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Abstract—We have developed an analytical model for a non-saturated
IEEE 802.15.6 wireless body area network (WBAN) operating under an
error-prone channel. The most suitable vehicle for improving network
performance was found to be the choice of access phase lengths based
on traffic loads for different User Priorities (UPs). It was also found that
the deployment of exclusive access phase (EAP) is not necessary in a
typical WBAN; in fact, short exclusive and random access phases (EAP
and RAP, respectively) lead to inefficient use of available bandwidth.
We have also found that four user priorities (out of the eight available)
typically suffice to achieve even the most stringent requirements for
WBAN performance.
Index Terms—wireless body area networks (WBANs); IEEE 802.15.6;
probabilistic analysis; access priorities
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I NTRODUCTION

Recent technological advances have led to the development of
low cost, low power sensing devices that allow continuous
tracking of patient’s vital health variables through wireless
body area networks (WBANs) [1], [2]. In this manner, healthcare providers can react appropriately when necessary, and
also collect a rich history of patient health data.
WBANs have been built using proprietary MAC and PHY
protocols [3], [4], as well as existing WLAN/WPAN standards such as IEEE 802.11, IEEE 802.15.4, ZigBee, and
Bluetooth [5], [6]. IEEE has recently published the IEEE
802.15.6 standard [7] that combines low power operation
and simplified CSMA-CA similar to IEEE 802.15.4, whilst
providing a prioritization mechanism, similar to IEEE 802.11e,
which is well suited for transmission of healthcare data.
However, in-depth performance analyses of IEEE 802.15.6
CSMA/CA mechanism are still scarce. Initial research work in
this direction focused on the network operating in saturation
regime which can be analyzed with a discrete-time Markov
chain (DTMC) only, without queuing analysis of the node
buffer (which is always full) and the associated extension to a
semi-Markov chain with general distribution of time between
state transitions. In [8], [9], a numerical model was developed
to evaluate the theoretical throughput and delay limits of
IEEE 802.15.6-based networks, however the model does not
consider user priorities and access phases of the standard, and
• S. Rashwand, J. Mišić and V. B. Mišić are with the Department of Computer
Science, Ryerson University, Toronto, Ontario.

assumes a collision-free network over an ideal channel. In [10],
[11], authors studied the performance of the IEEE 802.15.6
MAC under saturation condition for all traffic classes, while
the impact of access phases lengths was studied in [12].
However, saturation leads to excessive delays, reduction in
throughput, and instability, if the buffers are assumed to be of
infinite size. Thus, stable operation of a WBAN necessitates
that its nodes operate well below saturation. In this case,
CSMA/CA performance has been investigated in [13], [14] for
IEEE 802.11, [15], [16], [17] for IEEE 802.11e, and [18] for
IEEE 802.15.4, typically using a combination of queuing and
Markov chain analysis. However, these models are not directly
applicable to the analysis of IEEE 802.15.6 networks due
to the differences in their respective implementations of the
CSMA/CA mechanism. A simulation-only study of 802.15.6
networks has been reported in [19], while [21] investigates
the performance of IEEE 802.15.6-based networks under nonsaturation condition, albeit without considering the impact of
queuing on the departure process, which leads to oversimplification. Our earlier work in [20] focused on the impact of
fading in physical layer and the interaction between physical
and MAC layer using a simplified MAC model of IEEE
802.15.6 CSMA/CA mechanism. Models in [10], [11] do not
consider queuing analysis and probabilistic backoff duration
sub-models integrated in a semi-Markov process framework.
In this work, we present a detailed analytical model for
investigating the performance of the IEEE 802.15.6-based
WBANs. The model includes a Geo/G/1 queuing sub-model of
the node buffer, and addresses all eight UPs (UPk , k = 0 . . 7)
and the first exclusive and random access phases (EAP1 and
RAP1) under finite load and an error prone channel. This
model is solved iteratively to obtain the main performance
indicators of the network, such as mean waiting time and
transmission success probability. We have also developed a
complete simulation model, first of its kind, using OPNET
Wireless Modeler [23] to validate the analytical model.
The paper is organized as follows: Section 2 briefly introduces the IEEE 802.15.6 standard. In Section 3, we describe
the major features of the analytical model. In Section 4, we analyze the performance of an IEEE 802.15.6-based WBAN for
all UPs. Section 5 summarizes our findings and concludes the
paper. An Online Supplement presents the findings regarding
the network that uses RTS/CTS handshake.
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Fig. 1. Layout of access phases in a superframe.

2

IEEE 802.15.6 S TANDARD

The IEEE 802.15.6 standard defines no less than eight user
priorities (UPs) which are differentiated based on the minimum
and maximum contention windows, CWmin and CWmax ,
respectively, as shown in Table 1.
TABLE 1
BAN User Priority Mapping
UP
0
1
2
3
4
5
6
7

Traffic designation
Background (BK)
Best effort (BE)
Excellent effort (EE)
Controlled load (CL)
Video (VI)
Voice (VO)
Media data or network control
Emergency or medical event report

CWmin
16
16
8
8
4
4
2
1

CWmax
64
32
32
16
16
8
8
4

The time axis is divided into beacon periods (superframes)
by the coordinator of the network. A superframe may include
exclusive access phases (EAP1 and EAP2), random access
phases (RAP1 and RAP2), type-I/II access phases, and contention access phase (CAP), in the order shown in Fig. 1; all
phases except RAP1 may have a zero length. The EAP periods
can be only accessed for transmitting the UP7 frames while
RAP and CAP periods can be used by all UPs. To improve
channel utilization, a node with UP7 may treat the combined
EAP1 and RAP1 as a single EAP1, and the combined EAP2
and RAP2 as a single EAP2. Type-I/II access phases are
utilized by the hub for the polling mechanism; other phases
are contention-based access phases. In this work, we focus on
EAP1 and RAP1 phases, and set the lengths of all the access
phases to zero.
A detailed description of the pertinent aspects of operation
of an IEEE 802.15.6 network can be found in the standard [7].

3

A NALYTICAL M ODEL

In this section, we outline the analytical model for investigating the performance of the CSMA mechanism of IEEE
802.15.6. The analytical model consists of three inter-related
sub-models: Markov chain sub-model, sub-model of backoff
durations, and queuing sub-model. The notation for the most
important parameters is shown in Table 2.
In all three models, we consider that a node of UPk , has a
single queue of user priority k. (In all subsequent discussions,
we will assume that k = 0 . . 7, unless otherwise indicated.)
The network, operating in 2.4GHz ISM band, is assumed to be
single hop including a hub as the coordinator and nk nodes of
UPk and therefore we ignore the hidden terminal problem. We
assume that there is only uplink traffic from the nodes to the

hub. Let λk denote the data frame arrival probability during
a CSMA slot for a node of UPk . We assume that during a
slot at most one data frame arrives to the queue which is not
an unrealistic assumption due to the small length of a CSMA
slot. It is clear that the inter-arrival time Ik is geometrically
distributed with the mean of λ1k slots. The lengths of EAP1 and
RAP1 in slots are denoted with eap and rap, respectively. We
assume that the size of the beacon is small, hence we ignore
it in our analytical model.
The control frames and headers are transmitted at 91.4kbps
while we assume the payload of the data frames is transmitted
at 971.6kbps. The size of the data frames for a node of UPk
is denoted by lk (in slots) and lk,b (in bits), while ack and
ackb denote the size of an ACK frame in slots and in bits,
respectively.
We assume an error-prone channel having the Bit Error Rate
(BER) of ber, in which case σk = (1 − ber)lk,b +ackb denotes
the probability that the data frame and the corresponding
acknowledgement are transmitted without getting corrupted by
the noise.
3.1

Markov Chain Sub-model

We observe the system at moments of beginning of EAPs and
RAPs, backoff decrements, and packet departures. In these
points, referred to as Markov points, the random process under
study has a Markov property. The time interval between two
successive Markov points is a random variable which affects
the steady state probabilities. Therefore, the process under
consideration is a semi-Markov process [24]. For evaluating
the semi Markov process we need DTMCs and distribution
of time between the Markov points. The Markov chain submodel is composed of a set of eight 3-dimensional DTMCs
to compute the access probabilities of the UPs. The DTMCs
are developed based on the backoff procedure of the IEEE
802.15.6 CSMA mechanism. This sub-model also requires the
probability that the queue is empty after a data frame service
completion, which is calculated in the queuing sub-model.
The Markov Chain sub-model actually consists of eight
3-dimensional DTMCs, one for each UP, to formulate the
medium access probabilities of their respective UPs. A UPk
Markov chain represents the transitions among the backoff
states of a UPk node. All those Markov chains are interdependent since each of them must take into account not
only medium access probabilities, idle queue probabilities, and
backoff durations of the corresponding node, but also those of
other nodes in the network.
The access probability of a UPk node, τk , is calculated
by solving the set of DTMCs considering the CSMA slots
in which the medium is not set to be busy due to either a
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TABLE 2
Important parameter notation (k denotes user priority for a node).
Parameter
k

Description
Index of UP

Parameter
σk

nk
τk
Lk,s
Lk,so

Number of nodes of UPk
Medium access probability
Successful data frame transmission time
Mean successful data frame transmission time of other
nodes
Probability of successful medium access

λk
gk
Lk,c
Lk,co

pk,Idle
pco,k

Φk (z)

Probability of an empty queue after serving a data frame
Probability of a successful transmission by the other
nodes
PGF for the duration of backoff process

ωk
R

Mean waiting time for a data frame
Maximum retransmission limit

ζk

ηk
0
πk,0
pso,k

pk

Πk (z)

Description
Probability that neither a data frame nor its ACK is
corrupted by noise
Data frame arrival probability during a CSMA slot
Probability that medium is idle during backoff countdown
Unsuccessful data frame transmission time
Mean unsuccessful data frame transmission time of other
nodes
Probability that there is not enough time to complete a
data frame transmission from the current CSMA slot to
the end of the RAP1 period
Probability of being in the idle state in a CSMA slot
Probability of an unsuccessful transmission by the other
nodes
PGF of steady state probability distribution of number of
frames in the queue after completing data frame service
Mean response time for a data frame

transmission on the medium or being in an inaccessible access
phase. The access probabilities vary in different time periods.
We calculate the access probabilities in the CSMA slots in
which the medium is accessible, using the DTMC for a node
of UPk shown in Fig. 2. The Markov points are beginning of
the CSMA slots in which the UPk node is allowed to transmit.
Hence, the intervals between two successive Markov points
in a DTMC may have different lengths. The Markov chain
represents a random process with stationary distribution bk,i,j ,
where k denotes the user priority of the node, i = 0 . . R
denotes the backoff phase in the backoff procedure invoked by
the node, and j = 0 . . Wk,i denotes the value of the backoff
counter.
After developing all the DTMCs, the Markov chains are
solved as a single system to calculate the medium access
probabilities. Q
7
ni
Let f =
denote the probability that a
i=0 (1 − τi )
CSMA slot is idle during a RAP period. Then, the probability
that the medium remains idle during the backoff countdown of
f
. However, UP7 nodes are the
a UPk node, k ≤ 6, is fk = 1−τ
k
only ones allowed to transmit during EAP1 while all the UPs
can access the medium during RAP1, and the probabilities that
the medium remains idle in a CSMA slot during EAP1 and
RAP1 are different. The corresponding probability for a node
of UP7 is
f7 =

XE (1 − τ7 )n7 −1
XR f
+
(XE + XR )(1 − τ7 )
XE + XR

Fig. 2. Developed 3-dimensional DTMC for UPk .
(1)

where XE and XR denote the mean number of CSMA slots
in EAP1 and RAP1, respectively. Their initial values are set
to XE = eap and XR = rap, and then updated in subsequent
iterations via
rap − L7,s
0
XR
=
7
7
X
X
f+
nt τt ηt Lt,s + (1 − f −
nt τt ηt )Lt,c
t=0

0
XE
=

t=0

eap
χ + n7 τ7 ψσ7 L7,s + (1 − χ − n7 τ7 ψσ7 )L7,c
(2)

where χ = (1 − τ7 )n7 and ψ = (1 − τ7 )n7 −1 .

In the equations above, Lk,x = lk + ack + sif s denotes the
time needed for a data frame transmission, with subscripts s
and c used to distinguish between successful and unsuccessful
transmissions, respectively. Furthermore, Lk,xo = lk,o + ack +
sif s denotes the corresponding transmission time of other
nodes (denoted with the subscript ‘o’) in the network, where
lk,o is the average size (in slots) of a data frame transmitted
by those other nodes for a given UPk node.
Initial values for lk,o are set to
P7
u=0 nu lu − lk
lk,o = P
(3)
7
u=0 nu − 1
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and then updated in each subsequent iteration as
P7
0
u=0 nu τu lu − τk lk
lk,o
= P
7
u=0 nu τu − τk

0

(4)

In the Markov chain shown in Fig. 2, ηk = fk σk represents
the probability of successful access to the medium for a UPk
node when its backoff counter reaches zero.
However, if the remaining time during the current access
phase (EAP1 and RAP1 for a UP7 node, and RAP1 otherwise)
is not long enough to complete a data frame transmission, the
backoff counter is locked; for a node without UP7 the counter
must be kept locked during EAP1 as well.
The backoff counter remains locked until the moment when
the node is allowed to transmit (RAP1 for UPk , k ≤ 6 or EAP1
for UP7 ). Then, the probability that in a given CSMA slot the
node notices that there is not enough time during the current
access period to complete transmission, is
(
1
k≤6
rap−Lk,s −Ck ,
(5)
pk =
1
rap+eap−Lk,s −C7 , k = 7
CW

+CW

k,min
k,max
where Ck =
approximates the mean
4
backoff value. The number of accessible CSMA slots in a
superframe for a given UP (the denominator in the equation
above) depends on the length of accessible access phases,
frame transmission time, and the backoff counter at which
the counter is paused.
The probability that the backoff counter of a node with UPk
is decremented (i.e., not locked) upon reaching j = 1. .Wk,mk
is
!
1 − fkj
gk,j = fk 1 − pk
(6)
1 − fk

The slots in which the backoff counter is locked are still
considered as Markov points in order to calculate
PR the access
probability, which for a UPk node, is τk = i=0 bk,i,0 .
If the input probability to the zero-th backoff phase is
0

Yk =

τk ηk (1 − πk,0 ) + pk,Idle βk
0

1 − (1 − ηk )R+1 (1 − πk,0 )

(7)

the solution of the Markov chain will give us
bk,i,j

=

bk,i,0

=

(1 − ηk )i Yk (Wk,i − j + 1)
Wk,i gk,j
i
(1 − ηk ) Yk

(8)

The probability of being in ”Idle” state is
0

pk,Idle

τk ηk πk,0
=
βk (1 − (1 − ηk )R+1 )

(9)

The probability that a data frame arrives to the queue during
the time interval between two successive Markov points is
βk = fk pk (1 − (1 − λk )Lk ) + fk (1 − pk )λk
 Lk,so
X−1
+ (1 − fk ) pk
(1−pk )u (1−(1−λk )Lk +u+1 )(10)
u=0
Lk,so

+ (1 − pk )


1
(1 − (1 − λk )Lk,so ) +
xk

4

(11)

where xk = XR , k ≤ 6, and x7 = XR + XE . πk,0 is the
probability that the queue of the node with UPk is empty when
a data frame is either successfully transmitted or dropped due
to an exceeded retry limit, which will be calculated in the
queuing sub-model.
In the last equation, the first component corresponds to the
case where at the first CSMA slot of the interval no node transmits on the medium but there is not enough time to complete a
data frame transmission; this causes the backoff counter to lock
until the next superframe. In this case, the length of the interval
is Lk slots. During RAP1 all the nodes in the network have to
lock their backoff counters; while during EAP1, U P7 nodes
are allowed to transmit or decrease their backoff counters.
Consequently, Lk = eap + sif s + lk + ack, k ≤ 6, but
L7 = sif s + lk + ack.
The second component represents the case where the first
CSMA slot remains idle and there is enough time to complete
a data frame transmission. This results in the interval length
of one slot.
The third component corresponds to the case where a node
starts transmitting; x1k is the probability that medium access
is not possible in the first CSMA slot.
We compute the sum of all stationary distribution bk,i,j as
k,i
R W
X
X

Wk,i

X Wk,i − j + 1 
(1 − ηk )i 1 +
Wk,i gk,j
i=0 j=0
i=0
j=1
(12)
The sum of probabilities must be one, which results in the
following set of equations for k = 0 . . 7:

bk,i,j = Yk

1 = pk,Idle +Yk

R
X
i=0

R
X

Wk,i
i



(1 − ηk ) 1 +

X Wk,i − j + 1 
(13)
Wk,i gk,j
j=1

Hence, the Markov chain sub-model results in a set of eight
0
equations with unknown τk and πk,0
, k = 0 . . 7, the latter set
being obtained from the queuing sub-model.
3.2 Sub-model of Backoff Duration
The probability distribution of all the backoff phases and the
total backoff duration before a successful access to the medium
or a data frame drop for all UPs are formulated by the backoff duration sub-model. The probability generating functions
(PGFs) of the backoff durations are computed based on the
access probabilities of the UPs which are introduced in the
Markov chain sub-model. The computed time distributions are
then substituted in the queueing and the Markov sub-models
to calculate the transition probabilities in the corresponding
semi-Markov chains.
To calculate the length of backoff durations we extend
the DTMCs described above so that the beginning of every
CSMA slot represents a Markov point; as the result, any two
consecutive Markov points are separated by a single slot. To
compose the extended 4-dimensional DTMCs we replace the
component shown on top of Fig. 3 with the component shown
in the 3-dimensional DTMCs (Fig. 2) for k = 0. .7, i = 0. .R,
and j = 1 . . Wk,i .
Stationary distributions of bk,i,j,S,t , t = 1 . . Lk,so , and
bk,i,j,C,t , t = 1 . . Lk,co , correspond to the time periods
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to complete a transmission, which may be calculated as
BC,k,j (z)

1 − (1 − pk )Lk,co z Lk,co
(16)
1 − (1 − pk )z
(1 − pk )Lk,co fk z Lk,co + (1 − pk )Lk,co Θk,j (z)

= pk BP,k,j (z)
+

where Θk,j (z) = pso,k BS,k,j (z)+pco,k BC,k,j (z) is PGF of the
mean duration of backoff counter lock due to a transmission
on the medium, either successful or unsuccessful.
The values of BS,k,j (z), BC,k,j (z), and BP,k,j (z) can be
obtained using the substitution method of solving system of
equations. We now calculate the PGF of the time interval
between the moment when the backoff counter of a node of
UPk becomes j and the moment when the backoff counter
becomes j − 1 at the i-th backoff phase. The PGF of the time
to decrease the backoff counter by one, where the counter is
j , is given by

Fig. 3. Markov chain state extension for UPk

Φk,i,j (z) = pk BP,k,j (z) + (1 − pk )(fk z + Θk,j (z))
in which the data frame is (not) successfully transmitted,
while stationary distribution of bk,i,j,P z,t for t = 1 . . Lk + j
corresponds to the time period in which the node backoff
counter is locked on account of insufficient time to complete
a transmission. As before, subscripts s and c and their uppercase counterparts denote successful and unsuccessful medium
accesses, respectively, while P z is used to label the pause
caused by inability to access the medium.
We refer to pso,k and pco,k as the probabilities that the
medium becomes busy due to a successful transmission by
another node and unsuccessful accesses by the other nodes in
the network, respectively, which are computed as:
pso,k =
pco,k =

for k = 0 . . 7, j = 1 . . Wk,i , and i = 0 . . R.
Using the above PGFs we can write the PGF of i-th backoff
phase duration as
Φk,i (z) =

= z Lk +j (fk z + Θk,j (z))
1 − (1 − pk )Lk,so z Lk,so
BS,k,j (z) = pk BP,k,j (z)
(15)
1 − (1 − pk )z
+ (1 − pk )Lk,so fk z Lk,so + (1 − pk )Lk,so Θk,j (z)

BP,k,j (z)

Also, let BP,k,j (z) denote the PGF for the time interval during
which the backoff counter is locked due to insufficient time


Φk,i,t (z) ηk (Lk,s pk z Lk + 1 − Lk,s pk )


+ (1 − ηk )(Lk,c pk z Lk + 1 − Lk,c pk ) /Wk,i (18)
The PGF for the duration of backoff process for a UPk node
is
mk Y
i
X
(
Φk,u (z))(1 − ηk )i (z Lk,c )i ηk

Φk (z) =

(14)

τi ηk
where 1−τ
represents the probability of successful transmisi
sion by a UPi node. We note that pso,k + pco,k = 1 − fk is
the probability that the medium is busy due to an ongoing
transmission.
Let us denote the PGFs for the duration of a data frame (successful or unsuccessful) transmission as Stk (z) = Ctk (z) =
z lk +ack+sif s . Every backoff period is composed of up to R
backoff phases. The backoff phases are made of the time
periods in which the backoff counter is decremented by one
until the counter reaches zero.
Let BS,k,j (z) (BC,k,j (z)) denote the PGFs for the time
interval during which the backoff counter is locked due to successful (unsuccessful) medium access by other nodes, which
may be calculated from the extended DTMCs, as follows:

Wk,i j
XY
j=1 t=1

i=0 u=0
mk
R
X
Y

7
X

ni τi ηk
τk ηk
−
1
−
τ
1
− τk
i
i=0
1 − fk − pso,k

(17)

(

+

(19)

i−mk
Φk,u (z))Φk,m
(z)(1 − ηk )i (z Lk,c )i ηk
k

i=mk +1 u=0
mk
Y

R−mk
Φk,u (z))Φk,m
(z)(1 − ηk )R+1 (z Lk,c )R+1
k

+(

u=0

From (19), we calculate the mean backoff time before the
medium is successfully accessed or the data frame is dropped
d
Φk (z)|z=1 .
for a UPk node as φk = dz
3.3

Queuing Sub-model

To calculate durations of idle periods and access probabilities
of all UPs we need to know the queuing status of each UP
in each CSMA slot. The backoff probability distributions of
all UPs, acquired by the backoff duration sub-model, are then
used to arrive at the empty queue probability, duration of an
idle period, and the queue size of every UP.
We model the queue of each node in the WBAN using a
Geo/G/1 system with vacations [26]. The inter-arrival time to
the queue for all UPs is geometrically distributed with mean
of λ1k slots. A data frame is serviced when it is successfully
transmitted or dropped due to an exceeded retry limit. The
time interval in which the node performs the backoff process
or is idle because of an empty queue is called a vacation. We
assume that upon a successful access to the medium each node
transmits a single data frame.
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Let Bk (z) = Φk (z)Stk (z) denote the PGF of service time
(in slots) of a data frame for a UPk node, which includes the
backoff process and successful transmission time. The mean
0
service time for a UPk data frame is bk = Bk (1).
The offered load or traffic intensity of the queue is given
by ρk = λk bk . For stability condition the offered load must
be less than one, in which case the offered load is equal to the
carried load or the server utilization in the Geo/G/1 system.
We consider a Markov chain {Dk,n ; n = 0, 1, . . .}, where
Dk,n is the number of data frames present in the system for a
UPk node immediately after the service completion of the nth data frame. We refer to Ak,n as the number of data frames
that arrive during the service of the n-th data frame of a UPk
node. If the number of data frames of UPk that arrive during
an idle period is also denoted by αk , we have

αk + Ak,n+1 − 1,
if Dk,n = 0
Dk,n+1 =
(20)
Dk,n + Ak,n+1 − 1, otherwise
The PGF for the number of data frames that arrive during service time is Ak (z) = Bk [Λk (z)], where Λk (z) = 1−λk +λk z
is the PGF of the number of UPk data frames that arrive during
a single CSMA slot. Likewise, the PGF of the number of data
frames that arrive during idle time is αk (z) = Ik (Λk (z)),
where Ik (z) is the PGF of the idle period duration – the
difference between the inter-arrival time and the frame service
time. Since the UPk data frame arrival rate is λk , the number
of idle slots before an arrival follows a geometric distribution
λk z
. However, the service time of the
with the PGF of 1−(1−λ
k )z
last served data frame must be deducted from the inter-arrival
time, hence
λk z

Ik (z) =



Bk (z) 1 − (1 − λk )z

(21)



Let the steady state probability of having u ≥ 0 frames in
the UPk queue after service completion be
πk,u = πk,0

u+1
X

αk,j ak,u−j+1 +

j=1

where Ak (z) =

u+1
X

πk,j ak,u−j+1

(22)

j=1

∞
X

ak,u z u and αk (z) =

u=0

∞
X

αk,u z u . The

u=0

PGF of the steady state probability distribution {πk,u ; u =
0, 1, . . .} for the queue of a UPk node is given by
Πk (z)

=
=

∞
X
u=0
∞
X

πk,u z u
πk,0

u=0

+

u+1
X

αk,j ak,u−j+1 z u

j=1

∞
X

zu

u+1
X

πk,j ak,u−j+1

u=0
j=1
∞
X

αk,j z j

= πk,0

j=1

+

∞
X
j=1

πk,j z j−1

∞
X
u=j−1
∞
X
k=j−1

ak,u−j+1 z u−j+1
ak,u−j+1 z u−j+1

6

which ultimately gives
πk,0 (1 − Ik (Λk (z)))Bk (Λk (z))
(23)
Bk (Λk (z)) − z
The probability that the buffer is empty (after a successful
data frame transmission or a data frame drop due to an
exceeded retry limit) is determined from the normalization
condition as
1 − ρk
1 − ρk
=
(24)
πk,0 =
E[αk ]
λk E[Ik (z)]
The probability πk,0 depends on the time interval between two
successive successful transmissions/data frame drops, which
in turn depends on the background traffic, the contention
among the nodes, and the data frame arrival rates. The backoff
duration of a node is a function of the backoff durations and
frame arrival rates of other nodes in the network which might
be at different backoff phases at different time slots. Hence,
πk,0 represents an average probability.
From (13) and (24) we obtain a set of 16 equations which
enables us to calculate the 16 unknown variables of τk and
πk,0 , for k = 0 . . 7. To solve this model analytically, we
employ an iterative approach. We first solve the model based
on initial values for XE , XR , and f7 . The next iterations are
performed using the computed values in equations (2) and (1)
based on the data calculated in the previous iteration. Iteration
t+1, t ≤ 0 is computed based on the outputs of iteration t and
the computed values in equations (2) and (1). The iterations are
repeated until the value difference between two successive XR
values is less than a predefined value (0.1), up to a maximum
of 6 iterations.
The PGF of waiting time for a UPk data frame, defined as
the time interval from the moment when the frame arrives to
the moment when its successful transmission begins, is

Θk (z)(θx + 1 − θ),
k≤6
Ωk (z) =
(25)
Θ7 (z),
otherwise
Πk (z) =

where the term
(1 − ρk )(1 − Ik (z))(1 − Λk [Bk (z)])
Φk (z)
Θk (z) =
E[Ik (z)]λk [1 − Bk (z)](Λk [Bk (z)] − z)
(26)
represents the PGF of the waiting time of the UPk data
frame until it reaches the top of the queue [26], while
eap2
corresponds to the PGF of the waiting
θ =
2(eap + rap)
time from the moment when the data frame reaches to the top
of the queue until the moment when its transmission backoff
process begins; Φk (z) is the PGF of the backoff duration of
the data frame.
By solving the set of sub-models for all UPs, we are able
to compute the mean waiting time of a UPk data frame as

(2)

λk bk − λk bk
E[Ik (z)(Ik (z) − 1)]


+
+ θ + φk , k ≤ 6

2(1 − ρk )
2E[Ik (z)]
ωk =
(2)

E[Ik (z)(Ik (z) − 1)]
 λk bk − λk bk

+
+ φk , k = 7

2(1 − ρk )
2E[Ik (z)]
(27)
(2)
d2
where bk = bk + dz
B
(z)|
.
Finally,
the
mean
response
2
k
z=1
time, defined as the time interval from frame arrival to the
time it leaves the system, is ζk = ωk + (lk + sif s + ack).
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TABLE 3
Experimental setup: traffic parameters.
UP
7
6
5
4

3
2
1
0

4

data stream
ECG
EEG
ECG
EEG
Blood Pressure
Glucose
Oxygen Saturation
Temperature
Respiration Rate
Physical Activity
EMG
ECG
EEG

number of nodes
1
1
2
1
1
1
1
1
1
4
1
5
8

traffic load (p/s)
2
2
2
2
2
1
1
0.25
0.25
1
4
0.8
0.5

sampling rate (Hz)
200
200
200
200
200
50
50
5
5
50
1000
200
200

sample size (bits)
12
12
12
12
12
16
16
8
8
16
16
12
12

P ERFORMANCE E VALUATION

We have used Maple 13 [27] to solve the analytical model
outlined above and to calculate the performance descriptors of
the network. Moreover, we have developed a simulation model
of the IEEE 802.15.6 in OPNET [23]; this model implements
the complete functionality of IEEE 802.15.6 as stipulated by
the standard.
The wireless healthcare network which is used for performance evaluation of the IEEE 802.15.6 standard under
non-saturation regime consists of a hub and 28 nodes. The
nodes include ten channels for Electroencephalogram (EEG),
eight channels for Electrocardiogram (ECG), one blood pressure sensor, one glucose monitoring node, one blood oxygen
saturation monitoring sensor (pulse oximeter), four physical
activity monitoring sensors, one channel for Electromyogram
(EMG), one body temperature sensor, and one respiration rate
monitoring node.
The nodes are categorized into eight UPs, as shown in
Table 3 which uses the parameter values from [28]. We assume
that all the nodes in a given UP have equal traffic load and
payload size.
While this setup may be somewhat arbitrary from the
perspective of a healthcare worker, it is fairly representative
of a real scenario in which an IEEE 802.15.6 WBAN might
be employed.
We set the differentiation parameters of CWk,min and
CWk,max for all the nodes according to the standard, as shown
in Table 1. The retry limit is set to R = 7 for all the UPs.
4.1

packet size (Bytes)
150
150
150
150
150
50
50
20
20
50
500
375
600

Medium access

Fig. 4 show mean waiting time for select UPs in the scenario
RAP1 length varies while the EAP1 length is constant. As
before, some UPs are omitted for clarity, and analytical and
simulation results are shown with lines and crosses, respectively.
Results for the scenario in which the length of EAP1 varies
from 0.05 second to 0.12 second while the length of RAP1 is
fixed at 0.3 second are shown in Fig. 5 (as before, simulation
results are omitted for clarity). The results confirm that increasing the length of EAP1, under non-saturation condition,
increases the mean waiting time of the data frames, specifically

UP0
UP2
UP4
UP6
UP7

Fig. 4. Mean waiting time: all UPs, length of EAP1 is 0.05
sec.
the data frames that do not belong to the highest priority traffic
class UP7 .
4.2

Effectiveness of user priorities

We have also investigated the effectiveness of user priorities
provided by the IEEE 802.15.6 standard. We consider a
network with medium load, consisting of a number of nodes
with identical traffic loads of two packets per second with the
packet payload of 150B, and vary the number of nodes whilst
keeping other parameters unchanged.
In the first scenario, we consider a WBAN with four nodes
in each of the eight UPs. Fig. 6(a) show the mean waiting
time for select UPS. As can be seen, the difference between
all categories except UP7 (the highest one) is rather small,
despite quite different contention window sizes. As before,
lines denote analytical results, while crosses denote simulation
results.
This conclusion is confirmed by the second experiment in
which the WBAN uses only four UPs consisting of eight nodes
each. Comparing the results in Fig. 6(a) and Fig. 6(b), we may
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UP7

UP6
UP4

UP0
UP2
UP4
UP6
UP7

UP2

UP0

(a) Mean Waiting Time

(b) Successful Transmission Probability

Fig. 5. Network performance: all UPs, length of RAP1 is 0.3 sec.

UP0

UP0

UP2

UP2

UP4
UP4
UP6
UP6

UP7

(a) All UPs with four nodes each.

(b) UPs 0, 2, 4, and 6, with 8 nodes each.

Fig. 6. Mean waiting time; length of RAP1 is 0.3 sec.
conclude that four priorities are more than enough, and that
merging together priorities 0 and 1, 2 and 3, and 4 and 5,
respectively, would not change the results in any noticeable
way.

traffic to the highest priority traffic class in case of non-zero
EAP access phase, leads to better performance results for all
nodes.

Thus, it seems safe to conclude that having four priorities
instead of the original eight would give very similar results
in terms of performance, while simplifying considerably the
design of the firmware and software, as well as reducing the
complexity of the hardware.

5

We have also analyzed network performance in the case
where the network has only two UPs with 16 nodes each:
one group of nodes with UP0 , and another with either UP6 or
UP7 ; the results are shown in Fig. 7. As can be seen, assigning

S UMMARY

AND CONCLUSION

The results shown above allow the following observations to
be made.
Short EAP and RAP phases lead to inefficient use of WBAN
bandwidth; in particular, slots at the end of EAP phases
are wasted since there is not enough time for completing a
frame transmission. In addition, frame collision probability
noticeably increases at the beginning of a RAP phase because
the nodes at all priorities below UP7 have just unlocked
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UP0

UP0

UP6

UP7

(a) UPs 0 and 6, 16 nodes each.

(b) UPs 0 and 7, 16 nodes each.

Fig. 7. Mean waiting time; length of RAP1 is 0.3 sec.
their backoff counter and are, thus, highly likely to transmit
a data frame. Since these nodes had to pause their backoff
counter form the previous RAP and phase, and given the small
contention window sizes of WBAN UPs, the number of such
nodes is high, and degradation of performance is very likely.
In fact, EAP phases are largely unnecessary as they provide
little performance improvement for UP7 nodes, which are
already highly prioritized by the small contention window
sizes, while considerably decreasing the performance for all
other UPs. As the result, overall WBAN performance is
degraded unless the network traffic is high – which is not
a typical WBAN scenario.
Based on the current contention window sizes for different
priority classes, deployment of eight UPs is unnecessary. Our
results indicate that traffic classes 0 and 1, 2 and 3, and 4 and 5,
respectively, have almost equal performance measures. Therefore, satisfactory performance could be obtained with only four
priority classes, namely UP0 , UP2 , UP4 , and UP7 for WBANs,
which could reduce the development and manufacturing costs
of IEEE 802.15.6-compliant hardware and software.
Finally, the IEEE 802.15.6 CSMA/CA mechanism is not
very efficient in utilizing the medium. In particular, small
contention window sizes for all UPs lead to early saturation
by increasing the collision probability under medium to high
network traffic volume. Increasing the CW size would decrease the collision probability and, thus, improve improve
the WBAN performance at the expense of higher energy
consumption.
Finally, the results of the analysis performed in the network that uses RTS/CTS handshake (presented in the Online
Supplement) indicate that deploying the RTS/CTS mechanism
degrades the network performance, esp. when the WBAN
operates well below the saturation regime and data frames of
small to medium size are used.
It remains to be seen whether these problem areas will

preclude wider utilization of the IEEE 802.15.6 standard for
the development of WBANs.
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F

The IEEE 802.15.6 standard does not mention the use of
RTS/CTS handshake, but neither does it prohibit it. Therefore,
it may be of interest to see whether its use would give
any benefits. This Online supplement presents the results
of performance evaluation of our model in case RTS/CTS
handshake is used. We first present the differences in the
analytical model, and then show the results of performance
evaluation.

1

A NALYTICAL MODEL : CHANGES NEEDED
ACCOMMODATE RTS/CTS HANDSHAKE

UP0
UP2
UP4
UP6
UP7

TO

In this section, we will briefly outline the changes that need
to be introduced in the analytical model to accommodate the
RTS/CTS handshake. Let rts and cts represent the size of RTS
and CTS (in slots) and rtsb and ctsb (in bits), respectively, and
let δ = (1 − ber)rtsb +ctsb denote the probability that neither
RTS nor CTS is corrupted by noise. All other variables are
the same as in the main paper.
In Equation (2), the mean number of CSMA slots in the
EAP1 period is updated via
eap
0
XE
=
(1)
χ + n7 τ7 ψδL7,s + (1 − χ − n7 τ7 ψδ)L7,c
where the transmission time for a UPk data frame in slots is
Lk,s = rts+cts+lk +ack+3sif s and Lk,c = rts+cts+sif s
for successful and unsucccesful transmission, respectively. The
corresponding transmission times of data frames sent by other
nodes are Lk,so = rts + cts + lk,o + ack + 3sif s and Lk,co =
rts + cts + sif s, respectively.
In the Markov chain in Fig. 2 in the main file, ηk = fk δ
represents the probability of successful access to the medium
for a UPk node when its backoff counter reaches zero.
The probability that the queue of the node with UPk is
empty when a data frame is either successfully transmitted or
0
dropped due to an exceeded retry limit is πk,0 = πk,0 σk ; it is
calculated in the queuing sub-model.
The PGFs for the duration of a successful and unsuccessful data frame transmission, failure being due to a RTS
• S. Rashwand, J. Mišić and V. B. Mišić are with the Department of Computer
Science, Ryerson University, Toronto, Ontario.

Fig. 1. Mean waiting time in the network with all UPs;
length of EAP1 is 0.05 sec.
collision, by Stk (z) = z rts+cts+lk +ack+3sif s and Ctk (z) =
z rts+cts+sif s , respectively.
The PGF for the service time of a data frame is given by
σk Φk (z)Stk (z)
Bk (z) =
.
1 − (1 − σk )Φk (z)Stk (z)
The PGF of waiting time for a UPk data frame, as per
equation (25), is modified by multiplying Θk (z) from equation (26) by (rts + 2sif s + cts)z + 1 − rts + 2sif s + cts,
which corresponds to the PGF for the duration of the RTS/CTS
handshake.

2 P ERFORMANCE
RTS/CTS

OF MEDIUM ACCESS WITH

Once those changes are incorporated in the analytical model,
it is solved in the same manner as the one described in the
main paper. The simulation and analytical results for the mean
waiting time of data frames for all user priorities where the
RAP1 length varies while the length of EAP1 is constant are
shown in Fig. 1. As before, we have not shown the results
for all user priorities in order to improve clarity; the priorities
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UP7

UP6

UP4

UP0
UP2
UP4
UP6
UP7

UP2

UP0

(a) Mean waiting time.

(b) Probability of successful transmission.

Fig. 2. Performance of the network with all UPs; length of RAP1 is 0.3 sec.
shown are labeled in the diagrams. Lines denote analytical
results, while crosses denote simulation results.
As can be seen, increasing the length of RAP1 while EAP1
is kept constant improves (i.e., reduces) the frame delay for all
UPs, since longer RAP periods lead to decrease of collision
probability after an EAP period. In addition, having short EAP
and RAP periods increases the number of CSMA slots in
which the medium cannot be accessed by the nodes because
there is not enough time to complete a data frame transaction
during the current access phase.
In the second scenario, the length of EAP1 varies from 0.05
second to 0.12 second while the length of RAP1 is set to 0.3
second; the results are shown in Fig. 2, again with lines and
crosses denoting analytical and simulation results, respectively.
Comparing the graphs in Figs. 1 and 2 above with their
counterparts, Figs. 4 and 5 in the main paper, we see that
the behavior of the network does not depend on the use
of RTS/CTS – in qualitative terms, that is. With or without
RTS/CTS, mean waiting time and transmission success probability of data frames increase for all UPs when the length of
EAP1 increases. Namely, having a long EAP period essentially
wastes network resources because the traffic load of the highest
priority traffic category, UP7 , is low. However, during the RAP
periods the traffic congestion increases because other nodes
have shorter time periods for transmission. The conclusion is
that judicious choice of RAP and EAP periods according to the
traffic loads of the UPs should lead to substantial performance
improvements.
However, the difference in quantitative terms is quite noticeable, as the performance of the WBAN improves dramatically
when the RTS/CTS mechanism is not used, esp. in terms
of waiting time which is about 50% lower when RTS/CTS
is not used. The probability of successful transmission is
only slightly higher when RTS/CTS is used, probably because
the original values were high enough, so there’s not much
improvement there to justify the use of RTS/CTS handshake.

We may conclude that the use of RTS/CTS is counterproductive in the scenario shown, where small to moderate data
frame sizes of up to the maximum payload size of 600 B
are used. This setup was selected for use in an environments
where signal to noise ratio (SNR) is low, in which case larger
payloads are more likely to result in frequent frame errors and
retransmissions.
However, for a WBAN in an environment with sufficiently
high SNR, larger frame sizes may be used. In this case, using
the RTS/CTS mechanism improves the performance of the
network because the RTS/CTS avoids many of the errors,
and its transmission time is considerably smaller than the
transmission time of the data frame itself.

3

S UMMARY

Our results indicate that, for an unsaturated WBAN with a
small to moderate data frame sizes, deploying the RTS/CTS
mechanism degrades the network performance compared to the
case where the nodes immediately transmit their data frames
upon a successful medium access. Since the control frames are
not much smaller in size compared to the data frames, there
seems to be no benefit in using RTS/CTS; on the contrary, it
actually degrades network performance.

