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Abstract
A protocol for real-time communication over a wireless
channel, based on concatenated codes using iterative
decoding is proposed. The concept of deadline dependent
coding (DDC), previously suggested by the authors, to
maximize the probability of delivering the information
before a given deadline, is further developed to include
concatenated codes. The strategy of DDC is to combine
different coding and decoding methods with automatic
repeat request (ARQ) in order to fulfill the application
requirements. These requirements are formulated as two
Quality of Service (QoS) parameters: deadline (tDL) and
probability of correct delivery before the deadline (Pd),
leading to a probabilistic view of real-time communi-
cation. An application can negotiate these QoS parame-
ters with the DDC protocol, thus creating a flexible and
reliable scheme.

1 Introduction
The tremendous development in wireless communication
has provided opportunities in many related fields, such as
remote sensing, monitoring, and control. New
technologies and products are introduced into the market
at an ever-increasing rate. This wireless evolution offers
improvements for industrial applications, where
traditional wireline solutions have prohibitive problems
in terms of cost and feasibility. Wireline implementations
are for example not cost efficient for large, temporary
production lines, and may not be feasible at all for
systems including rotating or high mobility machinery
such as measurement and control of moving objects.
Another sample application, requiring wireless access, is
communication to and from different kinds of vehicles in
factory automation situations.

Monitoring and control of industrial applications
often introduce strict real-time constraints in order to
guarantee proper operation. A time-critical system or a
real-time system is characterized by the fact that it has
deadlines to meet. In this work, we are interested in real-
time communication systems where the timeliness of the
delivered data is equally important as the correctness of
the delivered data. This provides a challenge for wireless

real-time communication due to the harsh
communication environment encountered when
transmitting over a wireless channel. The inherent
consequence is a relatively high error rate, making the
wireless channel unreliable in comparison to optical
wireline channels. This has limited the extensive use of
wireless access in real-time systems. Implementations of
wireless communication systems for industrial use,
guaranteeing real-time delivery, have been attempted,
however, no general framework has been suggested. As a
consequence, it is not straightforward to evaluate the
general dependability of such systems with respect to
real-time delivery and reliability.

1.1 QoS in Real-Time Communication
The literature in the real-time field often discusses two
different classes of systems, hard and soft real-time
systems. In a hard real-time system, late delivery cannot
be tolerated. In contrast, in a soft real-time system a
specified low probability of late delivery is tolerated,
while permitting performance degradation by relaxing
the real-time constraints. In this work we use a
probabilistic view of the real-time constraints. This
means it is no longer meaningful to talk about hard or
soft real-time systems. We rather talk about deadline for
delivery and the probability of succeeding in delivering
correct information before this deadline. We therefore
use two parameters: deadline (tDL) and probability of
correct delivery before deadline (Pd). They can be
viewed as Quality of Service (QoS) parameters of the
real-time communication system. It follows that a
protocol can negotiate these parameters with an upper or
a lower layer. The protocol can then either reject or
accept a request, guaranteeing the delivery based on the
given values of the QoS parameters. If the request cannot
be accepted the application can possibly re-negotiate.
One of the objectives of the real-time communication
protocol is to maximize the probability that the
communication system will be able to accept the request.
Note that a hard real-time system defined using these
QoS parameters will have Pd=1, a situation that cannot
be achieved in any physical system due to noisy channel
conditions, [1].



1.2 Deadline Dependent Coding
The main idea behind the concept of Deadline Dependent
Coding (DDC) [2] is to make all aspects of the
communication protocol deadline dependent. The
protocol should also attempt to minimize the required
bandwidth, the transmitted energy and the time required
to successfully deliver the information. The QoS
parameters tDL and Pd are mapped onto a retransmission
protocol, which plays the role of maximizing the
probability of correct delivery before deadline, using a
minimum of resources. In a multiple access radio system,
multiple access interference (MAI) is encountered.
Hence, it is important to limit the interference created by
the acting nodes. Consequently, another advantage of a
carefully designed retransmission scheme is that we only
use the required amount of redundancy suitable for the
current channel condition and thus the amount of MAI is
reduced.

The DDC scheme differs from existing
communication protocols in a number of ways. Most
importantly, DDC explicitly uses the deadline to control
the transmission suite. There are a number of real-time
communication protocols, e.g., [3] and [4] that are best
effort protocols and consequently do not give any
guarantees or explicit predictions on the probability of
delivery. Other protocols have been developed, which
guarantee hard deadlines [5], [6]. They depend, however,
on a reliable channel, while DDC in contrast strives to
maximize the probability of correct delivery over an
unreliable channel.

In this paper the concepts of DDC are further
developed to incorporate serially concatenated block
codes using iterative decoding.

2 Iterative Decoding
Concatenated codes using iterative decoding is a way of
providing long codes with manageable decoding
complexity, [7],[8]. The iterative decoder is sub-optimal
and hence less complex, but for certain channels, it
approaches the performance of the optimal decoder in an
iterative fashion.

A time and safety critical application benefits from
the long powerful code yielding reliable communication,
while the processing time of the decoder is kept low.
Within a DDC protocol, the iterative decoding algorithm
also gives the opportunity to always deliver something to
the receiver just before the deadline. We can offer a fast
tentative response and progressively provide iterative
refinements. This last-minute delivery can be
complemented by a measure of reliability of the
delivered data based on a posteriori probability (APP)
information [8].

A common approach for iterative decoding is to allow
for a fixed number of iterations in the process. This may
lead to unnecessary iterations, or to performance
degradation if the process is terminated prematurely.
Applying a performance based stopping criterion these
problems can be addressed. Such stopping rules are
connected to the convergence behavior of the iterative

decoder. The convergence behavior of concatenated
codes using iterative APP decoding algorithms has been
paid considerable attention recently, e.g. [9], where a
stopping rule based on thresholding the average log-
likelihood ratio (LLR) of the so-called extrinsic APPs
over a packet is found to be efficient. In this work, we
consider this approach for serially concatenated codes. It
should be noted that other methods, such as using an
additional error detection code or using the error
detection capabilities of the constituent codes might also
be used. We have chosen the average LLR because it is
simple and provides information about the current error
rate.

The stopping criterion is intended to stop the iterative
process once the mean LLR is above the threshold,
however, if the decoding algorithm does not converge for
a specific packet, this may never happen. As we are
dealing with real-time communication we must have an
upper limit on the time to decode a packet. Since the
decoding complexity is directly related to the number of
iterations, we consequently need to have an upper limit
on the number of iterations. Examining the convergence
behavior in a concatenated system, it is generally noticed
that for a majority of packets, convergence is observed
after a fixed number of iterations. Consequently, in this
work the maximum allowed number of iterations is set
accordingly. A non-negligible number of packets may,
however, converge after less iterations.

3 Concatenated Hybrid ARQ
By concatenated hybrid automatic repeat request
(CHARQ) we mean a HARQ scheme using concatenated
codes as the error control code, but also a concatenation
between retransmissions. Now, soft information may also
be passed between retransmissions to be used in the
iterative decoding process.

The convergence behavior of the iterative detector
yielding the stopping criterion is also used to define the
retransmission criterion that will be applied in this work.
Consequently, we will not use an additional code for the
sole purpose of error detection, but instead request a
retransmission if the iteration-stopping criterion is not
fulfilled after the maximum allowed number of
iterations.

Since the retransmission scheme is intended for
wireless real-time applications, the number of
retransmissions is limited and the ARQ scheme becomes
truncated [10]. Note that, once a request is accepted, the
final decoder results are always delivered prior to the
deadline, regardless of quality.

In a pure ARQ scheme, rejected packets are
discarded. Previously received packets may, however,
be used for so-called packet combining, in order to
improve performance. There are two major types of
packet combining, diversity combining, [11], and code
combining, [12]. Diversity combining is in general done
before the decoder whereas code combining is generally
done within the decoder.



Since the CHARQ scheme is based on serially
concatenated block codes using iterative decoding, some
of the packet combining techniques may alternatively be
viewed as different decoding strategies. The extrinsic
APP information used in the iterative decoding process
can be saved and used when decoding after a
retransmission, similar to the work in [13]. The strategy
of saving the extrinsic information can be seen as a
packet combining technique, i.e. some sort of turbo code
combining or concatenated code combining. The process
of saving the extrinsic information requires no extra
memory since this information is already saved to be
passed and updated between the decoders. It is simply
not reset when a new copy of a packet arrives. Saving the
extrinsic information may also be seen as a doping
criterion yielding faster convergence [14]. The concept
of doping is based on providing side information to the
decoding process. The extrinsic information from the
decoding process of the previous transmission constitutes
useful side information. The use of prior knowledge
leads to a constructive bias, speeding up convergence.
Applying this point of view, the extrinsic information can
be used in conjunction with traditional diversity
combining schemes. The basic scheme used in this work
is a type-I HARQ scheme, hence we can directly apply
the diversity combining technique equal gain combining
[15]. This implies that the receiver just averages over the
demodulator output metrics from all received copies of a
packet to produce a combined packet for decoding.
Hence, the code rate will remain the same.

3.1 Performance Results
We have used binary phase shift keying (BPSK)
modulation [1] throughout this work, as it is a commonly
used method in many existing hardware platforms.
Further, we consider serially concatenated block codes
based on two binary Reed Solomon RS(7,3) codes with a
pseudo-random interleaver of size 945 used in
conjunction with the ARQ protocol [16]. The
communication channel is the additive white Gaussian
noise (AWGN) channel [1], which models thermal noise
present in all electronic equipment. An error free
feedback channel is assumed throughout this work. The
maximum number of iterations was chosen, based on
simulation results, to be seven and the maximum number
of retransmissions allowed was chosen to be four.
Consequently, the maximum number of iterations that
can ever occur is 7 ⋅ 5=35, yielding an upper bound on
the execution time or communication time of each task.
The LLR threshold was set to ± 10.

We consider the following procedure:
1. Use iterative decoding on the received packet,

checking the LLR threshold after each iteration. If the
stopping criterion is fulfilled go to step 3. If seven
iterations are reached go to step 2.

2. If four retransmissions are made, go to step 3, else
request a retransmission. Do packet combining, if any.
Go to step 1

3. Output hard quantized values.
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Figure 1: BER as a function of Eb
0/N0 for different ARQ

schemes. Erroneous packets are discarded.

In Figure 1, schemes allowing from 0 to 4
retransmissions are considered and compared in terms of
bit error rate (BER) plotted against 0

0/ ,bE N where 0
bE

is the bit energy for the regular scheme with no
retransmissions. For high signal to noise ratio, SNR=

0
0/ ,bE N all the curves tend towards the regular scheme

without ARQ, since the probability of a retransmission
tends to zero. For very low SNR, the curves of the
different schemes are also on top of each other, since the
probability of a retransmission tends to one. Virtually all
transmissions are rejected and thus there is nothing to
gain from a retransmission since the final packet must be
accepted. The region between these two extreme values,
however, is the working area of the ARQ schemes and a
noticeable gain can be observed. The reason for showing
the different truncation lengths in one figure is to see the
improvements when more time is allocated to allow for
additional retransmissions.

At high SNR, a loss in performance due to the
stopping criterion can be observed. This is a result of the
fact that the threshold is fixed for all values of SNR. The
performance in terms of BER for a particular stopping
criterion should, however, be compared to the number of
iterations actually needed. It can be concluded that,
although we have a considerable performance loss for
high SNR, the average number of iterations needed to
fulfill the stopping criterion is low [16]. It follows that
we gain real-time benefits at the expense of BER
performance. A truncated ARQ system offers most
improvement in the region where the initial probability
of retransmission is relatively high at the same time as
the probability for accepting a packet within the allowed
number of retransmissions is high. This is the case for the
region 0-1.5 dB [16]. Consequently, in this region, the
stopping criterion is good since we obtain faster
convergence at virtually no performance loss. It follows
that even though the chosen stopping criterion has an



Figure 2: BER as a function of Eb
0/N0 for different ARQ

schemes. The extrinsic information is used for doping.

error plateau at 1.5-2 dB, it is still relevant in the SNR
area where we expect to operate.

In Figure 2 the BER for the same schemes are shown,
but this time the extrinsic information is saved and used
when decoding after a retransmission. It can be seen that
the BER for low SNR is improved as compared to the
case with no packet combining in Figure 1. Note that the
curves representing a regular scheme with no ARQ in
both Figure 1 and Figure 2 are the same since no packet
combining is made for these curves and the same
stopping criterion is used.

When equal gain combining is applied, additional
memory is required to store erroneous copies used in the
combining process, but the gain in terms of BER is
considerable. Saving the extrinsic information yields
minor additional improvements to the resulting BER
performance for the equal gain combining technique.
Due to space limitations, no BER plots of equal gain
combining are included. Results can be found in [16].

Whenever an ARQ scheme is considered its
performance is usually measured both in terms of BER
and throughput. In our case we are not only concerned
with the number of retransmissions, but also the number
of iterations made for each retransmission. We want to
know if the packet combining technique considered
improves both the throughput and the convergence
speed. We will compare the scheme saving the extrinsic
information to that where no packet combining technique
is used. The relative frequency of occurrence of each
iteration is plotted in Figure 3. Note that after 7 iterations
a retransmission occurs. Consequently, iteration number
8 in Figure 3 corresponds to the first iteration of a newly
received retransmission. The black columns in Figure 3
correspond to the scheme discarding erroneous copies of
a packet. Hence, when a new packet arrives the iterative
process is restarted. This can be seen as a staircase
characteristic with a step every seventh iteration, since
each new packet requires a few iterations to converge.
The lighter columns correspond to the scheme saving the

Figure 3: Relative frequency of occurrence for each
iteration. A scheme without packet combining is

compared to a scheme saving the extrinsic information
and is plotted at Eb

0/N0 =0.5 dB.

extrinsic information. The number of iterations decreases
smoothly due to the fact that the decoder does not have to
restart every time a retransmission arrives. Hence,
convergence is faster. Note that the first seven iterations
are the same for the two different schemes, as no
retransmissions have yet occurred

In Figure 4 the equal gain combining schemes are
compared in a similar way. Here, one scheme is using the
saved extrinsic information and the other scheme is not.
The most noticeable difference between Figure 3 and
Figure 4 is that equal gain combining significantly
reduces the number of iterations. For the first seven
iterations in Figure 4 the two schemes are the same, since
no retransmissions have been made and hence no packet
combining is performed. However, we can still see an
improvement in the convergence speed when the

Figure 4: Relative frequency of occurrence for each
iteration, plotted at Eb

0/N0 =0.5 dB. Both schemes
employ equal gain combining, but one is saving the

extrinsic information whereas the other is not.
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extrinsic information is saved and used, since the
columns for iteration nine and ten have a lower
frequency for this scheme. Consequently, since saving
the extrinsic information does not require any major
changes in the decoder it is reasonable to include it.

Additional results, together with a more detailed
analysis can be found in [16].

When a real-time scheme is considered, the
transmission propagation time has to be taken into
account. Consequently, an iteration cannot be compared
directly to a retransmission. In the bar charts on relative
frequency of occurrence for each iteration, one may use
one time unit to make one iteration, while a
retransmission with a following iteration takes, for
example, five time units.

4 Conclusions
The resulting DDC protocol presented here is based on
concatenated hybrid ARQ techniques, creating a flexible
and reliable scheme to meet real-time constraints. Each
packet has a certain tDL and Pd required by the user or the
application. These two parameters will be translated into
a maximum number of retransmissions allowed and a
maximum number of iterations allowed for the sub-
optimal iterative decoding algorithm per transmission.

If simple, cheap transmitters and receivers are
required, e.g., a mobile sensor with limited battery
supply, the mapping of the QoS parameters onto the
CHARQ-DDC protocol may be done using a look up
table. If the transmitter and receiver can be more costly,
the mapping can be done adaptively based on the current
estimated channel conditions.

Two different packet combining techniques for the
CHARQ-DDC scheme were presented and evaluated.
The diversity combining technique equal gain combining
was applied. It is concluded that equal gain combining
gives substantial performance improvements. However,
since the hybrid ARQ system is based on serially
concatenated codes using iterative decoding, a different
category of packet combining techniques can be used.
The iterative decoder passes extrinsic information
between its constituent component decoders, which can
be saved from one transmission and then used in the
decoding process of a retransmission. This technique can
be viewed as a code combining technique, and using it
leads to performance improvement in terms of BER and
convergence speed at very low additional cost in decoder
complexity. Saving the extrinsic information for use in
the decoding process of a retransmission can also be
viewed as a doping operation of the iterative decoder.
With this observation in mind, equal gain combining can
be used in conjunction with the saved extrinsic
information. It is concluded that the inclusion of the
extrinsic information obtained from a previous
transmission does speed up the convergence process of
the iterative decoder.
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