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ABSTRACT

This paper proposes a novel protocol for Industrial Wireless Sensor Networks (IWSN), which is called Adaptive
and Beacon-based Multi-Channel Protocol (ABMP), and combines multi-channel communication, real-time link
quality estimation, and dynamic channel allocation, to deal with the problems that affect the link quality in
industrial environments. A hybrid channel diversity mechanism is employed, in which the beacon trames are
transmitted using channel hopping, and the unicast data packets are transmitted using channel adaptation. The
network dynamically allocates the channels to deal with temporal and spatial variations in the channel quality.
Referring to ABMP, the end-nodes do not need to receive all the beacons to maintain the communication. As
demonstrated in this paper, the proposed approach makes the network more robust against problems related to
the beacon reception. The ABMP has been compared to the protocols TSCH, and CSMA/CA for networks with
the star and the tree topologies, using theoretical and simulation studies, with a realistic channel model for the
IWSN. The results indícate that the proposed protocol presents a better performance in comparison to the MAC
protocols defíned by the new standards for IWSN, in terms of packet delivery rate, delay, and determinism.

1. Introduction
The use of Wireless Sensor Networks (WSN) to implement monitoring and control systems in industrial environments has some advantages, such as, the low cost and high flexibility to reconfigure the network. However, it is necessary to deal with typical problems of wireless networks, and those specific problems appearing in industrial environments, such as noise, electromagnetic interference, fading and high
attenuation, due to the presence of objects and obstructions. Many
industrial environments also present characteristics that make the wireless channel non-stationary, for long time periods, which causes abrupt
changes in the characteristics of the channel over time (Agrawal et al.,
2014a).
To overeóme these limitations, mechanisms that allow the network
to self-adapt to the variations that oceur in the link quality over time
need to be implemented, such as adaptive routing (Gnawali et al.,
2009) or dynamic channel allocation (Gomes et al., 2015). Some standards have been proposed in the last years with a focus on industrial

applications, such as the WirelessHART and the ISAlOO.lla (Wang and
Jiang, 2016). They are based on the physical layer of the IEEE 802.15.4
standard, but define their own MAC layer, using TDMA instead of
CSMA/CA. They also use frequeney hopping to mitígate the problems
related to interference and fading.
Recently, the IEEE 802.15.4e standard was released, with a focus
on applications that require high reliability, such as industrial applications (Guglielmo et al., 2016). Five modes of operation are defined, but
only the modes Time-Slotted Channel Hopping (TSCH), Deterministic
and Synchronous Multi-Channel Extensión (DSME), and Low Latency
Deterministic Network (LLDN) have been explored in the literature until
recently. In general, the IEEE 802.15.4e modes are based on TDMA or
frequeney hopping to reduce collisions and mitígate the effeets of interference and fading, and to satisfy the requirements of industrial applications in terms of reliability (a high probability of packet delivery) and
determinism (to ensure the periodicity in the packet delivery).
Despite the new mechanisms, defined by these protocols to deal with
the unreliability problems of Industrial WSN (IWSN), some issues are of
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concern. For example, when using channel hopping, the nodes usually
switch to a new channel before each transmission. However, without an
adequate management of the list of channels allowed to be used in the
network (the blacklist management), the communication performance
may be significantly impaired (Petersen and Carlsen, 2009; Gürsu et
al., 2016). The spatial variations in channel quality can also affect the
performance of beacon-based protocols, such as in DSME networks or
networks based on the beacon-enabled mode of the IEEE 802.15.4 standard (Gomes et al., 2017a), since in these protocols the beacons are sent
using only one channel.
To implement channel adaptation mechanisms, or to perform
dynamic blacklist management in protocols that use channel hopping,
a Link Quality Estimator (LQE) is necessary to provide information
about the quality of the links to the network nodes. In a previous
work (Gomes et al., 2017b), a LQE and a new architecture for IWSN
were proposed, which uses dedicated nodes (the LQE Nodes) to perform real-time link quality estimation in IWSN. Different from other
LQEs (Baccour et al., 2015; Rekik et al., 2016; Barac et al., 2014),
the LQE described in (Gomes et al., 2017b) avoids generating extra
traffic overhead through the use of probe packets or redundancy in
the data packets, neither performs processing on the transmitter. This
approach allows real-time estimation using the LQE Node, which can
process many values of Received Signal Strength Indicator (RSSI), and
information obtained from received data packets, while the other nodes
of the WSN remain operating normally, which incurs in a low overhead.

Section 3 describes the new protocol proposed in this paper, the ABMP.
Section 4 describes theoretical and simulation studies to evaluate the
ABMP protocol, and to compare it with the protocols CSMA/CA, and
TSCH. Finally, in Section 5 the conclusions and some ideas for future
works are provided.
2 . Background information
2.1. Industrial Wireless Sensor Networks
The industrial environment usually contains metallic and mobile
objects, such as robots, machines, equipment, cars and people. This
influences the path loss, the shadowing, and the small-scale channel fading (Gomes et al., 2017b). Many industrial environments also
present characteristics that make the wireless channel non-stationary,
for long time periods, which causes abrupt changes in the characteristics of the channel over time (Agrawal et al., 2014a), i.e., the shadowing level as well as the severity of the multipath fading may present
abrupt variations along the time. More details about the challenges in
the implementation and deployment of IWSN can be found in (Queiroz
et al., 2017).
Another problem that can occur in WSN is the link asymmetry, i.e.,
the difference in the channel quality for the two directions of the link
(Baccour et al., 2012). Some protocols use acknowledgment per packet
and, in this case, it is necessary to guarantee a good quality of communication in the two directions of the link. Spatial variations in the
channel can also occur in WSN, affecting the quality of the links. In the
experiments described in (Watteyne et al., 2010), a coherence length
of 5.5 cm for IEEE 802.15.4 radios operating in the 2.4 GHz band was
verified. Hence, two nodes positioned at a distance greater than 5.5 cm
from each other, and using the same channel, can be considered uncorrelated, and thus the channel can present high quality for one node, and
low quality for the other.
The IEEE 802.15.4 standard defines sixteen channels in the 2.4 GHz
band, with 2 MHz of bandwidth, and channel spacing of 5 MHz. The
channels are highly uncorrelated. The experiments described in (Watteyne et al., 2010), in an office environment, showed that for distances
larger than 6.5 m between transmitter and receiver, even the adjacent channels are uncorrelated. In Gomes et al. (2017b) differences of
up to 15 dB in different channels, in an industrial environment, were
observed. One way to deal with the problems that affect the wireless
channel in industrial environments is to explore these diversity in the
characteristics of the different channels, by identifying and using the
best possible channels for each link.
The legacy IEEE 802.15.4 standard only supports a single channel
for communication, which reduces the scalability, and deteriorates the
network performance, the overall delay and throughput (Kurunathan et
al., 2018). Besides the scalability problem, the use of a single channel
for communication is a single point of failure, and the network becomes
unable to react to the spatial and temporal variations that occur in the
quality of the channel.
The recent standards for IWSN are based on the physical layer of
IEEE 802.15.4, but defines their own MAC layer. One of the main
differences between the new IEEE 802.15.4e standard in comparison
to the legacy IEEE 802.15.4 standard is the use of multiple channels. The protocols defined in the WirelessHART, ISA100.11a, and the
TSCH mode of the IEEE 802.15.4e are very similar, and use TDMA
and frequency hopping. In these protocols the time slots have 10 ms
of duration (or up to 12 ms in ISA100.11a networks) (Guglielmo et
al., 2016; Bartolomeu et al., 2016), and the nodes transmit using different channels in different time-slots, which makes the network more
robust against problems that affect only a subset of the channels. However, if a proper management of the blacklist is not made, the network
performance can be significantly degraded (Gürsu et al., 2016). The
blacklist is the list of channels that are not allowed to be used in the
network. For example, channels that are affected by external interfer-

A novel protocol for IWSN is proposed in this paper, called Adaptive
and Beacon-based Multi-Channel Protocol (ABMP). This protocol uses
both channel hopping and channel adaptation to improve the network
performance. Channel hopping is used to transmit the broadcast frames
to synchronize the end-nodes. This is done to deal with the spatial variations in the quality of the channels. In addition, the list of channels
used to transmit the beacons is dynamically configured, by monitoring
individual channels an updating their status, to avoid using channels
that present a low quality for a significant number of nodes.
Channel adaptation is used for the transmission of unicast data packets, and the channels are selected based on the characteristic of the
specific link between the end-nodes and their receivers. Even considering that ABMP is a beacon-based protocol, the end-nodes do not need to
receive all the beacons to maintain communication. With this approach,
the network performance is less affected by problems in the reception of
beacons. In addition, the ABMP uses group ACK through the beacons,
different from the TSCH protocol. Thus, it is possible to use shorter
time-slots to transmit the data packets, which reduces the delay, and
improves the overall throughput.
The use of a combination of channel adaptation (for unicast data
packets) and channel hopping (for broadcast beacon packets) were not
explored in the recent standards for IWSN. In addition, in our review we
did not find any paper that proposed such a similar strategy, integrating
these channel diversity mechanisms together with real-time link quality
estimation. Thus, this paper describes results that can contribute to the
development of new standards for IWSN as well as for the optimization
of the current standards.
The proposed protocol was compared to the existing protocols,
CSMA/CA, and TSCH, in a simulation study, for networks with star
topology, and also compared to TSCH for networks with tree topology. A realistic channel model was used (Gomes et al., 2017c), which
includes the problems affecting the link quality, such as fading, shadowing, and the non-stationary characteristics of the channel in industrial environments, as well as the differences in the characteristics of
the different channels. In conclusion, as demonstrated along this paper,
ABMP outperforms all evaluated protocols in terms of Packet Reception
Rate (PRR), latency, and determinism, for both star topology and tree
topology, for all scenarios considered in the paper.
The remainder of this paper is organized as follows. Section
2 describes important aspects of IWSN, and some related works.
23
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ence sources can be included in the blacklist to prevent the nodes from
using them.
The DSME mode is more flexible, and can use time-slots with different durations. It also allows the use of channel adaptation instead
of channel hopping in the contention-free periods. When using channel
adaptation, a pair of nodes communicate using only one channel during
a large time period. A channel switch only occurs when the channel in
use starts to present low quality. Thus, a procedure is necessary to evaluate the quality of the links continuously, in order to use the channel
adaptation mechanism properly. The implementation of this procedure
is not defined by the standard. The LLDN mode uses only TDMA, and
without a channel diversity mechanism, to achieve very low latencies.
However, some papers have proposed the use of multiple channels and
dynamic channel allocation in LLDN networks (Patti and Bello, 2016).
The experiments described in (Gürsu et al., 2016; Du and Roussos,
2013) indicated that with the use of a single channel, the communication performance may be higher than using a channel hopping strategy,
with a larger set of channels. However, the channel to be used must
be properly chosen, and different channels need to be used in different
parts of the network due to the spatial variations in channel quality.
In addition, the quality of the channels used in the network need to
be continuously monitored, since the wireless channel is non-stationary
in the long term (Agrawal et al., 2014b). However, for the broadcast
packets, channel hopping can be a good solution to deal with the spatial variations in the quality of the channels (Gomes et al., 2017a).
The TSCH, WirelessHART, and ISA100.11a standards are very similar and all of them consider the use of blacklists. The WirelessHART
uses a global blacklist (Zorbas et al., 2018a), configured by the network manager. One problem of using a global blacklist is that when
a channel is blacklisted, all the nodes stop using that channel. Thus,
the Quality of Service (QoS) for a set of nodes can be increased, but
the QoS for other nodes can decrease, due to the spatial variations in
channel quality (Gomes et al., 2018). In the ISA100.11a standard the
use of local blacklist is allowed, but the nodes abort the transmission
when a time-slot has a blacklisted channel associated to it, which negatively influences the delay and throughput (Kotsiou et al., 2017a). Some
papers described in Section 2.2 proposed mechanisms for blacklist configuration in IWSN.
The use of the mmWave spectrum for wireless communications in
industrial environments is also gaining importance in the last years. The
use of the mmWave spectrum allows using very large channels, that provide a high bandwidth, and can be used to support applications that are
not supported by the standards based on the IEEE 802.15.4 standard,
such as the use of smart cameras (Cheffena, 2016). However, the challenges to perform wireless communication in industrial environments
using this frequency band may be even higher, due to the high attenuation and reflection. Thus, the development of new adaptive protocols
may be also useful for applications that use the mmWave spectrum.

(the trigger packets), but only one channel is used to transmit them,
which is a single point of failure. In addition, the protocol is not capable to deal with multipath problems that can affect the quality of the
links. All the end-nodes also use the same channel for communication.
In summary, this protocol does not deal with all the problems existing
in the wireless channel in industrial environments.
The protocol Wireless Budget Sharing Token (WBuST) is proposed in
Franchino and Buttazzo (2017). The WBuST is a hybrid MAC protocol,
with contention-based communication and contention-free communication. In WBuST the network is divided into clusters, and each cluster
has a coordinator. Different channels are used in different clusters to
avoid collisions. Inside a cluster, the communication occurs based on
a structure called Communication Window (CW). Subsequent CWs are
separated by beacon frames, transmitted periodically by the cluster’s
coordinator. The main limitation of the WBuST is the absence of a channel diversity mechanism to deal with the problems that can affect the
quality of the links over time, such as interference and fading. Even different channels are used for different clusters, all communication inside
the clusters occurs using only one channel, which is a single point of
failure.
Correia et al. (2015) proposed the DynMAC protocol, which uses
dynamic channel reconfiguration, and is based on TDMA. The channel to be used by all nodes in the network (the global best channel) is
defined by the sink node, using information collected from the nodes
of the network. The main limitation of the DynMAC protocol is the use
of only one channel in all network. This protocol could work well in
a scenario in which external interferences are the only sources of link
quality disturbance. However, in industrial environments, fading and
shadowing also need to be considered, as well as the link asymmetry,
and the spatial and temporal variations that can occur in the link quality in such environments, as can be seen in experiments described in
(Agrawal et al., 2014b; Gomes et al., 2017b; Tanghe et al., 2008).
Farag et al. (2018) proposed a new MAC protocol called Slot Stealing Medium Access Control (SS-MAC), which have a prioritization
scheme to accommodate aperiodic time-critical traffic. Their approach
was compared to the WirelessHart protocol, that is very similar to the
IEEE 802.15.4e TSCH. However, their work only focused in the time
scheduling. The problems that can affect the wireless channel were not
considered in their study, and no mechanism for dynamic adaptation
of the channels used in the network was proposed. Thus, this work is
complementary to the work described in this paper, since both aspects
(time scheduling and dynamic channel allocation) need to be considered to increase the reliability of wireless communication in industrial
environments.
Some authors have proposed the use of adaptive channel selection
in TSCH networks to deal with interference and fading problems. In
Du and Roussos (2011, 2013), adaptive frequency hopping was used to
avoid using channels affected by interference sources. In this approach,
two time-slots in each cycle are used to perform readings of RSSI values,
to update the blacklist, and avoid the channels with a high level of interference. The experiments were conducted considering different sizes for
the blacklist. The higher the size of the blacklist, the better the communication performance. This result corroborates the results presented in
(Gürsu et al., 2016). However, this type of behavior only occurs if an
adequate monitoring of the quality of the channels is performed, in
order to properly configure the blacklist in real-time. One limitation of
the approach presented in (Du and Roussos, 2011, 2013) is that only
interference problems are considered. Other aspects that can affect the
quality of the links are not considered, such as shadowing and fading.
Besides, the channel quality monitoring is performed by all nodes and
using time-slots that could be used for communication, which produces
a high overhead, and increases the latency.

2.2. Related works
Some authors have proposed novel MAC protocols for real-time
communication based on the physical layer of the IEEE 802.15.4 standard (Flammini et al., 2009; Bartolomeu et al., 2017; Franchino and
Buttazzo, 2017; Correia et al., 2015). Other works proposed mechanisms to improve the performance of the MAC protocols defined by the
standard (Du and Roussos, 2011, 2013; Serizawa et al., 2017; Gomes et
al., 2017a; Kotsiou et al., 2017b).
Bartolomeu et al. (2017) proposed the Wireless Flexible Time Triggered (WFTT) protocol, for networks with strict time constraints. The
WFTT is based on the bandjacking technique, in which the communication medium is occupied by a noise generator in a synchronized way, to
avoid the interference from neighboring contention-based communication technologies, such as Wi-Fi networks. However interference problems from radios that use contention-free protocols, or other equipment
(e.g. microwave ovens) are not avoided. The WFTT also uses beacons

In Tavakoli et al. (2018) an enhancement of the TSCH protocol is
described, to include dynamic configuration of the blacklist. Different
from the work described in (Du and Roussos, 2013), idle spaces inside
the time-slots are used to estimate the quality of the channels, avoid24
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ing the use of dedicated time-slots for this purpose. However, as in (Du
and Roussos, 2013), only interference problems are considered, and an
overhead is imposed on the end-nodes, to identify interference sources
hidden from the coordinator. In addition, it is considered that the coordinator can communicate directly with all nodes of the network, which
is not realistic for many industrial deployments.
In Serizawa et al. (2017) a mechanism called Adaptive Channel
Diversity (ACD) is proposed for ISA100.11a networks. In the proposed
protocol, the network is divided in groups, and the end-nodes inside the
same group share the time-slots allocated to the group. The ACD mechanism use information about the quality of the channels to avoid using
channels affected by interference sources. The communication duration
is divided into four time segments, where three of them are dedicated
to the ACD mechanism, which incurs in a high overhead. The solution
described in (Serizawa et al., 2017) has the same limitations of the solution described in (Du and Roussos, 2013; Tavakoli et al., 2018), since
only interference problems are considered. Besides, many time-slots are
dedicated to the ACD mechanism, which increase the overhead of the
protocol and the latency of the network.
Li et al. (2015) proposed an implementation of adaptive channel
selection in TSCH networks based on the multi-arm bandit problem.
To estimate the quality of the channels, the nodes need to identify
when a Channel Clear Assessment (CCA) fail occurs (probably due to an
interference problem), and when consecutive transmissions fail (probably due to a deep fading problem). To avoid synchronization problems
between transmitter and receiver, the list of channels to be used in a slot
is determined by the transmitter and this list is sent to the receiver. The
transmitter then waits for an acknowledgment from the receiver. One
limitation is that the estimation of the quality of the channels is made
in the transmitter, which is usually the end-node of the WSN and have
more resource constraints. Besides, only a network with star topology
was evaluated, and the only metric evaluated was the throughput.

length to reduce latency, due to the fixed time-slot duration in the TSCH
mode. The ABMP uses group ACK through the beacons, thus the timeslot duration can be smaller, since the ACK per packet is not used. In
addition, it is possible to adjust the slotframe duration depending on
the size of the packets transmitted by the application.
Different from the other protocols described in this section, the
ABMP uses multiple channels in a dynamic way, based on the specific
characteristics of the links between the individual end-nodes and their
coordinators. Also, the broadcast packets (the beacons) are sent using
channel hopping and dynamic configuration of the list of channels used
to transmit these packets, to deal with the spatial and temporal variations in channel quality for the different links. In addition, different
from the other beacon-based protocols, in ABMP the end-nodes do not
need to receive all the beacons to maintain the communication, which
reduces the overhead caused by this synchronization method.
In this paper, the ABMP was compared to the protocols TSCH, and
CSMA/CA. The protocols defined by the standards WirelessHART and
ISA100.11a are similar to the TSCH, that uses TDMA and channel
hopping. The CSMA/CA is the protocol defined in the first version of
the IEEE 802.15.4 standard. The comparison with CSMA/CA was also
important to show the negative effects of using only one channel in the
network.
The ABMP have some similarities with the LLDN protocol, such as
the use of beacons to synchronize the nodes and for acknowledgment.
However, the LLDN was proposed only for small networks with star
topology, and only one channel is used in all network. The focus of
LLDN is to reduce as much as possible the latency. The ABMP also have
some similarities with the DSME protocol, such as the use of beacons for
synchronization and the possibility of using channel adaptation. However, in DSME networks only one channel is used to transmit the broadcast packets (the beacons), which is a single point of failure.
In a previous conference paper (Gomes et al., 2017a) a comparison between channel hopping and channel adaptation for DSME networks was performed. One limitation of the protocols analyzed in
(Gomes et al., 2017a) is that a very simple mechanism to estimate
the quality of the links was employed, based on the calculation of
the PRR at the coordinator. This approach works well only when all
the operation of the network is predictable, and dedicated slots are
used for retransmissions. Based on the previous results obtained in
(Gomes et al., 2017a) and on the results obtained in this paper, it
was possible to notice that for the type of network considered in this
research, the DSME provides a worse performance in comparison to
TSCH, both in terms of reliability (mainly due to the use of only one
channel to transmit the beacons) and in terms of delay. This justifies
the decision of only comparing ABMP with TSCH and CSMA/CA in this
paper.

In Kotsiou et al. (2017b) a link-based adaptive blacklisting technique was proposed for TSCH networks. In this technique the blacklists are defined locally, in which each pair of nodes that communicate
have its own blacklist. The two nodes that compose a link negotiates
the blacklist using control packets, that are sent in a specific timeslot. To decide which channels will be included in the blacklist, the
Packet Delivery Rate (PDR) is calculated in the transmitter side, and
the channels that are below a threshold are blacklisted. The advantage of this mechanism, compared to the use of a global blacklist, is
that the spatial variation in the quality of the channels is considered.
A limitation is that the link quality estimation is made at the transmitter side, which is usually the end-node. Besides, using the proposed
method, it is not possible to identify the type of disturbance present in
a channel (fading, interference or asymmetry), which could optimize
the blacklist configuration mechanism. Other limitation is that collisions are not completely avoided, although a mechanism to avoid consecutive collisions were implemented. In the experiments described in
the paper, the TSCH using the proposed technique outperformed the
TSCH with no blacklist, and the TSCH with a global blacklist. However, only one scenario was considered, with one-hop links and 10
nodes.

The ABMP is described in details in Section 3, and some details
about the implementation of the other evaluated protocols are provided
in Section 4 . 1 .
3 . Adaptive and Beacon-based multi-channel protocol
The proposed protocol, called Adaptive and Beacon-based MultiChannel Protocol (ABMP), can be used in networks with tree or star
topology. Fig. 1 shows a network with tree topology, and the types of
node considered in ABMP.
The Main Coordinator (MC) is the sink-node of the network, and
receives all the packets transmitted by the end-nodes. The end-nodes
can transmit directly to the Main Coordinator or through an intermediate node, called coordinator. The coordinators act as a sink-node to the
end-nodes, but they forward the received data packets to the MC. Fig. 1
also shows a fourth type of node, the Link Quality Estimation (LQE)
Node.
The LQE Nodes are associated to the coordinators, and are responsible to estimate the quality of all links of the network. This architecture
was first proposed in (Gomes et al., 2017b), and allows the real-time

Zorbas et al. (2018b) proposed an approach for local blacklist configuration and a distributed scheduling mechanism. The paper provides
only an initial evaluation, and some aspects were not considered, such
as the temporal variations in channel quality. Besides, the overhead to
reconfigure the blacklists and the schedule is on the end-node, which is
not adequate for applications in which the end-nodes have significant
resource constraints.
Different from the works described in (Kotsiou et al., 2017b; Li et
al., 2015; Zorbas et al., 2018b), in the protocol proposed in this paper
(the ABMP), the estimation process occurs on the receiver side using
dedicated nodes, without causing overhead in the end-nodes. Besides,
even the mechanisms described in these papers may improve the quality
of service of TSCH networks, it is not possible to adjust the slotframe
25
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have simultaneous transmissions, but each transmitter transmits to a
different receiver, and preferably using different channels.
The beacons are used to maintain synchronization, and to support
the use of channel adaptation. In ABMP they are also used to perform
group ACKnowledgment (ACK). By using beacons in the network, the
end-nodes do not need to share the same global time reference. If beacon packets are received frequently, the end-nodes can communicate
using TDMA without facing problems due to differences in the drift of
the clock sources in the different nodes. However, in beacon-based protocols, the end-nodes only transmit their packets if the beacon frames
are correctly received. Thus, the overall performance of the network is
degraded if many beacon frames are lost. The use of group ACK allows
a reduction in the duration of the time-slots, since it is not necessary to
receive the ACK inside the same time-slot, as in TSCH networks, which
uses fixed time-lots with duration of 10 ms.

Fig. 1 . An example of ABMP network with tree topology.

link quality estimation without imposing overhead in the sensor nodes
neither on the network. The LQE Nodes acquire samples of RSSI continuously, and use information obtained from received data packets.
Thus, it is not necessary to transmit diagnostic packets, such as in other
solutions for link quality estimation (Baccour et al., 2015; Rekik et al.,
2016). The ABMP is independent of the mechanism used to estimate
link quality, thus other approaches could be used as well.
In ABMP the medium access is performed based on a multi-slotframe
structure, similar to the structures defined for DSME and TSCH networks. Each multi-slotframe has a set of slotframes, and each slotframe
is composed by a beacon packet, and a set of time-slots that can be
used by the nodes to perform data transmissions. It is possible to allocate some time-slots in the first slotframe for contention based access,
in order to allow new nodes to join the network. It is also possible
to use configuration time-slots inside the multi-slotframe, in order to
reconfigure the network dynamically, such as in LLDN networks (IEEE
Std, 2012). In planned networks, in which the number of sensor nodes
is fixed, the period for contention based access (or the configuration
slots) can be removed. In the analysis made for this research, the former scenario was considered, so neither contention access period nor
configuration slots are defined.

The ABMP is a beacon-based protocol, but the end-nodes do not
need to receive all the beacons to maintain communication. In ABMP,
the end-nodes only need to receive one of the beacons transmitted
inside a multi-slotframe. For example, if a given end-node receives
the first beacon, it can communicate during the k following slotframes,
independent of the reception of the other beacons inside the same multislotframe. This is done to mitigate the overhead caused by the use of
beacons.
The beacon frames are transmitted in broadcast mode to all endnodes connected to the coordinator. Therefore, the channel used to
transmit these frames needs to present good quality for all links between
the coordinator and the end-nodes. However, spatial variations in the
channel quality can occur. In consequence, the ABMP uses a hybrid
approach, in which channel adaptation is used for the transmission of
data packets, and channel hopping is used for the transmission of beacon frames. Using this mechanism, the end-nodes do not remain disconnected for a long time period due to problems in a sub-set of channels
regarding its link to the coordinator. Besides, the list of channels used
in the channel hopping mechanism can be changed over time by the
MC, to avoid using channels with interference or fading problems that
affect a significant number of links.

Fig. 2 shows an example of a multi-slotframe structure for an ABMP
network, with k slotframes. In the ith slotframe inside a multi-slotframe
(i < k), there is a time-slot for the beacon (B i ), and T time-slots for
data transmission (S0 to ST-1). The multi-slotframe shown in Fig. 2
can be applied to a network with star topology. For networks with tree
topology, there are additional time-slots to allow the coordinators to
forward the beacon packets to the end-nodes. The number of time-slots
allocated for the transmission of beacons is equal to the number of
levels of the topology. This idea was also used in (Patti and Bello, 2016)
to implement LLDN networks with tree topology.
All slotframes inside a multi-slotframe have the same structure, with
the time-slots allocated to the same nodes. The end-nodes in the network have one or more time-slots inside each slotframe, and thus, they
have at least k time-slots inside a multi-slotframe. The allocation of
time-slots is based on the requirements of the application executed by
each end-node. When a star topology is used, only one transmission
occurs during a time-slot. When tree topology is used, it is possible to

The number of channels used to transmit the beacons can be configured by the application. It is recommended that multiple channels
are used, to deal with the spatial variations in the channel quality for
the different end-nodes. The information about the channels used in the
transmissions are passed to the end-nodes through a bitmap inside the
beacon frame. When the MC changes the list of channels used to transmit the beacons, it updates the values of the bitmap, and informs to the
end-nodes the new configuration. However, the new list of channels is
only used in the next multi-slotframe, to guarantee a high probability
that all end-nodes will receive the updated information. Inside a multislotframe, k beacons are transmitted using different channels, with all
of them carrying the new information. If a given end-node loses several
consecutive beacons, and loses the synchronization, it enters in a restart
mode, as explained in Section 3.2.
The channels used by the end-nodes to transmit data packets inside a
multi-slotframe are defined by the coordinator, which sends this infor-

i-slotframe
Fig. 2. ABMP muíti-slotírame structure.
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Fig. 3 . Fields of the beacon frame in ABMP.

mation to the end-nodes using the beacon frames. As channel adaptation is used for the transmission of data packets, the end-nodes use
the same channel while the link to the coordinator using that channel presents good quality. In order to use this mechanism, it is necessary to estimate the quality of the links continuously. In Section 3.3
the approach used to estimate the quality of the links in ABMP is
described.
In this paper, the use of redundant routes was not considered, but
it is possible to integrate this feature in ABMP. In this case, a given
end-node can connect simultaneously to multiple coordinators. To do
this, it is necessary to allocate time-slots for the end-node in both coordinators, but the end-node needs to choose from which coordinator it
will receive the beacon packets in each slotframe, for synchronization
purposes. Inside a multi-slotframe the end-node can transmit packets to
different coordinators. However, if the end-node is configured to perform retransmissions, it can communicate with only one coordinator
per slotframe, since the acknowledgment is made through the beacon
packets, and the end-node only receives the beacon from one of the
coordinators per slotframe.
It is also possible to have multiple sink-nodes (MCs in ABMP),
and to associate a given coordinator to multiple MCs. In this case,
the coordinator also needs to choose from which MC it will receive
the beacon packet in each slotframe. In addition, the multiple MCs
need to be synchronized in time, which can be done through a
wired auxiliary connection between the MCs, as used in WirelessHART
networks for the access points, or in ISA100.11a networks for the
backbone routers (Wang and Jiang, 2016). However, the evaluation of these more complex topologies is beyond the scope of this
paper.

nator was configured to verify the flags for each 2 s. Thus, if a node fails
to transmit two consecutive packets (which may involve several retransmission attempts), the coordinator concludes that the link of that node
is in a deep fading state, and pick a new channel for the link with the
node.
When a tree topology is used, multiple slotframes are processed
simultaneously. The intermediate coordinators receive the beacon
frame from the MC in the first time-slot, and forward the beacon to
the end-nodes in the following time-slot. The transmission of the beacons from the intermediate coordinators occurs simultaneously, using
different channels. The list of channels used to transmit the beacons is
defined by the MC, and is the same for all coordinators, but each one
uses a different offset to select the channels.
The channels to be used by each end-node in the sub-networks, to
transmit the data packets, are defined by the coordinator of the subnetwork, since the decision is based on the quality of the specific link
between the end-node and its coordinator.
Fig. 3 shows the structure of the beacon frame transmitted by the
MC and by the coordinators. The field Sequence Number of the IEEE
802.15.4 packet is used as the Beacon ID, and the Addressing Field is
used to store a set of fields used in ABMP (short address of 4 bytes
is used). Each coordinator in the network has a different ID, which is
used as the offset to define the channels used to transmit the beacons,
and as the destination address in the transmissions performed by the
end-nodes.
Two bytes of the Addressing Field are used to store a bitmap containing the information about the channels used to transmit the beacons. Each bit of the bitmap corresponds to one channel, and only the
channels whose the bit is set to one are used to transmit the beacons.
The last byte of the Addressing Field is used to store the ID of the first
channel, which is the channel used by the MC to transmit the beacon
B0. With the ID of the first channel, and the bitmap of channels, it is
possible to identify the sequence of channels used to transmit the beacons inside a multi-slotframe. As B0 is the only beacon whose the nodes
always wait to receive, the algorithm to configure the list of channels
used to transmit the beacons try to use the best possible channel as the
first channel.
In the payload of the packet, T × 4 bits are used to transmit the
channels to be used in each time-slot, and T bits (ACK Bitmap) are used
to acknowledge the packets transmitted in each time-slot during the
last slotframe. When an end-node transmits a packet or an intermediate
coordinator forwards a data packet, it waits for the next beacon frame,
in order to read the ACK Bitmap, to verify if the packet was received
by the coordinator. For networks that do not use packet retransmission,
this field can be removed.
As a set of fields used by the ABMP are stored in pre-defined fields
of the IEEE 802.15.4 MAC frame, only a part of the fields are stored
using the payload. With the configuration used, it is possible to store
up to 118 bytes on the payload. Thus, it is possible to manage a
network with up to 188 time-slots per slotframe. So, a star network
with up to 188 end-nodes could be defined. When using tree topol-

3.1. Operation of the coordinators
The MC sends beacon frames periodically, using channel hopping,
and waits to receive data packets in the time-slots. It is responsible for
defining the list of channels used to transmit the beacons in all network,
and also to define the channels used by the nodes connected directly to
it, to transmit or forward the data packets.
To estimate the quality of the links using the approach proposed
in (Gomes et al., 2017b), the coordinator needs to receive data packets. However, if a channel enters in a deep fading state for some link,
no packets can be received from the node that is using that link. To
overcome this problem, the coordinators maintain a flag for each node
connected to it. Periodically the flags are checked, and if a flag is set
to one, the coordinator changes the channel of the corresponding link.
After checking the flags, the coordinator sets all the flags to one. When
a data packet is received, the flag regarding the link in which the packet
was received is set to zero, to indicate the absence of deep fading problems in that link for the current period.
The time period to check the flags can be configured according to
the application. As in the analyses made for this paper, a packet transmission rate of 1 packet/s was used at the application layer, the coordi27
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Fig. 4 . Flow diagram of the ABMP operation at the MC.

ogy, the number of nodes can be much higher, due to the simultaneous transmissions, and it is possible to use packet aggregation in
the coordinators, in order to allocate less time-slots to the coordinators forward the packets to the MC. Thus, even for networks with several end-nodes, it is possible to use the packet structure defined for
the ABMP. The definition about the number of end-nodes, and the
number of time-slots to be used, is application-specific. For larger networks, it is also possible to schedule the use of the field Channels.
In this case, for each multi-slotframe, only the channels of a subset of nodes are updated. This approach allows networks with more
end-nodes, but the channel adaptation mechanism becomes less reactive.
Figs. 4 and 5 show the flow diagrams that explains the operation
of the ABMP on the MC, and on the intermediate coordinator, respectively. Some aspects of the operation of the intermediate coordinator
are similar to the operation of the end-node, since the intermediate
coordinator acts as an end-node for the MC. So, these shared aspects
are better explained in Section 3.2.

Fig. 5. Flow diagram of the ABMP operation at the intermediate coordinator.

channels, and start to use the new configuration only at the next multislotframe.
Once a beacon is received, the nodes can switch to sleep mode, to
save energy, during the time-slots in which they are not establishing a
communication. After the last time-slot ( S T - 1 ) in a slotframe, the endnode can skip the next beacon, and wait for the beginning of the next
slotframe, if other slotframes remain before the next multi-slotframe.
After the kth slotframe the node switches to the First Channel to wait
for the first beacon (B 0 ) of the next multi-slotframe.
If the end-node transmits a packet inside a slotframe, it also needs
to switch the channel, and wait for the next beacon to verify the ACK
bitmap. However, when an end-node is only waiting for the ACK, it can
continue to process the multi-slotframe, if the beacon is lost, since it
already has the information necessary for the current multi-slotframe,
obtained from an earlier beacon.
Finally, if many beacons are lost in sequence (this threshold can be
configured), the end-node enters in a restart mode, in which it listens
in every of the 16 channels during k slotframe periods, until a beacon
is received, and then the end-node can obtain the updated information about the network operation. As multiple beacons are transmitted
inside a multi-slotframe, using different channels, the probability that
a node enters in the restart mode is reduced. In the implementation
evaluated in this investigation, an end node enters in the restart mode
when 16 consecutive beacons are lost.

3.2. Operation of the end-node
Fig. 6 shows a flow diagram that explains the operation of the ABMP
on the end-node side. The end-node starts its operation waiting for a
beacon frame. If the list of channels used to transmit the beacons is
not known a priori, it listens in every of the 16 channels during k slotframe periods, until a beacon is received, and then the end-node can
obtain the updated information about the network operation, and start
to transmit its packets.
In each multi-slotframe the end-node starts its operation by waiting
for the first beacon (B 0 ). If the beacon is lost, the end-node switches
to the next channel in the list, and waits for the next beacon. This is
done through the use of a timeout, that is initiated after the end-node
performs the channel switch to wait for the beacon, and it is configured
to expire after the time-slot in which the beacon should be received.
If the beacon is received the timeout is disabled, otherwise it is reset
in order to identify a possible error in the reception of the next beacon.
When a beacon is received, the end-node obtains all the information necessary to perform communication inside the multi-slotframe,
and goes to the first time-slot of the current slotframe. The information obtained from the beacon include the channel to be used by the
end-node during the multi-slotframe, and the list of channels used to
transmit the beacons. If the MC updates the field Channel Bitmap or
the field First Channel, the field Change List (see Fig. 3) is set to one
to indicate to the end-nodes that they need to store the new list of

3.3. Operation of the LQE node
In the implementation of ABMP built for this paper the approach
described in (Gomes et al., 2017b) was used to perform real-time link
quality estimation, with the use of dedicated nodes (the LQE Nodes).
The LQE Node is integrated to the WSN node (a MC or a coordinator,
in this case) through a data bus. In (Gomes et al., 2017b) more details
about the implementation of this approach can be found, as well as
many experimental studies to validate the link quality estimator and
the LQE Node.
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of link quality (Tlq ). Every Ep seconds, the LQE Node calculates a new
estimation of the quality of all links between the coordinator and the
nodes connected directly to it. If some link presents a quality below
Tlq, the LQE Node informs to the coordinator which is the link with
problem, and the new channel to be used for that link, using the data
bus that connects the two micro-controllers. Tlq corresponds to a value
between 0 and 100%, which represents the minimum probability of
success in a packet transmission supported by the application. For all
evaluations made for this paper, Tlq = 90%, and Ep = 2 s were used.
The new channels to be used are defined in a round-robin fashion for
the implementation built for this research. However, in scenarios with
interference sources, picking adjacent channels may be not the best
option.
The metrics Pf and Ca are combined to calculate the quality of
the links between the end-nodes and the coordinator. This is done
in all coordinators of the network. The metrics Pb and Ca are combined to calculate the quality of the channels used to transmit the beacons. Only the MC is allowed to change the list of channels used to
transmit the beacons. However, to optimize the choice of the channel used to transmit the beacon B0, an additional bit is included in
the payload of the packets forwarded by the coordinators, to inform to
the MC if the first channel presents bad quality for its sub-network.
When the MC receives one packet from some coordinator with the
bit set to one, it changes the first channel used to transmit the beacons.
4. Results
This section shows the results obtained from a theoretical analysis (Section 4.2), and from a simulation study (Section 4.3), using a
realistic model to simulate IWSN. The theoretical study was performed
to guide the choice of appropriate values for two parameters, that is:
the number of slotframes per multi-slotframe (k) and the number of
retransmission attempts per packet (a). To evaluate the reliability of
the protocols, the PRR at the MAC layer and at the application layer
was verified, as well as the average number of transmission attempts
made for every data packet. In addition, the delay was evaluated for all
protocols, as well as the time interval between the reception of two consecutive packets, which gives an indication of the determinism offered
by the protocols.

Fig. 6. Flow diagram of the ABMP operation at the end-node.

Three metrics are analyzed to estimate the link quality. The metric Pf is used to estimate the forward link quality, the Pb is used to
estimate the backward link quality, and Ca is used to estimate the influence of external interference sources. Pf is calculated using RSSI samples obtained from received data packets. Ca is calculated through the
continuous acquisition of RSSI samples by the LQE Node in all channels. By using the LQE Node, many values of RSSI can be acquired
and processed continuously, without affecting the operation of the
WSN.
Pb is calculated using information about duplicate packets. Since
in ABMP the ACK is performed using the beacons, this metric is used
to estimate the quality of the channels used to transmit the beacons.
A counter of duplicate packets is used for each of the k channels
used to transmit the beacons in the multi-slotframes. When a duplicate packet is received, the counter of the channel used in the transmission of the previously beacon is incremented. A duplicate packet
is received when the data packet is correctly received at the coordinator, but the beacon with the ACK is not received at the endnode. Thus, there is a correlation between the number of duplicate
packets, and the quality of the channel used to transmit the beacon
frame.
Since the end-nodes always wait to receive the beacon B0, a different
approach is used to estimate more quickly the quality of the channel
used to transmit the first beacon. One bit is used in the payload of the
data packets transmitted by the end-nodes, to indicate if the beacon B0
was lost inside the current multi-slotframe. The overhead to perform
this operation is short for end-nodes, since only a quick verification is
made during the first time-slot of a multi-slotframe, and only one bit is
added to the payload.
The operation of the LQE Node is based on two parameters defined
by the application layer, the period of estimation (Ep), and the threshold

4.1. Evaluated protocols
The ABMP was compared to other two protocols through simulation studies, one is based on the TSCH mode of the IEEE 802.15.4e,
and the other is the CSMA/CA, as defined by the IEEE 802.15.4 standard. In the next subsections some details of the implementation of
these protocols are provided. All protocols were evaluated in several
scenarios considering networks with star topology. The ABMP and the
TSCH were also evaluated for scenarios considering networks with tree
topology.
In the TSCH protocol, the communication is set based on a slotframe structure. Each slotframe is composed by a set of time-slots, and
each time-slot is dedicated to one or more nodes. It is possible to have
simultaneous transmissions in the same time-slot, in which each transmitter transmits to a different receiver, using a different channel. The
slot-frame automatically repeats, and all nodes have a shared notion of
time. Typically, the slot allocation is configured by a higher layer when
the device joins the network. The nodes hop over the entire channel
space to minimize the negative effects of multipath fading and interference (IEEE Std, 2012).
Fig. 7 shows an example of a slotframe with eight time-slots (S0 to
S7). In TSCH, each time-slot has 10 ms of duration, and accommodates
one packet transmission and the corresponding ACK packet. If the ACK
packet is not received inside the time-slot, the node can retransmit that
packet in the next time-slot allocated to it.
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Fig. 7. Example of slotframe with eight time-slots for a TSCH network.

In the implementation built for this investigation, the channel (ch) to
be used in a given time-slot is determined using the following equation.

lator described in (Colesanti and Santini, 2011) was used in the simulations, with a little modification, to allow packet retransmission at MAC
layer.

ch = (ASN + [ASN/SFsis¡e\ + charmelOffset) mod 16,
4.2. Theoretical evaluation of performance

in which ASN is the absolute slot number, defined as the total number of
time-slots elapsed since the start of the network, and SFáie is the number of time-slots in a slotframe. A different charmelOffset can be defined
for each node in the network. The nodes use all the 16 available channels, and it is possible to achieve up to 16 simultaneous transmissions
without collisions, using different channels.
The IEEE 802.15.4e standard also defines the use of blacklisting, in
which the list of channels considered in the channel hopping mechanism can be reduced. In (Du and Roussos, 2013; Gürsu et al., 2016)
it was observed that the larger the size of the blacklist, the better
the communication performance. However, this occurs only if an adequate monitoring of the quality of the channels is performed, to properly configure the blacklist. In (Gürsu et al., 2016), the best performance was obtained when using only one channel, the best one during
the experiment. This result motivates the use of channel adaptation
instead of channel hopping for the transmission of data packets, as in
ABMP.
To use dynamic configuration of blacklist, it is necessary to aliocate time-slots in order to the coordinator update the blacklist for all
nodes. It is also necessary to implement some mechanism to guarantee the synchronization of all nodes, as was implemented for ABMP
through the use of beacons. For the simulation study described in this
paper, blacklisting was not used for TSCH, since no external interference sources were considered in the simulations. Blacklisting is usually
used to exelude channels affected by external interference, as in the
solutions described in (Du and Roussos, 2013; Serizawa et al., 2017).
On the other hand, the simulation model considers important aspeets of
the wireless channel, such as shadowing, fading, and the non-stationary
behavior of the channel in long time periods.
The nodes do not present clock drift problems in the simulations,
and thus all the nodes maintain the synchronization during all the time.
Henee, no mechanism to guarantee time synchronization was employed
in TSCH. In practice, it is necessary to perform time synchronization
periodically. In the IEEE 802.15.4e standard, each node is associated
to a time-source neighbor, and the synchronization can be based on
the time of reception of data packets (frame-based synchronization), or
based on a timestamp put on the ACK packet (ACK-based synchronization). Some aspeets of the implementation of these mechanisms, such
as how the time-source neighbor must be selected, are not detailed in
the standard (Guglielmo et al., 2016).
In the CSMA/CA protocol, when a node has a packet to transmit, it
waits for an initial random period (back-off period) before it attempts
to transmit, which only occurs if the communication médium is idle.
Otherwise, the device waits for another back-off period before trying
to access the channel again (IEEE Standard for Information technology, 2006). If the channel access fails for a given number of attempts
(three for the implementation used in this paper), the packet is discarded. The implementation of CSMA/CA algorithm for Castalia simu-

To analyze the success probability in a packet transmission that can
be achieved using the proposed protocol, a simple analytical model was
derived. For this analysis a star network is considered, in which each
end-node has one time-slot dedicated to it in each slotframe. The multislotframe is composed by k slotframes, and the beacons are numbered
between 0 and k - 1, as is illustrated in Fig. 2.
The average probability of receiving a beacon, considering all nodes
and all used channels, is pb, and pd is the average probability of success in one data packet transmission. The overall probability of success in a data packet transmission depends on pb, pd, and the number
of attempts per packet. As in ABMP the nodes do not need to receive
all beacons, it depends also on the slotframe in which the transmission attempt occurs, since further the beginning of the multi-slotframe,
higher the probability that a beacon had already been received by the
end-node during the current multi-slotframe. Considering this characteristic, the overall probability of success of a data packet transmission
in ABMP (PSA(i, a, k)), considering k slotframes per multi-slotframe, the
first attempt at the slotframe i, and with a consecutive attempts, can be
obtained recursively from
( 1 - ( 1 - pb)i)pd + ( 1 -

pb)ipbpd,

if a = 1;
PSA(i, a, k)

J<L

(1)

1 — I ] (1 — PSA ((i+j) mod fc, 1, Je)),
7=0

if a > 1.
Considering that the packets can be transmitted in all slotframes with
equal probability, the average probability of success in the transmission
of a data packet is given by
j<k

PSA(a,k) = — 2_,PSA(j,a,k).

(2)

7=0

For a protocol in which the nodes transmit their packets independent
of the beacon reception (e.g. TSCH), the overall probability of success
in a data packet transmission, for a transmission attempts, is given by
PST(a) = 1 — (1 —p¿)a

(3)

Equation (2) reduces to Equation (3) when pb = 1.
Fig. 8(a) shows the overall probability of success (PS) in a data
packet transmission for both protocols, considering different values of
a, and Fig. 8(b) shows the results for different values of k. Four scenarios were analyzed, with different values of pb and pd. The scales of the
Y axis are different for the different values of pb and pd, to improve the
visualization.
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Fig. 8. Overall probability of success for different values of a and k.

From the analysis of the charts in Fig. 8(a), it is seen that PSA
(ABMP) converges to PST (TSCH) quickly when more retransmissions
are used or when the values of pb and pd are higher. For example,
for pd = 0.9 and pb = 0.7, the value of PSA is 97.73% when a = 2,
which is very close to the value achieved with TSCH, that is 99%. Thus,
for k = 8, even with a relatively low value for pb, the reliability of
ABMP is comparable with the theoretical reliability of TSCH, considering pd = 0.9. When both pb and pd are equal to 0.9, the PSA is equal to
98.74% for a = 2, and equal to 99.86% for a = 3 . The ABMP tries to
optimize continuously the probabilities pb and pd, through the continuous monitoring of the quality of the links, to dynamically configure the
list of channels used to transmit the beacons, and to dynamically allocate channels for the data transmissions from the end-nodes. So, it is
possible to achieve a high reliability, despite the use of beacon packets
to synchronize the transmissions, as confirmed by the simulation results
described in Section 4.3.

tics for a long period of time. In (Gomes et al., 2017c) a simulation model was proposed, which includes the effects of fading, lognormal shadowing, and the non-stationary characteristics of the channels. In this model, different channels can present different characteristics, since the channels defined by the physical layer of the IEEE
802.15.4 are uncorrelated in frequency (Watteyne et al., 2010; Gomes
et al., 2017b). The open-source simulator Castalia was used in this
research.
In the implementation described in (Gomes et al., 2017c) abrupt
changes in the channels characteristics can occur, according to a parameter that defines the mean time of change. Thus, it is possible to simulate environments that remain unchanged for a long period of time and
environments that present frequent changes in the topology. The simulation results obtained using the model are compatible with the results
obtained from the experiments performed in industrial environments
described in (Agrawal et al., 2014a; Gomes et al., 2017c; Olofsson et
al., 2016; Queiroz et al., 2017).
The model captures several aspects that affect the channel quality
in an industrial environment. Besides, due to the use of a model that
considers path loss and shadowing, spatial variations in the quality of
the channels can occur, since different levels of path loss and shadowing
can be defined for different nodes (as well as for different channels).
Since the model used in this research considers the non-stationary
behavior of the channels, when a change in the characteristics of the
channels occurs, the quality of the links can increase or decrease,
depending on the new value of shadowing for that channel. Hence,
the channel adaptation mechanism needs to react promptly, to allocate
different channels for the links with low quality after the change in the
channel characteristics.
Table 1 shows the parameters considered in the simulations. All values used in the physical layer model were obtained from experimental
measurements in the industrial environments described in (Tanghe et
al., 2008).
The parameters n, d0, L(d0), and are used to calculate the path
loss and shadowing, and the parameter K is used to calculate the smallscale fading (using the Rice distribution). To model the variations in the
level of small-scale fading, it is also possible to configure a value for the
standard deviation of K factor (K ). Thus, every time a change in the
channel characteristics occurs, a new value of K is defined. In the experiments performed in industrial environments described in (Agrawal et
al., 2014a; Queiroz et al., 2017), it was observed that the severity of the

Even for low values of pd and pb, the PSA achieve values close to
PST for higher values of k. However, even higher values of k allows a
higher value of PSA, when k is higher the channel adaptation mechanism employed in ABMP is less reactive, since new channels are allocated only from the beginning of a new multi-slotframe. Thus, it is more
difficult to optimize the values of pd and pb in real-time. Besides, using
less values of k it is possible to exclude channels that present low quality for a significant number of links, which can occur, for example, in
scenarios with interference sources affecting the coordinators. Based on
the analysis shown in Fig. 8(b), k = 8 was used in the simulations for
ABMP, in order to obtain a good trade-off between the dependence of
the beacons, and the reactivity of the protocol, and to achieve a high
reliability, even when the values of pb and pa are not very high.
From the analysis shown in this section, it was possible to see that
in ABMP the use of beacon packets does not affect significantly the
performance of the network. Besides, through the use of beacon packets,
the protocol can use the channel adaptation mechanism, and update the
list of channels used in all network dynamically. With this approach, it
is not necessary to implement an additional mechanism to synchronize
the time of all nodes.

4.3. Simulation results
To allow the long term simulation of protocols for IWSN, it is
necessary to use a model that considers the channel characteris31
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Table 1
Parameters used in the simulations.
Área
Physical layer
Bit rate
Simulation time
Transmission power
Packet transmission rate
Mean time of change
Path loss exponent (n)
Reference distance (d 0 )
Path loss for d0 (L(d0))
Shadowing deviation (a)
Rice factor (K)
Fading deviation (K0)

200 × 200 m
IEEE 802.15.4
250 kbit/s
18,000 s (5 h)
OdBm
1 packet/s
40 min
1.69
15 m
80.48 dB
6.62 dB
12.3 dB
5.4 dB

multipath fading can also change abruptly, together with a modification
in the mean value of the received power.
The parameter “Mean time of change” defines the mean time
between two modifications in the channel characteristics, given in minutes. For example, in the experiments described in (Agrawal et al.,
2014a) the channel remained stationary for a long time period (up to
some hours) before the occurrence of an abrupt change in the channel
characteristics.

4.3.1. Star topology networks
Simulations for networks with four, eight, and 16 end-nodes were
performed. For each configuration, 10 replications were generated,
with the network operating during 5 h. In each replication, the position
of the nodes were determined randomly, with distances less than 60 m
from the coordinator. Ten additional replications were performed, with
the same network with 16 end-nodes (the nodes positioned in the same
place), to analyze the performance of the network for each individual
end-node.
To perform a fair comparison, for each replication the same seed
was used to evaluate each protocol, and different seeds were used for
different replications. Thus, all protocols were evaluated considering
the nodes positioned at the same position and with the same channel
characteristics during the replications.
In TCSH, the time-slots have a fixed duration equal to 10 ms, which
is sufficient for a node to transmit a large data packet and receive the
ACK. In ABMP, it is possible to use shorter time-slots, because only the
data packet is sent, once the ACK is performed using the beacons.
For the ABMP, two scenarios were evaluated. In the first one, all the
time-slots were configured to have a duration of 10 ms, to make the
time structure of ABMP similar to the TSCH, which allows a fair comparison of both protocols in terms of delay. In the second scenario, the
time-slots were configured to have a duration equal to 7 ms, which is
enough to transmit large data packets. The slots to transmit the beacons were configured to have 14 ms. With longer time-slots for the
beacons, it is possible to provide more time for the nodes analyze the
information contained in the beacons and to configure themselves for
the next slot frame. In the first scenario, the extra time of the timeslots could be used for the same purpose. For applications that send
smaller data packets, the time-slot duration can be even shorter for
the ABMP, to reduce latency, which is not possible with the TSCH. In
the results, the ABMP using the configuration defined in the first scenario (all time-slots with 10 ms) will be referred as Fixed Slot ABMP
(FS–ABMP).

Fig. 9. (a) Packet Reception Rate at MAC layer. (b) Packet Reception Rate at
application layer. (c) Required Number of Packet transmissions.

The results shown in Fig. 9(a) only consider the packets that
were effectively transmitted. Thus, the packets discarded due to problems in beacon receptions (in ABMP) or a fail to access the channel (in CSMA/CA), are not considered. This result allows analyzing
the quality of the links only in one direction, from the end-nodes to
the coordinators (up-link). The results shown in Fig. 9(b) consider
all aspects that can affect the communication performance, including
the possible problems in beacon reception or the fails in the channel
access.
The ABMP presented the best result among all evaluated protocols,
and almost no difference was observed in PRR of ABMP when using the
two different configurations. This result shows that the channel adaptation mechanism in ABMP could react to the changes that occurred in
the quality of the channels over time. The performance of ABMP and
TSCH remains almost constant for the scenarios with four, eight, and
16 nodes.
Since in ABMP group ACK was used, using the beacon frames,
sometimes the packet is received at the coordinator, and the beacon
is not received at the end-node. In this case, an additional transmission occurs, and a duplicate copy is delivered at the coordinator. Even
in the case in which the list of channels used to transmit the beacons
are modified dynamically, it is difficult to guarantee that all channels
used to transmit the beacons present very high quality for all endnodes.
In TSCH, the end-nodes use all the 16 available channels, and thus
the channels with low quality are also used. If the transmission in the
first attempt fails, the end-node can try again, using other channel,
which increase the overall probability of reception at the application

Fig. 9(a) shows the PRR at the MAC layer for the three evaluated
protocols, Fig. 9(b) shows the PRR at the APP layer, and Fig. 9(c) shows
the Required Number of Packet transmissions (RNP), which is the average number of attempts made for every data packet generated in the
network, independent of the reception. As two transmission attempts
per packet were used, the maximum value of RNP is two.
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Fig. 1 0 . Cumulative distribution function of the delay for a network with 16
end-nodes and star topology.

Fig. 1 1 . Time interval between the reception of two packets for a network with
16 end-nodes and star topology.

layer. However, the value of RNP can be high, as observed in the simulations described in this section.
A small difference was observed in RNP for the two different configurations of ABMP, in which the ABMP without fixed time-slots presented a smaller RNP. This can be explained by the shorter duration
of the multi-slotframe when using time-slots for data transmission with
only 7 ms. Thus, the end-nodes receive beacons more frequently, and
the channel adaptation mechanism becomes more reactive.
The CSMA/CA presented the worst performance among all evaluated protocols, which confirms that contention-based protocols that use
only one channel are not adequate for IWSN. When using CSMA/CA,
the end-nodes access the communication medium in a random and
distributed way, based on their local notion of the channel availability. The end-nodes sense the channel before transmit, but packet collisions can occur due to the hidden terminal problem, in which some
end-nodes are out of range of other end-nodes. Other aspect to be
considered is the high variance of the PRR, due to the use of only
one channel. The end-nodes can remain large periods of time with a
very low PRR, or even with PRR equal to zero, in cases of deep fading.
Fig. 10 shows the cumulative distribution function of the delay of
the evaluated protocols, for the scenario with 16 end-nodes. The delay
analysis considers only the packets effectively received.
The delay is much lower for the CSMA/CA, since the nodes can initiate the packet transmissions promptly if the channel is idle, as it is not
necessary to wait for a dedicated time-slot. On the other hand, several
packets can be lost, when multiple nodes try to transmit at the same
time, due to fails in the channel access, considering the limit of backoff periods, and collisions. In the other protocols, the delay is bounded
by the size of the time structure defined by the protocol.
For the network with 16 end-nodes, the duration of a slotframe
is equal to 160 ms in TSCH, equal to 170 ms in FS–ABMP and equal
to 126 ms in ABMP. In TSCH, 8 3 % of the packets were delivered
with delay less than 160 ms, and 99.7% of the packets were delivered with delay less than 320 ms (two slotframe periods). The slotframe in FS–ABMP is larger in comparison to TSCH, but more packets were delivered in the first slotframe period in ABMP, since the
probability of delivery is optimized through the use of channel adaptation. Thus, 96.3% of the packets were delivered with delay less
than 170 ms, and 99.8% of the packets were delivered with delay
lower than 340 ms. The slotframe in the second configuration of
ABMP is shorter, and thus, the delay was even smaller for this configuration: 95.6% of the packets were delivered with delay less than
126 ms, and 99.7% of the packets were delivered with delay lower than
252 ms.

Table 2
Maximum time of disconnection of a node.
CSMA/CA

TSCH

FS-ABMP

ABMP

7142.17 s

5.92 s

27.88 s

21.17 s

the time interval between the reception of two consecutive packets for all protocols. The packets are generated with a rate of 1
packet/s at the application layer, but the failures in the transmissions
provoke variations in the time interval between two packet receptions.
Due to the high PRR of ABMP, the time interval between two packet
receptions is less than 1.2 s in 99.8% of the time for this protocol. The
time interval between two packet receptions is less than 1.2 s during
99.7% of the time for FS–ABMP, and during 92.2% of the time for TSCH.
Due to the high variation in the PRR of CSMA/CA, the cumulative distribution function only reaches a value of 99% for a time interval of
5 s. Other important aspect is the maximum time between the reception of two consecutive packets; that is, the maximum time in which
some node remains disconnected from the network due to a problem
in its link with the coordinator. Table 2 shows the maximum time of
disconnection for the evaluated protocols.
When using CSMA/CA, one of the nodes, during one of the replications, remained about 119 min disconnected, due to a deep fading
problem in the channel used to transmit the packets, which shows again
that the use of a single-channel protocol is not adequate to implement
IWSN. The maximum disconnection time of TSCH was the lower one,
because in TSCH the end-nodes use a different channel for each consecutive transmissions, and thus it suffer less with deep fading problems in
a single channel or in a subset of channels.
The maximum time of disconnection was also low for ABMP, since
it employs real-time link quality estimation, and also a mechanism
to identify deep fading problems, but it was worst than TSCH in this
aspect. Even the ABMP presented a higher value for the maximum time
of disconnection in comparison to the TSCH, is worthy to notice that
this problem does not occur frequently, since the time interval between
two consecutive packet receptions is less than 2 s during 99.94% of the
time for the ABMP.
In general, it was possible to see that even with a time structure
similar to the TSCH (all time-slots with 10 ms of duration), the ABMP
presented a better performance in terms of PRR, delay and determinism.
However, using shorter time-slots for data transmission, it is possible to
achieve a lower delay, and to make the channel adaptation mechanism
more reactive, which provides a slightly better performance in comparison to the use of fixed time-slots.
From the simulations results, it was possible to calculate the average value of pb and pd for the protocols. Fig. 12 shows the PRR at the

It is also important to verify the time interval between the reception of two packets, which is also influenced by the transmission
failures, and gives an indication about the determinism provided by
the protocols. Fig. 11 shows the cumulative distribution function of
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Fig. 1 3 . Received power, PRR at the application layer, and the value provided
by the LQE for end-node 14.
Fig. 1 2 . PRR at the application layer for a network with 16 end-nodes and star
topology.

end of the replication. In some cases, as demonstrated in the experiments described in (Agrawal et al., 2014b), the channels can maintain
the same characteristics during several hours before an abrupt change
in its characteristics occurs. If the application supports lower thresholds for the link quality, the channel switch procedure is triggered less
often.

application layer for each individual node, and the results calculated
using equation 2, and 3, for the experiment with 16 end-nodes, and
considering the same positions in the 10 replications. For the ABMP
the PRR was very high for all nodes, while for TSCH some nodes
had a PRR below 90%, such as the end-node 14, which is the one
that was placed at a longer distance from the MC (50.09 m). In this
chart, only the result for the ABMP without fixed time-slots was shown,
since the results of the two configurations for the PRR were very similar.
Using the parameters shown in Table 1, which were obtained from
experimental results in an industrial environment (Tanghe et al., 2008),
the path loss for the end-node 14 is equal to - 8 9 . 3 3 dB. Considering the
shadowing deviation (6.62 dB), and the transmit power (0 dBm), the
average reception power stays between - 1 0 2 , 5 7 dBm and - 7 6 , 0 9 dBm
during 95,44% of the time. Since the sensitivity of the transceiver is - 9 4
dBm, some channels can present a very low quality (even with deep
fading problems), while other channels can present a very high quality
(with more than 17 dB of difference in relation to the sensitivity).
Due to the use of channel adaptation and real-time link quality estimation in ABMP, only good channels are used most of the time, which
allows achieving a very high PRR. Since the transmission of the beacons is done using channel hopping, it is difficult to have a value close
to 100% also for pb. However, due to the dynamic adaptation of the
list of channels used to transmit the beacons, the average value of pb
was 91.6% for ABMP, and the minimum value for a specific node was
89.2%.
As an example of the implemented channel adaptation mechanism,
Fig. 13 shows the reception power for the end-node 14 between the
minutes 217 and 233 of one of the replications, when using the ABMP.
In the chart, it is possible to see the moment when the quality of the
channel in use by the end-node is degraded, due to a modification in
the multipath profile of the environment. It is also possible to observe
the values provided by the LQE and the PRR at the application layer.
The LQE used is stable and does not provoke channel switches only
due to rapid variations in the link quality, such as in the beginning of
the period shown in the picture. However, the LQE reacts fast to more
persistent changes in the characteristics of the channel, as it was the
case right after minute 225.
Sometimes, the channel switch procedure is triggered several times
in a short time interval, until the node picks a good channel. For example, after the minute 225, the end-node 14 switched its channel due
to a possible deep fading problem detected by the coordinator. After
that, more three channel switches occurred in the next 2 min, until the
node pick a channel with a quality higher than 90%, according to the
LQE. After that, the node remained using the same channel until the

4.3.2. Networks with tree topology
Only protocols ABMP and TSCH were analyzed for networks with
tree topology, in four different scenarios. In each scenario the networks were composed by one MC, a set of coordinators (2 or 4),
and the same number of end-nodes per coordinator (8 or 12). Thus,
networks with 16, 24, 32, and 48 end-nodes were evaluated. Both
in TSCH and in ABMP, one time-slot per slotframe was allocated for
each end-node, and a set of time-slots were allocated to the coordinators forward the data packets to the MC. In this analysis, packet
aggregation was not considered, which could diminish the overall
delay. This mechanism can be applied in both protocols in the same
way.
Ten replications were performed for each scenario, with the nodes
positioned randomly. The distances between the coordinators and the
MC were less than 45 m, and the distances between the end-nodes and
the coordinators were less than 60 m. Ten additional replications for the
same network with 48 end-nodes and four intermediate coordinators
(the nodes positioned in the same place) were performed to evaluate
the performance of the individual nodes.
In TSCH, the channel to be used by a transmitter in each time-slot
depends on the ID of the receiver. Thus, in every time-slot different
channels are used for different receivers. Since the 16 available channels are used, a collision can occurs only if two receivers (with IDs ia
and ib) are positioned close to each other and (ia - ib)= 16n, for some
integer n. In the simulations described in this section a maximum of
four coordinators were used, and thus the transmissions occur without
collisions.
In ABMP, the decision about the channels used by the end-nodes
is made locally. Thus, different coordinators could allocate the same
channel for the same time-slot, and collisions could occur. In this
paper, a simple approach is used to avoid collisions, in which different
sets of channels are used in each sub-network. In scenarios with two
coordinators, eight channels were allocated for each sub-network, and
in scenarios with four coordinators, four channels were allocated for
each sub-network. This decreases the degree of freedom of the channel adaptation mechanism. In future works, more elaborated mechanisms to define the list of channels used in each sub-network will
be developed. As channel hopping was used for the beacon transmissions, managed by the MC, for these packets all channels can be
used.
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Table 3
Slotframes confíguration parameters.
Nc0

e

JV,

An FS-ABMP

An ABMP

An TSCH

SFd FS-ABMP

SFd ABMP

SFd TSCH

2
2
4
4

8
12
8
12

3
7
5
9

2.34
2.08
2.08
1.5

2.98
2.78
2.77
2.06

2.68
2.24
2.23
1.56

160
280
300
500

126
210
224
364

140
260
280
480

ms
ms
ms
ms

ms
ms
ms
ms

ms
ms
ms
ms

Fig. 14. Structure of the slotframe for the network with two intermediate coordinators and eight end-nodes per sub-network.

In order to optimize the performance, an analysis was carried out to
determine the most appropriate number of time-slots allocated to the
coordinators (Ns) to forward data packets in each slotframe, to allow
reaching a good trade-off between the number of packets that a coordinator can forward per end-node, per second, and the length of the
slotframe, which has an impact on the delay. In average, the coordinator can forward An packets per second from each end-node. If An is
less than the packet transmission rate of the end-node multiplied by the
maximum number of transmission attempts per packet, some packets
can be discarded at the coordinator. On the other hand, the higher the
value of An, the higher the delay of the network. The slotframe duration
(SFd), in milliseconds, is defined for ABMP as
SFd = (Nco X Ns + e) X T¡ength + N¡e X TB¡ength,

For this configuration, SFd is equal to 500 ms for the FS–ABMP and
480 ms for the TSCH. Since the interval between two packets transmissions is 1 s in the simulations, and the nodes can transmit each
packet up to two times, for values of SFd higher than 500 ms the
number of packets discarded in the buffer from the application layer
could be very large. For the results of simulations with the star topology, the RNP was of about 1.15 and 1.3 for the FS–ABMP, and
TSCH networks, respectively. Thus, values of An equal to 1.5 and
1.56 are appropriate to maintain a good quality of service in this
case.
Fig. 14 shows the structure of the slotframe for the network
with two intermediate coordinators and eight end-nodes per subnetwork. In this scenario, Ns = 3, then each coordinator has three
time-slots at the end of the slotframe, in an interleaved way, to forward packets received from the end-nodes. The transmissions of the
end-nodes in the two sub-networks occur simultaneously, using different channels. Due to the simultaneous transmissions, the length
of the slotframe is small, even considering the time intervals allocated to the intermediate coordinators forward the beacons and data
packets. For example, in a star network with 16 end-nodes, the slotframes have 17 time-slots. For the network with 16 end-nodes and
two intermediate coordinators, the slotframes have 16 time-slots, even
considering the time-slots allocated to the intermediate coordinators.

(4)

in which Nco is the number of coordinators in the network, e is the
number of end-nodes connected to each coordinator, and Tlength is the
length a time-slot used to transmit data packets, in milliseconds. Nle is
the number of levels in the network, and indicates the number of timeslots allocated to transmit the beacons. The time-slot allocated for the
beacon transmissions have TBlength milliseconds.
all
simulations
described
this
For
section
10 ms for FS–ABMP, and Tllength
TBíength
7 ms, and
14 ms for ABMP. For the networks evaluated in this section
TB
Blength
Nle = 2.
A is defined as follows
An =

extx

N
(SFd X 10 3 )

For the scenarios evaluated in this section, all nodes in the network
have only one transceiver to perform communication, in addition to
the LQE Nodes integrated to the coordinators. Two solutions to reduce
latency could be employed in ABMP. The first one is the use of multiple transceivers at the MC. The increase in cost of this approach is
low, since only one node of the network is equipped with multiple
transceivers. In this approach, the intermediate coordinators forward
the data packets simultaneously using different channels to avoid collisions. The second solution is the use of packet aggregation. In many
applications the sensor nodes transmit only few bytes, thus the coordinators can aggregate multiple data packets into a single large packet to
forward to the MC. These optimizations can be applied to meet specific
application requirements and will be evaluated in more details in future
works.

(5)

in which t is the number of packets transmitted per second by the endnodes (t = 1 packet/s for the simulations described in this paper).
Table 3 shows the values of Ns, An and SFd for each configuration,
and for each protocol.
For the scenarios with 16, 24, and 32 end-nodes, it was possible to have a value of An higher than two, in order to avoid discarding packets, even in the worst case, when all the nodes have
RNP equal to 2. For networks with 48 end-nodes, the value of An
was equal to 1.5 and 1.56, for FS–ABMP and TSCH, respectively,
and thus it is possible that the coordinators discard some packets.
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Fig. 1 6 . Cumulative distribution function of the delay for networks with tree
topology for the network with 24 end-nodes (a) and 48 end-nodes (b).
Fig. 1 5 . (a) Packet Reception Rate at MAC layer. (b) Packet Reception Rate at
application layer. (c) Required Number of Packet transmissions.

data packet transmission, as in ABMP, it is possible to achieve smaller
slotframes, and the delay of ABMP can be even smaller, as shown in
Fig. 16.
In the networks with 24 end-nodes, 96.4% of the packets were
delivered with a delay lower than 560 ms (two slotframe periods)
for FS–ABMP, and 93.52% of the packets were delivered for TSCH
considering the same bound. In the ABMP, which uses shorter timeslots, 99.5% of the packets were delivered with a delay lower than
560 ms.
In the network set-up with 48 end-nodes, 62.64% of the packets were delivered with a delay less than 500 ms (one slot frame
period of FS–ABMP) for the FS–ABMP, while only 44.16% of the
packets were delivered for TSCH considering the same bound. In the
ABMP, 85.65% of the packets were delivered with a delay lower than
500 ms. When using FS–ABMP, 97.16% of the packets were delivered with a delay lower than 1 s, while 91.54% of the packets were
delivered for TSCH considering the same delay bound. For the ABMP
with shorter time-slots, 99.4% of the packets were delivered with a
delay less than 1 s. Thus, even with the high number of end-nodes,
and without packet aggregation, it was possible to achieve a good
quality of service for the evaluated application, which transmits one
packet per second. Using shorter time-slots, and group ACK, it is possible to obtain a significant improvement in delay, as observed in
ABMP.

Fig. 15(a) shows the PRR at the MAC layer for both protocols,
Fig. 15(b) shows the PRR at the APP layer, and Fig. 15(c) shows the
RNP.
The PRR was higher for ABMP in all scenarios in comparison to
TSCH. The network performance in terms of PRR was almost the same
for TSCH in all scenarios, since all channels are used by the end-nodes,
and there are no collisions. For ABMP the network performance was
reduced for those scenarios with four coordinators, since in these cases
only four channels can be used by the channel adaptation mechanism
in each sub-network, in the implementation evaluated in this paper.
However, even with the smaller degree of freedom, the use of channel
adaptation presented a better result, in average, in comparison to the
use of channel hopping in the transmission of data packets. The RNP for
ABMP was lower than the RNP for TSCH in all scenarios. An increase in
RNP is observed for ABMP in the scenarios with four coordinators. The
results for FS–ABMP and ABMP were almost the same in terms of PRR
and RNP.
Fig. 16 shows the cumulative distribution function of the delay, for
the scenarios with 24 end-nodes (two coordinators), and for the scenario with 48 end-nodes (four coordinators).
The delay depends on the PRR, and also on the time structure
defined by the protocols. Thus, the delay values are related to the
length of the slotframes, as detailed in Table 3 . The slotframe length
for TSCH is shorter (20 ms less in this case) than the FS–ABMP, since
no time-slots are allocated for beacon transmissions. However, since in
FS–ABMP better channels are used to transmit the packets, the overall
delay of FS–ABMP was lower than TSCH. Using shorter time-slots for

Fig. 17 shows the cumulative distribution function of the time interval between the reception of two consecutive packets. For the scenario
with 24 end-nodes, the time interval between the reception of two consecutive packets was less than 1.2 s in 94.07% of the time when using
FS–ABMP. When using TSCH, the time interval was less than 1.2 s dur36
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Table 4
Maximum time of disconnection of a node.

24 end-nodes
48 end-nodes

FS-ABMP

ABMP

TSCH

71.34
302 s

61.95 s
129.95 s

9.12 s
10.08 s

time-slots of ABMP, the time interval was less than 1.2 s during 92.11%
of the time. The distribution reaches 99% in the values of 2 s, 2.6 s and
1.8 s, for FS–ABMP, TSCH, and ABMP, respectively.
Table 4 shows the maximum time of disconnection for the evaluated
protocols in each scenario. Again it is possible to see that the maximum
disconnection time in TSCH is very low. In ABMP, even the overall
performance of the network is significantly higher, the maximum time
of disconnection for an individual end-node can be larger due to severe
problems in the quality of the channels. For example, in the scenario
with 48 end-nodes, one of the nodes, in one of the replications remained
about 5 min disconnected from the network for the FS–ABMP and about
2 min for the ABMP with shorter time-slots. This difference is due to
the highest reactivity of ABMP when using shorter time-slots, since the
beacons are received more frequently to reconfigure the channels.
However, it is worthy to notice that this problem does not occur
frequently, since the interval between the reception of two consecutive packets was less than 10 s (the approximate maximum time for
TSCH) during 99.91% of the time for both configurations of ABMP.
By using more channels for the channel adaptation mechanism in the
sub-networks, the maximum time of disconnection could be reduced.
In future works, other optimization to avoid large periods of disconnection in ABMP will also be studied, since this can be prohibitive for some
applications.
Fig. 18 shows the PRR at the application layer for each individual node considering a network with 48 end-nodes, and four coordinators. In this chart, only the results of ABMP with shorter time-slots are
shown, since the results in terms of PRR was very similar for the two
configurations of ABMP. The major difference is on the metrics related
to time.
The PRR when using ABMP was higher for almost all end-nodes,
with only one exception (the end-node 10), which was the one with the
higher distance to the coordinator (52.17 m). For other end-nodes, positioned at a longer distance from the coordinators, the PRR presented a
high variance for ABMP, but the performance was still better than the
one achieved with TSCH. Again, this result could be better for ABMP, if
more channels were allowed for the sub-networks. Sometimes it is difficult to pick a good channel for a specific end-node, when few channels
are used in the sub-network.

Fig. 1 7 . Time interval between the reception of two packets for networks with
tree topology for the network with 24 end-nodes (a) and 48 end-nodes (b).

ing 81.53% of the time. In the configuration with shorter time-slots, the
time interval between the reception of two packets was less than 1.2 s
during 99.99% of the time for ABMP.
For the scenario with 48 end-nodes, the time interval between the
reception of two packets was less than 1.2 s in 92.98% of the time
when using FS–ABMP, while the time interval was less than 1.2 s during
72.86% of the time when using TSCH. In the configuration with shorter

Fig. 1 8 . PRR at the application layer for a network with 48 end-nodes, and four coordinators.
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5. Conclusions and future work
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