE 802.11
WLANs with fairly good saturation throughput. In the long
term, the DCF basically provides the contending stations

equal opportunities to access the shared channel. However,
with a nonfully connected wireless network topology, the
IEEE 802.11 CSMA/CA protocol has to deal with the fairness
problem whereby stations cannot gain access to the wireless
medium equally during heavy traffic conditions [10]. More-
over, since contending stations do not always have a frame to
transmit, they experience unfairness [12]. The fairness prob-
lem may seriously affect the quality of service (QoS) support
for WLAN. The desirable QoS of some users may not be sat-
isfied due to unfair access opportunities. Modifications to
the existing IEEE 802.11 MAC protocols have been proposed
[10–18], most aiming to modify the BEB algorithm.

It is well known that the fairness problem within the
IEEE 802.11 WLANs comes behind the fact that each station
must rely on its own direct experience in estimating conges-
tion, which often leads to asymmetric views. All schemes in
[10–15] are designed to counter the possibly wrong direct
experience of congestion estimates. However, in the designs
of [10–15], the hidden-station problem [2, Section 4.2.6],
which is one of the main sources of erroneous direct expe-
rience estimates, was seldom investigated. Based on the mul-
tiple access with collision avoidance (MACA) protocol [3],
Bharghavan et al. introduced the so-termed MACAW proto-
col [4], which accounts for the hidden-station problem. The
idea in MACAW amounts to a simple yet efficient “backoff
copying” from overheard packets, through which learning
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about network congestion levels becomes a collective prac-
tice. Further congestion information exchange and backoff
schemes improved the fairness of the original MACA proto-
col considerably.

The objective of this paper (in par with the goals of most
prior works) is to develop a MAC protocol capable of miti-
gating the fairness problem at low cost and without having
to make major modifications to existing hardware. By miti-
gating the fairness problem, CSMA/CCA facilitates QoS pro-
visioning regardless of the underlying network topology. In-
spired by the backoff copying in [4], our simple plan is to
apply the contention window (CW) size copying among sta-
tions. We call the resulting protocol CSMA with copying col-
lision avoidance (CSMA/CCA), since it is rooted in the origi-
nal CSMA/CA protocol. Stations in CSMA/CCA contend for
the channel similarly as in the CSMA/CA protocol. However,
after winning the contention, a station piggybacks its CW
size in its data frame. Deferring stations in the same basic
service set copy the CW size in the overheard data frame. By
this CW size copying, we expect that the stations can con-
tend for the channel with similar CW sizes, thereby access-
ing the channel statistically equally. The main contribution of
this paper is a practical MAC protocol, which is also different
from the prior work in the following: (1) it is specifically tai-
lored for IEEE 802.11 DCF; (2) unlike the continuous-value
backoff copying, CW size copying incurs only 3 bits overhead
which can be easily absorbed by the current standards; (3)
while GDCF [13] implements the gentle CW decrease based
on the individual station’s contention history, our gentle CW
size decrease algorithm takes into account the overall chan-
nel traffic; and (4) by the CW size reset function, we mitigate
the shadowed-receiver problem which remains unresolved in
MACAW [4].

The paper is organized as follows. In Section 2, the IEEE
802.11 DCF based on the CSMA/CA protocol is briefly out-
lined. Design of the proposed CSMA/CCA protocol is pre-
sented in Section 3. Then, in Section 4, computer simula-
tions are carried out to evaluate the performance of CSMA/
CCA. Section 5 gives the conclusions of this paper.

2. IEEE 802.11 DCF BASED ON
THE CSMA/CA PROTOCOL

Figure 1 depicts an example configuration covered by IEEE
802.11 standards [5, 6], where a set of stations controlled by
a single coordination function (such as a DCF) is defined as
a basic service set (BSS). There are two kinds of BSSs: in-
dependent BSS (IBSS) and infrastructure BSS, the difference
being that there is an access point (AP) in infrastructure BSS
whereas no AP is available in IBSS. Both BSSs in Figure 1 are
infrastructure ones. The members (stations or APs) of a BSS,
for example, STA3 (hereafter, STAn denotes station n) and
STA4 in BSS1, can directly communicate with each other, but
two stations in different BSSs can only communicate through
their APs and the distribution system (DS); for example, data
from STA3 to STA5 has to go through STA3-AP1-AP2-STA5.
Clearly, since there is no AP in IBSS, stations in one IBSS
cannot communicate with stations in other BSSs. There is a

STA1

STA2

STA3

STA4

AP1

BSS1

STA5

STA6

AP2

BSS2

Figure 1: An example configuration of the IEEE 802.11 WLAN.

unique BSS identification (BSSID) which is the MAC address
in use by the AP of the BSS. In the WLAN, a link is referred
to as a directional data stream between two stations. The di-
rection of the link is determined by the data frame trans-
mission; for example, link STA3-STA4 in Figure 1 indicates
that STA3 is the initial station and intends to transmit a data
frame to STA4. It is the initial station of a link who contends
for the link. In an infrastructure BSS, a normal station has
one transmit buffer and can only initiate one link at a time.
The AP may initiate more than one link. When the AP is the
initial station of more than one link, it contends for these
links separately. In this case, the AP is viewed as several dif-
ferent initial stations at the MAC layer by default; for exam-
ple, AP1 in Figure 1 is viewed as two different initial stations
by the MAC protocol when it contends for links AP1-STA2
and AP1-STA3 separately. Since all the members of a WLAN
share the same wireless channel, a MAC protocol is needed
to coordinate their access.

At the MAC layer, the IEEE 802.11 specifies a basic DCF
based on the CSMA/CA protocol. For DCF operations, IEEE
802.11 defines certain interframe space (IFS) intervals be-
tween successive transmissions of MAC frames. The two rel-
evant intervals are short IFS (SIFS) and DCF-IFS (DIFS).
The SIFS is smaller and used for high-priority frames such
as ACK (acknowledgment) frames and CTS frames; whereas
the DIFS is larger and used for normal data frames in DCF
operation.

In the CSMA/CA protocol, an initial station with a MAC
frame to transmit has to sense the channel. If the channel is
idle for a DIFS period, the station can proceed with its trans-
mission. Otherwise, the station defers and continues mon-
itoring the channel until an idle DIFS is detected. Then a
random backoff counter is generated by the station before
sending. The backoff counter runs down as long as the chan-
nel remains idle; it pauses when the channel becomes busy;
and it resumes as the channel is idle for a DIFS period again.
The station is permitted to transmit when its backoff counter
reaches zero. For implementation efficiency purposes, the
backoff counter employed by DCF is discrete-time scaled.
The time immediately following an idle DIFS is slotted and
the random backoff counter counts down one after a slot.

The CSMA/CA protocol relies on the BEB algorithm to
control the CW size of each initial station and thereby re-
solve collisions. In a WLAN, each initial station has a CW
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size w which has minimum value CWmin and maximum
value CWmax. Before each transmission, the initial value of
the backoff counter is uniformly chosen by the initial station
in the range [0,w − 1]. At the first attempt of a data frame,
w is set to CWmin. After each failed transmission, it doubles
w until the latter reaches CWmax. After each successful data
frame transmission, w is reset to CWmin since it begins the
first attempt of another data frame.

With the CSMA/CA protocol in use, the DCF provides
both a DATA-ACK two-way handshaking basic access mech-
anism and an RTS-CTS-DATA-ACK four-way handshak-
ing access mechanism (called RTS/CTS access mechanism
hereinafter). In the basic access mechanism, the CSMA/CA
protocol is applied to the DATA/ACK exchange. A good il-
lustration for the implementation of the basic access mech-
anism of DCF can be found in [1, Chapter 11]. The dif-
ference between the RTS/CTS access mechanism and the
basic access mechanism is the addition of the RTS/CTS ex-
change for reservation purposes before DATA/ACK trans-
missions. The CSMA/CA protocol is applied to the short
RTS/CTS exchange and DATA/ACK transmissions are car-
ried out contention-free. This mechanism is effective for sys-
tem performance when the average length of data frames
is large compared to that of the RTS and CTS frames. Be-
sides reservation, the purpose of RTS and CTS frames is to
carry the duration of the following DATA/ACK exchange.
Based on this information, all other stations in the WLAN are
then able to update their network allocation vectors (NAVs),
which indicate how long the channel will remain busy. For
the RTS/CTS access mechanism, IEEE 802.11 standards de-
fine virtual carrier sensing based on the NAV signal. An ini-
tial station is able to proceed with its transmission only if
the channel is sensed idle both physically and virtually. Vir-
tual carrier sensing is designed to combat the hidden-station
problem for radio channels.

3. DESIGN OF THE CSMA/CCA PROTOCOL

The proposed CSMA/CCA protocol operates under two as-
sumptions: (1) RTS/CTS access mechanism is active (even
though the proposed CSMA/CCA can be applied also to the
basic access mechanism, RTS/CTS access mechanism is in-
corporated for better addressing the fairness issue related
to the hidden-station problem); and (2) all the links in the
WLAN have identical priorities. Although the newly pro-
posed IEEE 802.11e standard [7] defines a MAC enhance-
ment for QoS traffic and some recent efforts were made to
provide fairness in QoS [19, 20], we do not deal with QoS-
enabled MAC architectures, where links could have different
priorities.

Based on the fact that the CW size represents the con-
tending priority and the stations could contend fairly with
similar CW sizes, our CSMA/CCA protocol aims to miti-
gate the fairness problem. The main difference between the
proposed CSMA/CCA and the existing CSMA/CA protocol
is the addition of the CW size copying, which we invoke
to handle the inherent fairness problem. In our novel CCA
scheme, we define CW size copying routines and propose a

gentle BEB equipped with reset (GBEBwR) algorithm mod-
ified from the BEB algorithm to control the CW size of
each initial station. The detailed design of the CW size
copying routines and the GBEBwR algorithm are presented
next.

3.1. CW size copying routines

The CW size copying routines include a piggyback routine, a
copy routine, and an update routine. In our CSMA/CCA pro-
tocol, initial stations contend for the channel with a backoff-
before-transmit process, as in the CSMA/CA protocol. How-
ever, after winning the contention, that is, after a successful
RTS/CTS exchange, a station executes a piggyback routine to
piggyback its CW size in its data frame. Then the deferring
stations copy the CW size in the overheard data frame with
a copy routine. After CW size copying, the deferring stations
also execute a routine to update their current backoff coun-
ters according to the new CW size.

Piggyback routine

In IEEE 802.11 standards [5–7], the CW size w can only
take the values of 2l CWmin, l = 0, 1, . . . ,L − 1, in the range
[CWmin, CWmax], where CWmin, CWmax, and the number of
CW size levels L are PHY-specific. To carry the CW size copy-
ing, we only need to piggyback the corresponding CW size
level in a frame. For various IEEE 802.11 PHY layer speci-
fications, it turns out that at most 7 levels of CW size, car-
ried by 3 bits, are required. Since the CW size information
is used for MAC operation, we piggyback it in the MAC
header of certain frames. The general IEEE 802.11 MAC
frame format comprises a set of fields in a fixed order in
all frames, as depicted in Figure 2. Each MAC frame con-
sists of a MAC header, a frame body, and a frame check se-
quence (FCS). Note that CW size copying is effective only
when there exists a successful transmission. For the RTS/CTS
access mechanism, a data frame is always transmitted un-
der the contention-free situation with high probability of
success. For this reason, we plug the CW size level in the
MAC header of a data frame. For instance in IEEE 802.11a,
b, as shown in Figure 2, the frame control field in the MAC
header consists of a number of subfields, among which the
type and subtype fields together identify the function of the
frame. The type value of a data frame is defined as 10 and
the subtype values 1000–1111 for the data frame are reserved
in IEEE 802.11. These reserved subtype values can provide
the required 3 bits to carry the CW size level. In a nutshell,
our piggyback routine proceeds as follows: after winning the
contention, a station piggybacks its CW size level in the data
frame MAC header with the subtypes 1000–1111, where the
first bit indicates the piggyback in a normal data frame, and
the remaining three bits specify the CW size level. Note that
some reserved subtype values 1000–1111 are already used in
802.11e for QoS support [7]. However, the new 802.11e MAC
frame format adds to the MAC header two bytes of QoS con-
trol field, where some reserved bits can be used for the pig-
gyback routine as well.
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MAC header

Octets: 2 2 6 6 6 2 6 0-2312 4

Frame
control

Duration
/ID Address 1 Address 2 Address 3

Sequence
control

Address 4
Frame
body FCS

B0 B1 B2 B3 B4 B7 B8 B9 B10 B11 B12 B13 B14 B15

Protocol
version

Type Subtype To
DS

From
DS

More
Frag Retry

Pwr
Mgt

More
data WEP Order

2 2 4 1 1 1 1 1 1 1 1

Figure 2: MAC frame format.

Table 1: Address field contents.

ToDS FromDS Address 1 Address 2 Address 3 Address 4

0 0 DA SA BSSID N/A

0 1 DA BSSID SA N/A

1 0 BSSID SA DA N/A

1 1 RA TA DA SA

Copy routine

In the MACAW protocol [4], it is suggested that the backoff
copying should be allowed only among the pads in the same
cell. In the proposed CSMA/CCA protocol with stations and
BSS playing the roles of pads and cell, we follow similar steps
and copy the CW size without leakage across the BSSs by
utilizing the BSSIDs. The frame format for a data frame is
shown in Figure 2. The content of the address fields depends
on the values of the ToDS and FromDS bits (which indicate if
the frame goes to or comes from another BSS, with a “1” in-
dicating “true”) in frame control field, as defined in Table 1.
If the content is shown as N/A, the field is omitted. The DA
and SA denote the destination and sender addresses, respec-
tively. The RA and TA are only used in a data frame transmis-
sion between two APs (in the situation that both ToDS and
FromDS are equal to 1), and denote the addresses of receiv-
ing and transmitting AP, respectively. Note that RA and TA
are two BSSIDs for the BSSs to which the two APs belong. To
prevent leakage across the BSSs, we design a copy routine as
follows: upon hearing a data frame, a deferring station copies
the CW size only if the overheard data frame carries a BSSID,
RA or TA matches the station’s BSSID, and the piggybacked
CW size level is different from the station’s CW size.

Update routine

Along with CW size copying, the deferring stations also need
to update their backoff counter values. Through the update,
the backoff counter of a deferring station pretends to be gen-
erated according to the new CW size. To this end, we design
an update routine as follows: let wn, wo denote the new and
old CW sizes of a deferring station before and after CW size
copying, respectively; and define a CW size changing factor

fc = wn/wo. Then a deferring station updates the new backoff
counter value cn from the old value co using

cn =
⎧
⎨

⎩

co fc +
⌊
fcxrnd

⌋
if fc > 1,

⌊
co fc

⌋
if fc < 1,

(1)

where xrnd denotes a random real number uniformly dis-
tributed in [0, 1), and �a� denotes the integer part of a posi-
tive real number a. Note that fc is an integer when it is greater
than 1. When the CW size increases by a factor fc, we add
� fcxrnd� to co fc so that the future collision probability is re-
duced; and thus stations with the same co may no longer col-
lide in the future. Accordingly, when the CW size decreases,
we simply use �co fc� as the new counter value. In this way,
the backoff counter update (1) saves the contention histories
of the deferring stations, as in the CSMA/CA protocol.

3.2. GBEBwR algorithm

The GBEBwR algorithm is used to control the CW size of an
initial station in the proposed CSMA/CCA protocol. In the
GBEBwR, a station does not reset its CW size to the min-
imum after only one successful transmission as in the BEB
algorithm. Instead, we use a gentle CW size decrease algo-
rithm, where a station halves its CW size after hearing no
less than c consecutive successful transmissions in its BSS. Al-
though independently designed, this gentle CW size decrease
is very similar to the GDCF scheme in [13]. In GEBEwR,
when a station’s access attempt fails, the station doubles its
CW size until reaching a maximum value as in the BEB al-
gorithm. However, to cope with the shadowed-receiver prob-
lem, we design a CW size reset function where a station resets
its CW size to the minimum value, instead of doubling it as
in GDCF, when it experiences r consecutive failed access at-
tempts.

Gentle CW size decrease algorithm

In the CSMA/CA protocol, the CW size w of the initial sta-
tion is reset to CWmin upon a success. If we adopt this rapid
decrease scheme in the proposed CSMA/CCA and let it affect
the CW size copying, after every successful transmission we
return to the case where all initial stations within a certain
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range have a minimal CW size. Then we repeat a period of
contention to increase the CW size until a successful access
attempt happens. To avoid this wild oscillation, a multiplica-
tive increase and linear decrease (MILD) algorithm is used in
the MACAW protocol [4] to control the adjustment of back-
off intervals. With the MILD algorithm, the backoff interval
of a station is increased upon a collision by a multiplicative
factor (1.5) and is decreased by 1 upon success. Clearly, the
MILD algorithm cannot be applied to our CW size adjust-
ment since the CW size can only take limited values. To fa-
cilitate our CW size copying, we design a gentle CW size de-
crease algorithm, which is similar to the GDCF scheme in
[13] but is based on the overall channel traffic instead of indi-
vidual station’s contention history. We let each initial station
have an integer success counter ns with initial value 0. The
counter ns is updated in several ways. Whenever an initial
station finishes a successful RTS/CTS exchange, it increases
its ns by 1, that is, ns = ns + 1; and whenever it has a failed
RTS/CTS exchange, it resets its ns to 0. Whenever an initial
station hears a data frame with a matched BSSID, if the over-
heard frame carries the same CW size as its current one, it
sets its ns = ns + 1; otherwise it sets its ns = 1. Before sending
its data frame after winning the contention, the station com-
pares its ns with a prescribed decrease threshold d, which is
a design parameter. If ns ≥ d, as resetting ns = 0, the station
halves its current CW size and piggybacks the new CW size
level in the data frame MAC header. Otherwise, the station
does not adjust its CW size and piggybacks its current CW
size level. This way, the gentle CW size decrease algorithm
disallows simultaneous fast decrease of all the initial stations’
CW sizes.

CW size reset function

Normally, the double-upon-collision size of the CW used in
the BEB algorithm is still adopted by the GBEBwR algorithm.
Together with the gentle CW size decrease algorithm, from
a single station’s point of view, the CW size adjustment be-
comes a fast-increase-slow-decrease process. This may in-
duce the shadowed-receiver problem, which is illustrated by
Figure 3, copied from [8, Figure 7]. In this two-BSS con-
figuration, both STA1 and STA2 are in range of each other
but can only hear their respective APs. Consider that links
AP1-STA1 and STA2-AP2 are active. In this scenario, the two
initial stations AP1 and STA2 may have very different con-
tention experiences. Whenever AP1 is sending a data frame,
STA2 would know the duration of the data transmission
from the preceding CTS frame sent by STA1. Therefore, it
defers and resumes to contend the channel until the AP1-
STA1 transmission ends. However, when STA2 is sending,
AP1 still senses an idle channel physically and virtually,
thereby may access the channel. As AP1 accesses the channel
during the STA2-AP2 transmission, STA1 becomes a shad-
owedreceiver. STA1 may not receive the RTS frame from AP1
and is not allowed to respond since it is in the range of STA2.
As a result, the CW size in AP1 could rapidly reach CWmax

during the STA2-AP2 transmission. For a fast-increase-slow-
decrease algorithm, the situation in Figure 3 always ends up

STA1AP1

(a)

STA2 AP2

(b)

Figure 3: A two-BSS configuration where both stations are only in
range of their respective APs and also in range of each other: (a)
AP1 is sending data to STA1, and (b) STA2 is sending data to AP2.
Each link is generating data at 32 frames per second.

with AP1 having a maximum CW size and STA2 having a
minimum CW size. Note that this shadowed-receiver prob-
lem can also occur within one BSS; for example, replacing
AP1 and AP2 with STA3 and STA4 and assuming that all the
stations are in the same BSS but STA3 and STA4 cannot hear
each other, the same problem arises. The MACAW protocol
[4] fails in this shadowed-receiver scenario, since with link
STA2-AP2 fully seizing the channel, link AP1-STA1 is pro-
hibited. Without a CW size reset function, our CSMA/CCA
protocol does not fail thanks to the good backoff scheme
inherited from the CSMA/CA protocol. But STA2 probably
seizes the channel much more often than AP1, causing the
shadowed-receiver problem because the initial station cannot
distinguish between access failure due to collision and access
failure due to the shadowed-receiver. Based on the observa-
tion that the initial station could probably have consecutive
failed accesses in a shadowed-receiver scenario, we design a
CW size reset function as follows. We let each initial station
have an integer failure counter n f with initial value 0. When-
ever an initial station senses a busy channel due to other sta-
tions, or, it finishes a successful RTS/CTS exchange by itself,
it resets its n f to 0. Only after a failed RTS/CTS exchange by
itself, it increases its n f by 1, that is, n f = n f + 1. Then it
compares its n f with a prescribed reset threshold r, which is
another design parameter. If n f < r, it doubles its CW size as
normal; otherwise, with n f = 0, the station resets its CW size
back to CWmin.

3.3. Operation of CSMA/CCA protocol

Here we summarize the operation of our CSMA/CCA pro-
tocol. In CSMA/CCA, each initial station has a CW size w,
a backoff counter, a success counter ns along with a pre-
scribed decrease threshold d, and a failure counter n f along
with a prescribed reset threshold r at the MAC layer. The
values of the thresholds d and r will be heuristically deter-
mined through simulations.1 For clarity, consider the finite-
state machine of Figure 4 describing the behavior of an initial
station. In the proposed CSMA/CCA protocol, an initial sta-
tion can be in one of six states.

(1) Waiting: the station has an empty transmit queue and
is waiting for the data arrival.

1 Analytical determination of the optimal d and r, which may be functions
of the number of links, goes beyond the scope of this paper and is left for
future research.
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Figure 4: A finite-state machine for the behavior of an initial station in the proposed CSMA/CCA protocol.

(2) Coordinating: the station is coordinating its CW size
and backoff counter according to the proposed CCA
mechanism.

(3) Contending: the station is contending the channel by
running down its backoff counter.

(4) Deferring: the station is deferring its contention due to
the busy channel.

(5) Accessing: the station is performing RTS/CTS ex-
change.

(6) Winning: the station is performing DATA/ACK ex-
change.

The coordinating state is in the core of the operation.
In this state, the proposed CCA scheme, which is our ma-
jor contribution, is active to resolve the collision and achieve
fairness. An initial station transits between different states
and behaves at the MAC layer as follows.

(1) Waiting-coordinating: after data frames arrive and
the channel is sensed idle (by the CSMA scheme) for a DIFS
period, the station transits from the waiting state to the co-
ordinating state, in which a random integer is uniformly se-
lected from [0,w − 1] as the backoff counter value.

(2) Coordinating-contending: if the transmit queue is
non-empty, after the backoff counter value is determined, the
station starts or resumes its backoff counter and then transits
from the coordinating state to the contending state, in which
the backoff counter keeps running down as long as the chan-
nel is idle.

(3) Contending-deferring: if the channel is sensed busy
before the backoff counter reaching zero, the station transits
from contending to deferring, in which it freezes its backoff
counter and resets its failure counter n f = 0.

(4) Deferring-coordinating: after the channel is sensed
idle for a DIFS period, the station transits from deferring
to coordinating. If a data frame is heard successfully while
deferring, the station executes the copy routine in the coor-
dinating state to determine if it needs to copy the CW size
in the overheard frame. If the overheard data frame has a
matched BSSID and carries the same CW size as the sta-
tion’s, the station does not copy and increments its success
counter ns = ns + 1. However, if the overheard data frame
with a matched BSSID carries a different CW size, the station
copies the CW size and executes the update routine to re-
fresh its current backoff counter value as in (1), while setting

its ns = 1. Corrupted and overheard data frames without a
matched BSSID are ignored.

(5) Contending-accessing: upon its backoff counter
reaching zero, the station transits from contending to access-
ing, in which an RTS/CTS exchange is carried out.

(6) Accessing-coordinating: if the RTS/CTS exchange
fails, the station transits from accessing to coordinating. In
the coordinating state, the station resets its success counter
to ns = 0 and sets its failure counter to n f = n f + 1. Then the
station compares its n f with the reset threshold r. If n f < r,
it doubles its CW size w until reaching CWmax; otherwise, as
resetting n f = 0, the station resets its CW size w = CWmin. A
random integer is generated according to the new CW size w
as the backoff counter value.

(7) Accessing-winning: if the RTS/CTS exchange suc-
ceeds, the station transits from accessing to winning. In the
winning state, the station resets its failure counter to n f = 0
and sets its success counter to ns = ns + 1. Then the station
compares its ns with the decrease threshold d. If ns ≥ d, as
resetting ns = 0, the station halves its CW size w; otherwise,
it keeps w unchanged. Finally, it executes the piggyback rou-
tine to piggyback w in the MAC header of the data frame and
performs DATA/ACK exchange.

(8) Winning-coordinating: after the DATA/ACK ex-
change, the station transits from the winning state to the co-
ordinating state. If the DATA/ACK succeeds, the transmitted
data frame is removed from the transmit buffer; otherwise, it
is still kept for retransmissions. Then if the transmit queue is
nonempty, the station generates a random integer as its back-
off counter value according to its CW size w.

(9) Coordinating-waiting: if the transmit queue is empty,
the station transits from the coordinating state to the waiting
state.

4. PERFORMANCE EVALUATION

We use computer simulations to evaluate the performance
of the proposed CSMA/CCA protocol and compare it with
that of the CSMA/CA protocol in the IEEE 802.11 DCF. In
the simulations, we assume a “near-field” radio technology
in use in the investigated IEEE 802.11 WLANs, where both
capture and interference are rare due to sharp decays in sig-
nal strength [4]. All the stations contend for a single wireless
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Table 2: FHSS system parameters and additional parameters used
in the simulations.

Frame payload 8184 bits
MAC header 272 bits
PHY header 128 bits
ACK 112 bits + PHY header
RTS 160 bits + PHY header
CTS 112 bits + PHY header
Channel bit rate 1 M bits/s
Propagation delay 1 μs
Slot duration 50 μs
SIFS 28 μs
DIFS 128 μs
CWmin 16
CWmax 1024
Retry limit for RTS/CTS access 7
CW size decrease threshold d 10 (default)
CW size reset threshold r 4 (default)

channel. When a receiver is in the range of more than one
transmitting station, a collision occurs and all transmitted
frames cannot be recovered. A frame can also be corrupted
by the noise even when there is no collision. The simulations
are carried out at the frame level. The effect of the noise is
simulated by a given bit error rate (BER) Pb for all the links.
The success probability Ps of a frame in a link is then given
by Ps = (1−Pb)t, where t is the duration of the frame in bits.
Infinite transmit buffering is assumed for each link.

The values of the system parameters for the IEEE 802.11
DCF simulator are summarized in Table 2. As in [8], these
parameter values closely follow those specified for the fre-
quency hopping spread spectrum (FHSS) PHY layer in IEEE
802.11b standard [5]. Note that for each data frame, there
is a retry limit. Whenever the number of retransmissions of
a data frame reaches this limit, it has to be removed from
the transmit buffer no matter if its last transmission succeeds
or not. The channel bit rate is assumed 1M bits/s. Frame
and header sizes are exactly as those defined by IEEE 802.11
MAC and FHSS PHY layer specifications. Unless otherwise
specified, the data frame body payload size is constant (8,
184 bits), which is about a fourth of the maximum MAC pro-
tocol data unit (MPDU) size (4095 octets) specified for the
FHSS PHY layer [5, Section 14.9]. Unless otherwise speci-
fied, we assume that the BER Pb = 10−5, thereby resulting in
a 0.9177 data frame success probability. The error detection
of transmitted frames by their FCS is assumed to be perfect
at the receiver. Each simulation result (in the sequel) is ob-
tained by averaging 10 independent runs, where in each run
the simulated system is typically run for a time period be-
tween 100 and 500 seconds.

4.1. Performance measures

To evaluate the network performance, we use five perfor-
mance measures: throughput, average data frame delay, data
frame loss rate, and two fairness indices: STD (standard de-
viation) and LFI (link fairness index).

We define the throughput R as the average number of
successful data frames per second, and the average data frame
delay D as the average delay in seconds for a data frame from
being generated to being successfully received. We define the
data frame loss ratio ρ as

ρ := number of discarded data frames
total number of transmitted data frames

. (2)

Since infinite transmit buffering is assumed, the data frame
loss is only caused by the prescribed retry limit. When cal-
culating the total number of transmitted data frames in (2),
we do not count retransmissions of the same data frames.
The STD is defined as the standard deviation of the indi-
vidual link throughput. If N denotes the number of links,
R the total throughput, and Rn the throughput for link n,
n = 1, 2, . . . ,N , then the STD is given by

STD :=

√
√
√
√
√

1
N − 1

N∑

n=1

(

Rn − R

N

)2

. (3)

As in [10], we define the LFI as

LFI := max
{
Rn
}

min
{
Rn
} , n = 1, . . . ,N. (4)

4.2. Fully loaded IBSS

As in [8, 10], we first investigate a fully loaded IBSS (with-
out AP and communication with other BSSs), in which we
assume a fixed number of links per IBSS, each always hav-
ing a data frame ready to send. The throughput obtained in
this fully loaded case is the maximum one which the IBBS
can afford. In this case, we do not consider the delay measure
since the queueing delay for a data frame could become ar-
bitrarily large. In the IBSS considered, all stations are within
the radio range of each other. There does not exist hidden-
station problem, let alone the shadowed-receiver problem.
Hence, the reset threshold r does not affect the performance
of CSMA/CCA. We take a default value r = 4. As described
in Section 3, for the operation of the proposed CSMA/CCA,
we need to assign a decrease threshold d. The performance
evaluation of CSMA/CCA with different ds and that of the
CSMA/CA protocol are compared in Figure 5. As shown in
Figures 5(a) and 5(b), the CSMA/CCA protocols have much
smaller fairness indices (STDs and LFIs) than the CSMA/CA
protocol. This fact meets the design expectation and demon-
strates that the CW size copying can mitigate the fairness
problem. In Figure 5(c), the CSMA/CCA protocols with d =
10, 12 have a steady throughput whereas the CSMA/CCA
protocols with d = 6, 8 and the CSMA/CA protocol have
large throughput drops as the network traffic load (num-
ber of links) goes up. Note that when the traffic load is not
heavy and collision occurs rarely, rapid decrease of CW size
is preferred since it increases transmission probabilities of the
stations. This accounts for the slightly higher throughput of
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Figure 5: Comparison of (a) fairness index STD, (b) fairness index LFI, (c) throughput, and (d) data frame loss ratio for the CSMA/CCA
protocol and CSMA/CA protocol in a fully loaded IBSS.

CSMA/CA relative to CSMA/CCA whenN < 40. As shown in
Figure 5(d), the CSMA/CCA protocols with d = 10, 12 have
smaller data frame loss ratios than the CSMA/CA protocol,
whereas the CSMA/CCA protocol with d = 6, 8 exhibits
larger data frame loss ratio than the CSMA/CA protocol.
The worse throughput and data frame loss ratio performance
of the CSMA/CCA protocols with small ds comes from
the oscillation phenomenon stated in [4]. It coincides with
the analysis in [13] and suggests that a moderate decrease
threshold d should be chosen to avoid possible performance
drops in throughput and data frame loss ratio.

4.3. Infrastructure BSSs with Poisson arrivals

To evaluate CSMA/CCA in more realistic scenarios, we revisit
certain network configurations from [4]. In those configura-
tions, we consider infrastructure BSSs with Poisson arrivals.
There exist an AP and several associated stations in each BSS
and each link is fed with data frames following a Poisson dis-
tribution with the same intensity λ=32 data frames/s. Unless
otherwise specified, the stations can only hear their associ-
ated AP and vice versa. By default, we assign the decrease
threshold d=10 for the CSMA/CCA protocols in this section.
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STA1

STA2

STA3

STA4

AP1

BSS1

STA5

STA6

AP2

BSS2

Figure 6: A two-BSS configuration where all the stations in BSS1
and STA5 in BSS 2 are in range of each other. The stations are send-
ing data to their respective APs. Each link is generating data at 32
frames per second.

In the following network configurations, we compare
CSMA/CCA against the existing CSMA/CA protocol. In or-
der to investigate the effects of the designed CW size reset
function and the CW size copying leakage, we also test two
modified versions of the CSMA/CCA protocols: CSMA/CCA
protocol without reset and CSMA/CCA protocol allowing for
leakage. In the CSMA/CCA without reset, we simply set the
reset threshold to a large number r = 100, so that the CW
size reset function seldom works; whereas, unless otherwise
specified, we let the reset threshold r = 4 in CSMA/CCA.
In the CSMA/CCA allowing for leakage, we let a deferring
station copy the CW size level in the overheard data frame
without checking the BSSID.

A two-BSS configuration

First, we consider a two-BSS configuration copied from [8,
Figure 8], as depicted in Figure 6, where all stations (STA1–
STA4) in BSS1 and STA5 in BSS2 are in range of each other.
The stations are sending data to their respective APs. Since
all the stations (STA1–STA4) in BSS1 and STA5 in BSS 2 are
in range of each other, the leakage of the CW size copying
may happen in the tested CSMA/CCA protocol allowing for
leakage. As shown by the simulation results in Table 3, all the
CSMA/CCA protocols have smaller fairness indices (STDs
and LFIs) than the CSMA/CA protocol, at the price of a lit-
tle worse throughput and average delay performance. Actu-
ally, in all four protocols the links STAn-AP1, n = 1, . . . , 4,
in BSS1 have very fair throughput shares; whereas in BSS2,
link STA5-AP2 has much smaller throughput than that of
link STA6-AP2. This is largely due to the inherently unfair
fact that when a station in BSS1 transmits, the link STA5-
AP2 has to defer; whereas the link STA6-AP2 can succeed in
parallel. Our CSMA/CCA protocol does not intend to solve
this kind of unfairness since it may largely degrade the system
throughput. In this example, the CSMA/CCA allowing for
leakage yields worse fairness performance than the other two
CSMA/CCA protocols. The reason is that in the CSMA/CCA
with leakage, after a successful data frame transmission in
BSS1, the CW size is leaked to STA5 whereas STA6 is unaf-
fected. Since congestion around the area where STA6 stays is
much lighter than that in the BSS1-BSS2 border, the leaked

CW size is expected to be larger than that of STA6. There-
fore, the leakage usually makes STA5’s CW size larger than
that of STA6, which reduces the STA5’s access opportunities
further. As shown in Table 3, both CSMA/CCA as well as the
CSMA/CCA protocol without reset yield very similar fairness
performance. The designed CW size reset function has little
impact on the protocol performance, since there does not ex-
ist shadowed-receiver problem in this configuration.

A three-BSS configuration

Here we consider a three-BSS configuration copied from [8,
Figure 10], as depicted in Figure 7. Besides the APs, BSS1
contains four stations (STA1–STA4) and BSS2 contains only
one station (STA5), all STA1–STA5 near the BSS1-BSS2 bor-
der. There is one station (STA6) which straddles the BSS2-
BSS3 border and is in range of both AP2 and AP3. The sta-
tions near the BSS1-BSS2 border are within range of each
other; however, they can only hear their own APs. Each of
STA1–STA5 has data frames to and from the AP of its BSS.
Recall that AP1 is viewed as a number of different initial sta-
tions when it contends for different links separately. STA6
is sending data frames to AP3. The data frame generation
rate in each link is 32 frames per second. Table 4 shows
the simulation results for the four tested protocols. Since
BSS3 only contains one link, the BSS3 fairness indices are
omitted. It can be verified from Table 4 that the individual
link throughput in BSS1 is unfair for the CSMA/CA proto-
col, with links STAn-AP1 having much higher throughput
than links AP1-STAn, n = 1, . . . , 4. This unfairness comes
from the shadowed-receiver problem occurring at AP1 when
STA5 is transmitting. Compared to the CSMA/CA protocol,
the three versions of CSMA/CCA protocol largely mitigate
the fairness problem in BSS1. Specifically, in each BSS, the
CSMA/CCA protocol without reset exhibits very good fair-
ness characteristics with small BSS STDs and LFIs. How-
ever, this good fairness is actually achieved by almost pro-
hibiting the data transmissions in BSS2. Because either link
(AP2-STA5 or STA5-AP2) in BSS2 encounters the shadowed-
receiver problem when any link in BSS1 and BSS3 is on,
without the CW size reset function, both links would eas-
ily have their CW sizes staying at CWmax and seldom trans-
mit. Besides maintaining good fairness in each BSS, the other
two CSMA/CCA protocols achieve better balance among the
BSSs than the CSMA/CCA protocol without reset. With the
help of the CW size reset function, the links in BSS2 could
have their CW sizes escape from CWmax and hence gain more
chances to access the channel. From Table 4, we can see that
the CW size leakage across the BSSs actually helps to further
balance the BSS throughput in this example, by sacrificing
some fairness in the single BSS, because the CW size leak-
age from BSS1 to BSS2 can mitigate the heavy shadowed-
receiver problem in BSS2. In the MACAW protocol [4], the
shadowed-receiver problem is partly solved by using a self-
defined RRTS (request-for-RTS) frame. With the addition
of the RRTS scheme, the MACAW protocol achieves near-
perfect throughput balance in each BSS as well as among
BSSs for this three-BSS configuration. Since the RRTS frame
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Table 3: Simulation results for the two-BSS configuration in Figure 6: throughput is in data frames/s, and average delay is in seconds.

CSMA/CCA CSMA/CCA without reset CSMA/CCA allowing for leakage CSMA/CA

STA1-AP1 throughput 18.8198 8.9500 19.9860 20.4957

STA2-AP1 throughput 18.9746 18.8951 20.0013 20.2652

STA3-AP1 throughput 18.8679 18.9073 19.9051 19.9821

STA4-AP1 throughput 18.9251 18.9197 19.9912 20.2681

STA5-AP2 throughput 16.4971 16.3774 12.3084 11.5260

STA6-AP2 throughput 32.3277 32.4309 32.2214 31.7331

Overall throughput 124.4112 124.4803 124.4133 124.2708

Overall average delay 28.7690 30.0479 27.5486 28.9493

Overall data frame loss ratio 0.00016 0.00013 0.00024 0.00022

BSS1 fairness index STD 0.0583 0.0240 0.0384 0.1821

BSS2 fairness index STD 7.9153 8.0267 9.9565 10.1036

Overall fairness index STD 5.2580 5.3071 5.8493 5.8712

BSS1 fairness index LFI 1.0082 1.0029 1.0048 1.0257

BSS2 fairness index LFI 1.9596 1.9802 2.6178 2.7532

Overall fairness index LFI 1.9596 1.9802 2.6178 2.7532

STA1

STA2

STA3

STA4

AP1

BSS1

STA5 AP2

BSS2
STA6

AP3

BSS3

Figure 7: A three-BSS configuration with varying levels of conges-
tion.

is out of the definitions of the IEEE 802.11 standards, we do
not investigate this RRTS scheme. Also note that the RRTS
scheme cannot completely solve the shadowed-receiver prob-
lem; for example, it fails in the shadowed-receiver configura-
tion in Figure 3.

A worst case

Finally, let us revisit the two-BSS configuration in Figure 3
with two links (AP1-STA1 and STA2-AP2). Since there is
only one link in each BSS in this configuration, the de-
sired benefit of the CW size copying diminishes. Moreover,
there exists high unbalance between the two links, where link
STA2-AP2 experiences a severe shadowed-receiver problem
whereas link AP1-STA1 does not. As described in Section 3,

the designed gentle CW size decrease algorithm is nonro-
bust to the shadowed-receiver problem. This imbalance may
largely degrade fairness performance of the CSMA/CCA pro-
tocol. Therefore, the configuration in Figure 3 is one of the
worst cases for the proposed CSMA/CCA protocol. As veri-
fied by simulation results in Table 5, the CW size reset func-
tion does mitigate the shadowed-received problem, for ex-
ample, the CSMA/CCA protocol without reset yields the
worst performance, and the CW size leakage does not help
in this example, for example, the CSMA/CCA allowing leak-
age has worse performance than our CSMA/CCA protocol.
Compared to the CSMA/CA, the proposed CSMA/CCA pro-
tocol has a little worse fairness performance. But the biggest
disadvantage of our CSMA/CCA protocol is its severe degra-
dation in average delay performance compared to that of
CSMA/CA in this worst case.

As demonstrated by our simulations, the proposed
CSMA/CCA protocol meets the design objective and miti-
gates the fairness problem in most cases. But we hasten to
note that there are many remaining design issues, including
the amelioration of the shadowed-receiver problem in Figure
3.

5. CONCLUSIONS

In this paper, we designed a CSMA/CCA MAC protocol for
the IEEE 802.11 DCF. The main concept behind this new
protocol is that by CW size copying, all stations in a BSS can
contend fairly with similar CW sizes, thereby mitigating the
fairness problem. To facilitate CW size copying, we modified
the CA scheme in CSMA/CA protocol to obtain our novel
CCA scheme. Simulations confirmed that our CSMA/CCA
protocol provides promising results showing improved fair-
ness compared to the CSMA/CA protocol, especially in net-
work configurations with multiple links and heavy conges-
tion. A major advantage of the proposed CSMA/CA protocol
is the fact that it is designed based on the structure of the
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Table 4: Simulation results for three-BSS configuration in Figure 7: throughput is in data frames/s, and average delay is in seconds.

CSMA/CCA CSMA/CCA without reset CSMA/CCA allowing for leakage CSMA/CA

STA1-AP1 throughput 10.9465 11.4992 10.2350 15.2702

STA2-AP1 throughput 11.1360 11.5067 10.0668 15.1787

STA3-AP1 throughput 10.8232 11.2967 10.2854 16.1105

STA4-AP1 throughput 10.9170 11.3074 10.1881 15.8502

AP1-STA1 throughput 10.7715 11.3690 8.9339 5.7771

AP1-STA2 throughput 10.6091 11.2821 8.5661 5.9530

AP1-STA3 throughput 10.4814 11.3093 8.9035 6.0410

AP1-STA4 throughput 10.5912 11.2590 8.6512 6.2679

STA5-AP2 throughput 2.0741 0.3808 6.1743 3.5362

AP2-STA5 throughput 1.9264 0.4811 5.3879 1.8705

STA6-AP3 throughput 32.1408 32.0342 32.0012 32.4216

Overall throughput 122.4172 123.7255 119.3935 124.2770

Overall average delay 32.8033 37.1690 23.9973 24.9502

Overall data frame loss ratio 0.0283 0.0081 0.0786 0.0523

BSS1 fairness index STD 0.2028 0.0910 0.7260 4.8059

BSS2 fairness index STD 0.0739 0.0502 0.3932 0.8328

Overall fairness index STD 7.4434 7.7825 6.8645 8.4317

BSS1 fairness index LFI 1.0625 1.0220 1.2007 2.7887

BSS2 fairness index LFI 1.0767 1.2634 1.1460 1.8905

Overall fairness index LFI 16.6844 84.1234 5.9395 17.3331

Table 5: Simulation results for shadowed-receiver configuration in Figure 3: throughput is in data frames/s, and average delay is in seconds.

CSMA/CCA CSMA/CCA without reset CSMA/CCA allowing for leakage CSMA/CA

AP1-STA1 throughput 26.2337 18.3634 22.1149 28.5990

STA2-AP2 throughput 32.8342 32.9669 30.1760 27.0833

Total throughput 59.0671 51.3303 52.2909 55.6823

Average delay 11.7957 32.9497 30.0828 0.0054

Data frame loss ratio 0.0016 0.00078 0.0077 0.0011

Fairness index STD 3.3003 7.3018 4.0305 0.7578

Fairness index LFI 1.2516 1.7953 1.3645 1.0560

IEEE 802.11 DCF. Therefore, it can be readily deployed in the
existing IEEE 802.11 WLANs.
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cross-layer designs, and wireless sensor networks. He is the (co-)
recipient of six best paper awards from the IEEE Signal Processing
(SP) and Communications Societies and also received the SP So-
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Special Issue on

MobileMAN (Mobile Multi-hop Ad Hoc Networks):
From Theory to Reality

Call for Papers

Motivations

Ad hoc networking technologies have big potentialities for
innovative applications of great impact on our everyday life.
To exploit these potentialities, simulation modeling and the-
oretical analyses have to be complemented by real experi-
ences (e.g., experiences/measurements on real prototypes)
which provide both a direct evaluation of ad hoc networks
and, at the same time, precious information for a realistic
modeling of these systems.

The need for more experimental activities stimulated a
new community of researchers combining theoretical re-
search on ad hoc networking with experiences/measure-
ments obtained by implementing ad hoc network proto-
types. This community is growing as witnessed by sev-
eral workshops organized worldwide. In particular, this spe-
cial issue is tightly coupled with the REALMAN workshop
series, http://www.cl.cam.ac.uk/realman. REALMAN work-
shops constitute a unique forum for presenting and dis-
cussing measurement studies and experiences based on real
ad hoc networks testbeds and prototypes. Following the suc-
cess of the first edition (REALMAN 2005), REALMAN 2006
will be the satellite workshop of the most prestigious sympo-
sium for mobile ad hoc networks, ACM MobiHoc 2006.

Aims and scope of the Special Issue

The aim of this special issue is to present, from an experimen-
tal perspective, architectures and protocols for implement-
ing (mobile) ad hoc networks. This special issue constitutes a
unique forum to present measurements/experiences/lessons
obtained by implementing ad hoc networks testbeds and
prototypes. The special issue will investigate the whole proto-
col stack from enabling technologies to middleware and ap-
plications.

Original contributions are solicited, related to system and
protocol development, measurement, and testing, in all areas
related to ad hoc networking. Specifically, topics of interest
include, but are not limited to:

• Ad hoc networks applications
• System prototypes and experiences

• Mobile ad hoc networks
• Opportunistic and delay tolerant networks
• Sensor networks
• Mesh networks
• Vehicular networks
• Protocol implementation and testing
• Middleware platforms for ad hoc networks
• Ad hoc networking for pervasive environments
• Situated and autonomic communications
• Location services
• Positioning and tracking technologies and services
• Measurement studies
• Mobility models based on real data
• Enabling technologly Measurements (802.11, 802.15,

etc.)
• Experiment-based social and/or economic analysis of

mobile ad hoc networks

Authors should follow the EURASIP JWCN manuscript
format described at http://www.hindawi.com/journals/wcn/.
Prospective authors should submit an electronic copy of their
complete manuscript through the EURASIP JWCN manu-
script tracking system at http://www.mstracking.com/wcn/,
according to the following timetable:

Manuscript Due July 1, 2006

Acceptance Notification November 1, 2006

Final Manuscript Due February 1, 2007

Publication Date 2nd Quarter, 2007

GUEST EDITORS:

Marco Conti, Consiglio Nazionale delle Ricerche (CNR),
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Special Issue on

Novel Techniques for Analysis & Design of Cross-Layer
Optimized Wireless Sensor Networks

Call for Papers
Sensor networks have been researched and deployed for
decades already; their wireless extension, however, has wit-
nessed a tremendous upsurge in recent years. This is mainly
attributed to the unprecedented operating conditions of
wireless sensor networks (WSNs), that is,

• a potentially enormous amount of sensor nodes,
• reliably operating under stringent energy constraints.

The wireless sensor networks’ virtually infinite degrees of
freedom have ignited feverish research activities, having led
to thousands of publications, white papers and patents in less
than a decade, with new contributions emerging on a daily
basis. The rich mathematical and technical toolboxes already
available from the design of wireless cellular and ad hoc sys-
tems clearly aided the birth of new ideas tailored to the prob-
lems in WSNs.

To date, and this may very well change in forthcoming
years, the main problem in deploying WSNs is their depen-
dence on scarce battery power. A main design criterion is
hence to extend the lifetime of the network without jeop-
ardizing reliable and efficient communications between the
sensor nodes as well as from the nodes to one or several data
sinks. A prominent example of today’s non-optimized WSN
deployment experiences is that the start-up alone costs the
network half of its battery power.

Optimizing every facet of the communication protocols is
hence vital and imperative; such stringent design require-
ments can be met by a plethora of approaches, for ex-
ample, optimizing each layer of the protocol stack sepa-
rately (traditional) or jointly (cross-layer), for each node
separately (traditional) or for an ensemble of nodes (dis-
tributed and cooperative), and so forth. This has led to copi-
ous novel distributed signal processing algorithms, energy-
efficient medium access control and fault-tolerant routing
protocols, self-organizing and self-healing sensor network
mechanisms, and so forth.

In the light of the above, the main purpose of this special
issue is twofold:

• to obtain a coherent and concise technical synthesis
from the abundance of recently emerged material in
the area of WSNs,

• to promote novel approaches in analyzing, designing,
and optimizing large-scale WSNs, preferably inspired
by approaches from other disciplines, such as physics
or biology.

As for the first one, very few papers are currently available
which synthesize the large amount of fairly dispersed techni-
cal contributions; a coherent exposure, also touching upon
open research issues, will certainly be appreciated by the aca-
demic and industrial research community. As for the second
one, we believe that novel approaches, potentially inspired by
entirely disjoint disciplines, may help considerably in dealing
with networks of thousands of nodes.

Topics of Interest

Topics of interest in the area of energy-constraint WSNs in-
clude (but are not limited to):

• Network capacity w/o imperfections
• Joint source and channel coding
• Cooperative and distributed signal Data fusion and

dta aggregation processing
• Novel PHY, MAC, and network paradigms
• Cross-layer and cross-functionality design
• Security, robustness, and reliability
• Self-healing, self-stabilization, and self-organization
• Applications, architectures, and topologies
• (Macroscopic) information flows
• Physically and biologically inspired approaches

Authors should follow the EURASIP JWCN manuscript
format described at http://www.hindawi.com/journals/wcn/.
Prospective authors should submit an electronic copy of their
complete manuscript through the EURASIP JWCN manu-
script tracking system at http://www.mstracking.com/mts,
according to the following timetable:
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Special Issue on

Smart Antennas for Next-Generation Wireless Systems

Call for Papers
The adoption of multiple-antenna techniques in future wire-
less systems is expected to have a significant impact on
the efficient use of the spectrum, the minimisation of the
cost of establishing new wireless networks, the enhancement
of the quality of service, and the realisation of reconfig-
urable, robust, and transparent operation across multitech-
nology wireless networks. Although a considerable amount
of research effort has been dedicated to the investigation
of MIMO systems performance, results, conclusions, and
ideas for future directions remain fragmental. Recent trends
in MIMO research include reconfigurable multiple-antenna
transceivers, cross-layer optimisation and efficient radio re-
source management for smart antenna networks, antenna
technologies for reconfigurable multiple-antenna terminals,
and smart antenna deployment issues.

The objective of this special issue is to invite contribu-
tions on the most recent developments and promising fu-
ture directions in the field, with emphasis on reconfigurable
transceiver design, efficient resource management, realistic
performance evaluation, and implementation aspects.

Topics of interest include (but are not limited to):

• Reconfigurable MIMO transceivers
• Adaptive/reconfigurable coding
• Channel estimation for multiple-antenna systems
• Characterization of wideband MIMO channels
• Realistic performance evaluation and implementa-

tion aspects for multiple-antenna techniques
• Antenna array design and implementation
• Efficient radio resource management and cross-layer

optimisation for multiple-antenna systems
• Network planning and business models with smart

antennas

Authors should follow the EURASIP JWCN manuscript
format described at http://www.hindawi.com/journals/wcn/.
Prospective authors should submit an electronic copy of their
complete manuscript through the EURASIP JWCN manu-
script tracking system at http://www.mstracking.com/mts,
according to the following timetable:

Manuscript Due November 1, 2006
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Final Manuscript Due June 1, 2007

Publication Date 3rd Quarter, 2007
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Special Issue on

Trust and Digital Rights Management in Wireless
Multimedia Networks and Systems

Call for Papers
With the widespread infusion of digital technologies and
the ensuing ease of digital content transport over the Inter-
net, multimedia data distribution is experiencing exponen-
tial growth. The use of emerging technologies and systems
based on wireless networks has further facilitated the ubiq-
uitous presence of multimedia data. These rapid advances
are neither without cost nor without negative impact. With
the increasing sophistication and ubiquity of sharing and dis-
semination of data over a plethora of networks, the complex-
ity and challenges of untrustworthy behavior as well as cyber
attacks may grow significantly. Moreover, the emerging un-
structured, mobile, and ad hoc nature of today’s heteroge-
neous network environment is leading to problems such as
the exploitation of resources due to selfish and malicious be-
havior by users and their agents in the networks.

Trust and digital rights management (DRM) of data and
the underlying systems and networks have therefore become
of critical concern. Moreover, satisfying users’ quality of
service (QoS) requirements while implementing trust and
DRM mechanisms may overburden the already resourcecon-
strained wireless networks.

The objective of this solicitation is to encourage cut-
tingedge research in trust and digital rights management in
wireless networks and systems. Dissemination of research re-
sults in formulating the trust and DRM issues, and emerging
solutions in terms of technologies, protocols, architecture,
and models are expected to contribute to the advancement
of this field in a significant way. Topics of interests include
but are not limited to:

• DRM issues (copyright protection, tracking, tracing,
fingerprinting, authentication, concealment, privacy,
access control, etc.) in wireless multimedia

• Wireless multimedia traffic modeling, analysis, and
management

• Tradeoff between QoS, security, dependability, and
performability requirements

• Context, behavior, and reputation specification, mod-
eling, identification, and management

• Trust and DRM models, architectures, and protocols
• Trust and DRM in applications (telemedicine, ubiq-

uitous commerce, etc.)
• Trust and DRM in wireless ad hoc, mesh, sensor and

heterogeneous networks
• Trust and DRM technologies for wireless multimedia

(digital watermarking, encryption, coding, and com-
pression, and their interplay)

• Test beds for experimental evaluation of trust and
DRM models.

Authors should follow the EURASIP JWCN manuscript
format described at http://www.hindawi.com/journals/wcn/.
Prospective authors should submit an electronic copy of their
complete manuscript through the EURASIP JWCN manu-
script tracking system at http://www.hindawi.com/mts/, ac-
cording to the following timetable:
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Special Issue on

Synchronous Paradigm in Embedded Systems

Call for Papers
Synchronous languages were introduced in the 1980s for
programming reactive systems. Such systems are character-
ized by their continuous reaction to their environment, at
a speed determined by the latter. Reactive systems include
embedded control software and hardware. Synchronous lan-
guages have recently seen a tremendous interest from lead-
ing companies developing automatic control software and
hardware for critical applications. Industrial success stories
have been achieved by Schneider Electric, Airbus, Dassault
Aviation, Snecma, MBDA, Arm, ST Microelectronics, Texas
Instruments, Freescale, Intel .... The key advantage outlined
by these companies resides in the rigorous mathematical se-
mantics provided by the synchronous approach that allows
system designers to develop critical software and hardware
in a faster and safer way.

Indeed, an important feature of synchronous paradigm is
that the tools and environments supporting development of
synchronous programs are based upon a formal mathemat-
ical model defined by the semantics of the languages. The
compilation involves the construction of these formal mod-
els, and their analysis for static properties, their optimization,
the synthesis of executable sequential implementations, and
the automated distribution of programs. It can also build a
model of the dynamical behaviors, in the form of a transition
system, upon which is based the analysis of dynamical prop-
erties, for example, through model-checking-based verifica-
tion, or discrete controller synthesis. Hence, synchronous
programming is at the crossroads of many approaches in
compilation, formal analysis and verification techniques, and
software or hardware implementations generation.

We invite original papers for a special issue of the jour-
nal to be published in the first quarter of 2007. Papers may
be submitted on all aspects of the synchronous paradigm for
embedded systems, including theory and applications. Some
sample topics are:

• Synchronous languages design and compiling
• Novel application and implementation of syn-

chronous languages
• Applications of synchronous design methods to em-

bedded systems (hardware or software)

• Formal modeling, formal verification, controller syn-
thesis, and abstract interpretation with synchronous-
based tools

• Combining synchrony and asynchrony for embed-
ded system design and, in particular, globally asyn-
chronous and locally synchronous systems

• The role of synchronous models of computations in
heterogeneous modeling

• The use of synchronous modeling techniques in
model-driven design environment

• Design of distributed control systems using the syn-
chronous paradigm

Authors should follow the EURASIP JES manuscript
format described at http://www.hindawi.com/journals/es/.
Prospective authors should submit an electronic copy of their
complete manuscripts through the EURASIP JES’s man-
uscript tracking system at http://www.mstracking.com/es/,
according to the following timetable:
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GUEST EDITORS:
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Special Issue on

Embedded Systems for Portable and
Mobile Video Platforms

Call for Papers
Video coding systems have been assuming an increasingly
important role in application areas other than the traditional
video broadcast and storage scenarios. Several new applica-
tions have emerged focusing on personal communications
(such as video-conferencing), wireless multimedia, remote
video-surveillance, and emergency systems. As a result, a
number of new video compression standards have emerged
addressing the requirements of these kinds of applications
in terms of image quality and bandwidth. For example, the
ISO/MPEG and ITU standardization bodies have recently
jointly established the new AVC/H.264 video coding stan-
dard.

In such a wide range of applications scenarios, there is the
need to adapt the video processing in general, and in par-
ticular video coding/decoding, to the restrictions imposed
by both the applications themselves and the terminal de-
vices. This problem is even more important for portable
and battery-supplied devices, in which low-power consider-
ations are important limiting constraints. Examples of such
application requirements are currently found in 3G mobile
phones, CMOS cameras and tele-assistance technologies for
elderly/disabled people.

Therefore, the development of new power-efficient en-
coding algorithms and architectures suitable for mobile
and battery-supplied devices is fundamental to enabling
the widespread deployment of multimedia applications on
portable and mobile video platforms. This special issue is fo-
cused on the design and development of embedded systems
for portable and mobile video platforms. Topics of interest
cover all aspects of this type of embedded system, includ-
ing, not only algorithms, architectures, and specific SoC de-
sign methods, but also more technological aspects related to
wireless-channels, power-efficient optimizations and imple-
mentations, such as encoding strategies, data flow optimiza-
tions, special coprocessors, arithmetic units, and electronic
circuits.

Papers suitable for publication in this special issue
must describe high-quality, original, unpublished research.

Prospective authors are invited to submit manuscripts on
topics including but not limited to:

• Power-efficient algorithms and architectures for mo-
tion estimation, discrete transforms (e.g., SA-DCT,
WT), integer transforms, and entropy coding

• Architectural paradigms for portable multimedia sys-
tems

• Low-power techniques and circuits, memory, and
data flow optimizations for video coding

• Adaptive algorithms and generic configurable archi-
tectures for exploiting intrinsic characteristics of im-
age sequences and video devices

• Aspects specifically important for portable and mo-
bile video platforms, such as video transcoding, video
processing in the compressed domain, and error re-
silience (e.g., MDC)

• Ultra-low-power embedded systems for video pro-
cessing and coding

• Heterogeneous architectures, multithreading, MP-
SoC, NoC implementations

• Design space exploration tools, performance evalua-
tion tools, coding efficiency and complexity analysis
tools for video coding in embedded systems

Authors should follow the EURASIP JES manuscript
format described at http://www.hindawi.com/journals/es/.
Prospective authors should submit an electronic copy of their
complete manuscript through the EURASIP JES manuscript
tracking system at http://www.mstracking.com/es/, accord-
ing to the following timetable:

Manuscript Due June 1, 2006

Acceptance Notification October 1, 2006

Final Manuscript Due January 1, 2007

Publication Date 2nd Quarter, 2007
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SMART ANTENNAS—STATE OF THE ART 

Edited by: Thomas Kaiser, André Bourdoux, Holger Boche, 
Javier Rodríguez Fonollosa, Jørgen Bach Andersen, and Wolfgang Utschick

Smart Antennas—State of the Art brings together the 
broad expertise of 41 European experts in smart 
antennas. They provide a comprehensive review and 

an extensive analysis of the recent progress and new results 
generated during the last years in almost all fields of smart 
antennas and MIMO (multiple input multiple output) 
transmission. The following represents a summarized table 
of content.

Receiver: space-time processing, antenna combining, 
reduced rank processing, robust beamforming, subspace 
methods, synchronization, equalization, multiuser detection, 
iterative methods

Channel: propagation, measurements and sounding, 
modeling, channel estimation, direction-of-arrival 
estimation, subscriber location estimation

Transmitter: space-time block coding, channel side 
information, unified design of linear transceivers, ill-
conditioned channels, MIMO-MAC srategies

Network Theory: channel capacity, network capacity, 
multihop networks

Technology: antenna design, transceivers, demonstrators and testbeds, future air interfaces

Applications and Systems: 3G system and link level aspects, MIMO HSDPA, MIMO-WLAN/UMTS 
implementation issues

This book serves as a reference for scientists and engineers who need to be aware of the leading edge research 
in multiple-antenna communications, an essential technology for emerging broadband wireless systems.
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UWB Communication Systems—A 
Comprehensive Overview

Edited by: Andreas Molisch, Ian Oppermann, Maria-Gabriella Di Benedetto, 
Domenico Porcino, Christian Politano, and Thomas Kaiser

Ultra-wideband (UWB) communication systems offer 
an unprecedented opportunity to impact the future 
communication world.

The enormous available bandwidth, the wide scope of the 
data rate/range trade-off, as well as the potential for very-low-
cost operation leading to pervasive usage, all present a unique 
opportunity for UWB systems to impact the way people and 
intelligent machines communicate and interact with their 
environment.

The aim of this book is to provide an overview of the state of the 
art of UWB systems from theory to applications.

Due to the rapid progress of multidisciplinary UWB research, 
such an overview can only be achieved by combining the areas 
of expertise of several scientists in the field.

More than 30 leading UWB researchers and practitioners have 
contributed to this book covering the major topics relevant 
to UWB. These topics include UWB signal processing, UWB 
channel measurement and modeling, higher-layer protocol 
issues, spatial aspects of UWB signaling, UWB regulation and 

standardization, implementation issues, and UWB applications as well as positioning.

The book is targeted at advanced academic researchers, wireless designers, and graduate students wishing to 
greatly enhance their knowledge of all aspects of UWB systems.

��
�
�
��
�
��
�
�
��
��
��
��
��
�
��
��
�
��
��
��
��
��
��
�
��
�
�
��
�
�
�
�
�
��
��
��
�
� ���

���������������������
� � � ��� � � � � � � � � � � � � � � � � � �

������������������������������������������
�����������������������������������������������
�������������������������������������

The EURASIP Book Series on Signal Processing and Communications publishes monographs, 
edited volumes, and textbooks on Signal Processing and Communications. For more information 
about the series please visit: http://hindawi.com/books/spc/about.html

For any inquiries on how to order this title please contact books.orders@hindawi.com

EURASIP Book Series on Signal Processing and Communications


