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Abstract

High performance modular switch-based interconnection networks have be-
come popular for both embedded computer systems and clusters of PCs/
workstations. However, these networks have typically no, or only limited,
support for real-time communication. Applications like computerized visu-
alization and multimedia streaming need support from the network to guar-
antee bandwidth and latency.

In this thesis, a method is presented of how to get guaranteed hard real-
time services for periodic tra�c in a wide range of switched networks, which
is veri�ed by analysis and experiments on Myrinet where important param-
eters have been characterized. The solution does not require any additional
hardware or modi�cation of the switches, i.e., it is purely based on soft-
ware implementation in the end notes. The solution includes reservation of
network links and bandwidth sharing using Time Division Multiple Access
(TDMA). With reservation of network links and TDMA, blockage is avoided
in the network and the worst case latency for a packet is kept short. Nor
does any deadlock occur, which makes the system very stable without any
constraints on the topology.
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Chapter 1

Introduction

Most parallel computers are made for non-real-time number-crunching ap-
plications (e.g., scienti�c calculations) and with a hard-wired architecture.
It would be desirable to have a cost-e�ective and dynamic real-time parallel
computer since real-time support will gain importance in the future for both
multimedia and calculation applications.

This master's thesis examines the possibilities to expand the �eld of par-
allel computing networks with real-time support. The intention has been to
construct a platform and a topology-independent method to carry out real-
time constraints over switched networks. A signi�cant part of the work has
been to do an implementation on a cluster of (Pentium-based) PCs coupled
together by Myrinet. The major part of this work concentrate on examining
real-time communication.

1.1 Thesis Contribution

This thesis shows that it is possible to introduce support for hard real-time
demands in generic source routed switched networks using Time Division
Multiple Access (TDMA) and resource allocation, implemented purely in
software, and in the end nodes. To be able to use TDMA, all nodes has to
have synchronized clocks, and it is shown that this can be accomplished by
scheduling synchronization messages mixed with the original Myrinet load.
Measurements on a small-scale implementation have been performed and are
used when developing feasibility test for larger switched systems.

The approach is not limited by any particular topology, since resource
allocation in a TDMA schedule avoids deadlock. The work has been fo-
cused on supporting periodic tra�c, neither aperiodic or isochronous tra�c
is directly supported; however, it is possible to achieve this using periodic
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Figure 1.1: A system overview

reservations. The reservation of channels can be altered during runtime (i.e.,
dynamic allocation of logical channels with real-time support is possible).
The resource allocation is not handled over Myrinet (although it is possible),
Instead, Ethernet is used for this purpose, mainly because of the broadcast
function. Figure 1.1, shows a system overview with the blocks of one node.
Each node consists of a host computer (e.g., Pentium PC) with a Ethernet
Network Interface Card (NIC), and a Myrinet NIC.

1.2 Project Boundaries

The scheduling algorithm for the TDMA is simple and non optimizing. How-
ever, this does not limit our results, and the algorithms can easily be ex-
changed. Fault tolerance is not handled in the scope of this thesis since the
main point is to prove that it is possible to guarantee timely delivery of real-
time messages over a switched network. On the other hand, it should not be
complicated to add redundancy for error correction.
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1.3 Possible Applications for High-Performance

Real-Time Networks

To motivate the use of real-time services in a high performance network,
real-time applications with bandwidth demanding tasks are needed. The
following list shows typical possible applications.

� Radar computations, active antenna (regulated systems)

� Real-time simulation tasks (high performance real-time forecasting)

� Digital X-ray (tomography - graphic calculations)

� All graphic calculations (computerized visualization, 2d, 3d)

� O�ce (tele/ video/ data communication) backbone

1.4 Thesis Overview

In Chapter 2, networking theory is presented as an orientation on the sub-
ject. In Chapter 3, available software to develop from is presented, and
di�erent services is located. In Chapter 4, the resource allocation, clock syn-
chronization and TDMA are discussed, and di�erent solutions are presented.
In Chapter 5, the implementation is presented and the di�erent choices are
motivated. In Chapter 6, the results from the tests on the implementation
are presented. Finally the work is concluded and discussed in Chapter 7, and
future work is presented.
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Chapter 2

Background Technology and

Related Work

This chapter summarize recent work done in the �eld of switched networks,
and describe relevant aspects concerning routing techniques, switch tech-
niques, related topologies, and how to deal with deadlocking. It also shows
how others have introduced real-time support on switched networks. Finally
is a description of two high-performance networks, of which one supports
real-time by hardware.

2.1 Routing

Routing in switched networks is essentially a dynamic resource allocation
problem. There is potential for deadlock in a situation where multiple PEs
are attempting to acquire the same sets of route hops simultaneously.

Source Routing and Adaptive Routing

In source routing the packet header holds the routing information for every
switch that it will pass on the way to the destination. In every switch the
header will be analyzed to retrieve the routing information for this particular
switch. Before the header is propagated the used routing information will
be stripped from the packet header. This implies that routing information
for all possible destinations has to be available at each node that wants to
send messages over the network. The Myrinet switches use this strategy for
routing.

In adaptive routing each switch has the necessary information on how to
route an incoming message to the desired destination. This makes it possible

5
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PacketCircuit Wormhole

Store and forward Cut-through

Figure 2.1: Switching method relationships

to change the routing path �on- the- �y�. The possibility for deadlocking is
thus reduced, and the time a message is delayed because of already occupied
paths is reduced. RACEWay (see Section 2.6) primarily uses source routing,
but have in some network topologies an adaptive routing option.

2.2 Switching

The switching methods addressed to in this section are all related in some
way. In spite of their similarity there are some distinct di�erences. For an
overview of the relationships, see Figure 2.1.

A switched network consists of a number of nodes and a number of cross-
bar switches. Each node is coupled to a switch. These connections are called
ports. Between each pair of switches there can be a number of connections.
Each coupling between two switches is called a trunk.

Store and Forward

Store and forward collects the whole packet and stores it in the switch before
the packet is forwarded to the next switch or host. This is accomplished
by adding memory bu�ers to the switch, and by adding constraints to the
message length.

Virtual Cut-Through Routing

In virtual cut-through the message is passed on to the network and, if the
outgoing link is free, directly propagated through the switch as soon as the
address �eld has been evaluated. If the outgoing link is busy the message
is drawn into the switch's bu�er (as in store and forward); this releases the
incoming link for other tasks. When the outgoing link is available again the
stalled message is resuming its transmission towards the destination.
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Circuit Switching

Circuit switching is accomplished by reserving a physical channel from source
node to destination node, this by sending out a routing probe on the network.
When the desired route is reserved an acknowledgment will be propagated
backwards to the source and the transmission can take place.

Wormhole Switching

When a package is propagated over the network using wormhole switching
the message is directly propagated through the switch if the outgoing link is
free. If the outgoing link is occupied with other tra�c the message �worm� is
halted and the data on the network medium is absorbed in tiny switch bu�ers
along the route (the message propagation is hence stopped). All upstream
links are now blocked and remain so until transmission can resume and the
message is fully transfered.

Wormhole Switching with Virtual Channels

The virtual channel version of wormhole switching takes the advantage of
using multiple small bu�ers for each link. If one message is stopped, and
thus holding a number of link bu�er resources, another message still can
bypass this reserved channel by the use of a parallel bu�er.

2.3 Deadlocking

In a switched network blockages can occur (i.e., when a data stream is to use a
resource that already is occupied). If these blockages are cyclic, deadlock has
occurred (i.e., all involved streams waits for a resource that is held by another
stream). To handle deadlocking it either has to be completely avoided, or if
it is allowed, a technique to solve this situation has to be applied.

Deadlock Avoidance

The most common deadlock avoidance strategy is always to allocate resources
in a �xed order. When using a deadlock avoidance routing algorithm, the
system will never reach the state of deadlock.

With wormhole routing, since the resources are allocated as the message
propagates through a network, this a�ects routing strategy for a given topol-
ogy. For example in a hypercube or a grid, deadlock free routing is possible to
ensure by resolving the address one dimension at a time in ascending order.
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Another method to achieve deadlock avoidance is to split each physical
channel into virtual channels. Each virtual channel will use its own queue
for in and out bu�er, but larger memory capacity is required in each node.

Deadlock Resolving

When using a deadlock resolving system deadlock is allowed to appear; how-
ever, the routing algorithm will solve the deadlock situation. One method
is to allow preemption of packets that will cause a deadlock situation. The
packets can then either be discarded or rerouted.

2.4 Topologies

The importance of choosing a suitable network topology depends on the
type of communication. When using real-time communication it is essential
to have short communication paths and more than one path to the other
nodes to reduce blockage probabilities.

Binary Hypercube

The direct binary hypercube [1] is one of the most widely used topologies
for interconnecting resources in parallel computing systems, because it pro-
vides a short network diameter, each node is connected to n others, and its
coordinates are one of the 2n di�erent n-bit sequence of binary digits. It can
e�ciently emulate the majority of the topologies frequently employed in the
development of algorithms.

A typical and recommended topology using Myricom M2M-DUAL-SW8
switches is a binary hypercube [2].

Fat Tree

The fat tree topology [3] is suitable because the bottleneck in an ordinary
tree will be removed by allocating a higher channel bandwidth to channels
located close to the root node. The shorter the distance to the root node,
the higher the channel bandwidth.

Cube-Connected Cycle

The cube-connected cycles [1] topology can be considered as an n-dimensional
hypercube of virtual nodes, where each virtual node is a ring with n nodes,
for a total of n � 2n nodes.
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Figure 2.2: Priority inversion. Message B with priority 4 wants to use the
same channel as a message A with priority 2 already is using. Message A,
however, is blocked by an downstream continuous �ow of messages from C
with priorities 3 resulting in message B being blocked for an unpredictable,
long time.

2.5 Real-Time support in Switched Networks

To introduce real-time support in generic switched networks, a method to
guarantee that a message is delivered at a certain time is needed. In a
switched network several nodes can access the same links, and this may cause
messages to block each other. If the blockages are too many or last for too
long it could cause other messages to miss their deadlines. Since the latency
depends on the numbers of downstream blockages, the worst case latency will
quickly get large when there are many nodes using the same network links
and the guaranteed throughput will decrease as described in Sundaresan and
Bettati [4].

In many approaches the use of priorities is an essential method[5][6]. One
of the most important issues to solve in a switched network with priorities is
priority inversion (Figure 2.2). This occur when lower priority message blocks
messages with higher priorities. For instance, a message B with priority 4
wants to use the same channel as a message A with priority 2 already is
using. Message A, however, is blocked by an downstream continuous �ow of
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messages from C with priorities 3 resulting in message B being blocked for
an unpredictable, long time [7]. One solution could be priority inheritance,
e.g., message A inherits message B's priority; however, this may be hard to
implement in a wormhole switched network without a special crossbar switch
suited for this purpose. Yet another approach is to o�er a Quality of Service
(QoS) to the tra�c in the network. In a paper presented by Connelly and
Chien [8], the Myrinet user level protocol Illinois Fast Messages (FM) [9] is
extended with deterministic latencies and guaranteed bandwidths. QoS is
commonly used in di�erent networks e.g., in packet switched [10].

Many solutions includes changing the switch hardware or adding some-
thing to it. Some solutions includes attaching a computer to every switch in
the network, by this a programmable switch behavior is achieved. However,
all these hardware changes in the network makes it more expensive. Another
essential thing to consider is the increased time it takes for a message to pass
through a computer-switch. When it comes to solutions involving software
only, they are rare. In the approach of this thesis the use of the time-slotting
mechanism in TDMA (over reserved links in the network) is explored.

In the rest of this section, TDMA is explained and some available meth-
ods for guaranteeing real-time services over switched wormhole networks are
discussed. Most available methods involves the use of additional hardware
which often makes them very e�cient, but expensive. The software based
methods are cheaper but demands computational power.

TDMA (Time Division Multiple Access)

The TDMA protocol divides the network usage in the time domain. The time
is divided in so called slots of certain length where hosts are allowed to send
messages. By scheduling in an appropriate way this becomes a collision free
and time deterministic protocol. A problem that can occur is that the CPU
load from the scheduling task is so high that it degrades the host performance.

For the TDMA scheme to work properly and to avoid blockages, the clock
in every node need to be synchronized with all other clocks. If at least one
node has an unsynchronized clock it may disturb or block other messages
in the network, making them miss their deadlines. One common method to
solve the synchronization is to use a shared clock wire, all nodes can read
the clock whenever they want. This is called a global clock as one and the
same clock determine all the nodes clock values. Another approach is to
use distributed clock synchronization where the nodes synchronize with each
other at certain intervals.

There are some protocols available that use time-slotting (reserved time
for transmission). In [11] a dynamic method for slot reserving is presented, in
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this case it is used in a WDM (Wavelength Division Multiplexing) �ber-optic
star network. The protocol is based upon TDMA and it provide services for
both best e�ort messages and guarantee-seeking messages. Multiple channels
exist due to WDM and the access to each channel is divided into cycles of
time-slots. Each node have some reserved slots to service guarantee-seeking
messages. If a node do not have any guarantee-seeking messages its reserved
slots can be released for best e�ort messages (from other nodes or the same
node).

Hardware Based Solutions

In a special router architecture called Throttle and Preempt, �it-level pre-
emption and prioritized packets are implemented using virtual channels [7].
This strategy require a special crossbar switch with programmable interface
as the behavior of the switch and the use of the switch's bu�ers must be al-
tered. Another special router called the Time-Deterministic Communication
Chip provides a low-level communication mechanism that supports time-
deterministic delivery of messages [12]. Other solutions that involves the use
of virtual channels are e.g., a �it-level preemption method presented in [13],
and a priority mapping protocol that includes priority adjustment and mes-
sage dropping [5]. For instance, there are many switches available for the
Asynchronous Transfer Mode (ATM) network that supports priority. When
using these priority queuing switches ATM is well suited for real-time pur-
poses. In [14] Hansson et al. presents a method for providing hard real-time
tra�c through an ATM network .

Software Based Solutions

A protocol called LDCR-G (laxity based deterministic collision resolution
protocol with guarantees), is discussed and extended in [15]. This protocol is
especially suited for multimedia applications as it is dynamic, meaning that
if a new message arrives at a node, it will not be scheduled unless it does not
jeopardize guarantees made for previously admitted messages. Messages are
admitted based on an estimate of worst case message service time, and their
transmission is guaranteed if their service time do not exceed this estimate.
Laxity is used for deciding the messages priority, lower laxity messages have
higher priority than higher laxity messages. The nodes in LDCR-G LANs are
mapped according to the Collision Resolution tree (CR), to resolve situations
when collision in data transfer occurs. If no collision occurs, and if the noti�er
transmission is successful, the message is transmitted. This protocol requires
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a method to determine if a collision has occurred and in that case withdraw
the message it tried to send. Usually, this method is quite time consuming.

The approach of using time-division multiplexing to provide real-time
over a switched network have been used earlier. For instance has it been
implemented in a High-Performance Parallel Interface (HIPPI) network as
presented in Bettati and Nica [16]. HIPPI is a circuit-switched network that
uses a camp-on1 feature to determine when a desired resource (e.g., a network
link) becomes available. Bettati and Nica de�ne a set of real-time channels
based on the requested workload of the network. Channels that use the same
network link can not be reserved during the same time slot. The solution
presented by Bettati and Nica is similar to the one presented in this thesis,
the major di�erence is that they are using a circuit-switched network instead
of a wormhole switched one. When several Sources contend for a single
Destination, the Camp-on feature allows the HIPPI switch to arbitrate and
ensure that all Sources have fair access. Without Camp-on, the contending
Sources would simply have to retry the connection repeatedly until it was
accepted, and the fastest Source would usually win.

2.6 High-Performance Networks

Some available networks for commercial use are constructed for high speed
data transmission. The next subsection describes Myrinet, the network used
in the implementation in Chapter 5. This network does not give support
for real-time transmissions in hardware. As an comparison, the RACEWay
network that do support real-time tra�c by hardware, is also presented.

Myrinet

Myrinet is a switched network built up of high performance communication-
links with a performance of 1.28+1.28 Gbit/s, full duplex [17]. The network
card is equipped with a RISC-processor and is programmable to show a
prede�ned behavior. The Myrinet switches are perfect, meaning that packets
do not con�ict at a switch unless they are directed to the same outgoing link.

Myrinet uses source routing (Section 2.1), and wormhole switching (Sec-
tion 2.2) which does not require large local bu�ers. The only two signals
available from the switch are data_on and data_o� �ow-control. There are

1When several Sources contend for a single Destination, the camp-on feature allows the

HIPPI switch to arbitrate and ensure that all Sources have fair access. Without camp-on,

the contending Sources would simply have to retry the connection repeatedly until it was

accepted, and the fastest Source would usually win.
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several di�erent switches available, from four to eight ports with direct con-
tact within a switch, and no broadcast functionality is available in hardware.
The worst-case switching time within a switch is about 500 ns.

RACEWay

RACEWay is a dynamically switched and scalable fabric of interprocessor
links developed by Mercury Computer Systems Inc. The RACEWay network
consists of common 6 or 8-port crossbar switches and node-speci�c RACE
port interfaces. It is designed especially for embedded real-time systems and
is providing point-to-point communication between processors in the network
with a transfer rate of 160 Mb/s. The system is capable of an aggregated
bandwidth of over 1 Gb/s. Each port of the crossbar switch can be connected
to any one (or more if broadcasting) of the remaining ports. The switching
time in each crossbar switch is about 125 ns. Each crossbar switch is able to
simultaneously provide up to three or four independent port-to-port connec-
tions. An important issue is that RACEWay provides for dynamic priority
of data transfers which allows a high-priority data transfer to preempt one
or more lower-priority data transfers if necessary. This means that the com-
pletion of the data-transfer can be guaranteed within a speci�c time limit
determined at compilation. There is also a built in priority within the single
switch, meaning that if both port 4 and 2 wants to send data (having the
same packet priority) to port 1, the packet from port 4 will prevail, letting
the other data transfer to either be held-o� or to be temporarily suspended.
The routing-technique used is source routing, but a adaptive routing option
is available for fat-tree and Clos networks (see Figure 2.3), giving the network
a more �exible choice of path from the source to the destination.

There are several network topologies that are applicable when using RACE-
Way. Especially well suited is the modi�ed "Fat-Tree" network. It uses two
ports of every crossbar switch to connect to other switches on a higher level
in the tree, this creates two independent routes from one node to another
in a two level tree [18]. Other possible network topologies are 2-D and 3-D
mesh, and ring networks.

The data transfer packet consist of a two-word (64 bits) packet header and
a data part of variable-length, up to maximum total packet-length of 2048
bytes. The packet header contains information that de�nes the data transfer
path, the block starting address at the receiving node (usually a DRAM
memory address), and other control information as packet priority, direction
of transfer, broadcast enable. The �rst 27 bits of the header comprise the
crossbar routing �eld and these bits are able to de�ne the path through up
to 9 crossbars in the network.
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Figure 2.3: A Clos network topology.

Myrinet or Raceway?

The primarily di�erence between RACEWay and Myrinet is that RACE-
Way use priorities, both in hardware and software, another is the routing
technique. One of the goals with this project is to introduce real-time com-
munication into Myrinet. The use of priorities is one way of doing it, but
priority bits in the packet header, as in RACEWay, would require modi�-
cation of the switch-hardware. The proposed solution in this thesis is to
use resource allocation in order to guarantee the packets deadlines. This is
possible to realize using software only.



Chapter 3

Available Software

In this chapter the usability of available software, developed for message
passing over Myrinet has been examined. In order to speed up the developing
pace it is important to choose the right point to start development from, and
to use as much work already done as possible. Both user level protocols
discussed below showed to be either too complex to adapt or not having
the proper functionality for the implementation done in this thesis. Two
Myrinet protocols (GM and BIP) are presented below, yet another protocol
has been considered, the LFC (Link-level Flow Control) [9] but it was also
to complex to adapt. Higher level protocols like PVM/MPI are supported
by most Myrinet protocols and need to be considered when creating a new
Myrinet protocol. The functionality of PVM/MPI is explained below. A
real-time kernel for Linux is a step in the development, since real-time is
desired for the scheduling algorithm as the schedule need to be calculated
simultaneously in all network end-nodes. The RT-Linux kernel was used in
the experiments done in this thesis and is presented below.

3.1 User Level Protocol

The following two subsections shows protocols for Myrinet parallel comput-
ing. Neither of them supports real-time message passing. It gives an overview
of how a communication package could be constructed. GM is a product from
Myricom, who developed the Myrinet network.

GM

Myricom distributes a message-passing system, for their Myrinet cards, called
GM [19]. GM provides reliable ordered delivery between hosts in the pres-

15
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ence of network faults. GM will reroute packets around network faults when
alternate routes exist. The GM system supports cluster sizes over 10.000
nodes. GM also provides two levels of message priority to allow e�cient
deadlock-free bounded-memory forwarding. GM allows users to send mes-
sages up to 231�1 bytes long, under operating systems that support su�cient
amounts of DMAable memory to be allocated. Finally, GM is designed to
support both network nodes with and without secondary processors. That
is, programs using the GM message passing interface can be run directly on
the LANai processor present on Myrinet interface cards, Myricom FPGA,
nodes, etc. GM automatically maps Myrinet networks. GM is a light-weight
communication layer, and as such has limitations that can be addressed by
layering a heavier-weight interface over GM. Two such limitations are the fol-
lowing: (a) GM is unable to send messages from or receive messages into non
DMAable memory, and (b) GM does yet not support any gather or scatter
operations directly.

BIP

Another possible choice could be BIP (Basic Interface for Parallelism) [20],
a small API (Application Program Interface) that were designed, and im-
plemented on a Myrinet network and looks similar to GM with support for
parallel programming. Since BIP is optimized and stripped down this gives
greater performance on the limited operations. It delivers to the application
the maximal performance achievable by the hardware. BIP messages are im-
plemented for cluster of x86/Linux workstations, linked by Myrinet boards
with the LANai4.1 processor. The implementation consists of a user-level
library associated with a custom MCP (Myrinet Control Program) that will
run on the Myrinet board.

3.2 PVM and MPI

PVM (Parallel Virtual Machine) is a software package that permits a hetero-
geneous collection of Unix and NT computers hooked together by a network
to be used as a single large parallel computer. Thus large computational
problems can be solved more cost e�ectively by using the aggregate power
and memory of many computers. With thousands of users, PVM has be-
come the De facto standard for heterogeneous cluster computing world-wide.
The source is available free thru netlib and has been compiled on everything
from laptops to CRAYs. MPI (Message Passing Interface) is an upcoming
standard for clustering and parallel computing that will be more important
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in the future [21].

3.3 MPI-RT

The MPI has been extended with real-time QoS which adds greater pre-
dictability and schedulability to the network-communication [22] [23]. The
API gives ability to advance planning with resource reservation. MPI/RT is
a scalable message passing standard suitable for large parallel system, but
requires early-binding1 organization and detailed program design. MPI/RT
supports three parallel programming models; data-parallel, task parallel, and
coarse-grained data-�ow comprising cascades of data-parallel groups. As
in MPI, MPI/RT o�ers the functionality of a virtual channel. This gives
the ability to exploit persistent communication common for high perfor-
mance real-time applications, deadlock and livelock avoidance, virtual chan-
nels guarantees for properties critical for timing correctness, and more e�-
cient resource usage. The real-time programming paradigms supported are
time-driven, event-driven, and priority-driven. The event-driven paradigm
is usually used in conjunction with priority-driven or time-driven paradigm.
MPI/RT also provides limited functionality for fault handling.

3.4 Real-Time Kernel

There exists a number of real-time solutions where RT-Linux [24] is one.
RT-Linux is interesting since it introduces a small, real-time executive that
runs the Linux operating system as just another task, with its lowest priority.
Linux is thus made completely preemptable. The executive is then able to
give undivided service to its user-speci�ed "real-time" tasks, whose function-
ality, behavior and interactions are supported by RT-Linux capabilities. The
gain with RT-Linux is that the kernel remains unharmed and will work as
usual for non real-time tasks.

1Early reservation of bandwidth, for instance during the startup sequence of the net-

work. This is possible for periodic messages.
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Chapter 4

Resource Planning and Time

Keeping

To pass messages with hard real-time constrains over a generic switched
network with no speci�ed topology, a method to guarantee the bandwidth for
messages is required as well as a way to determine the network topology. The
determination of the network topology is possible to accomplish in software,
as described by Myricom [2]. Although, this method will not be discussed in
this thesis.

To allow multiple data-streams to be transmitted over a shared media,
time domain multiplexing could be used in combination with reservation of
every single trunk and port in the system in each frame of time. This works
only if all nodes has an uni�ed apprehension of the time (i.e., some kind of
clock synchronization is needed).

4.1 Reservation of Communication Links

One of the most important approaches in the project is the reservation of
communication links in the network, since this is essential in order to avoid
blockages between di�erent messages in the network switches. Blockages
make the worst case transmission time of a message to grow [4]. It grows
exponentially with the number of switches that has to be passed from the
source to the destination. Figure 4.1 shows the downstream blockages that
can occur when a source message tries to reach its destination. In every switch
the source message has to pass, it might be forced to wait for messages that
have the same port destination in this switch, and which reached the switch
earlier. The messages e, and f might also be blocked in every switch they
have to pass, increasing the blockage time for the source message. The worst
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Figure 4.1: Downstream blockings that can occur when a source message
tries to reach its destination.

case transmission time may be reduced by using some kind of constrained
deterministic routing technique (e.g., X-Y routing).

By determining all links in the network and reserving them at scheduling
time, the use of static routing is not necessary (i.e., the route can be di�er-
ent, for two successive packets between the same endpoints). The shortest
free path can be used from the source to the destination. If the clocks in
the network are synchronized no blockages may occur. Consequently, the
guaranteed worst case transmission time will be much lower than described
by Sundaresan and Bettati [4], where the possibility of blocking increases the
worst case transmission time signi�cantly, even packets with short deadlines
will be schedulable. However, the scheduling algorithm is a�ected by the need
of keeping track of the utilization of every link in the network each time-slot.
The total time to determine a new schedule depends on the network size and
the number of time-slots.

4.2 Clock Synchronization Method

A node using TDMA has to send data in time slots with certain length. The
data to be sent is supposed to be shorter than the slot length, thus allowing
some drift or jitter. When the slot margins become small it is important to
have an accurate clock to stay inside these limits. To get a clock accurate
enough to specify the time-slots within a �xed margin one would either use
a central distributed clock signal or a method to synchronize the clocks. As
illustrated in Figure 4.2, a perfect (theoretical) clock tc is used as reference
to the clock drift, fi (tc), in each node i (i 2 [0; 1; 2 : : : N ]). The drift is
assumed to be a stochastic variable with one �xed part (ki) and one random
part (ri (tc)), if the time frame is small.

fi (tc) = tc + ki � tc + ri (tc) ; i 2 [0; 1; 2 : : : N ] (4.1)
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Figure 4.2: A theoretical perfect clock compared to a clock with static and
random drift. The linear regression of the real clock is indicated in the
diagram.

An easy approach to synchronization is to assume that one clock in the overall
system (i.e., the master clock) is correct and that all other clocks need to
synchronize. If the clocks are synchronized often, the error, f0 (tc) � fn (tc)
(where f0 (tc) represents the master node's time and fn (tc) represent the time
in slave node number n), will go toward zero. If the nodes are not allowed
to synchronize often, the static drift will result in a large error. Assuming
that the random drift is independent of earlier values and has a zero mean it
is seen that the linear regression will have the same inclination as the static
error (Figure 4.2). Since the clock drift for any clock compared to the perfect
theoretical clock is assumed to be a linear function, the di�erence between
any two clocks drifts will be a linear function too. This implies that the error
could be handled by calculating the mean di�erence between the two nodes
total drifts:

hf0 (tc)� fn (tc)i = h(k0 � kn) � tci+ hr0 (tc) + rn (tc)i

hf0 (tc)� fn (tc)i = (k0 � kn) � tc + 0
(4.2)

and compensating for the drift. Since the master node is assumed to hold
the correct time (i.e., k0 = 0) the drift compensation for clock n could be
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calculated from all previous errors in mean.

kn = � hf0(tc)�fn(tc)i
tc

kn = hfn(tc)�f0(tc)i
f0(tc)

(4.3)

With the help of the proposed method, the actual time can be held very
precise since the clock deviation could be calculated at every time needed
between synchronizations. The only weakness is that the model of the clock
is not valid in larger time frames. In a larger time frame, variations because
of the temperature will be observed since this will alter both the constant
and the random drift.

Since the theories for clock synchronizing are valid only under the circum-
stance that the synchronization period is small (i.e., thousands of millisec-
onds), this has to be accounted for when the slot lengths and TDMA-cycle
lengths are chosen. When the clocks has to be synchronized, a number of
synchronization messages are sent, one for each slave node. It is very im-
portant that these messages are not blocked at all in the network. Possible
blockages could appear because of the clock drift in a node. To assure that a
synchronization message is not blocked, a margin could be inserted for these
messages.

In smaller networks, the synchronization could be allowed to be a series
of messages from one synchronization master (see Figure 4.3). In larger
networks this method is not e�cient enough since the synchronization period
would grow linearly with the number of nodes. In this latter case one could
think of methods that divide the workload at every synchronized node or a
master-master that �rst synchronizes the masters and then allows the masters
to synchronize their slaves (i.e., tree distribution). Di�erent methods for
reserving resources for synchronization, and data transmission, are discussed
in the following sections.

4.3 TDMA (Time Division Multiple Access)

When using TDMA the access to the network is divided into small time-
slots. The reservation of the slots are handled by a scheduling algorithm
that decides which data packet that is allowed to be sent in which time-slot
(Figure 4.3). By using the di�erent periods of the data tra�c in the network
a scheduled cycle can be calculated using the least common multiple of the
period. In this way the scheduled cycle can be reused until a new cycle is
created. If the allowed data periods are restricted to only a few periods the
scheduled cycle can be made short.
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Figure 4.3: TDMA cycle when the clock synchronization is separated from
the rest of the data tra�c.

TDMA - Slots and Cycles

The size of each TDMA slot compared to the maximum allowed data packet
size decides the maximum utilization of the network. Small data packets in
much larger TDMA slots makes the unused margins large, and the network
utilization gets low (Figure 4.4). See Section 5.3 for further information
about the slot-length and data packet size ratio. If the network have large
clock drift the margins in the slots need to be larger (than if the clock drift
is small) in order to achieve non-blockages in the network. The alternative
is a more frequent clock synchronization. If the network handle collisions of
messages by blocking one of them (i.e., Myrinet, Section 2.6) the margins can
be kept small as the network is able to handle blocking situations without
destroying any messages. If a message begins its transmission a short time
(relatively to the slot length) before it is allowed to, it will be held up by the
network if the needed links are occupied with a data packet belonging to the
previous TDMA slot (see Section 4.4).

Two di�erent approaches for the creation of the TDMA cycle have been
considered in this work. The �rst approach was to have the clock synchro-
nization part separated from the rest of the TDMA cycle. By this the utiliza-
tion of the bandwidth gets better as the clock synchronization messages are
much smaller than the maximal allowed data packets (e.g., many clock syn-
chronization messages can be transmitted during the length of an ordinary
TDMA slot). For instance, the necessary time required for clock synchro-
nization is about 5 �s for each node, and the time required for sending a
message of 3400 bytes is about 30 �s. However, this makes the TDMA cycle
�xed to a speci�c length in order for the clock synchronization to reappear at
certain intervals (Figure 4.3). As the clock synchronization period occupies a
continuous period of time when no other tra�c is allowed it a�ects the mini-
mum time period of data packets. The minimum time period has to be larger
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Figure 4.4: The TDMA slot.

than the total clock synchronization time. As mentioned earlier is the length
of the TDMA cycle in this approach �xed to a speci�c length. The length
of the TDMA cycle depends on the least common multiple of the di�erent
messages' period times, making the allowed period times restricted to only
a few (in order to make the least common multiple �t into the �xed amount
of TDMA-slots). Between the TDMA cycle and the clock synchronization,
a small clock skew margin is necessary to secure that the network is empty
from data tra�c before the clock synchronization phase begins.

The other approach considered schedules the clock synchronization mes-
sages among with all other real-time messages in the network (i.e., logic chan-
nels are established for clock synchronization in the same way as for normal
data)(see Figure 4.5). In this way, a whole TDMA slot will be used for one
clock synchronization message (e.g., normal TDMA slot approximately 30
�s, clock synchronization message transmission time approximately 5 �s).
However, only the necessary network links will be occupied, i.e., the rest of
the network can be used for data transfers as usual. When using this ap-
proach the TDMA cycle is almost unlimited in size, and the minimum packet
period gets down to the size of two TDMA slots.

Regarding the second approach problem do occur when a master node
have many clock synchronization messages to send (see Section 4.2). If the
maximum allowed slave nodes per synchronization master are 20, the slot
length is 30 �s, and the clock synchronization period, during which all nodes
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Figure 4.5: TDMA cycle when the clock synchronization is scheduled among
with other data packets.

have to synchronize, is for instance 40 slots (1.2 ms), half of the master node's
bandwidth will be occupied with clock synchronization messages. As the
clock synchronization messages are much smaller (5 �s) than the slot length,
the utilized part of every clock synchronization slot is only 1

6
. However, this

utilization problem can be solved by making the TDMA slots smaller, almost
down to the necessary time for transmitting a clock synchronization message
(5 �s). But if every packet in the network is made that small the overhead
for transmitting them would be large. To solve this problem it is possible to
alter the TDMA sending algorithm so a block of successive messages to the
same destination with the same route could be transmitted without separate
headers (i.e., instead of sending three messages in a row, one long message
is sent). However, not only the utilization will drop with smaller slots, the
scheduling task will increase in size and demand more computational power.

Clock Synchronization Example

A common real-time tra�c example, e.g., telecommunication applications,
have a period of 125 �s. Assuming a data size of 1300 bytes per transmis-
sion, the necessary slot size for this message size is approximately 12.5 �s in
Myrinet. The 12.5 �s is calculated in Equation 4.4, using a measured setup
time of 3 �s (Tsetup) for a zero copy message, the maximal clock synchroniza-
tion di�erence between two clocks in the network (Tmaxdrift) (used value of
Tmaxdrift presented in Section 5.2), and the size of the message (M) in bytes
divided by the transmission rate (c) for Myrinet in bytes per second.

Tsetup + Tmaxdrift +
M

c
= 3�s+ 1�s+

1300

160
�s = 12:125�s (4.4)

Consider a network consisting of a 4� 4 mesh of switches, where a group
of end-nodes are connected to each of the 16 switches, every group consist
of 16 end nodes, one sub clock-master and 15 slaves (see Figure 4.6). If the
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Figure 4.6: Clock synchronization in a 4� 4 mesh.

network is not allowed to have a clock drift of more than 1�s, a clock syn-
chronization period of 5000 �s is needed as described in Section 5.2. Previous
in this section two di�erent approaches for creating the TDMA-cycle where
discussed. Using the �rst method (i.e., the method with the clock synchro-
nization separated from the TDMA-cycle) the time to synchronize the whole
network is calculated to be:

All sub-master nodes 15 �5�s = 75�s, 5 �s for each node, all the nodes in
the network, 75�s+75�s = 150�s (i.e., 75 �s is the time for all sub-clusters
synchronize in parallel), plus margin of 30 �s gives a total time of 180 �s
(150�s+ 30�s = 180�s), this results in a need of 3.6 % ( 180 �s

5000 �s
= 3:6%) of

the total bandwidth for clock synchronization purposes.

Using the second method (i.e., with the clock synchronization packets are
scheduled among ordinary tra�c) the total slots needed in order to synchro-
nize the whole network are:

To synchronize all the sub-master nodes 15 slots are needed, plus 15 slots
for each sub-master cluster (i.e., all sub-clusters synchronize in parallel) gives
a total of 30 slots (15 + 15 = 30), and with a slot-length of 12.5 �s the total
time is 375 �s (30 � 12:5�s = 375�s ). This results in a need of 7.5 %
( 375 �s
5000 �s

= 7:5%) of the total bandwidth for clock synchronization purposes.
However, ordinary tra�c is allowed in this case, and the period times and
deadlines for the tra�c can be kept shorter.
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Figure 4.7: Early sending example.

4.4 Early Sending in TDMA

In networks that handle collisions between messages by blocking all but one,
and not destroying them in any way, it is possible to utilize the network
better by taking away all margins (see Figure 4.4). The margin before the
message actually starts is not needed in a wormhole network since a blockage
in the network only pause the transmission until the blockage resolves. This
is also true for the latter part of previous slot (i.e., all reserved paths in the
slot is transmitting or has transmitted).

If the transmission of the message to be sent in time slot n + 1 instead
is initiated before the end of time slot n (Figure 4.7), spare time in time
slot n can be used. However, the transmission of the message belonging to
time slot n + 1 need to be delayed until it is certain that all message heads
belonging to time slot n has staked their way through all switches between
source and destination (delayed time: Ta). As some clock synchronization
drift is allowed in the network it also must be taken into account before
allowing early sending initiation. Using a margin (Tmargin) that is larger
or equal to the maximal di�erence (Tmaxdrift) between two clocks in the
network will solve the problem. In other words, the early sending can be
initiated when all trunks and ports used for the transmission in time slot n
are reserved. The early sending of a message belonging to slot n + 1 is not
allowed to be initiated until a delay of Tearly has passed from slot-start of
slot n, where Tearly = Ta + Tmargin � Ta + Tmaxdrift. It is most likely that a
switch will stop the message belonging to time slot n+1 because of elements
in the network already being utilized by message belonging to the previous
time slot (blocking time: Tb). As soon as messages belonging to time slot n
complete their transmission, the resources will be released and the blocked
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message can start its transmission (early sending time: Tc).
The latest time for the blocked message to start its transmission will

be when time slot n + 1 start (Tslotstartn+1), clock synchronization drift not
encountered. The early sending method can not be used for clock synchro-
nization messages as their total transmission time is vital (see Section 4.2).



Chapter 5

Implementation

The project implementation is limited to handle periodic tra�c with hard
real-time constraints, without error handling since this does not a�ect the
results. The cluster nodes are a Pentium PCs with Ethernet and Myrinet
network interfaces, where the Myrinet cards hold special designed device
drivers. The PCs utilize the Linux operating system with the RT-Linux
extension.

5.1 The Myrinet Control Program

To utilize as much as possible of the on-board processing capabilities, func-
tions as the time slotting, clock synchronization between nodes and receive
initialization will be handled by the on-board processor, the LANai.

Starting the state machine (Figure 5.1) in state idle, the program waits
for a time-slot to start (a). When the time-slot has begun and there is
data to send, the send DMA will be initialized and the program will return
to the Idle state. If there is an IRQ (c) a context switch will be carried
out, and the correct routine will be handled (d, e or f). If the interrupt
signaled an incoming message, the receive DMA is initialized. If the incoming
data signals a synchronization, the clock will be adjusted according to the
chosen algorithm. Finally, if the interrupt signals that a receive transaction
is completed, registers will be updated to make the host aware of the new
data.

5.2 The Clock Synchronization

In the tests, we have clocked the maximum drift between two nodes to less
than 100 �s/s. Given this, and the synchronization period being less than

29
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Figure 5.1: State-machine representation of the software present in the net-
work interface.

5 ms, a theoretical accuracy of 500 ns (the clock register resolution) could
be achieved by simply setting the clocks to the master node time. The
master node time is sampled and introduce by this a possible error of 500 ns.
This gives a total maximum drift (Tmaxdrift) of 1 �s. This means that the
synchronization algorithm could be less complex than the one suggested in
Section 4.2 and will thereby have a smaller demand on computation power,
but at the same time demand more frequent synchronizations. Assuming
that synchronizations could be performed every millisecond, the variant of
the synchronization algorithm described below is chosen.

Here follows an overview of how the synchronization implementation look
like:

1. The synchronizing master node starts up by reading the local real-time
clock (RTC) register.

2. To this value a constant is added; the constant re�ects the time spent
transmitting the synchronization message.

3. A synchronization message is formed and sent to a node.

4. The receiving node will write the received value in the local RTC reg-
ister and thus synchronize.
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Figure 5.2: The channel utilization for di�erent packet sizes. The theoretical
curve describes the optimal performance, the measured curve describes the
implemented solution.

5.3 TDMA Implementation

To keep the latencies down in the network, data streams has to be converted
into several smaller packages. Each packet is then transmitted on its own, to
be reassembled to a single data stream at the destination. In the conversion
from the stream to packages, control information has to be added. This
control information (the overhead) consists of the routing information, and
the packet length (i.e., the packet header). If the data stream is divided into
smaller packets, the ratio of the useful transfered data per packet will drop.
On the other hand, as packets grow large, the transmission time increase
and this will a�ect the lower limit of the deadlines. Not only the control
information cause overhead, the transmission time also increases because of
the time spent in the connection phase for each packet (i.e., startup time
for DMA). As shown in the Figure 5.2, utilization is plotted against packet
length for both the theoretical and measured case.

To model the optimal utilization of a channel (�), the connection time
and the time to transmit the overhead is measured (�) which will be the time
to transmit a packet with zero bytes of data. Other parameters needed for
this computation is the message length (M) and the transmission rate (c).
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The optimal utilization is:
(5.1)

� =
1

�
M
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For the TDMA implementation, a slot length has to be chosen along
with the slot margins and the TDMA cycle length. According to Section 4.4,
the margins could be totally removed if clock synchronization is performed
so often that slots never overlap so much that synchronization packets are
a�ected. This could be done since the clock synchronization messages utilize
less than a half slot and thus does not �disappear� at any time. When it comes
to the choice of slot length, as small slots as possible is wanted since this keeps
down the latency. Small slot on the other hand, decrease the throughput and
a mix between the both has to be found. It would be desirable with slots in
the range of 10-100 �s, giving a TDMA cycle of 10-100 slots. The throughput
reaches 90% of its maximum at a slot length of 30 �s or 3400 bytes as shown
in Figure 5.2.

5.4 The Scheduler

Some de�nitions used in this section are:

Si Source host of message stream i.

Di Destination host for message stream i.

pi Period time of message stream i.

di Separate deadline (incremented by the period of the tra�c stream)
associated with message stream i, or the latest time for the whole
message stream i to reach Di .

si Minimum number of time slots required for message stream i.

The tra�c over Myrinet using TDMA has to be scheduled in some way. In
order to release the burden of the LANai it seems to be a good solution to
calculate the schedule in the host. By using distributed scheduling1 among

1Every node in the network execute the same algorithm using the same input resulting

in the same output.
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with Ethernet multicasting of every node's altered bandwidth demand , the
burden on the Myrinet network is reduced. The tra�c over Myrinet will only
consist of clock synchronization and real-time messages. As the schedule has
to be available at the start of a new TDMA cycle, it would be preferable if
it runs in real-time and is synchronized with Myrinet. For this purpose it is
vital to use an operating system with real-time support in the host. Linux
with the real-time extension RT-Linux is used in this implementation. To be
sure that all nodes have �nished the calculation of the new schedule before
the change of schedule, Ethernet could be used for acknowledge messages.
Switching of schedules can not be allowed before every node has sent their
acknowledge messages.

In this implementation the routing information is statically added in ad-
vance for simplicity. However, it is possible to let a program determine the
network topology with the help of the characteristic behavior of the switches
and the nodes. Supposing a network where restricted recon�gurations are
allowed during run-time this information has to be retrieved a a regular ba-
sis. Since our implementation will describe the system during a static period,
this is not implemented. The chosen TDMA approach, according to the ones
presented in Section 4.3, is the one where the clock is scheduled among with
all other data packets.

All tra�c handled is periodic and a separate deadline (incremented by the
period of the tra�c stream) is associated with each message stream. At the
start of every new period the message has to be available for sending . Every
message stream i is characterized by the following tuple: fSi; Di; pi; di; sig.
The time periods used are chosen to get a reasonable short TDMA cycle
(e.g., 40 slots), The shortest deadline is one slot length, the shortest period
is two slot lengths (e.g., if the slot-length is 30 �s the shortest period is
2 � 30�s) since the clock synchronization messages requires at least one slot
per node. The longest allowed period and deadline is as long as the TDMA
cycle length (e.g., 40 � 30�s). The clock synchronization period used is 40
slots (1.2 ms) and a separate deadline for the clock synchronization messages
set to half the clock synchronization period, forcing the clock synchronization
messages to be scheduled in the �rst half of the TDMA cycle. The longest
elapsed time between two consecutive clock synchronizations, between the
same nodes, will be maximum 1.5 clock synchronization period apart (i.e.,
if there are several clock synchronization periods in the same TDMA cycle).
Before being scheduled all bandwidth demands are sorted according to their
individual deadlines. This is an established method for making a good sched-
ule. However, the algorithm is not designed to deliver an optimized schedule.
If desired, it is possible to use any other scheduling algorithm. The created
schedule runs repeatedly until a new schedule is available. To guarantee that
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Figure 5.3: A structural overview of the system.

it does not take unpredictable time to create a new schedule, it is possible
to allow a certain amount of changes for each new schedule.

The functionality of the scheduler can be divided into a number of steps:

1. Every host gather the bandwidth demands for periodic real-time tra�c
from the tasks that runs within it.

2. Use Ethernet via TCP/IP socket to send the node's own bandwidth
demands, and receive demands from other nodes, then sort them ac-
cording to their deadlines. Remove old tra�c that are no longer needed
according to collected messages from Ethernet.

3. Determine the new schedule (see Appendix A, for scheduling example).
Schedule tra�c according to their individual deadlines (i.e., schedule
tra�c with shorter deadline before those with longer deadlines), make
sure that old tra�c really gets scheduled before accepting the new
schedule.

4. Inform the node's own tasks if their demands were ful�lled or if they
were rejected.

5. Deliver the node's own output schedule to the task-to-network loading
process.
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The loader in point 5 keeps track of where in the DMA (Direct Memory
Access) area the messages to be transmitted are stored, and in which time
slot they are to be transmitted. After message generation, but in time before
the messages are due to be transmitted, the loader sends information to
the LANai about the messages location and in which time slot they are to
be transmitted (Figure 5.3). The output information from the scheduler
contains information about which slots belongs to which task and the path
that is allowed when transmitting the message.
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Chapter 6

Results

By the use of network link reservation, giving deterministic network routing,
and time-slotting, hard real-time guarantees are achieved. The worst case
latency is kept small (i.e., Tsetup + Tmaxdrift = 3�s + 1�s = 4�s) as no
blockages are allowed, and this makes the guaranteed throughput high.

Central parts for the performance of the network solution are the clock
synchronization, the packet length, the slot margin, and the TDMA (Time
Division Multiple Access) cycle length. The clock synchronization sets the
lower limit of the slot-length, as well as the slot-margin. With a larger packet
length the overhead will decrease, but gives a lower bandwidth utilization if
the slot-size is large and not fully utilized because of a large amount of smaller
packages. The TDMA-cycle length has to be at least as long as the clock
synchronization period i.e., in Myrinet the longest clock synchronization time
period is 5 ms for an accuracy of 1 �s.

The Clock-Synchronization

In our test the clocked drift between two nodes is shown to be less than
�100 �s/s. Given this, and the synchronization period being less than 5
ms, an accuracy of 1 �s is achieved as shown in Section 5.2. The synchro-
nization algorithm can be less complex than the one suggested in Section
4.2, it has a smaller demand on computation power, but at the same time
it needs more frequent synchronizations. With clock synchronization every
5 ms, the chosen synchronization algorithm in Section 5.2, performs a clock
synchronization accuracy of 1 �s, and this is su�cient for the management
of slot-lengths down to of 5 �s (i.e., the smallest time required to transmit a
clock synchronization packet).
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Chapter 7

Discussion

In this thesis, a method to implement hard real-time services over generic
switched networks is presented and tested. By using resource allocation com-
bined with a time-slotting mechanism, blockages and consequently deadlocks
are avoided in the network. When no blockages occur, the determined worst
case transmission time only depends on delays in the network hardware, and
is not a�ected by other tra�c in the network. Consequently it is possible
to guarantee the delivery for messages even if their deadlines are short. In
other reported work where only software is used where to guarantee real-time
tra�c over a generic network, the worst case transmission time includes all
possible blockages that can occur in each switch (Section 4.1). To reduce the
worst case transmission time, special routing techniques are often used (e.g.,
X-Y routing). In the implementation presented in Chapter 5, no such routing
technique is required. Instead, the exact topology over the network (i.e., a
switch graph where the place of each node and link are known) is necessary.
The scheduler uses the scheme when reserving the network links. Since the
scheduler has complete control over the network link usage, no blockages will
occur, by this a shorter time for packet transmission can be guaranteed com-
pared to the admission control scheme proposed in [4]. Also, a hight bit rate
can be guaranteed for a given connection. However, the scheduling algorithm
gets more heavy to execute, especially when the nodes and the links in the
network increase.

The slot margins mentioned in Section 4.3, are not needed in network
that support round-robin in the switches (e.g., Myrinet) as long as the slots
are longer than the required time for a clock synchronization message (5 �s
in Myrinet). The message will be transmitted in a certain time interval even
if it is blocked. But in networks that does not support round-robin the slot
margins are vital to keep the guarantees. By using slot margins our solution
can be transfered to any network supporting source-routing. For example,

39



40 CHAPTER 7. DISCUSSION

the network described in Bettati and Nica [16] can be exchanged with other
round-robin networks only. Our solution on the other hand, does not have
this requirement.

7.1 Other Implementations

Not all networks have a programmable network interface card (NIC) as used
in the method implemented in Chapter 5. The program in the NIC can be
implemented in the host computer instead. This makes it possible to replace
the Myrinet network with e.g., a switched Gigabit Ethernet network, but
the disadvantage is that the host computer will spend more CPU-time on
network tra�c tasks.

7.2 Conclusion � Future Work

The implementation presented in Chapter 5 is limited to handle periodic
tra�c, and the tests has only been performed with a couple of Pentium PCs
in the network. It is not possible to mix the implemented Myrinet commu-
nication protocol with other available User Level Protocols for non real-time
tra�c (e.g, GM, LFC, BIP in Chapter 3). It is possible to solve the trans-
mission of aperiodic, isochronous, and non real-time tra�c. One method
is to reserve periodic time-slots to guarantee transmission of aperiodic or
isochronous tra�c when they arrive; however, the bandwidth utilization will
be reduced, since not all reserved slots will be used. To handle non real-time
tra�c where e.g., GM is used, a similar method can be used by reserving an
amount of continuous TDMA-slots. The implementation of fault tolerance
and fault handling is omitted to future work, since this does not a�ect the
results at the current level of implementation. Since there are many meth-
ods, and ongoing research on scheduling techniques for real-time tra�c, no
e�orts on developing an optimized scheduler has been made. Instead a simple
scheduling algorithm is used in order to ful�ll the tests.

Another future task is to test the solution in a network with more nodes,
switches, and more powerful computers. Furthermore, tests using di�erent
topologies, and perhaps mixing di�erent operating system on the end nods
in the network can be carried out.
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Appendix A

Scheduling example

Some de�nitions used in this section are:

Si Source host of message stream i.

Di Destination host for message stream i.

pi Period time of message stream i.

di Separate deadline (incremented by the period of the tra�c stream)
associated with message stream i, or the latest time for the whole
message stream i to reach Di .

si Minimum number of time slots required for message stream i.

R0-R5 full duplex network links.

RX o o stands for output line to node X.

RX in in stands for input line to node X.

RX R R stands for right transmitting line between two switches.

RX L L stands for left transmitting line between two switches.

In a scheduling example for topologies according to Figure A.1, given the
network workload presented in Table A.1, a schedule is calculated for each
topology using a simple, non-optimizing scheduling algorithm. The �rst mes-
sage of each stream is assumed to be generated at the beginning of slot 1.
The implemented schedule focus on the possibility of keeping control over
the usage of every network link, as well as exploring the possibility of using
an alternate path if the �rst hand choice path is unavailable.
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Figure A.1: The two setups used for the scheduling example. A is a network
without redundant paths, and B is a network with redundant paths.

Every node has its allowed set of message stream identi�cation numbers
(i ), node 0 (clock master node in this example) has the message stream
identi�cation number set 1 - 30, node 1 has the set 31 - 60, node 2 has the
set 61 - 90, and node 3 has the set 91 - 120. The number of di�erent mes-
sage streams allowed from each node in this example are 30, but only a few
are used as many of them are bandwidth demanding. The total number of
message streams in this example are 18. The TDMA cycle is 40 slots (calcu-
lated using least common multiple). The message streams 1 - 3 are the clock
synchronization messages. A separate deadline for the clock synchronization
messages set to half the clock synchronization period force them to be sched-
uled in the �rst half of the TDMA cycle. This to have the longest elapsed
time between two following clock synchronizations, between the same nodes,
at maximum 1.5 clock synchronization period apart (e.g., if the TDMA cycle
is longer than the clock synchronization period).

When running the scheduler using the topology A in Figure A.1. Message
streams 31, 32, and 34 are not schedulable, when switching to topology B all
message streams are schedulable as an alternate path is available. The �rst
hand choice of path is used as far as it is possible before alternate paths are
explored. The implemented scheduling algorithm focus on keeping down the
required time to create a new schedule, instead of optimizing it.
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i Si Di pi di si
31 1 2 10 8 1
34 1 3 10 8 2
91 3 2 10 8 1
32 1 3 10 8 2
93 3 1 10 10 2
62 2 0 10 10 2
63 2 3 20 10 2
13 0 3 10 10 1
33 1 2 20 12 2
12 0 1 20 15 3
61 2 0 20 16 4
35 1 3 20 16 3
11 0 2 20 16 3
2 0 2 40 20 1
1 0 1 40 20 1
92 3 0 20 20 4
3 0 3 40 20 1
14 0 2 20 20 3

Table A.1: Network workload for scheduling example.
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slot R0o R0in R1o R1in R2o R2in R3o R3in R4R R4L
1 12 62 12 62 62
2 12 62 12 62 91 91 62
3 12 12
4 93 93 93
5 93 93 93
6 1 33 1 63 33 63 33
7 33 63 33 63 33
8 13 13 13
9 61 35 61 35 35
10 61 35 61 35 35
11 61 35 61 91 91 35 35
12 11 61 93 61 11 93 11 93
13 11 93 11 93 11 93
14 11 92 11 92 11 92
15 2 92 2 92 2 92
16 3 92 92 3 3 92
17 14 92 14 92 14 92
18 14 62 62 14 14 62
19 14 62 62 14 14 62
20 13 13 13
21 93 63 91 91 63
22 93 63 93 63 93
23 13 93 13 13 93
24 12
25 12 62 33 12 62 33 33 62
26 12 62 33 12 62 33 33 62
27 12
28 61 35 61 35 35
29 61 35 61 35 35
30 61 35 61 35 35
31 11 61 61 11 11
32 11 92 11 92 11 92
33 11 92 11 92 11 92
34 14 92 14 92 14 92
35 14 92 14 92 14 92
36 14 62 62 14 14 62
37 13 62 62 91 91 13 13 62
38 93 93 93
39 93 93 93
40

Table A.2: The resulting schedule for topology A; messages 31, 32, and 34
are not schedulable.
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slot R0o R0in R1o R1in R2o R2in R3o R3in R4R R4L R5R R5L
1 12 62 31 12 62 31 31 62
2 12 62 34 12 62 91 91 34 34 62
3 12 34 12 34 34
4 32 93 93 32 32 93
5 32 93 93 32 32 93
6 1 33 1 63 33 63 33
7 33 63 33 63 33
8 13 13 13
9 61 35 61 35 35
10 61 35 61 35 35
11 61 35 61 91 91 35 35
12 11 61 34 93 61 11 93 34 11 93 34
13 11 34 93 11 93 34 11 93 34
14 11 92 32 11 92 32 11 92 32
15 2 92 32 2 92 32 2 92 32
16 3 92 31 31 92 3 3 92 31
17 14 92 14 92 14 92
18 14 62 62 14 14 62
19 14 62 62 14 14 62
20 13 13 13
21 12 62 31 12 62 31 31 62
22 12 62 34 12 62 91 91 34 34 62
23 12 34 12 34 34
24 32 93 93 32 32 93
25 32 93 93 32 32 93
26 33 63 33 63 33
27 33 63 33 63 33
28 13 13 13
29 61 35 61 35 35
30 61 35 61 35 35
31 61 35 61 91 91 35 35
32 11 61 34 93 61 11 93 34 11 93 34
33 11 34 93 11 93 34 11 93 34
34 11 92 32 11 92 32 11 92 32
35 14 92 32 14 92 32 14 92 32
36 14 92 14 92 14 92
37 14 92 14 92 14 92
38 62 31 62 31 31 62
39 13 62 62 13 13 62
40

Table A.3: The resulting schedule for topology B; all message streams are
schedulable, the �rst choice path (using link R4) is more frequent used than
the second choice path (link R5).
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