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The constant evolution of wireless communication, and all the applica-
tions this enables, is rapidly increasing our demands on the performance
of communication networks. As the transmission speed increases, entirely
new applications and services, like for example video streaming, suddenly
becomes interesting for wireless systems as well. The expectations of the
general user with respect to performance of wireless applications are guided
by the current quality of traditional wireline systems. This naturally implies
a considerable challenge when designing wireless communication systems.
Many of these new wireless applications are based on packet transmissions
and are subject to time-critical constraints. The objective of the deadline
dependent coding (DDC) communication protocol presented here is there-
fore to develop an efficient and fault tolerant real-time link layer foundation,
enabling critical deadline dependent communication over unreliable wireless
channels.

15.1 Introduction

The data rates of future wireless communications networks are expected
to increase significantly in order to meet the rapidly growing demands of
both telephony and advanced data communications services. The distinction
between the two is vanishing as a variety of services are now being offered
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in common networks, leading to mixed communication traffic with different,
competing quality of service (QoS) requirements. Data services such as
emailing and web browsing are sensitive to transmission errors, but relatively
tolerant to transmission delay. In contrast telephony at the current level of
voice quality is delay sensitive but relatively error tolerant. New services,
enabled by higher data rates, may be sensitive to both transmission delay
and transmission errors.

Advanced multimedia applications, such as DVD quality audio and video,
have strict requirements on delay variations and transmission errors in order
to maintain acceptable user perception. Another example is found in Japan
where the main mobile operator (NTT-DoCoMo) envisions that an advanced
“Intelligent Transportation System” is to be an integral part of a future
fourth generation cellular mobile communications network [OYN00]. A vi-
tal task here is collision prevention where involved vehicles may be alerted
when a potential collision situation is predicted. Every minute, one person
in the world dies in a car crash. Auto accidents will also injure at least ten
million people this year – two or three million of them seriously. All told,
the hospital bills, the damaged property and other costs will add up to three
percent of the world’s gross domestic product [Jon01], where naturally, the
losses that matter the most are not even captured by these statistics. The
ultimate solution is to keep cars from smashing into each other in the first
place. Advanced vehicle control systems for increased safety is a potential
solution to this problem.

Real-time wireless applications are also found within private commu-
nications networks, for example within industry intended for automating
potentially dangerous moments in manufacturing and goods transportation.
Other industrial applications may include measurement and control of mov-
ing objects, e.g., rotating parts and high mobility objects, communication
to and from vehicles in a factory automation situation, temporary product
lines and communication between cooperating embedded systems.

The example real-time applications discussed above all depend on real-
time constraints in the sense that excess delay beyond a specified deadline
degrades the quality of service. In some cases, like collision prevention in
traffic safety systems, exceeding the proposed deadline not only degrades
the quality of service, but renders the transmitted information useless. In
addition to being subject to a real-time deadline, the service must also be de-
livered correctly with high probability since information delivered before the
deadline, but in error, may have severe consequences. The deadline depen-
dent coding (DDC) communication protocol [UARW00] presented here lets
the timeliness and the reliability of delivered information constitute the QoS
parameters required by the application. The values of these QoS parame-
ters are then transformed into actions to be taken by the link layer protocol
in terms of coding and retransmission strategies specifically required when
using an unreliable channel. Hence, the DDC protocol is explicitly intended
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for critical real-time applications over a wireless channel. The objective is to
develop an efficient and fault-tolerant real-time communication protocol for
critical deadline dependent communication over unreliable wireless channels.

15.1.1 Background

Network protocols such as IP [KR00] have traditionally been designed for
a best-effort approach regarding both timeliness and information reliability.
The protocol suite TCP/IP is a joint transport and network layer protocol
suite that provides reliable communication through error detection and re-
transmission strategies, but offers only best-effort timeliness. Recently, QoS
implementations extending into new IP standards have made it possible to
introduce priority algorithms, e.g. IPv6 [LGW00]. Also the use of the UDP
protocol in place of TCP has made it possible to provide real-time multime-
dia communication at best-effort information reliability. These extensions
are based on modifications to protocols originally designed for different pur-
poses, which means that most existing protocol standards can only guarantee
timeliness or information reliability, but not both. Wireless ATM [Aca96]
is a potential alternative for providing both timeliness and reliability. How-
ever, in many cases, ATM operates in conjunction with an overlaid TCP/IP
stack, disabling the critical real-time capabilities of ATM [KR00].

Besides TCP/IP there are a number of real-time communication proto-
cols such as [ZSR90, KSZ99, ACZD94] that strives to ensure delivery prior
to deadlines, but that are best-effort protocols in terms of information re-
liability and consequently do not give any guarantees or explicit prediction
on the probability of correct delivery when a wireless channel is considered.
Recent protocols offering negotiable QoS in terms of timeliness requirements
have been suggested in e.g., [AAS00, KS01]. However, reliability in terms of
error in the delivered information is still not explicitly guaranteed in these
protocols, since they assume that a reliable channel is directly available. In
a mobile wireless environment, the encountered communication conditions
are quite challenging compared to wireline communication in terms of sig-
nal degradation [Rap96]. In particular, the inherent error rate for a realistic
averaged signal-to-noise ratio (SNR) is both significantly higher and also
time varying when a wireless environment is considered. In addition, most
wireless applications must work under strict power constraints as they are
operating through battery powered devices. The concepts of channel cod-
ing [HW99] to cope with the high error rate and powerful retransmission
schemes [LC83] to provide diversity must therefore be introduced in order
to provide a reliable channel.

In OSI layered networks [KR00], the responsibility for QoS enforcement
is almost entirely placed within the transport layer. In a network supporting
a significant amount of critical real-time communication, this may not be
efficient in terms of average or maximum delay or in terms of the overall
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efficient use of network resources. A more effective organization could be
to imbue the QoS enforcement over multiple layers in the protocol stack.
An erroneous packet may then be dealt with as early as possible, avoiding
unnecessary excess delays caused by referring packet quality assessments to
higher network layers at the receiving end. A promising innovation based
on these principles is the design of DDC protocols. In addition, the devel-
opment of resource allocation strategies based on the QoS requirements, as
done in DDC protocols, introduces critical real-time constraints into addi-
tional functionalities in the lower network layers, such as channel coding
and retransmission strategies. A DDC protocol provides a new and flexible
approach, enabling truly negotiable and enforceable QoS that substantially
increase the number of accepted service requests at high network load using
a wireless channel.

15.1.2 Organization of the Paper

In this paper, we focus mainly on the link layer aspects of the DDC commu-
nications protocol, suggested in [UARW00, Uhl01], for point-to-point com-
munications, demonstrating the flexible real-time communications features
of the approach. In a wireless data packet communications system, there
are many protocol aspects that introduce delays. For example, issues such
as formatting the message, queuing the message while waiting for medium
access, transmitting the message over the wireless medium, notifying the
receiver of message arrival, and deformatting the message, just to name a
few. Here, we only look at the time it takes to transmit the message over
the medium and the time it takes to decode it so that it can be ready for de-
livery to the receiver. The principles are, however, easily extended to other
cases.

The following section describes the special concerns introduced when
real-time communication is to take place over a wireless channel. Next, we
describe the probabilistic view adopted of the real-time constraints and the
resulting QoS parameters. Thereafter the DDC protocol is described, with
its retransmission strategies, the chosen channel code and finally how the
QoS parameters affect the error control strategy of the DDC protocol and
consequently the level of fault tolerance chosen by the application.

15.2 Wireless Communication

In a typical wireless communication system, the channel conditions vary
with time, and thus the quality of a received frame that has been transmitted
over the channel is not constant. The transmitted signals are perturbed by
additive thermal noise, frequency and time selective fading, and interference
from other transmitters. Not only does the distance between the transmitter
and the receiver cause a transmission time delay but also the received energy
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of the transmitted signal, and hence the corresponding performance, declines
with distance. Relative mobility between transmitters and receivers causes
the channel conditions to change accordingly, as well as introduces relative
frequency smearing in terms of Doppler effects. Fixed or moving obstacles
in the propagation environment may enter into the line of sight increasing
the self-interference in terms of multiple signal reflections accumulated at
the receivers and as a consequence further amplify these effects, [Rap96].
Interference can also be caused by unintentional transmitters, like microwave
ovens or by transmitters from other systems, e.g., a radio-controlled car may
interfere with a commercial radio broadcast.

Due to the time-varying nature of the wireless channel, it is difficult
to define a single meaningful performance measure for an arbitrary packet
transmission. With large channel variations, average performance may not
provide a suitable measure of quality. Assuming that channel conditions
are constant for the duration of a packet transmission, the channel quality
can in some cases be described by the corresponding signal-to-noise ratios
(SNR) encountered by the specific packet. Consequently, the performance is
often measured in terms of probability of error, Pe, or bit error rate (BER),
i.e., the average error behavior for a given SNR, and then depicted over a
range of such SNRs in an SNR versus BER plot.

Such a dynamic environment entails a challenge for wireless commu-
nication, especially when real-time constraints are imposed. The inherent
consequence is a relatively high error rate, making the wireless channel unre-
liable in comparison to copper wire local loops or optical wireline channels.
This has limited the extensive use of wireless access in real-time systems.

The BER of the transmitted frame can be improved by the use of a code,
i.e., the inclusion of redundant bits in the frame. These redundant bits, also
called parity bits, are chosen to provide a certain level of fault tolerance
against errors. The relationship between the original number of bits in the
frame and the total number of transmitted bits including redundancy is
called the code rate. The lower the code rate, the more redundant bits have
been included; and the more redundant bits that are included the stronger
the code becomes and hence the better performance can be obtained [LC83].
At the same time as additional parity bits will improve the performance in
terms of BER, it will also require more resources in terms of more band-
width, more energy and more time required to transmit and decode. Con-
sequently, the manners in which the parity bits are chosen greatly influence
the performance and hence have to be carefully considered. By choosing a
specific code, we inherently chose the manner in which the redundant bits
are assigned, and hence different codes have different code rates, different
performances and are also specialized on different things. Some codes are in-
tended for packet transmission, some for continuous streams. Some are good
at coping with bursts of errors, others with randomly distributed errors.

Considering a wireless radio channel, bandwidth is limited since the ra-
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dio spectrum is a limited natural resource. A fully utilized frequency band
cannot easily be complemented by additional resources. It is not possible to
add an extra fiber or an extra bus to increase the capacity as can be done
with a wireline channel. The radio spectrum is assigned according to strictly
enforced rules and consequently additional bandwidth may be costly or may
not exist at all. Furthermore, wireless devices are often battery powered and
therefore the transmitted signal power should be limited to prolong battery
life. The battery also puts restrictions on the maximal computational com-
plexity that can be use in each of the end nodes. Moreover, given that we
have a certain bandwidth to use in our system, a limited transmit power also
limits the inherent interference generated by the other transmitters present
in the local wireless multiple access system.

The channel capacity formulated by Shannon [Sha48] incorporates into
one composite parameter the effects of channel parameters such as thermal
noise, constrained bandwidth, and limited signal power. The channel capac-
ity is a fundamental upper limit for the achievable data rate over channels
described by these parameters. The significance of channel capacity is that
as long as the communication rate is kept below the channel capacity, an
arbitrarily low error rate can in principle be obtained if infinitely long sig-
nals are used. From coding theory, we know that most finite-length codes
are good, provided they are sufficiently long. Decoding complexity, however,
generally increases exponentially with code length and hence may prohibit
the use of codes beyond a certain length. When a real-time communication
system is used, we are not only concerned with decoding complexity but
also transmission time. The question is how well we can perform when com-
plexity requirements in terms of time to decode and time to transmit have
to be considered.

Unfortunately, the channel capacity only states what performance is the-
oretically possible to achieve, but it does not say what codes to use in order to
achieve this performance. Therefore, it has traditionally been a gap between
the achievable capacity obtained by using codes of a manageable decoding
complexity and the theoretical limit. However, in 1993 a novel approach to
error control coding revolutionized the area of coding theory. The so-called
turbo codes [BGT93] almost completely closed the gap between the theoret-
ical limit and the achievable capacity obtained using manageable practical
implementations. Turbo codes are based on concatenated codes which can
be decoded iteratively using low complexity, increasing only linearly with
code length. Although this decoding algorithm is still sub-optimal, it is able
to essentially avoid any performance loss. Even if a capacity approaching
code is used and even if the SNR is high, no communication system and
no code is ever 100% error free; they are probabilistic by nature and hence
liable to contain errors.
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15.3 Probabilistic View

A communication failure in a real-time system can be divided into infor-
mation error and temporal error. By information error is meant that the
communication channel corrupts the information in such a way that the re-
ceiver is unable to interpret it or interprets it in an erroneous way. Temporal
errors occur when the communication system fails to deliver the informa-
tion in time. This implies that the application sets up a deadline for the
communication system before which it has to deliver. 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 toler-
ated. In contrast, in a soft real-time system a certain low probability of late
delivery is tolerated, but leads to performance degradation in terms of the
real-time constraints. A crucial issue that has to be thoroughly addressed
before a wireless system can be accepted for applications requiring real-time
communication is the reliability aspects.

QoS negotiations are a powerful way of handling varying demands on the
network. QoS parameters used today are, for example: bandwidth, jitter
and error rate [Tan96]. All these parameters reflect demands on average
behavior of the network. For industrial systems, however, the demands are
often of worst case nature. Therefore, we exploit a probabilistic view of the
real-time constraints that focuses on the worst case behavior in order to
provide a systematic approach for the development of efficient wireless real-
time communication protocols. This means that it is not meaningful to talk
about hard or soft real-time requirements. Instead we talk about a deadline
for delivery and the probability of success in delivering correct information
before this deadline. Thus, we use two parameters: deadline for delivery,
tDL, and the probability of correct delivery before the deadline, Pd. They
can be viewed as QoS parameters, leading to a probabilistic view of real-
time communication. It follows that a protocol layer can negotiate values
of these parameters with an upper or a lower layer, thus enabling flexible
admission control that provides a trade-off between the worst case delivery
time and the quality of the delivered data. 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 transmission request with
the required values of the QoS parameters. The values of these parameters
are requested by the application using the communication system. The value
of Pd controls how reliable the transfer must be in a real-time perspective and
consequently, it does not say anything about delivery of correct information
after the designated deadline. 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 communication system due to the noisy channel
conditions.

It is worth noting that these QoS parameters are useful for real-time as
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well as non-real-time applications. An application sending emails may for
example require a Pd as high as possible but can increase tDL if negotiations
require a lower QoS level in order to be able to accept the request. If a
packet of image data intended for video streaming is to be sent, the deadline
is relatively tight but Pd can be moderate, because an incorrect delivery (or
no delivery) will appear as image noise. A packet arriving too late will
disturb the viewing more. For a control application, it is important that
correct information reaches its destination before a tight deadline with a
fairly low error probability. This implies that more bandwidth is required
for this kind of transmission.

15.4 Deadline Dependent Coding

The main idea behind DDC is to make all components in the link control
protocol deadline dependent. To provide a controllable measure of QoS, a
probabilistic view of the real-time constraints is adopted. We thus consider
the probability Pd of correct delivery prior to reaching the deadline tDL.
Correct delivery implies that a certain target error rate limit, Pe, is met.
This can be in terms of average packet error rate, or average bit error rate
within the packet. Note that the target error rate can never be equal to zero
due to the presence of channel noise.

Generally, by using longer code words, i.e., by adding more redundancy,
we will achieve a higher Pd – but we will, in turn, be requiring more time,
Fig. 15.1. Traditionally a fixed time has been used when scheduling the
transmission time over a medium. In contrast, we make this time variable
depending of the required quality (error rate) required. Besides maximizing
the probability of delivering the required information before a given deadline,
the protocol should also attempt to minimize the required bandwidth, the
transmitted energy and the average time required to successfully deliver the
information. The QoS parameters tDL and Pd are therefore mapped onto a
retransmission protocol which plays the role of maximizing the probability of
delivery with the required reliability before the deadline. It follows that DDC
strives to maximize the probability of delivery over a realistic unreliable
wireless channel.

15.4.1 Hybrid Automatic Repeat Request

In a packet-based system, an Automatic Repeat request (ARQ) scheme
[LCM84] can be used. Whenever a packet arrives, the receiver may choose
to reject it, and instead request a retransmission through a feedback chan-
nel. To determine whether or not a retransmission should be requested
the receiver checks the quality of the received packet, usually by means of
an error detection code. A hybrid ARQ (HARQ) scheme, first suggested
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Figure 15.1: By adding more redundancy, we will achieve a higher Pd – but
we will, in turn, be requiring more time.

in [WH60], uses an error control code in conjunction with the retransmis-
sion scheme. Consequently, the receiver first tries to decode the received
code word and only requests a retransmission if the quality of the decoded
information is unacceptable, i.e., if the decoder output is below a certain
reliability threshold, Fig. 15.2. There are different methods of determining
whether a decoder output is sufficiently reliable and hence different criteria
for requesting a retransmission. The choice of method significantly affects
the character of the retransmission scheme.
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Figure 15.2: If the quality of the decoded packet is too low – a retransmission
is requested.

In a non-ARQ scheme, the packet decoding process is either successful
with a certain probability, Pc, or the received packet is interpreted as another
valid (but erroneous) code word with a certain probability, Pe, resulting in
a block error. In a HARQ scheme, we choose not to accept the decoded
information if the quality is below a specific threshold and instead request
a retransmission. This results in a certain probability of retransmission here
denoted PARQ. If the threshold determining the quality of the decoded
information is high, leading to a high information reliability, PARQ will
be high. If PARQ is increased, consequently Pc and Pe are reduced since
Pc + Pe + PARQ = 1. We would like Pe to be as small as possible since a
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block error does not result in a retransmission and hence there is no way of
correcting the error. Although we may be able to minimize Pe, a large PARQ
will result in numerous retransmissions, yielding a very slowly increasing Pc
and a low throughput. Consequently, we want the QoS parameters, Pd and
tDL to guide our choice of retransmission threshold.

In a pure HARQ 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 combin-
ing, diversity combining [Sin77] and code combining [Cha85]. The choice of
packet combining technique is related to the choice of error control code, but
the goal should always be to use all the received observables in the decoding
process.

One of the main components in a DDC protocol is the retransmission
scheme. However, since we specifically consider a time-limited channel, we
must limit the maximum number of retransmissions, hence the ARQ system
becomes truncated [ML00]. The maximum number of retransmissions al-
lowed is chosen according to the deadline for delivery, tDL and will provide
an upper bound on the communication time. It has been argued that a
retransmission scheme is not to be used in a real-time system [LAMM02]
– however as long as there is an upper limit on the maximum number of
retransmissions allowed, the delay is finite and controllable.

A retransmission scheme is continuously adapting to instantaneous chan-
nel conditions. A series of retransmissions is initiated when the channel
is bad, thus contributing to the robustness of the protocol, while only a
negligible number of retransmissions are required when the channel is well
behaved. We may therefore use only the required amount of redundancy
suitable for the current channel condition and thereby saving energy and
bandwidth resources as well as reducing the amount of multiple access in-
terference. Rather than designing the system based on the worst possible
channel conditions, increasingly more channel resources are allocated as the
deadline approaches, in order to meet the probabilistic requirements for de-
livery before the deadline.

15.4.2 Concatenated Codes with Iterative Decoding

Concatenated codes using iterative decoding is a way of providing long codes
with manageable decoding complexity. A turbo code is basically a concate-
nated system of two simple component codes connected through an inter-
leaver in order to create a very long code and thus also a very strong code
[BGT93, For66]. Optimal decoding of such a system is NP-hard and infea-
sible due to the length of the code. However, the attractive characteristic
of a concatenated system is that iterative a posteriori probability (APP)
decoding based on exchanging soft reliability information provides a low
complexity sub-optimal technique for decoding. Given certain conditions,
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the iterative decoding technique performs close to the fundamental Shan-
non limit [BGT93]. In general, concatenated codes using iterative decoding
provide significant performance improvements at reasonable complexity in-
vestments. In addition, only two relatively simple decoders for the compo-
nent codes are needed and are reused several times, in contrast to the very
complex decoder for the total code used only once.

Using concatenated codes in an HARQ scheme also elevates the cor-
responding performance to levels close to fundamental limits. When no
retransmissions are allowed, the packet is iterated between the component
decoders based on exchanging updated APP information. This is illustrated
in Fig. 15.3, where the dashed box indicates the iterative decoder when no
retransmissions are allowed.
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Figure 15.3: Iterative decoder for concatenated codes used in an HARQ
scheme.

The exchange of information first follows the upper path of arrows from
left to right, and then back again along the lower path from right to left,
constituting one iteration. In a retransmission protocol, we should use as in-
put all the received packets pertaining to the same information bits, thereby
using all received information, [NS97]. This is also illustrated with an exam-
ple in Fig. 15.3 where we have connected two iterative decoders pertaining
to two different received copies of the same packet. The connection repre-
sents the exchange of information between two received packets, leading to
effective packet combining. The approach is also known as code combining
[Cha85] and it can significantly speed up the convergence of the decoding
process and enhance the performance in terms of BER [UARW03]. Clearly,
a faster decoding process, involving fewer retransmissions and fewer itera-
tions, translates directly into real-time benefits.

The complexity of the iterative decoder is increasing linearly with the
number of iterations as opposed to exponentially with the code length. Ini-
tially, there is much to be gained from iterating, but in most cases the
performance reaches a point of diminishing returns. The number of iter-
ations needed for convergence varies between packets and is generally not
known. A common approach for stopping the iterative decoding process is
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to allow for a fixed number of iterations. This may lead to unnecessary
iterations, or to performance degradation if the process is terminated pre-
maturely. Applying a performance based stopping criterion these problems
can be addressed.

A stopping rule based on thresholding the average APP information has
been found efficient [RGT01]. The stopping criterion is intended to stop the
iterative process once the mean APP information is above the chosen thresh-
old – however, if the decoding algorithm does not converge to the optimal
value for a specific packet due to excessive noise, 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, and
hence the time required to deliver a packet with sufficient quality, 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, we
set the maximum allowed number of iterations accordingly. A non-negligible
number of packets may, however, converge after less iterations and therefore
the performance based stopping criterion is still very relevant.

The criterion used for stopping the iterative decoding process is based
on the convergence behavior for the iterative decoder. Naturally, the same
criterion can also be used as a retransmission criterion so that if the stopping
criterion is not fulfilled after the maximum allowed number of iterations a
retransmission is requested. The stopping criterion together with the upper
limit on the number of iterations and the number of retransmissions yield
an upper bound on the decoding complexity thus also the time to decode
the information.

Concatenated codes using iterative decoding also provides the opportu-
nity to perform so-called erasure decoding. This means that if a specific
bit is completely unknown, i.e., no APP information is received, the itera-
tive decoder simply assigns an a priori probability of 0.5 and proceeds with
the decoding process. This in turn implies that we do not need to trans-
mit all the parity bits in the code directly. Hence, we can puncture away
some bits and instead include them in a potential retransmission [RM00].
Not only does this yield an extremely efficient code combining technique, it
also reduces the decoding complexity since a retransmission can simply be
included in the ongoing iterative decoding process. In other words, if we
chose a very long mother code and simply let each transmission constitute a
new part of this mother code, the decoder can just start iterating and when
additional parts of the mother codes arrives the iterative process does not
have to restart.

A time and safety critical application benefits from the long powerful
concatenated codes yielding reliable communication, while the processing
time of the iterative decoder is kept low. The iterative decoding algorithm
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also gives the opportunity to always deliver something to the receiver just
before the deadline, i.e., we can offer a fast tentative response and progres-
sively provide iterative refinements. This last-minute delivery can also be
complemented by a measure of reliability or quality of the delivered infor-
mation based on the current APP information.

A potential drawback using long codes is that a sufficiently large infor-
mation block is required for the encoding process to be successful. This
means that even though long codes have good performance when channel
conditions are bad, they will not be good if they are made up of redun-
dant information alone. Rather, a significant potion of the resulting code
word needs to be made up of pure information. However, since concatenated
codes can be made systematic, i.e., the redundant bits are appended to the
unscrambled information frame, any headers and preambles required by the
application can be used as part of the information frame.

In effect, iterative decoding within ARQ protocols provides an entirely
new array of possibilities for adaptability in terms of complexity versus de-
coding speed and reliability, i.e., critical reliability and timing constraints
can be readily evaluated as a function of available system resources and com-
plexity. This in turn enables quantifiable QoS and thus negotiable QoS. Ser-
vices requests can therefore be accepted, rejected or re-negotiated depending
on available resources. The resulting protocol is termed concatenated hybrid
automatic repeat request deadline depending coding (CHARQ-DDC).

15.4.3 Mapping of the QoS Parameters to the CHARQ-DDC
Protocol

The retransmission strategy, i.e., what and how much will be transmitted in
each transmission, the length of the concatenated code, the APP threshold
used as a stopping criterion, the maximum allowed number of iterations and
the maximum allowed number of retransmissions are all components and
features to be assigned according to the QoS parameters.

The factor that mainly influences the number of parity bits that needs
to be transmitted, or equivalently the length of the mother code is Pd. We
know that after having transmitted all available parity bits of the mother
code, we will have a certain Pe, which is related to Pd as Pd = 1−Pe. If the
parity bits necessary to achieve a certain Pd are more than what we have
time to transmit before tDL the request cannot be accepted. Further, the
level of the APP threshold used as stopping and retransmission criterion is
also dictated by Pd and it will affect PARQ.

Assuming that we have assigned a mother code and an APP threshold,
the maximum number of allowed transmissions dictates the partition of the
mother code into transmission packets. The more redundancy that is in-
cluded in an early transmission, the lower the PARQ, but at the same time
the risk of submitting unnecessary redundancy increases. The more retrans-
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mission that are allowed, the higher average code rate can be obtained and
hence also less interference to other nodes. So, even though Pd may only
require that we use half of the parity bits that would be possible to transmit
before tDL, we should still use the available time window to accommodate
for as many retransmissions as possible, i.e. only send a small portion of par-
ity bits with each packet to avoid unnecessary interference. So, tDL tells us
how many retransmissions we can accommodate for. Depending on system
specific parameters, such as distance between transmitter and receiver the
penalty in time introduced by an extra transmission may also be different.

It should be noted that once a request has been accepted by the CHARQ-
DDC protocol, the probability of delivering a packet, with the required QoS
parameters Pd and tDL, is guaranteed to hold. If the requested Pd can be
achieved after the number of iterations and retransmission given by tDL, the
request is accepted. If the request is rejected, the application can renegotiate
by stating a lower value on one or both of the QoS parameters. Depending
on the application in question one may choose to prolong the deadline or
reduce the requested Pd If, for example, we have a sensor value that is
over-sampled but the correctness is critical, one may chose to prolong the
deadline. A multimedia application may, alternatively, chose to reduce the
requested Pd in order to meet the required deadline.

In Fig. 15.4 the Pd is plotted as a function of time. In this figure we
have not taken into account the possible variations in transmission time of
a packet, as these factors will affect the schemes compared in the figure
equally. Further, the time it takes to make each transmission may vary
due to the distance between the sender and receiver. Similarly, the time
it takes to make one iteration is most likely hardware dependent and thus
system specific. These statistical variations should therefore be part of the
constraints imposed on the protocol design, affecting the CHARQ-DDC pro-
tocol through Pd and tDL. Consequently, we have here adopted the concept
of logical time, meaning that we do not put an absolute value on the time to
perform one iteration, but instead report the number of iterations needed.
The true transmission time merely corresponds to a scaling of the x-axis in
some system specific manner.

All the schemes in Fig. 15.4 have curves with a staircase characteris-
tic. The length of a step in the staircase depends on the time to do one
iteration and in case of a retransmission, the transmission time together
with the time to do one iteration. The schemes in Fig. 15.4 make a re-
transmission if the stopping criterion is not fulfilled after seven iterations
The height of each step yields the performance improvement. For each it-
eration some additional bits can be successfully decoded and results in a
new step. The schemes in Fig. 15.4 compare different packet combining
techniques and as a result the performance are the same for the first seven
iterations since no packet combining can be done until a retransmission has
occurred. Consequently, iteration number eight is the first iteration of a
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Figure 15.4: Different CHARQ-DDC systems plotted as a function of the
QoS parameters.

newly received packet, and this is where we can see a difference between the
schemes. Scheme A, which is a pure HARQ scheme discards all erroneous
copies of a message, will actually lose in performance in the beginning when
a retransmission is requested. This is due to the fact that the whole packet
is deemed erroneous and hence even correctly decoded bits will be discarded.
Scheme B and C uses different packet combining techniques and their gain
at the eighth iteration is considerable, especially for scheme C which uses
the optimal packet combining technique for the particular code in question.

It should be noted that at every step there is an increased probability
that the packet is correct and retransmissions will cease. Hence, using all
allowed retransmissions and iterations is in fact the worst case. Most of
the time we will stop earlier because the stopping criterion has been ful-
filled. The BER should be considered as a mean of all information packets
regardless of when the stopping criterion for each trial is fulfilled.

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 trans-
mitter and receiver can be more costly, the mapping can be done adaptively
based on the current estimated channel conditions. The latter will of course
enable additional flexibility by continuously adapting to channel variations.

15.5 Conclusions

The resulting CHARQ-DDC protocol presented here is based on CHARQ
techniques, creating a flexible and dependable scheme to meet real-time
constraints. Each packet has a certain tDL, and Pd, required by the user or
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the application. These two parameters will be translated into a maximum
number of retransmissions allowed and the amount of redundancy to be
used.

This scheme results in improved fault-tolerance in presence of commu-
nication errors and permits a flexible admission control scheme capable of
providing a trade-off between the worst-case delivery time and the quality of
the delivered data. 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 and also strives to maximize the
probability of correct delivery over an unreliable channel.

The mapping of the QoS parameters to the CHARQ-DDC scheme may
be done using a look-up table or, alternatively, by using adaptive strategies.

Analysis of a protocol model indicates that it is possible to transmit
time critical information in a mobile wireless system with very low error
probabilities in an industrial environment.
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