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14.1

Introduction

More and more real-time systems are complex and distributed systems
consisting of many sub-systems that must cooperate. In other words,
those sub-systems must communicate with each other and to do this,
still fulfilling the overall system specification, real-time communication
must be supported. Moreover, real-time communication is also becoming widely needed in networks like the Internet, spanning over large distances. In for example Internet, the support for different traffic classes
is often described as supporting different QoS (Quality of Service) levels
and does normally include some kind of specification to meet real-time
demands.
Real-time communication often relies on some kind of scheduling like
EDF (Earliest Deadline First), but there are some important differences
compared to standard single-processor scheduling. First, the transmission of a packet is, in most cases, non-preemptive. The ongoing transmission, and possibly also some of the already queued messages, can
then not be interrupted when a more important message (e.g., with a
shorter relative deadline) arrives or is generated. Moreover, a network,
instead of a single link, makes the situation much more complex and
one must consider things like medium access method, topology, multiple
users on multiple nodes, non-deterministic access delay etc.
333
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Regarding approaches to handle real-time communication, one is to
schedule the traffic according to, e.g., relative deadline (also called laxity
or delay bound) or priority. In other words, dynamic (on-line) communication scheduling is used. Without any further analysis this only gives a
best-effort service, i.e., no real-time guarantees are given. Secondly, for
networks with a deterministic scheduling/behavior, a schedability analysis can be made through static (off-line) scheduling to ensure a timely
behavior. A third approach is to have a semi-static scheduling where admission control with a schedability analysis is used when a new logical
channel for real-time traffic is requested. The new channel is accepted
only if the network can guarantee the specified QoS, not violating the
granted QoS for existing connections. As an example, any of these three
approaches can be used in a network with priority scheduling:
• Approach 1: Nothing more than prioritizing important traffic (no
guarantees).
• Approach 2: Analyze the network behavior at system design, given
the behavior of the communicating processors/processes.
• Approach 3: Admission control (like Approach 2 but analysis during run-time, each time the traffic characteristics changes).
Below, we will give an overview of real-time communication characteristics and representative methods to give real-time communication support in different kinds of networks. After that, the appended papers are
shortly introduced.

14.2

Application and traffic characteristics

Real-time systems and applications are often divided into classes depending on how strict timing requirements they have. One example is
the division into critical, essential, and nonessential timing requirements,
while another is the division into hard and soft real-time requirements.
It is, however, not always the case that the real-time communication for
an application can inherit the same classification as the application in
whole. As an example, IP telephony can be regarded as a soft real-time
application since it still might be possible to understand what is said
even though some data is lost or not delivered in time. Despite this,
a single message is useless if not delivered in time and might therefore
be considered as having a hard deadline. A compromise is to state a
probability that a message is delivered in time.
Since the classification into soft and hard real-time communication
is somewhat unclear, real-time communication support is normally described more in terms of the service offered. For example, the communication support for a certain traffic class with real-time requirements
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might have both a guaranteed (minimum) throughput and a bounded
delay. Some common such parameters to describe traffic requirements
and QoS levels together with more general traffic classifications are:
• The traffic can be of either aperiodic (asynchronous) or periodic
(synchronous) nature.
• A relative deadline (delay bound) might be stated. In case of periodic traffic it can be shorter, equal, or longer than the period
which, depending on the specific network, can have significant influence on the real-time methods and analysis.
• Rate characteristics such as minimum inter-arrival rate and maximum message-length are parameters describing the desired throughput in a more precise manner.
• The delay jitter is important to be bounded for some applications
and is defined as the difference between the minimum and the
maximum end-to-end delay.
• The reliability in terms of, e.g., loss rate is used when describing
services without hundred percent guaranteed timely delivery.
Sometimes, the traffic characteristics or network requirements are in
an interval like [required, desired] or by both minimum and average
values. A good example of this is when having multimedia traffic with
dynamically changing throughput requirements due to variable bit-rate
compression.
The linear bounded arrival process model is sometimes used to characterize and bound periodic but bursty traffic, i.e., traffic that sometimes comes in large bunches of packets instead of always being regularly spaced in time. The intended amount of data from the source is
specified as:
S = maximum packet size
R = maximum packet rate
W = maximum work ahead
where W allows for short violations of R (bursts). In any interval of
duration t, at most W + t · R packets may arrive (be generated).
Different applications can have fundamentally different traffic characteristics and real-time demands. For example, automotive applications like steer-by-wire have very strict demands where safety-oriented
designs with high reliability must be considered. Methods like repetitive
transmissions and/or fault-tolerant network architectures with hardware
redundancy must be used to ensure correct and timely delivery. In automation industry, the traffic is often of periodic nature with a masterslave communication pattern where one or several master nodes periodically retrieve sensor values from slave nodes.
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Data and telecommunication equipment like large distributed routers
in the Internet are characterized by having requirements on short delays
to not add too much to the end-to-end delay and not contribute too much
to large queuing requirements. Regarding a specific Internet application,
IP telephony should, although it is not always technically possible, have
a maximum end-to-end delay of 150 ms to avoid that a half-duplex session is entered where one talks and the other listens [Hassan et al. 2000].
Interactive video applications have higher throughput requirements but
the same delay requirements as IP telephony [Wolf and R. Steinmetz
1997]. For non-interactive multimedia applications, longer delays might
be acceptable but the jitter can be a problem. Playback buffers can be
used to cope with the jitter but rather large buffers might be needed if
the network not includes mechanisms to reduce the jitter. Other things
worth mentioning about multimedia communication are that: (i) related streams (e.g., sound and video) must be tightly synchronized (less
than 80 ms skew), (ii) there is normally no time for retransmissions but
100 % reliability are not often required, and (iii) support for multicast
is often desired. When evaluating networks regarding their capability
of transporting multimedia traffic, traced traffic (e.g., from an MPEG
compressed movie) is often used.
The area of sensor networks is currently getting a lot of attention
in the research community and real-time communication is one subarea [Stankovic et al. 2003]. New protocols and methods to handle
real-time communication in dynamic wireless low-power constrained networks must be developed. Other application areas where real-time communication is important include avionics, signal processing applications,
process control, and remote surgery.

14.3

Real-time communication services

Examples of real-time user services that can be offered, to the application or the programmer, by the network are: RTVC (Real Time Virtual
Channel) [Ferrari and Verma 1990], guarantee-seeking messages [Arvind
et al. 1991], and different kinds of best-effort and non-real-time services. If the service offered is deterministic, it is normally offering both
a guaranteed minimum throughput and a bounded end-to-end delay. If
the service offered is probabilistic, it can still be the case that a guarantee is offered but only as a guarantee to meet the specified QoS level
at a certain probability. Some networks have inherent heterogeneous
real-time support, i.e., having support for several traffic classes with
rather different characteristics and real-time demands [Bergenhem and
Jonsson 2003]. Using active networking, the QoS support can even be
adapted during run-time by having service modules dynamically loaded
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into the network equipment [Metzler et al. 1999]. A related topic is
about approaches to support real-time traffic over heterogeneous networks, i.e., networks composed of rather different sub-networks. One
example is to support connection-oriented real-time communication in
an FDDI-ATM-FDDI heterogeneous network [Chen et al. 1997]. Another example is the proposal of a general flexible TDMA (Time Division
Multiple Access) approach that can be used to support real-time communication over a heterogeneous network with both WLAN (Wireless
Local Area Network) and fieldbus technology (CAN; Controller Area
Network) [Mock and Nett 1999], while a third example investigates the
use of wireless communication to connect several PROFIBUS segments
by forwarding and insertion of extra idle-time between messages [Alves
et al. 2002]. It is not only pure data delivery services for communication
between two nodes that can be enhanced with real-time support. One
example is the support of real-time services for special communication
patterns like many-to-many [Fan et al. 2004].

14.4

Local area networks

Traditionally, a LAN (Local Area Network) implies a shared-medium
network where a MAC (Medium Access Control) protocol is used to
control which node that should have the possibility to send in each instance. With shared-medium networks, we mainly refer to bus networks
and ring networks. A MAC protocol with a deterministic behavior is
needed if guaranteed real-time services shall be supported. For example, CSMA/CD (Carrier Sense Multiple Access, Collision Detect) used
in Ethernet is not deterministic. Several of the deterministic MAC protocols can be used together with a schedability analysis to calculate the
on-line performance of predefined communication patterns off-line.
Several MAC protocols and extensions to basic MAC protocols to
support real-time communication over bus networks have been proposed.
TDMA (Time Division Multiple Access) is one example where the access to the medium is divided into time-slots. In static TDMA, each
node normally has the access to the bus in one time-slot per cycle but
many variants of TDMA exist where, e.g., time-slots are dynamically
booked. As long as not only relying on self-synchronization on transmitted frames (packets), clock-synchronization is very important in bus
networks. Mars, proposed by Kopetz et al., is one example of a distributed real-time system where a TDMA based network is included
[Kopetz et al. 1989].
Window protocols can also be used to obtain real-time functionality
over bus networks, which the following example shows. Assume that
the access to the medium is divided into windows (time intervals) and
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that a message has a priority/node/process specific value. Transmission
is then only allowed if the value is in the window (and the medium is
free). On collision, the window is split into several windows to reduce
the risk of having two nodes in the same window. When having a deadline controlled window protocol, the basic idea is to have a value set
according to the relative deadline and to let windows for earlier deadlines come earlier [Zhao et al. 1990]. Using VTCSMA (Virtual Time
CSMA) [Molle and Kleinrock 1985] instead, all nodes are clock synchronized and a (virtual) time to start transmission is calculated depending
on, e.g., deadline [Zhao and Ramamritham 1987]. Collisions can still
appear and are treated with random delays etc. In other words, no
deadline guarantees can be given and no schedability analysis can be
made.
The IEEE 802.3 network (daily called Ethernet) has no inherent
support for real-time communication but several kinds of extensions and
modifications have been proposed. In RETHER [Venkatramani and Chiueh 1994], a software implemented token-based protocol is added on top
of the normal MAC protocol. To reduce overhead, the token-based protocol is activated only when there is real-time traffic to be sent. Other
researchers have proposed to control the amount of outgoing traffic from
a node in an adaptive way to increase the overall possibilities in the network to meet the real-time demands [Kweon et al. 2000] [Carpenzano
et al. 2002].
Token Ring (IEEE 802.5) is a ring network with a priority-based
arbitration supporting eight priority levels. A single token is circulated
in the ring and, as long as it is free, a node can grab the token to get
permission to send. If a frame passes without the token (i.e., a normal
data frame), a node can try to reserve the token for the next round by
setting the special reservation field to the priority value of its message.
This is only allowed if the priority field is not already having the same
or a higher value. This reservation mechanism gives the node with the
highest-priority message the possibility to send in the next round.
FDDI (Fiber Distributed Data Interface) is an optical fiber ring network, which relies on the same principles as in Token Bus (IEEE 802.4;
see [Montuschi et al. 1992] for a discussion on timing), namely the
Timed-Token protocol (see [Malcolm and Zhao 1994] for real-time aspects of the Timed-Token protocol). All nodes know the value of the
constant TTRT (Target Token Rotation Time), while the TRT (Token
Rotation Time) is measured by each node for each turn the token travels.
A node is allowed to transmit asynchronous traffic if TTRT - TRT > 0.
In addition to asynchronous traffic, a predefined part of the bandwidth
can be allocated for synchronous data for which a node is guaranteed to
be allowed to send when it gets the token.
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Switched Ethernet is a technology that is frequently used in LANs
today. An additional Ethernet standard supported by many switches
does even support priority queuing with between two and eight priority
levels. An extra 3-bit header field is added to the frames, while the
switches have priority queues. EtheReal was an early work on switched
real-time Ethernet but was only throughput oriented (i.e., no explicit
treatment of real-time demands) [Varadarajan and Chiueh 1998]. Later
work on switched real-time Ethernet has been much concentrated on
the fact that the collision probability can be totally eliminated by only
including point-to-point links and network interface cards and switches
that support full-duplex transmission [Alves et al. 2000] [Hoang et al.
2002].

14.5

Fieldbus networks

Fieldbus networks have their main origin in the demand to reduce cabling cost in, e.g., vehicles [Leen et al.] and automation industry. As
many of the targeted applications can be classified as real-time systems,
a lot of attention has been paid to real-time communication in fieldbus
networks. Since typical data consists of sensor values or other short
data, the frame length is normally rather short in fieldbus networks.
CAN (Controller Area Network) is one of the fieldbuses that have
got a lot of attention. Each frame transports eight bytes of data at
the most. A node can listen to arbitrary “addresses” and also to many
“addresses” simultaneously. Several nodes can even listen to the same
address (multicast). A special detail is that the ”address” also acts as
a priority level. The MAC protocol works in the following way. When
sending over the bus, a dominant bit overwrites a recessive bit. The
sender, starting with the most significant bit of the “address”, checks
if the received bit is identical with the transmitted bit. It stops transmission if the recessive bit is overwritten, i.e., because a collision with
a higher-priority message has occurred. An already begun transmission
(more than just “address”) is never interrupted. This MAC protocol
resolves collisions in a way so the highest priority message in the whole
network is ensured to be transmitted. However, the bit-by-bit arbitration mechanism limits the maximum distance depending on the bit rate
used. For a 1 Mbit/s network, the maximum farthest distance between
two nodes is set to 100 m.
Analyses of the real-time performance of CAN have been published
in several papers (see, e.g., [Tindell et al. 1994]). Moreover, several
extensions have been proposed, e.g., to support deadline scheduling by
dynamically updating the priority value according to the deadline [Zuberi and Shin 1995] or by using server-based scheduling [Nolte et al.
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2003]. TTCAN (Time-Triggered CAN) is a network in which the original CAN protocol is extended with a session layer on top of the CAN
link layer to support time-triggered communication [Leen and Heffernan
2002]. One node (although several can exist for fault-tolerance) is the
time master in the network and triggers a new cycle regularly by sending
a reference message. FTT-CAN (Flexible Time-Triggered CAN) is similar to TTCAN but allows for traffic changes during runtime [Ferreira
et al. 2002].
The master-slave arrangement where the slaves only transmit upon
request by the master is an approach to make it easier to analyze the network and achieve a time-deterministic behavior. This approach is used
in the MIL-STD-1553, developed for avionic applications in the early
1970’s [Schuh 1988]. The network has been used in, e.g., JAS, F-15, and
space shuttles. One or several buses (for redundancy) can be used where
only the bus controller is allowed to initiate communication. The bus
controller can, e.g., periodically ask remote terminals for information.
TTP [Kopetz and Grünsteidl 1994] and FlexRay [FlexRay] are two
fieldbuses developed for safety critical applications like steer-by-wire.
The TTP protocol (latterly called TTP/C) relies on static TDMA schedules where different nodes can have different amounts of scheduled transmission per TDMA round. Even though TTP/C is based on static
scheduling, rapid mode-changes between different predefined schedules
are supported. A bigger picture of how to use a TTP/C network, combined with segments using the simpler TTP/A protocol [Kopetz et al.
2000], in the Time Triggered Architecture (TTA) is presented in [Kopetz
and Bauer 2003]. Both FlexRay and TTP/C support network replication
for redundancy and a choice between a bus topology and a star topology [Rushby 2001]. FlexRay, however, supports both time-triggered and
event-triggered communication by, at design time, defining two separate
portions of the time cycle.
A lot of other work considering real-time aspects of fieldbus networks
has been published, of which a few examples follows. The Timed-Token
protocol variant used in Profibus is analyzed in [Tovar and Vasques
1999], while offline scheduling of sporadic traffic in FIP networks is analyzed in [Pedro and Burns 1997].

14.6

Packet-switched networks

In a typical packet-switched network, each packet traverses a number of
physical links towards the final destination. After each hop, the packet
is stored (queued) in a switch (or router). The choice of queuing architecture, traffic handling etc is essential for the QoS characteristics.
Service disciplines for real-time communication in packet-switched net-
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works can be classified into the following three classes according to the
service they offer [Zhang 1995]. Guaranteed deterministic services offer
a hundred percent guarantee of the stated QoS level by having an admission control mechanism to verify that the specified requirements can be
met. A schedability analysis is run, when a new logical channel/RTVC
is requested, for both existing and the new logical connections. Each
switch on the path must guarantee the specified QoS, not violating QoS
for existing connections. For this to be able, each source of a logical connection must obey to the predefined characteristics of its traffic
generation. Guaranteed statistical services are similar to guaranteed deterministic services but have a non-zero loss probability. In other words,
there is a small probability that delay and throughput bounds are violated or that buffer-overflow occurs. Having statistical bounds instead
of counting on worst-case scenarios gives higher possible utilization for
QoS traffic. For the third class, predicted services, guarantees are not
given at all. Instead, a measurement-based admission control is used to
predict the performance. For example, the current network load can be
measured.
As stated, it is important that a source obeys to its specified maximum traffic generation. Because jitter can be accumulated for each hop,
and therefore make a worst-case analysis very pessimistic, it is good if
the switches also implement some policing mechanism to regulate the
injection rate. The Leaky Bucket policing algorithm restricts traffic to
follow the Linear Bounded Arrival Process Model (see above). Leaky
bucket allows for an average rate of r and burst sizes of b by having a
“bucket” filled with r tokens per second (see Figure 14.1). The bucket
holds up to b tokens. Packets are only sent as long as there are tokens
The bucket is filled with
r tokens per second
The bucket holds up to b tokens
Packets are only sent as long as
there are tokens in the bucket. One
token is removed for each packet

Figure 14.1: The leaky bucket algorithm.
in the bucket and one token is removed for each packet. If new tokens
are generated when there are b tokens in the bucket, the tokens are
discarded.
Below, we will give a few examples of guaranteed deterministic services, which can be divided into work-conserving service disciplines and
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non-work-conserving service disciplines. Using a work-conserving service
discipline, transmission will occur as long as there are packets eligible for
transmission. This maintains a good utilization. Non-work-conserving
service disciplines instead, can be good with regard to jitter and hence
the size of jitter eliminating buffers. WFQ (Weighted Fair Queuing) is
one of the most well-known work-conserving service disciplines [Demers
et al. 1989]. For each physical channel, each traffic class (or logical connection) has a FIFO (First In First Out) queue i, 1 ≤ i ≤ N , with weight
wi , assuming N traffic classes (see Figure 14.2). Assuming non-empty
queues when served, WFQ emulates an ideal system where packets are
taken from all queues simultaneously in a bit-by-bit fashion, each queue
being served at a rate equal to the fraction
wi
N
P
wj
j=1

of the line rate. The earliest calculated finish times for a packet to be
served in the ideal system decides the next queue to serve. A delay
bound analysis for WFQ together with the leaky bucket algorithm used
in each switch in the network is presented in [Parekh and Gallager 1994].
Packets are directed to correct FIFO
queue according to traffic class
Output buffered switch
Switch
Core

w1
w2
w3
Packets are taken according to WFQ

Figure 14.2: The WFQ service discipline exemplified in an output
buffered switch.
Delay-EDD (Delay-Earliest-Due-Date) is another well-known workconserving service discipline [Ferrari and Verma 1990]. EDF is used
to sort packets in the switches and a deadline is set to each packet
arriving at a switch. The deadline is set to the expected arrival time
plus the delay bound for the current hop. By adding all delay bounds
together for the path, an end-to-end delay bound is obtained. Important
improvements of Delay-EDD to make it more generally applicable have
been published [Kandlur et al. 1991] [Zheng and Shin 1994].
Jitter-EDD (Jitter-Earliest-Due-Date) [Verma et al. 1991] is an example of a non-work-conserving service discipline and is similar to DelayEDD but with the following functional differences. Each switch on the
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route stamps each outgoing packet with the difference between its deadline and the actual transmission time, T dif f . The next switch on the
route holds the packet for a period of T dif f before it is made eligible to
be scheduled for further transmission.

14.7

Internet

As the Internet consists of a very wide variety of different networks coupled together, and with different operators, it is quite obvious that it
is hard to give any real-time guarantees. If not just considering welldefined parts of the Internet were, for example, all routers have sophisticated QoS support and no shared-medium Ethernet networks are used, it
is even impossible to give any guarantees. The fact that the IP network
protocol is connectionless makes the situation even harder since routing
decisions might change, and hence the possibilities for QoS, during a
session. Anyhow, there are mechanisms for QoS over the Internet [Xiao
and Ni 1999] [El-Gendy et al. 2003].
Using the RSVP signaling protocol in combination with IntServ (Integrated Services) gives the opportunity of having admission control for
separate flows. Both a guaranteed service, with delay bound for specified traffic agreement, and a controlled load service, that simulates a
lightly loaded network (a kind of statistical non-bounded service), are
supported. The problem is, however, scalability. Hugh amounts of IP
datagrams (packets) can pass the core Internet routers and each datagram should be inspected to discover which flow it belongs to and then
handled according to specified QoS. Variable-sized headers make life
even worse because simple offsets cannot be used. DiffServ (Differentiated Services) was developed with the scalability as the main driving
force. With DiffServ, there is no treatment of separate flows. Instead,
aggregation is introduced and the eight-bit ToS field (Type of Service)
is used to distinguish among different traffic classes. All flows for a specific service class are treated in the same way (can vary with routing
decision).

14.8

Networks for high-performance computing
systems

High-performance computing systems are normally using a number of
processors coupled together to form a parallel or distributed computer.
The interconnection network is the heart of such a system. Since both
high throughput and low delay are crucial for these systems, switched
short-distance networks have been widely investigated and used (see,
e.g., [Toda et al. 1994] [Rexford et al. 1998] for research considering
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real-time aspects), while wormhole routing is an important method to
reduce the delay.
Wormhole routing is a kind of cut-through (i.e., only the header of
the packet with the destination address must arrive before the
switch/router can start to forward the packet to an output port [Kermani and Kleinrock 1979]) where it is not needed to store the whole
packet in a router if an output port is busy [Dally and Seitz 1987]. Instead, a flow control signal is propagated back to the transmitter to
order it, and intermediate routers, to stop sending. The transmission of
the packet is resumed when the busy port becomes free.
Several methods to obtain real-time services over wormhole-routed
networks have been proposed. One way is to divide the physical channels
into multiple virtual channels, each with dedicated buffers in the routers
[Dally 1992]. Packet deadlines can then be used in combination with
different priorities for the virtual channels to schedule real-time traffic
[Li and Mutka 1994]. Using TDMA to obtain real-time communication
over wormhole networks has also been investigated [Garcia et al. 2000],
while other examples are found in [Song et al. 1999] [Sundaresan and
Bettati 1997].
RACEway from Mercury Computer Systems [Kuszmaul 1995] is an
example of a network specially developed for parallel, embedded realtime systems. Circuit switching with source routing is used. Support for
real-time traffic is obtained by using priorities, where a higher priority
transmission preempts a lower priority transmission. The link bandwidth is 160 MByte/s. Infiniband is a more general emerging standard
but likely to become important for both cluster computing and embedded systems. Support for different real-time traffic classes in Infiniband
has been investigated [Pelissier 2000] [Alfaro et al. 2002].

14.9

Fiber-optic networks

To mention a few words about fiber-optic networks, networks taking
advantage of the Wavelength Division Multiplexing (WDM) technique
are chosen. The advantage with those networks compared to, e.g., FDDI,
is that a number of channels (wavelengths of the light) can coexist in
a totally passive optical network. The WDM star network is the most
well known passive optical network.
A real-time protocol for packet switched communication in WDM
star networks is described in [Yan et al. 1996]. The QoS associated
with a real-time packet in the network is related to the probability of
missing its deadline. The protocol tries to globally minimize the number
of packets not managing to keep their QoS by adaptively changing the
priority of queued packets. Although dynamic real-time properties are
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supported, the matter of the success or failure of a packet transmission
depends on the global state of the network, and transmission success
cannot be guaranteed in advance. A network that really supports hard
real-time traffic is presented in [Jonsson et al. 1997]. The protocol is
based on TDMA with semi-dynamic slot-allocation.

14.10

Wireless networks

Wireless networking is a field where, e.g., the high bit-error rate often
must be specially treated. Moreover, the error characteristics can be
rather bursty and location dependent. New scheduling algorithms must
therefore be developed [Cao and Li 2001]. Other problems to cope with
include the highly dynamic properties apparent in ad hoc (multi-hop)
networks. Real-time protocols and scheduling algorithms have been proposed for both WLANs (Wireless LANs) [Gu and Zhang 2003] and for
Wireless ATM [Frigon et al. 2001]. Routing issues for real-time communication in ad hoc networks have also been investigated [Chlamtac
1989] [Chakrabarti and Mishra 2001] [Bilstrup and Wiberg 1999], while
another field is that of considering information theory to improve the
chances to meet deadlines [Uhlemann et al. 2000].

14.11

Introduction to included papers

The four following appended papers gives a good coverage of the realtime communication research performed in ARTES. Also, they together
provide good examples for several of the fields surveyed above.
The first paper presents novel work for the otherwise well explored
CAN bus. Nolte, Nolin, and Hansson investigate the use of server-based
scheduling with EDF for CAN, where a master node gives the other
nodes credits to send in the next cycle. During the cycle, the native
CAN protocol is used for medium access control. The master node
keeps track of the other nodes’ activities to, for example, be able to take
care of unused resources when scheduling.
In the second paper, by Bergenhem and Jonsson, a ring network
built up by fiber-ribbon links over which data and medium access control
packets travel in separate fibers is described. The network has support
for spatial reuse of the bandwidth to allow for several transmissions in
different segments of the network simultaneously. Together with the
slotted real-time protocol, this is shown to be a good solution for, e.g.,
high-performance signal processing applications.
In the third paper, Uhlemann, Rasmussen, and Wiberg present a
framework for deadline dependent coding. This is a novel area of combining the fields of information theory and real-time communication, and
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is of special value for wireless communication systems because of the usually high bit-error rate. Both error correcting codes and retransmission
schemes are discussed in the paper from a real-time point-of-view.
The fourth paper, by Hoang and Jonsson, presents work on using switched Ethernet for industrial real-time applications. It is described how to incorporate deadline scheduling in the switch and the
end-nodes, still supporting the widespread TCP/IP suite. Moreover,
deadline-partitioning schemes to divide the deadline (delay bound) for
the different physical links to be traversed by logical connections are discussed. This can be used to remove bottlenecks, for example, between
master nodes and the switch in a master-slave system.
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