
 

CT-MAC: Energy-Efficient Contention-based MAC 
Protocol for Wireless Sensor Networks 
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Abstract – This paper presents Control-Tone MAC (CT-
MAC), a scheduled contention-based medium access protocol 
especially designed for Wireless Sensor Networks (WSNs). 
Similarly to other contention-based MAC protocols with 
common active periods (e.g. S-MAC, T-MAC, and SCP-MAC), 
CT-MAC coordinates sensor nodes into sleep/wakeup schedules, 
allowing them to remain awake only for brief contention periods. 
Unlike most of the current solutions, CT-MAC employs short 
control tones, instead of control packets (e.g. RTS/CTS) in order 
to realize an energy-efficient contention resolution mechanism in 
multi-hop networks. The simulation results demonstrate that 
CT-MAC significantly reduces energy waste due to collisions, 
overhearing and idle listening in respect to SCP-MAC. 
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I. INTRODUCTION 

Recent advances in wireless communications, low-power 
design, and MEMS-based sensor technology have enabled the 
development of relatively inexpensive and low power wireless 
sensor nodes. The common vision is to create a large wireless 
sensor network (WSN) through ad-hoc deployment of 
hundreds or thousands of such tiny devices able to sense the 
environment, compute simple task and communicate with 
each other in order to achieve some common objective, like 
environmental monitoring, target tracking, detecting 
hazardous chemicals and forest fires, monitoring seismic 
activity, military surveillance [1]. The primary objective in 
WSN design is maximizing node/network lifetime, leaving the 
other performance metrics as secondary objectives. Since the 
communication of sensor nodes is more energy consuming 
than their computation, it is a primary concern to minimize 
communication while achieving the desired network 
operation. 

A medium access control (MAC) protocol decides when 
competing nodes may access the radio channel, and tries to 
ensure that no two nodes are interfering with each other’s 
transmissions. MAC protocols for WSN usually trade off 
performance (latency, throughput, fairness) for cost (energy 
efficiency, reduced algorithmic complexity), while providing 
a good scalability and some limited adaptability for topology 
changes [2]. Collisions, overhearing, and idle listening are the 
main types of energy waste for sensor nodes that occur during 
medium access. Collision occurs if a node receives multiple 

transmissions at the same time. Idle listening occurs if a node 
listens to the medium when there is no transmission, whereas 
an overhearing happens when a node receives a data packet 
transmission even if it is not the intended recipient of this 
transmission. 

One important approach is based on common active/sleep 
periods. Nodes use active periods for communication and the 
sleep periods for saving energy. At the beginning of each 
active period, nodes contend for the medium using contention-
based approaches. Only nodes participating in data transfer 
remain awake after contention periods, while others can sleep. 
Contention-based media access mechanisms of various kinds 
are employed in a plurality of different MAC protocol for 
WSNs. For instance, S-MAC employs an explicit contention 
mechanism which requires carrier sense and the use of control 
packets, such as Request to Send (RTS) and Clear to Send 
(CTS) [3]. Although RTS/CTS can alleviate the hidden 
terminal problem, it incurs high overhead because data 
packets are typically very small in WSN [4]. SCP-MAC 
replaces RTS/CTS control packets with short wake up tones 
[5]. When a node wakes up during the common active 
schedule and does not find a tone, it goes back to sleep. In 
order to improve the contention performances, SCP-MAC 
introduce a two level contention window. Before sending the 
tone, a node performs carrier sense by randomly select a slot 
within the first contention window. If the channel is idle, then 
the node sends the tone to wake up the receiver. Only nodes 
that successfully send wakeup tones will enter the second 
contention window. Such nodes randomly select a slot in the 
second contention window and then perform a carrier sense; if 
they find the channel idle then they transmit the data. The 
major advantage of spitted contention phase is lower collision 
probability with shorter overall contention time. Although the 
SCP-MAC is more energy efficient than S-MAC, it does not 
implement an appropriate mechanism to alleviate the hidden 
terminal problem that normally exists in multi-hop networks. 

In this paper, we present CT-MAC, abbreviated from 
Control Tone MAC, which uses short signal tone 
transmissions to implement an energy-efficient contention 
mechanism. In CT-MAC we use control tones not only to 
wakeup intended receivers but to implement efficient 
handshake mechanism among competing nodes arranged in a 
multi-hop network.  

II. THE PROTOCOL DESCRIPTION 

In our contention protocol, competition is accomplished by 
exchanging short control tones among competing nodes. 
Control tones play a similar role as RTS/CTS packets in 
traditional collision avoidance handshaking mechanism with 
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Abstract—A novel method for video transmission over fading
channels, that minimizes end-to-end video distortion, is pre-
sented. The method is based on the use of diversity and optimal
allocation of the number of symbols used for transmission of each
packet. The impact of channel errors is taken into account using
outage probability. Optimization is performed using Lagrangian
method. Similar procedure is performed to optimize the power
allocated to each packet. Symbol adaptation shows superior
results to power adaptation.
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I. INTRODUCTION

Video transmission is one of the most popular services
in the telecommunications world. Much research has been
performed in this field, especially for wired channels, but
wireless channel still remains in the focus of the research
community. The disadvantages of wireless compared to wired
transmission are twofold: the available resources are very
limited, and the channel conditions change very often. On the
other hand, video coding in wireless environment still has its
basic features: it is very sensitive to delay and the bit rate
needed to encode a single video frame differs significantly
from a frame to a frame because it depends on the particular
video sequence. This makes the wireless video transmission
quite a challenging task, so that optimal use of all available
resources and system adaptation to current conditions are
necessary. The optimization process is especially needed in
real time transmission where the delay should be very low, so
retransmission is impossible to be carried out most of the time.
In those situations, usually, a combination of forward error
correction coding (FEC) and interleaving is employed [1], [2].
In [1] perfect interleaving is employed, which is impossible to
do in delay constrained environment. Authors in [2] propose
the use of strict set of Reed Solomon (RS) codes that are
optimal only for a single SNR value.

The adaptation process has been studied in [1] and [3]. In
those works Lagrangian based optimization is used, which is
employed as the optimization algorithm in our work, as well.
In [3] the channel is assumed to be known and adaptation
is done for parts of the video frame, which is not the case
here. Authors in [1] use binary modulation only, and the full
effect of symbol adaptation is not considered. Review of the
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achievements in the aforementioned field is presented in [4],
[5], [6].

In our previous work [5], we showed that the use of the
available channel diversity leads to improvement in the system
performance. In that work, we pointed to one of the possible
ways to achieve optimal use of the available diversity, based
on approximately universal codes. The approach of using
approximately universal coding is explained in detail in [7].
In [5] we characterized the slowly varying channel, with
no information about the instantaneous channel gain at the
transmitter. There, we used the probability density function
(pdf) of the channel mutual information to calculate the outage
probability of different source coding modes and choose the
ones that maximize the end-to-end quality. In the process
of choosing video coding modes the transmitter knows that
bits obtained from encoding each video slice are mapped
to a specific transmission packet. In [5] we assumed that
the number of symbols that can be used for transmission of
each packet is fixed. But, using the same number of symbols
to transmit each packet is suboptimal. The suboptimality is
especially pronounced in the region of low symbol rates. Here
we use the same approach of calculating the pdf of channel
mutual information, mapping parts of the video frame to
different video packets and choosing the optimal video coding
modes for parts of the video contained in each packet, but
extend the work of [5], by including optimal allocation of
the available symbols per packet. In order to accomplish this
task, we use a nonlinear optimization algorithm based on the
Lagrangian optimization.

An optimization algorithm for bit allocation in quantization
can be found in [8]. We modify this algorithm to using symbols
instead of bits and using end-to-end measure of video quality.
This modification requires creation of curves of dependence of
the measure of video quality in terms of the number of symbols
used for transmission, for each video slice. Then using the
calculated curves, Lagrangian optimization is performed. It
is known that Lagrangian optimization finds optimal or near
optimal solution, which is explicitly shown in [8]. As a
measure of the quality of the transmitted video we use the
expected end-to-end distortion. The approach is explained in
[9] and [10].

We also apply the adaptation to optimal allocation of
transmission power to different packets, where we keep the
number of symbols per packet fixed, and we compare the two
approaches.

The paper consists of four parts. In the second part a
description of the transmission system and the formulation
of the algorithm itself are given. In the third part, simulation
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setup and results are shown and in the last part concluding
remarks are presented.

II. SYSTEM DESCRIPTION

The system we use here is the same as the one in [5] and is
shown in Fig. 1. At the transmitting side it consists of video
encoder, channel encoder, transmitter and controller.
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Fig. 1. Video transmission system

In our system the transmitter can have access to certain
amount of information about the previously arrived video
packets at the receiver. The information delay is dependent
on the delay in the transmission system. The transmitter also
knows the statistics of the wireless channel i.e. it is familiar
with the coherence interval and the probability density function
of the channel gain.

The adaptation of system parameters is always based on
choosing the optimal modes for different system parameters.
In order to evaluate the influence of the different encoding
options, an evaluation measure for the received video quality
is needed. Here we use the end-to-end expected distortion. The
expected distortion is very suitable, because it is calculated at
the transmitter and it considers the error probability of video
packets and the discrepancy between the available reference
frames at the transmitter and the receiver. For calculating the
expected distortion of pixel i in video frame n, we use the
following expression:

D = E[(f i
n − f̃ i

n)
2] (1)

where f i
n is the value of the i-th pixel in the n-th video frame,

and f̃ i
n is the value of the i-th pixel of the n-th video frame

at the receiver. To calculate the expected distortion in Eq. (1)
recursive algorithms can be used. Two such algorithms are
described in [9] and [10].

In the calculation of the expected distortion two types
of distortion are considered. The first one comes from the
quantization process and the second one comes from the
packet loss in the channel. These two parts are combined and
are considered together because they are both influenced by the
same parameters. For example, the choice of quantization level
dictates the quantization error and the number of bits which in

turn affects the error probability that influences the distortion
from packet losses. The distortion due to transmission depends
on the packet error probability that makes this parameter
important. The packet error rate in wireless systems is given
by [7]:

Pe = PoutP (error|O) + (1− Pout)P (error|Oc) (2)

where O is the outage event, Oc is the no outage event,
P (error|O) is the error probability when the channel is in
outage, and P (error|Oc) is the error probability when the
channel is not in outage. Similarly to what we did in [5],
we assume that our channel coder is a capacity achieving
one and that it uses powerful codes that drive P (error|Oc)
to zero. Based on these assumptions, the packet error rate
becomes Pe = Pout. For wireless channel in which the
coherence interval is L times shorter than the time necessary
for the transmission of a single frame and the whole available
diversity is used, the outage probability is calculated according
to [11]:

Pout(R) = P

�
1

L

L�
i=1

log2(1 + |hi|2SNR) < R

�
. (3)

Eq. (3) allows us to map the channel conditions to the pdf
of the channel mutual information. The pdf of the mutual
information can be used to calculate the error probability for
different source coding modes.

The novelty of this work comes from adaptation of the
number of symbols used by different video packets, that are
used for transmission of a single video frame, such that the
distortion of the video sequence at the receiver is minimized.
The algorithm used to allocate the available resources to
different video packets is based on nonlinear optimization
process, carried out by Lagrangian optimization. Before ex-
plaining the allocation process it is necessary to point out
that symbol adaptation over different coherence intervals in
a time varying channel, when the diversity is not used, brings
very low benefit and great complexity. The utilization of the
whole available diversity makes the share of the symbols
from different channel intervals equal, resulting in the same
expression for the mutual information given by Eq. (3) and
hence makes the optimization process of symbol adaptation
much simpler.

The optimal use of the available diversity for video trans-
mission is illustrated in Fig. 2, where γi = |hi|2. In this figure,
time flow starts from the upper left corner and ends at the
lower right corner, it is always horizontal, and when it reaches
the end of the interval it continues from the left side of the
next coherence interval. In the example shown in this figure
we assumed that the wireless channel coherence interval is one
third of the frame duration. The borders of packets when equal
number of symbols are allocated to all video packets are shown
in black color. Then ∆s symbols are reallocated form packet
P2 to packet P1, and the time positions of those symbols
are placed in such a manner, that the pdf of channel mutual
information per symbol doesn’t change. The new borders of
packets P1 and P2 are shown in red.
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Fig. 2. Optimal use of the available diversity and symbol reallocation

The Lagrangian optimization is a well known method of
nonlinear optimization (described, for instance, in [12]). The
application of the Lagrangian based algorithm for optimal
bit allocation to different subbands in subband coding was
first described in [8]. Here, we use this algorithm for optimal
allocation of the available symbols to different packets. The
algorithm finds an accessible point that lies on the convex hull
of the curve that describes the expected distortion in terms of
the number of symbols used for transmission, and is closest
but lower or equal to the number of available symbols. If
the point found during the Lagrangian optimization process
has lower number of symbols than the available number of
symbols, additional optimization takes place. This additional
optimization allocates the rest of the symbols in a greedy
manner, i.e. it allocates them to the packet, for which the
additional symbols bring largest performance improvement.
Obviously, in order for the optimization to take place, curves
for expected distortion in terms of the number of used symbols
have to be created for each video packet. In the process of
curve creation, for every option of used symbols, optimization
of the modes used by the video coder must be performed. This
additional optimization can be very tedious if a large number
of source coding options are available, since it is proportional
to the number of source coding options.

We apply the concept of adaptive resource allocation to
power allocation as well. In this case, the number of sym-
bols per packet is kept constant, but the available power is
allocated to particular transmitted packets in such a way that
minimal expected distortion is obtained. For this procedure,
we again use Lagrangian optimization. In this case, curves of
dependence of the expected distortion in terms of the power
used to transmit each packet are created.

III. SIMULATION RESULTS

In our simulations we use the basic H.263 coder [13].
During the encoding process every video frame is divided
into macroblocks, that are independently encoded. Each mac-
roblock consists of 16x16 luma part and two 8x8 chroma parts.
In order to obtain better resilience to transmission error the
video frame is divided into slices which are independently
packetized. Hence, even in situation when a loss of slice
occurs, the decoding process for the current video frame can
continue. In this work we assume that every slice consists of
one row of macroblocks. During the encoding procedure, the
encoder can choose between INTRA and INTER modes for

every packet, and the quantization level for every slice. The
quantization levels are chosen from the set Q = {10, 17, 27},
which is a subset of the set of all available quantization levels.
To get the results we used 298 video frames of the Foreman
SQCIF video sequence with maximal receiver video quality
measured in Peak Signal to Noise Ratio (PSNR) of 32.94 dB,
obtained using quantization level q = 10 and assuming no
errors during the transmission. For our simulations we used
simple error concealment. This concealment method conceals
the lost pixels by copying them from the same spatial locations
in the previous decoded frame, when packet loss occurs. In all
our simulations we anticipate situation with no delay for the
information about loss of already sent packets i.e. when coding
the current video frame, the video coder knows all the packets
that were lost for all video frames in the past. This assumption
does not change the conclusions, because the situation with a
finite delay can be controlled by the algorithm for calculation
of the expected distortion, which results in performance shift
only.

In our simulations we use a block fading channel model.
The duration of the coherence interval is set to Tc =
33/6 = 5.5ms i.e. there are 6 coherence intervals during
the transmission interval of a single video frame. We use the
maximum available diversity order 6 if not stated otherwise.
The procedure for obtaining the probability density function
of the channel mutual information for different diversity order
can be found in [5].
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Fig. 3. PSNR vs number of symbols in a single frame

All the simulations are carried out for 20 different channel
realizations. The PSNR in all figures is calculated as the mean
PSNR over all video frames and channel realizations. In the
symbol adaptation algorithm, the symbols are allocated to
the packets in portions equal to 10% of the mean available
symbols per packet. In the power adaptation algorithm, the
power is allocated in portions equal to 10% of the mean power
per packet. The resolution of the symbol and power allocation
is variable and can be used for trading complexity and perfor-
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mance. Namely, finer resolution implies better performance,
but results in larger number of points on the curves and hence
in increased complexity.

In Fig. 3 the quality of the received video sequence mea-
sured in PSNR in terms of the number of available symbols per
video frame is shown. For all simulations shown in this figure
the mean channel SNR is set to 16 dB. The figure contains
performance curves for both symbol adaptation algorithm and
power adaptation algorithm. The simulations for the power
adaptation algorithm are performed for diversity order of one
and six. The figure also contains curves for quality of the
received video for diversity order of one and six, when both
the power and available symbols per packet are fixed. It
is obvious that symbol adaptation brings the largest benefit.
This benefit is most pronounced in the region of low symbol
rates. In the remaining region symbol adaptation still has the
best achievable performance among the adaptation algorithms
shown here, but the difference in performance among different
algorithms is quite small. Fig. 3 also shows that symbol
adaptation is superior to power adaptation for all available
symbol rates. Still, the power adaptation algorithm results in
performance gain compared to non symbol/power adaptive
algorithms. The superiority of symbol adaptation comes from
the high SNR that is used to obtain the results in this figure,
namely at high SNR the additional energy doesn’t modify
the pdf of the channel mutual information as significantly
as the additional symbols. Other benefit from using symbol
adaptation is that, no matter the allocation, all the available
resources are used, which is not the case for power adaptation.
Namely, when no power is used for transmission of some video
packet i.e. the packet is not sent, the symbols dedicated to that
packet are not used.
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Fig. 4. PSNR vs mean channel SNR

Another comparison of the performance of the proposed
algorithms measured in PSNR in terms of channel SNR is
made in Fig. 4. In this figure the number of available symbols
is kept at 3500 symbols per frame. It can be seen that in this

setting the adaptation algorithms have similar performance and
they both exceed the performance of algorithms that do not
use symbol/power adaptation. Again symbol adaptation brings
performance gains compared to power adaptation, but here the
difference is not as large as in the constant SNR case.

IV. CONCLUSION

We present a method for adaptive video transmission in
wireless channels. The method uses the pdf of channel mutual
information and outage probability to calculate curves of
dependence of the video quality on the number of symbols
used for the transmission of each packet. For the video part
contained in each video packet the optimal mode for source
coding is chosen for every point on these curves. Then,
symbol allocation procedure based on Lagrangian optimiza-
tion is carried out. An extension of this concept to power
adaptation is also proposed. Comparison between the novel
adaptive algorithms and previously developed algorithms with
no symbol/power adaptation is performed using simulation.
Simulation results show that the adaptive algorithms outper-
form the constant resource algorithms over the entire region
of available resources. The performance gain is highest in the
region of limited available resources, where adaptive symbol
allocation shows best performance of all.
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