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ABSTRACT
In this work, we propose an optimization framework for the IEEE
802.15.4 medium accesscontrol (MAC) protocol. More precisely,
wederive atheoretical tool providing reliableguidelines for tuning
the parameters of the MAC protocol. The presented tool could be
used in two different directions: (i) for fixed network topology, it
might be of interest to determine the MAC protocol configuration
able to guaranteethe best performance according to some quality
of service metric; (ii ) for fixed parameters of the MAC protocol,
it might be of interest to determine the optimal network topology.
Both these situations appear in practical situations. In particular,
the first scenario happens in all cases where one cannot decide a-
priori the node positions,because of some randomnessor for some
physical constraints, so that the only degreeof freedom isgiven by
the MAC protocol itself. The secondset of scenarios occurs in the
circumstances where one can decide the nodes displacement, thus
introducing more degrees of freedom, but making also the prob-
lem solution more complicated. The proposed optimization tool
applies some classical operative research instruments to a recently
proposed Markov-Chain based model that has shown to besuitable
for the performance analysis of a generic Cluster-Tree(CT) multi-
hopIEEE802.15.4 network. Wewill also show that this tool could
be effectively used in a real scenario with a low-cost low-energy
hardware platform.

Categories and Subject Descriptors
G.3 [Probability and statistics]: Queuing theory, stochastic pro-
cesses; D.2.8 [Software Engineering]: Metrics—complexity mea-
sures, performance measures

General Terms
Performance evaluation

Keywords
Markov chains, IEEE802.15.4, relay, buffer, medium accesscon-
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trol (MAC) protocol, cluster tree(CT) networks.

1. INTRODUCTION
Despite the significant attention received by the research com-

munity and the existence of a well designed standard as the IEEE
802.15.4 [1], nowadays the market penetration of wireless sensor
networks (WSNs) is still far from the expected objectives. In or-
der to explain this relative failure, one should think that the IEEE
802.15.4 standard effectively addresses some key issues common
to any WSN application, as low cost and network reliability, but
at the same time this standard cannot effectively satisfy the spe-
cific requirements of any possible WSN-based application. From
another perspective, the existence of a very general standard as
IEEE 802.15.4, surely contributes to significantly reduce the cost
of the hardware platform. On the other hand, we feel that the IEEE
802.15.4 standard is too general, thus complicating the design pro-
cessand hindering a wide spread of the WSNs.

The main goal of this work is to provide some “easy-to-follow”
design guidelines,to beused in the “customization” processneeded
by any WSN-based application. A step in this direction is of-
fered by several analytical frameworks proposed for performance
evaluation (at the MAC level) of IEEE 802.15.4 networks [7, 2,
6, 10, 8]. Until now, the majority of these models have focused
on star topologies, while versions suitable to multi-hop networks
are rare [4]. Moreover, to the best of our knowledge we are not
awareof any attempt to define an optimization processof the IEEE
802.15.4 MAC protocol. By leveraging on theMarkov chain-based
general model proposed in [4], in this work we propose an innova-
tive optimization procedure for the design of the MAC protocol of
IEEE802.15.4 networks.

This paper is structured as follows. In Section 2, we briefly de-
scribethemain characteristicsof theIEEE802.15.4 MAC protocol.
In Section 3, we provide the reader with a quick description of the
analytical model for performance evaluation of CT IEEE802.15.4
networks proposed in [4]. In Section 4, the results of our perfor-
manceoptimization strategy are presented. Finally, concluding re-
marks are given in Section 5.

2. IEEE 802.15.4 STANDARD OVERVIEW
The IEEE802.15.4 standard refers to the first two layers of the

ISO/OSI stack (i.e., physical and MAC) and guarantees (in princi-
ple) a transmission data-rate equal to 250 kpbs in a wirelesscom-
munication link. The IEEE802.15.4 networks can operate in two
modes: asynchronous, denoted as “unslotted,” and fully synchro-
nized, denoted as “slotted.” In the slotted mode, which we focus
on, the nodes share a common time referenceprovided by the co-
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ordinator. Two consecutive synchronization packets, denoted as
“beacons,” delimit a so-called “superframe,” which is further di-
vided into two regions, referred to as active and inactive, respec-
tively. While in the latter region all nodes go to the sleeping state
to preservetheir battery energies, in theformer regionall nodescan
transmit their data packets. During the active region, we consider
the use of Contention AccessPeriod (CAP), where every node can
transmit according toa slotted non-persistent Carrier Sense Multi-
ple Accesswith Collision Avoidance(CSMA/CA) MAC protocol,
with the use of a proper Binary Exponential Backoff (BEB) algo-
rithm. A Contention FreePeriod (CFP), with Guaranteed TimeSlot
(GTS), can also be used. To limit the complexity of the model, we
set to zero the duration of the CFP, so that the structure of the su-
perframe iscompletely determined by the following parameters.

• The duration of the superframe, expressed in terms of num-
bersof symbol durations,which can assumevalues in theset
{0,1, . . . ,14} and is proportional to 2BO, where BO is the
beacon order.1

• The duration of the active period, which can assume values
in theset {0,1, . . . ,14} and isproportional to 2SO, whereSO
is the superframe order.

Thesevaluesare chosen by the coordinator and notified to theother
nodes through the beacon packets. Unlike [6], we do notconsider
thepresenceof an inactive region (hence, BO= SO) and theuseof
ACK messages. Finally, in order to further reduce the complexity
in both the analytical framework and in the simulations we ignore
theInterFrameSpace(IFS), which isapre-defined waiting timebe-
tween twoconsecutive transmission acts. However, our framework
can be easily extended to take into account thepresenceof the IFS.

The used (slotted) CSMA/CA MAC protocol relies on a dis-
cretization of the timeinto (backoff) slots,each with a lengthequal
to 20 times the duration of a physical symbol. Every node can
attempt to get control of the channel for a maximum number of
times, denoted as m. The default value of m is 4. Before the k-th
attempt, the node has to wait for a random waiting time, denoted
asWk, whose length(expressed in termsof timeslots) isuniformly
distributed in theset

{
0,1,2, . . . ,2BEk −1

}
, k = 1, . . . ,m+1, where

the variables {BEk} are generated according to the following rule:

BEk+1 = min
{

BEmin +k,BEmax
}

k = 0, . . . ,m.

In theIEEE802.15.4 standard, thedefault valuesBEmin andBEmax

are fixed to 3and 5, respectively.
At the end of thek-th waiting period, thenode assessesthestatus

of the channel througha Clear Channel Assessment (CCA) oper-
ation during the first 8 time symbols of the successive slot. If the
channel is busy and the k-th attempt fails, the node will start the
waiting time of the (k + 1)-th backoff cycle (if k + 1≤ m); other-
wise, the node will perform a second CCA operation in the suc-
cessive slot. We denote as the k-th backoff cycle the union of the
k-th doubleCCA operations and thek-th waiting time. Sincein our
model the time unit is given by a backoff slot, we ignore the time
needed by the transceiver to switch between transmission and re-
ception modes—this time has to be shorter than 12 time symbols.
Finally, observe that even if the channel accessattempt succeeds,
the transmission can be delayed to the successive superframe if in
the current one there is not enough time to complete the transmis-
sion.

1Note that the value BO = 15 is used for the unslotted mode [1].

L

M sources

Sink

(a)

L

M sources

SinkRelay

(b)

Figure 1: Network scenarios of interest for (a) star topology
and (b) two-hop communications.

3. MARKOV CHAIN-BASED PERFORMANCE
ANALYSIS

In this section, we briefly recall a few basics of the framework
proposed in [4]. Preliminary scenarios of interest for 1-hop and
2-hop networks are shown in Figure 1 (a) and Figure 1 (b), respec-
tively. All nodes have afinitedimension buffer (at the MAC level),
with the exception of thesink, which isassumed to have an infinite
buffer. The number of sources isdenoted as M.

3.1 Single-hop Network Scenarios
Our analytical model isadirect extension of that proposed in [8]

for “bufferless” scenarios. In thiscase, thereisno queue for storing
packets waiting to be scheduled for transmission and a generated
packet can bestored at thenode only if no other packet iscurrently
stored. For the sake of clearness, we now summarize the main
assumptions behind our model.

• All the sources generate traffic according to the same distri-
bution. Therefore, it i s possible to study a “tagged” node to
characterize all sourcenodes [9].

• As stated in Section 2, if the remaining time in the current
superframe is not sufficiently long for a data packet trans-
mission to be completed, the node must defer it to the next
superframe. When the duration of the superframe is suffi-
ciently long and the traffic load is not too high, the above
situation rarely appears and, therefore, will be neglected in
our analytical model. Clearly, if the value of BO is toosmall
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this assumption is no longer valid. In particular, the analyt-
ical model will b e shown to be accurate for values of BO
larger than 5.

• The probability that the channel is sensed idle in a given
backoff slot is approximated by the steady state probability
that the channel is idle. This assumption has already been
considered in the literature [12]. We remark that the channel
idlenessin one slot is not independent of that in the consec-
utive slot, and this will be taken intoaccount in our model.

• Theprobability that anodebeginsitstransmission inageneric
slot is approximated by the steady state probability that a
node transmits.

On the basis of these assumptions, it i s possible to identify two
Semi-Markov Processes (SMPs): one for the shared radio channel
and one for the tagged node. It is well known that an SMP al-
ways embeds a DTMC. Moreover, if an SMP is positive recurrent,
irreducible, and aperiodic, it i s sufficient to know the average so-
journ time of every state of the SMP and the limiting distribution
of the embedded DTMC to compute the average fraction of time
that theSMPspends in each state [3]. Therefore, we can accurately
model the system behavior by studying the embedded DTMCs of
the channel and of the tagged node. These DTMCs are mutually
coupled, as will be shown later.

3.1.1 Tagged Node DTMC
With respect to the original model proposed in [8] for buffer-

less scenarios, we have proposed the following modifications [4].
First, the assumption of geometric distribution for the waiting time
can be relaxed, since the SMP theory states that the knowledge of
the average sojourn time Wk , E{Wk}, k ∈ {1, . . . ,m + 1} allows
to derive the long-term behavior of the parent SMP [3]. Due to
this reduction of the number of states and transitions in the SMP,
the embedded DTMC becomes simpler as well . Then, finite size
buffers, all with l engthL, are inserted at the MAC level of sources
and relay. As in classical queuing theory, L is the capacity of the
entire node, formed by a queue of size L−1 and a server able to
processonepacket at a time. Therefore, anode can storeL packets.
Themodel proposed in [8] doesnotallow to handle thepresenceof
a buffer with a finite size L. However, the key assumptions at the
beginning of Subsection 3.1, namely the facts that (i) every source
node has the same probability to accessthe channel in every time
slot and (ii ) the probability that the channel is idle in a certain time
slot is always the same, lead to a decorrelation between the nodes’
queues. Therefore, it i s possible to model the queue at the tagged
node as a Geo/G/1/L queue with parameter πn

0 . This corresponds
to the probability that the queue is empty after a packet departure,
either successfull or unsuccessful (becauseof a channel access fail -
ure).

Due to the assumptions previously made, the modifications in
the node DTMC do not affect the “nature” of the process gov-
erning the behavior of a source node, i.e., this process remains
an SMP. For this reason, an embedded DTMC can still be ex-
tracted. Moreover, this DTMC is ergodic, since it is irreducible,
aperiodic, and finite [3]. In Figure 2, a simplified representation of
the DTMC model for the buffered tagged node is shown. Note that
the macrostate CSMA embeds all the workflow of the CSMA/CA
MAC protocol shown in[4]. When πn

0 , pc
i , and pc

i|i are known, us-
ing proper balance equations the limiting distribution of the tagged
node DTMC, denoted asπ

n, and of the long-term sojourn times of
theSMP, denoted asΠ

n, can be determined. Thiscomputation can
be found in[4].

CSMA

TX

IDLE1 − p

q

p

1 − πn
0

πn
0(1 − q)

πn
0(1 − q)

πn
0

Figure 2: DTMC model for a buffered remote node compliant
with the IEEE 802.15.4 networks.

To determine the distribution of the number of costumers in the
queue of the tagged node in correspondenceto aslot boundary, the
expression of the packet servicetime is needed. This time is given
by the sum of the time necessary to transmit a packet and the time
spent to accessthe channel. Sincethe packet sizeis fixed, the dis-
tribution of the packet service time depends only on pc

i and pc
i|i .

The packet service time is given by two distinct components: the
first, denoted as Tsucc(z), accounts for the successfully transmit-
ted packets, while the second, denoted as Tfail (z), accounts for the
discarded packets because of a CSMA/CA MAC protocol failure.
Using the approach proposed in [6], after a few manipulations, it
can be shown that the probability generating function (PGF) of the
packet servicetime (denoted as Tt(z)) can be expressed as

Tt(z) = Ttx(z)pc
i pc

i|i

m+1

∑
k=1

(

1− pc
i|i pc

i

)k−1 k

∏
j=1

B j(z)

︸ ︷︷ ︸

Tsucc(z)

+
(

1− pc
i|i pc

i

)m+1 m+1

∏
j=1

B j(z)

︸ ︷︷ ︸

Tfail(z)

(1)

where Bk(z) is the k-th backoff cycle duration.
From (1), using the procedure described in [11], one can derive

the distribution of the number of customers that are queued at the
time of a packet departure. This vector of size L is denoted by
πππn = [πn

0πn
1 . . .πn

L−1], where πn
k is the probability that the queue

of the tagged node contains k packets immediately after a packet
departure (k ∈ {0,1, . . . ,L−1}).

3.1.2 Channel DTMC
In Figure 3, the DTMC model for the physical communication

channel is shown. As one can see, in thiscase there are four states,
denoted as IDLEIDLE, SUCCESS, IDLE, and FAILURE. Thefirst
state of the channel DTMC is denoted as IDLEIDLE, because be-
fore every transmission the channel has to remain idle for two con-
secutive slots, as stated by the IEEE802.15.4 standard [1]. When
a new packet is transmitted, the channel schedules a new transmis-
sion with probability 1−α, whereα , (1− pt|ii )

M is theprobabil-
ity that no source has transmitted given that the channel was idle
during the two previous slots, pt|ii is the probability that the tagged
node transmits given that the channel was idle during the two pre-
vious slots, and M is the number of sources. Conversely, if just a
single node transmits, the channel moves to the SUCCESSstate:
this event happens with probability β , Mpn

t|ii (1− pn
t|ii )

M−1. Fi-
nally, if morethan onenodes transmit at thesametime, the channel
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1

1

1 − α − β

1

α

SUCCESS

FAILURE

IDLEIDLE IDLE

β

Figure 3: DTMC model for the physical communication chan-
nel in IEEE 802.15.4 networks.

movesto theFAILURE state: theprobability of thisevent isclearly
1−α −β . After a packet transmission has been carried out, either
successfully or unsuccessfully, the channel movesto theIDLE state
with probability 1 and then to the IDLEIDLE statewith probability
1. The presence of the IDLE state is expedient for modelling the
IEEE 802.15.4 standard, where a few freetime slots are inserted
before anew superframe is scheduled.

Given thevaluesof α andβ (obtained bysolving thetagged node
DTMC), it i s possible to derive the closed-form limiting distribu-
tion of the channel DTMC, denoted as π

c, and of the long-term
sojourn times of the SMP, denoted asΠ

c, as shown in[4].
Note that we are implicitly assuming that every node sees itself

as a “competitor” for accessing the channel. Clearly, this is unre-
alistic, since in a real network a node cannot compete with itself.
However, this assumption is expedient to allow us to extend our
analytical model to scenarios with multi-hop communications or
heterogeneous networks, i.e., where nodes or group of nodes may
have different medium access strategies.

3.1.3 Throughput and Delay
As mentioned in the previous subsection, the tagged node and

channel DTMCs are coupled. Their distributions can then be ob-
tained by solving proper fixed-point equations, as explained in de-
tail in [4]. Once the distributions of these DTMCs and the long-
term sojourn times in thestatesof their parent SMPsare computed,
the system performance, in terms of throughputand delay, can be
evaluated as follows.

According to the formulation used in [8], the throughputcoin-
cideswith the averagefraction of time(over asufficiently long time
horizon) spent in the SUCCESSstate by the channel SMP and is
given by

Πn
S =

Nβ
1+(N +1)(1−α)

. (2)

However, in order to use a common definition for bothsingle hop
and multihop networks,we define the throughoutas

S , Mpn
t (1− pn

t|ii )
M−1 (3)

where pn
t = Πn

TX is the fraction of time spent by the tagged node
SMP in theTX state. Equation (3) simply statesthat it i spossibleto
obtain the aggregatenetwork throughput bysimply multiplying the

per-node throughput byM, sincetheformer isgiven by thefraction
of time spent by a single node in the TX state multiplied by the
probability that the others M−1 nodes do not transmit in the same
slot. We remark that in 1-hop scenarios, our definition (3) for the
throughput leads to the same result obtained using the definition
proposed in [8] and given by (2).

In the computation of the delay, we will t ake into account only
the packets which successfully accessthe channel through the
CSMA/CA MAC protocol mechanism. Note that we assume that
the delay experienced by a collided packet is the same of a packet
successfully transmitted, since we are not considering the use of
ACK messages. Oncethe distribution of the tagged node queue at
the timeof apacket departure (i.e, π

n) isknown, using Little’s law
the average waiting time can be computed as

W =
∑L−1

`=1 `π` +L(πo + pTt −1)

p
−T t (4)

where T t = T (1)
t (z)

∣
∣
∣
z=1

is the average packet service time. The

packets dropped due to CSMA/CA MAC protocol failures expe-
rience adifferent average service time (T fail ) with respect to the
transmitted (successfully or not) packets (T succ). However, the av-
erage waiting time is the same for all packets. Therefore, from (1)
and (4) one can evaluate the average delay of a successfully trans-
mitted packet as follows:

D = W +T succ. (5)

3.2 Two-hop Network Scenarios with Single
Relay

In this subsection, we show how to modify the proposed DTMC
models for 1-hopscenarios, in order to take into account the pres-
enceof an intermediate relay. Without proper approximations, al-
most every analytical model will b ecomemathematically int ractable.
Roughlyspeaking, our modelling goal consists in reaching thebest
tradeoff between analytical complexity andaccuracy of the results.
The following assumptions are then considered.

• Due to the Geo/G/1/L queuing theory, it i s possible to deter-
mine the output processof sourcenodes [11]. However, we
are not aware of any work which successfully characterizes
theoutput processof awirelesschannel using theCSMA/CA
MAC protocol [9]. Therefore, we arbitrarily assume that the
arrival processat the relay has a Bernoulli distribution with
aparameter, denoted as pr, which is different with respect to
the parameter p of the Bernoulli traffic distribution at each
sourcenode.

• Since the packet size is fixed and owing to the assumption
that every node experiencesthesamelong-term channel con-
dition, the packet service time is assumed to be the same
for relay and sources. Note, however, that the corresponding
queues have different behaviors since their arrival processes
are different.

• We assumethat thenumbersof customersin different queues
are independent and, therefore, we independently determine
their stationary distributions.

• The service time is independent of the arrivals. In fact, if a
packet experiencesashort channel accessdelay at thesource
nodes, no assumptionabout the channel accessdelay at the
relay can be made.

Due to the above assumptions,we can studya two-hopscenario by
simply addinga relay DTMC equal to a sourceDTMC, except for
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a different parameter of the per slot Bernoulli traffic distribution
(pr 6= p). Moreover, the relay is equipped with a Geo/G/1/L queue
equal to that of a source except for the arrival processparameter.
Therefore, we are in the presence of three DTMCs (one for the
tagged source node, one for the relay, and one for the channel)
and two Geo/G/1/L queues (one for the tagged source node and
one for the relay) mutually coupled. While in theone-hopscenario
thereisasingleunknown parameter pc

i , there arenow two unknown
parameters: pc

i and pr. In thiscase, avectorial fixed pointequation
of the following form can be derived:

(pc
i , pr) = Ψ(pc

i , pr)

whereΨ(pc
i , pr) dependson thestructuresof thetagged nodeblock

(DTMC and queue), the relay block (DTMC and queue), and the
channel DTMC.

Upon thederivation of pc
i and pr, the long-term sojourn timesof

theSMPsof thetagged node and therelay, thethroughputand delay
performanceof the considered networks can then be evaluated. As
in Subsection 3.1.3, here as well we define the throughputS as

S = pr
t(1− pn

t|ii )
M (6)

where pr
t is the long-term fraction of time spent by the relay in the

TX state and 1− pn
t|ii is theprobability of correct transmission (i.e.,

when all the M source nodes do not transmit). In this case, the
per-node throughput of the relay, given by (8) also coincides with
the aggregate network throughput, since just the packets correctly
transmitted by the relay itself are received at the sink.

The average end-to-end delay is simply obtained by adding the
average delay experienced by the tagged node, denoted as Dn, and
the average delay experienced by the relay node, denoted as Dr:

D = Dr
+Dn

.

3.3 Cluster Tree Networks
We now consider a general CT network, where the traffic gen-

erated at the sources (leafs) flows towards the sink (root), through
a series of intermediate relays. In particular, each relay receives
packets coming from a specific cluster of sources. At the same
time, the relays may be grouped into higher level clusters, which
can be associated with even higher level relaysor by thesink itself.
By grouping the sources and the relays at the various hierarchical
levels, one obtains the CT network depth. For example, the net-
work in Figure 4 is a particular CT network with a depth equal
to 3 and the following hierarchical levels: the first level contains
M = 12 sources, the second level is composed by the single relay,
and the last level contains just the sink. We define Nrelays as the
number of relays level in the CT, e.g. in a cluster of depth equal to
3, Nrelays = 2. Another example of CT network topology is shown
in Figure5, whereM = 16sourcenodes aregrouped into 4clusters
composed by 4sources each. Each cluster belongs, respectively, to
one of the 4 first level relays. The network topology is then com-
pleted by 2second level relaysand by thesink. In thiscase, theCT
is characterized by Nrelays = 2 level of relays.

Following thesame approach used in Subsection 3.2 for thetwo-
hop networks, it i s possible to extend the proposed performance
evaluation framework to this more general CT scenario. In par-
ticular, we assume that all relays can be modeled with the same
coupled DTMC-Geo/Geo/1/L queue block. In fact, we can state
that all the relays “see,” on average, the same channel and, there-
fore, the probability of finding the channel idle is the same for all
relays. The only differencebetween the relays is given by the pa-
rameter of the generated Bernoulli traffic. In particular, thek-th re-
lay (k = 1, . . . ,Nrelays) can bemodeled with thesameDTMC of the

Cluster 1

Cluster 2

Cluster 3

Relay 2

Relay 1

Relay 3 Sink

Figure 4: Cluster-tree topology with M = 12 sources grouped
into a CT network with 3 clusters, 3 relays, and depth equal to
3.

tagged node but replacing the parameter p with a parameter p(k)
r .

In fact, every relay receives a different amount of traffic, which
depends on the nodes in its own cluster and on the corresponding
amount of generated traffic.

Therefore, by using the basic node structures presented in Sub-
section 3.1, one can model every CT network. It is clear that the
accuracy of the analytical model reduces for increasing complex-
ity of the CT network, because of the considered simplifying as-
sumptions. It can be easily observed that the number of unknown
parameters in a CT network with increasing complexity becomes
larger and larger. In a CT network with Nrelays levels of relays, the

number of unknown parameters is Nrelays+ 1, namely {p(k)
r }

Nrelays

k=1
and pc

i . In this case, the following vectorial fixed-point equation
needs to be solved:

(

pc
i , p(1)

r , . . . , p
(Nrelays)
r

)

= Θ
(

pc
i , p(1)

r , . . . , p
(Nrelays)
r

)

where Θ(·) depends on the structures of the tagged node block
(DTMC and queue), the relays’ blocks (DTMC and queue), and
the channel DTMC. In ageneral CT network it becomes very diffi-
cult to prove the existence and theuniquenessof thesolution of the
fixed point equation. Since the performance results predicted by
our own DTMC-based system are in a very goodagreement with
realistic ns-2 simulation results,we are confident of the validity of
our analytical framework.

We remark that the delay is obtained by summing the delay of
the tagged node of each cluster level. For example, in the case of
the CT represented in Figure 4, the average end-to-end delay is

D = Dr2 +Dr1 +Dn (7)

whereDr2 and Dr1 are, respectively, the averagedelay of thetagged
node at thesecondandat thefirst relay level. However, in thiscase
we arenot interested in the aggregatethroughputS, but wefocuson
the per-hop throughoutexperienced bya generic sourcenode (e.g.,
the tagged node), denoted as Sn, andexpressed as follows:

Sn = pr
t(1− pn

t|ii )
M . (8)

Following the approach used in Section 3.2 for the two-hop net-
work, the aggregate throughputS could beobtained by multiplying
by Nr2 the per-node throughput of the tagged second level relay
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Figure 5: Cluster-tree topology with M = 16 sources grouped
into a CT network with 4 clusters with 4 nodes each, 2 relay
levels, and depth equal to 3.

(denoted as Sr2):

S = pr2
t (1− pn

t|ii )
M(1− pr1

t|ii )
Nr1 (1− pr2

t|ii )
Nr2−1 (9)

where the fraction of time spent by the tagged node SMP in the
TX state (pr2

t = Πr2
TX) has been multiplied by the probability that

the others M nodes, Nr1 first level relays and Nr2 −1 second level
relayes do not transmit in the same slot. From equation (9) it i s
also possible to derive the ratio between the number of success-
fully packet transmissions and the total number of generated pack-
ets from the tagged sourcenode, denoted as Packet SuccessRatio
(PSR),

PSR =
S

MN p
(10)

where S/(MN) is the average number of per-slot successfully re-
ceived packets, generated by the packet node, while p is the aver-
age number of packets generated by a source in a given temporal
slot. We remark that PSR is directly proportional to the aggregate
throughputS (and, obviously, also to the per-hop throughput).

4. NUMERICAL RESULTS

4.1 Simulation Set-up
Thesimulations,used to verify theresultspredicted by our Markov

chain-based framework, are performed using the built-in model, in
the version 2.31 of ns-2 [13]. The traffic generation model per slot
per node is Bernoulli with parameter p and each node generates
packets with constant sizeof 100 bytes (N = 10 backoff slots) in-
cluding the bytes of the physical and MAC layers. We evaluate the
throughputand the end-to-end delay as functions of the aggregate
offered load and for different values of the buffer length. In partic-
ular, we define the normalized average aggregate offered load as

G , M ·N · p

where p, M, and N have been already introduced. Multiplying
the normalized average aggregate offered load by the maximum
transmission rate of the IEEE802.15.4 standard (i.e., 250 Kb/s at
2.4 GHz) we obtain the average aggregate offered load g:

g = 250G [Kb/s].

We recall that a portion of this aggregate offered load is dropped
due to the finite length of the input buffer at the nodes.

In the analytical case, a coupled DTMC-based system is solved
numerically using Matlab [5] and, then, throughputand delay are
numerically evaluated.

4.2 Markov Chain-based Optimization Frame-
work

Wefirst evaluate the accuracy of our analytical model by varying
the parameters of the CSMA/CA MAC protocol. In particular, we
focuson thetopologieswith 1-hopand 2-hopcommunicationspre-
sented in Figure 1, considering a finite buffer of lengthL = 4 both
at thesourcesandrelay. TheCSMA/CA MAC protocol dependson
four parameters: (i) BEmin, (ii ) BEmax, (iii ) m, and (iv) the number
of CCA operations to be performed before declaring the channel
idle. In [8], the authors focused on the fourth parameter, showing
that in some cases the double CCA operations performed by de-
fault is a waste of time and resources. We now analyze the impact
of the remaining parameters. First, the maximum number of back-
off cycles is reduced tom = 2 (the default value ism = 4), in order
to evaluate the performanceof a network with a low delay require-
ment. Then, we study a network where the data reliability i s more
criti cal than the delay: in this case, we set BEmin = 4, BEmax = 6,
and m = 4, thus increasing the average waiting time and reducing
the colli sion probability.

In Figure 6, the delay is shown as a function of the throughput,
in scenarios with (a) 1-hop and (b) 2-hop communications. In all
cases, L = 4, M = 12, and various values of m, BEmin, and BEmax
are considered. The curves are parametrized respect to the average
normalized aggregate offered load (G). Analytical (solid lines)and
simulation (dashed lines) results are shown. As one can see, the
considered networks have abimodal (stable/non-stable) behavior.
We remark oncemore the excellent agreement between analytical
and simulation results in this case as well . Therefore, the intro-
duced approximations introduced in the analytical framework are
meaningful also for varying values of the backoff parameters (m,
BEmin, andBEmax).

4.3 CSMA/CA MAC Optimization
We now show how to use our analytical framework in order to

optimizethe CSMA/CA MAC parameters in a real case study. Let
us consider a network composed by a central sink node which col-
lects information from a M = 16 sensors (sources). The nodes
share the same radio channel (e.g., the hidden terminal problem
is not present) and the sink acts as the coordinator of the network.
In this scenario, it i s possible to transfer the data using one-hop
communications without resorting to the use of intermediate re-
lays. However, suppose that the network is deployed in an hostile
environment, e.g., an industrial scenario, and the presenceof some
mobile obstacles could temporarily appear. Therefore, in order to
have arobust network setup, able to operate also when some ra-
dio links are shadowed by these mobile obstacles, multi-hopcom-
munications can be established, inserting two level of relays, ob-
taining a CT topology, as shown in Figure 5. Clearly, the choice
of using multi-hop communications degrades the network perfor-
mances, since the radio resources are shared by all the nodes, but
it ensures an high network reliability, also in hostile environments.
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Figure 6: Delay as a function of the throughput, in scenarios
with (a) 1-hop and (b) 2-hop communications. In all cases,
L = 4, M = 12, and various values of m, BEmin, and BEmax are
considered. The curves are parametrized respect to the average
normalized aggregate offered load (G). Analytical (solid lines)
and simulation (dashed lines) results are shown.

In particular, we consider sources equipped with a finite buffer of
length L = 2. The sources transmit, on average, 7 pck/s (corre-
sponding top = 0.00225). Therefore, thenetwork isoperating in a
low load region, corresponding toG = 0.32.

We consider 54 combinations of the MAC parameters: m can
assumes values in the set {1,2, . . . ,6}, BEmax in the set {4,5,6},
and BEmin in the set {4,5,6}. Therefore, for every value of m one
can generate results for 9 combinations of BEmax and BEmin, i.e.,
for the following possible combinations:

(BEmax,BEmin) ∈ {(4,2),(4,3),(4,4),(5,2),(5,3),

(5,4),(6,2),(6,3),(6,4)}. (11)

In Figure 7, the PSR is shownas a function of the combinations
of theMAC parameters. Theresultsareobtained both throughsim-
ulations (pluses)and through the analytical model (solid bars). The
bars with the same value of m are grouped together and character-
ized by the same color. Within every group of uniformly colored
bars,i.e., for afixed valueof m, thevaluesof thepairs(BEmax,BEmin)
correspond to the values listed in (11). From Figure 7, one can
observe that the analytical model tends to overestimate the PSR,
but it captures the protocol dynamics, especially when the number
of backoffs is large. It is interesting to observe that both simula-
tions and analysis results show an increasing trend of the PSR as a

m= 1 m= 2 m= 3 m= 4 m= 5 m= 6
MAC parameters
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0.5

0.6

P
S
R

Figure 7: PSR, as a function of the MAC parameters m, BEmax,
and BEmin, in a balanced CT topology. In all cases, L = 2,
M = 16, and G = 0.32. Analytical (solid bars) and simulation
(pluses) results are shown.

function of m. Therefore, one can conclude that in this low traffic
load region a higher PSR can be achieved with a larger value of m.
Moreover, according to bothsimulations andanalytical results, the
lower is the value of BEmin, the higher is the PSR, whereas chang-
ing theBEmax doesnot lead tosignificant variations. Thisbehavior
is to be expected, sincein the low traffic load region the number of
retransmissions should be small .

In Figure 8, the end-to-end delay is shown, as a function of the
MAC parameters, using the same previous graphical notation. In
thiscase, the analytical model underestimates the end-to-end delay
obtained by simulations. However, this discrepancy could be con-
sidered tolerable, sincethe model captures very well the dynamics
of the CSMA/CA MAC protocol. Apart of insights obtained form
this comparison, the results of Figure 8 were intuitively expected.
In fact, the delay is directly proportional to the whole set of con-
sidered MAC parameters. In particular, one can observe how the
dynamics of the delay are significant, both withina uniformly col-
ored group of bars (variation of BEmax andBEmin) and withrespect
to nodesbelonging to not uniformly colored nodes (variation of m).

Finally, we arrange the presented results in “classical” delay-
versus-PSR curves. In fact, in this way it is possible to find very
quickly the best operational point. In particular, in Figure 9 and
Figure 10 the end-to-end delay is shown, as a function of the PSR,
on the basis of the results obtained, respectively, from the analyt-
ical model and from the simulations. Using these graphs, one
can determinethree “optimal” operational pointsaccording to three
different perspectives, namely: (i) the operational point that guar-
antees the highest PSR; (ii ) the operational point that gurantees the
minimum delay; (iii ) the operational point that gurantees the best
tradeoff. While the first two points could be find in a deterministic
way, the third one highly depends on the particular application of
interest. In this paper, we select the operational point which leads
to the best tradeoff between delay and PSR. In Figure 9, we have
tagged the three optimal operational points with the correspond-
ing MAC parameter configuration, obtained through the analytical
model. In particular, it emerges that in order to get the minimum
delay, it i s sufficient to minimizeBEmin and m (namely, m = 1 and
BEmin = 2), while the impact of BEmax is negligible. Moreover,
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Figure 8: End-to-end delay, as a function of the MAC param-
eters m, BEmax, and BEmin, in a balanced CT topology. In all
cases, L = 2, M = 16, and G = 0.32. Analytical (solid bars) and
simulation (pluses) results are shown.

one can also observe that the higher is the value of m, the higher
is the achieved PSR. Hence, the configuration that guarantees the
maximum PSR corresponds to m = 6, BEmin = 2, and BEmax = 4.
Finally, from a tradeoff perspective the best configurations seem to
be those characterized by a small value of BEmin and a high value
of m. In fact, the PSR benefit from a large value of m is more pro-
nounced than the penalty in terms of delay. In particular, in our
opinion the configuration that offers the better tradeoff is charac-
terized by m = 4, BEmin = 2, andBEmax = 4.

Finally, in order toassessthe effectivenessof our analytical model,
the optimal points according to the analytical model are verified
throughsimulation results. To this regard, thethree “optimal” points
aretagged in Figure10. It isimmediate to seethat, whilethediffer-
encebetween theresultsof Figure9 and Figure10 isnot negligible,
the choices predicted the analytical model remain roughly the best
also according to the simulation results. This means that our an-
alytical model really captures the behavior of the IEEE 802.15.4
CSMA/CA MAC protocol. In particular, the configuration which
minimizesthedelay and the configuration with thebest tradeoff are
the same in both the figures. This is not true for the configuration
which achieves the maximum PSR, but the differencewith respect
to the simulation-based operational point is very littl e.

5. CONCLUDING REMARKS
In thiswork, wehavepresented aMarkov-chain based analytical

framework that could be used bothfor analyzethe performanceof
a certain CT IEEE802.15.4 network and for optimizethe network
performance of the network itself. In particular, we have focused
on a scenario in which the network topology, the nodes character-
istics,and the traffic pattern, are a-priori fixed (e.g., by the applica-
tion constraints). In practice, the parameters of the IEEE802.15.4
MAC protocol, i.e., m, BEmin, and BEmax, are the only degreeof
freedoms. We have shown that our analytical framework is able
to capture the dynamics of the network, thus allowing to tune the
parameters of the MAC protocol, without resorting to lengthyand
computationally expensive numerical simulations. Moreover, our
framework could bepotentially employed as areal-time configura-
tion tool, for example, by thenetwork coordinator node. Asof now,

Figure 9: End-to-end delay, as function of the PSR, for various
combinations of the MAC parameters m, BEmax, and BEmin,
in a balanced CT topology. In all cases, L = 2, M = 16, and
G = 0.32. Analytical results are considered.

the required computational time is the main obstacle to the appli-
cation of our procedure in a real-time manner, but we are currently
pursuing extensions of our approach with limited complexity.
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