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1 Introduction

Can general purpose commercial massively parallel
processors (MPPs) be used for computationally inten-
sive real-time applications that have traditionally re-
quired a custom arrangement of special-purpose com-
puters and mainframes? If so, then the enormous life-
cycle costs of many systems needed by, for instance,
the Government could potentially be reduced. The
components would be commercially available and con-
tinuing technological advances could more easily be
incorporated into existing systems.

Relevant applications have requirements not found
in large-scale scientific computing, which has up to
now provided most of the motivation for the develop-
ment of MPPs. Perhaps the most important differ-
ence is the need for real-time processing. Depending
on the application, multi-level security, fault tolerance
and other features may also be necessary.

There have already been hardware advances that
may make such a high performance computing solu-
tion possible. Also, the packaging problems associ-
ated with embedded applications are currently being
addressed by a variety of ARPA and industry research
and development programs. However, daunting soft-
ware challenges remain. In this paper we focus on
one critical problem, the real-time scheduling of the
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communications between processing nodes.

We are initially concentrating on sensor processing
applications, which involve a mix of processing types
and exhibit a wide range of real-time requirements.
What is called “front-end” signal processing is per-
formed first. Front-end signal processing must main-
tain high throughput while accomplishing a variety
of functions, such as the removal of interference from
digital data extracted from a sensor. Subsequent “ob-
ject processing” involves time-critical functions such
as automatic target recognition and tracking, with
strict latency requirements. A final “mission process-
ing” phase, involving, for instance, the allocation of
resources that may affect the entire processing chain,
must be responsive to the commands of a human de-
cision maker. If necessary, combining the results of
multiple sensors or multiple mode operation with a
single sensor increases the complexity of the real-time
requirements.

The overall goal of MITRE’s work in this area is to
determine to what degree MPPs can meet this range
of processing requirements. To this end researchers at
MITRE have been assessing the performance of cur-
rent MPPs on applications of interest, identifying po-
tential problem areas relative to real-time processing,
and developing solutions that provide the desired pre-
dictability without undue sacrifice of performance.

To understand the role and importance of the spe-
cific topic of this paper, consider some of the necessary
ingredients for the successful use of MPPs for the tar-
geted applications. Individual processing nodes must
first be able to sustain high average processing rates
for the computational kernels of the relevant numerical
algorithms. Then allowance must be made for alterna-
tion of tasks at nodes, and strict real-time deadlines
must be guaranteed. These added constraints moti-
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vate the application of real-time process scheduling
technology ([13]). The underlying raw capability of
the hardware to transmit messages from point to point
is analogous to the advertized processing rate for the
CPU. It must first be shown that the theoretical rates
can practically be approached with available operating
systems and communications software, realistic mes-
sage lengths, etc. Then the possibility that different
message streams might interfere with each other must
be taken into account, and real-time deadlines must
obviously be met. QOur goal here is to address these
last two difficulties (see [5] for more details).

In addition to summarizing MITRE’s related and
supporting benchmarking work through the summer
of 1994, the next section gives some relevant back-
ground on machine architecture and motivating ap-
plications. Section 3 discusses special considerations
for this scheduling problem and compares general ap-
proaches. Section 4 gives more detail on an analytical
framework called Packet Stream Analysis, and the fi-
nal section summarizes the paper.

2 Real-Time MPP Application Bench-
marks

A distributed memory MPP consists of a set of pro-
cessing nodes, each with its own local memory, inter-
connected by a communications network. We have
focused on the case where processing nodes commu-
nicate through explicit message passing. There are a
variety of computation models (e.g., SIMD, MIMD);
see [7] for background.

As an example, consider the Intel Paragon MPP,
each of whose processing nodes currently employs two
1860XP RISC microprocessors (one for processing and
one for communication) and is very roughly equiva-
lent in complexity and power to a modest standalone
workstation. The 1860XP has a peak processing rate
of 100 Million Floating point QOperations Per Second
(MFLOPS) (single precision). These nodes are ar-
ranged in a rectangular array. The data communica-
tions network is a rectangular backplane mesh, with
one special-purpose routing chip for each processing
node. FEach router has connecting links to its cor-
responding processing node and to each neighboring
router. Counting one-way directional links, which
have a capacity of 200 million bytes per second, the
routers for interior nodes each have ten connecting
links. A detailed picture would also show other de-
vices at the nodes and between the node buses and
the backplane.

Messages from one node to another are transferred
entirely on the backplane, with no intermediate stor-
age at other nodes and very little buffering on the
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backplane. A fixed deadlock-free “wormhole” rout-
ing algorithm is used. It sets switches in the routers
as the header of a message is processed and fixes set-
tings until the entire message has passed. Header con-
tention at the router is resolved in a round-robin man-
ner. A separate communications network is used for
certain system purposes and makes possible efficient
clock synchronization. Any node can be configured for
I/O with a variety of interfaces available. This con-
nection to the outside does not use the backplane, but
the operating system will generate traffic on the back-
plane when an I/0O system call is made by a non-1/0O
node. For more details on the Paragon see [4].

The Paragon processing nodes can run the OSF/1
operating system along with the Intel NX message
passing primitives. In this case, user-designated mes-
sages are broken into pieces called packets for actual
transmission. Packet size is fixed per program and is
at most 1792 bytes. It is these packets which appear
as messages to the hardware (as in the above descrip-
tion), and we will maintain the useful conceptual dis-
tinction between packets and the possibly much larger
user level units to be called messages. Another option
is the Sandia-University of New Mexico operating sys-
tem (SUNMOS) (15, 8], which has been streamlined
for high performance. In this case, no breaking up of
messages is performed, and packets are just messages
with headers. There are also a variety of optimized li-
brary calls available for common processing and com-
munication kernels. The ARPA-Honeywell Embedded
Touchstone [2] program is producing an embeddable
version of the Paragon that will run the same sys-
tem and application software. Real-time system soft-
ware for the Embedded Touchstone is currently un-
der development by Honeywell and the Open Software
Foundation-Research Institute (OSF-RI).

In sensor processing applications, a sequence of
problem instances are presented with a fixed period,
and the result for a given instance must be computed
within a fixed amount of time, the latency. The prob-
lem latency may be less than, equal to, or greater than
the period. Front-end signal processing algorithms are
dominated by data-independent numerical manipula-
tion, and it 1s customary to express their periodic re-
quirements in terms of FLOPS.

An example is the Lincoln Laboratory Advanced
Detection Technology Sensor (ADTS), a synthetic
aperture radar (SAR) whose real-time requirements
are specified (as a benchmark for a rapid prototyp-
ing ARPA program) in [16]. Pulses are received at a
maximum rate of 556 per second. A variety of process-
ing functions are applied in sequence to form the SAR
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image, yielding a total processing rate requirement of
1085 MFLOPS. The latency requirement is stated in
terms of a processing frame consisting of 512 consec-
utive pulses. The time between the completion of the
input of a frame to the SAR processor and the pro-
duction of the corresponding image must not exceed
three seconds.

Before a real-time application can be mapped to
a parallel processor, benchmarks must be conducted
to assess the capabilities of the MPP on the essen-
tial processing and communication kernels. A rough
knowledge of the demonstrable capabilities of targeted
machines in conjunction with available support soft-
ware is also necessary to point our communications
scheduling work in a reasonable direction. A generic
benchmarking methodology designed to assess a sys-
tem’s real-time performance was introduced by Wei-
derman and Kamenoff in 1992, often called the Hart-
stone benchmarks, see [14]. MITRE applied various
benchmarks to the Intel Paragon in anticipation of
the availability of the Embedded Touchstone, includ-
ing adaptations of the Hartstone benchmarks to our
context (see [3] for details). For our purposes it is
reasonable to assume that the entire machine is de-
voted to the application system while it is running. A
source node injected blocks of data at a pre-specified
rate into the processing chain being tested. A sink
node collected the results for off-line verification of
correct functionality. The benchmarking metric was
the minimum period that could be sustained for a se-
lected processing and/or communication kernel for a
pre-specified period of time (usually from a few sec-
onds to 30 seconds).

The functions involved in SAR signal processing
were tested on the Paragon. In the important case
of the fast Fourier transform (FFT), the existing li-
brary routines were most efficient at transform lengths
commensurate with the size of on-chip cache. It was
shown that processing efficiencies could be maintained
for pipeline processing in which double buffering was
used to hide most of the overhead of interprocessor
communication. For example, a two-dimensional FFT
processing pipeline consisting of a source, an FFT
node, a corner-turn node that implements a matrix
transpose, a second FFT node, and a sink was config-
ured. For a processing load consisting of 512 instances
of a 512-point FFT, the minimum period sustained
was 223 ms. This corresponds to the FFT processing
nodes in this pipeline sustaining 53 MFLOPS.

Operating system “drop outs” at crucial points in

time affect the size of the minimum period that can
be sustained. The conclusion for the OSF/1 oper-

78

ating system is that periods must be on the order
of 100s of milliseconds if the current drop-out effects
are to be ignored, i.e., have only a 1% -2% impact.
This forces coarse-grain processing in which a rela-
tively large amount of processing is accomplished dur-
ing each period.

The message-passing rates we were able to sustain
improved by a factor of four over the span of the year
(from roughly 20 to 80 MB/s). The message-passing
rates under SUNMOS were higher still (150 MB/s).
At these high rates, however, problems with messages
interfering with each other become more significant.
The time required for a communication step begins to
depend significantly on the message passing activity
of other processing nodes.

3 Approaches to a Solution

In order to assess general approaches to a solu-
tion and to contrast with previous work on related
problems, it is useful to consider several characteristic
features of the problem of real-time communications
scheduling for the targeted applications on MPPs:

1. Tightly coupled MPP architectures. Although
the memory is distributed, the nodes are co-
located, raw communication latencies are low,
and bandwidths are high. In the case of the
Paragon, an auxiliary network allows for ex-
tremely good clock synchronization.

2. Tightly coupled application programs on the
nodes. The programs running at the various
nodes can be assumed to be aware of each other
and cooperating.

3. A highly distributed communications resource. It
may be necessary to take advantage of the poten-
tial for many simultaneous communications chan-
nels. This feature makes it difficult to use the the-
ory based on ordinary notions of utilization, but
does not rule out reducing the larger problem to
smaller cases where ordinary utilization is more
relevant.

4. Rigid routers. One may have to use routers that
cannot take into account the origin of a packet,
priorities, or what message a packet is part of.

5. Decentralized control. Central control must be
effected “by hand” at a processing node. Even
knowledge of communications requests as they
may develop in real time is not automatically cen-
trally available.

6. Highly periodic requirements. This is more true
of some systems than others, but (as mentioned
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above) we initially are targeting cases where most
of the message traffic and computation is peri-
odic, and the periods of different tasks are either
equal or simply related (although deadlines and
release times will not be).

7. Fine time granularity. The set of times that must
be considered by the communications scheduler
(including release times and deadlines) may be
closely spaced. Again, this is more true of some
applications than others, but a significant feature
of many important cases (including SAR).

To this list might well be added various other prob-
lems, such as the possible need for distributed in-
put and/or output. One must also be careful about
what requirements must be imposed on the operating
system and applications processes (see [11]). Simply
guaranteeing that certain messages will be ready be-
fore a given time may not be sufficient, because having
them ready too early could slow down the transmis-
sion of other messages. Thus the importance of lack
of “jitter” is amplified in this context. Calculations of
required buffer size may also be difficult.

In recent years real-time communications schedul-
ing has been extensively studied by many different re-
search communities for both distributed and parallel
environments (see surveys [1] and [9]). Three different
“degrees of freedom” are available to reduce the prob-
lem to problems where existing theory may be more
applicable:

e Temporal — an individual’s access to all or part
of the communications resource varies with time
according to various possible schemes.

e Spatial — divide a network into non-interfering
sets of channels.

¢ Bandwidth — allow a part of a network to be
used by more than one entity “simultaneously,”
as long as the total bandwidth allocated does not
exceed some capacity bound. Here “simultane-
ously” means at the level of detail considered by
the scheduling theory.

The multimedia community uses all three de-
grees of freedom, but incorporates them into a
reservation/price/quality-of-service block that has
very different assumptions about communications
characteristics and guarantees than does the real-time
community (see [1]). The coarse time granularity as-
sumed by the multimedia community makes band-
width subdivision easier.
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Other real-time communities do consider a very fine
time granularity. But they concentrate on relatively
simple networks like buses and rings, and the theories
developed depend primarily on temporal subdivision.
They generally do not make use of spatial subdivi-
sion, even sometimes in cases of rings where it might
be physically possible. See [10, 9, 6, 12]. We have
concluded that we will probably have to make use of
all three kinds of subdivision, at least to some degree,
and a level of granularity finer than that of (some-
times quite long) messages must be directly addressed
by the analysis and implementing mechanisms.

The Potential Failure of Fairness

To emphasize the inadequacy of separately providing
high performance message passing, high performance
processing at the nodes, and a high quality real-time
operating system at the nodes, without addressing
the communications scheduling component in the in-
tegrated way we advocate, consider the following ex-
ample for what might happen on a machine like the
Paragon. Suppose that sixteen nodes arranged in a
horizontal row are paired into eight overlapping chan-
nels as shown in figure 1. We assume that the message
passing software is good enough so that each node can
generate messages sufficiently fast to use up the capac-
ity of a horizontal link.

The backplane does not take into account message
origin or priority when merging packet streams, but
uses a fair merge. This means that when exactly two
streams are being merged, and a given packet p of one
stream arrives while a packet ¢ from the other stream
is passing, or if p arrives simultaneously with ¢ but
loses out, then p will get its turn next after g.

Assume data flows from ny to ng at a rate of, say,
C bytes per second in a steady state. The fair merge
policy implies that the data flows along the channel
from ng to ny5 at a rate of C//128 bytes per second.
We call this rate disparity the failure of fairness.

It seems likely that for certain pipelined cases this
effect will be transient and not a serious problem.
With less than full link utilization the disparity will
be less, but may still be considerable and has been
experimentally observed (see below).

A related problem arises if typical messages com-
prise only a few packets. A particular packet X trav-
eling from ng to ny5 will be delayed at an intermediate
node if that node just happens to be putting one of its
packets into the stream slightly before the arrmal of
the head of X, or if it puts on a packet at essentially
the same time as the arrival of the head of X and X
loses a (fair or unfair) arbitration. With the Paragon
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system, X can get no credit down the line for having
been delayed earlier. Nor can X be given consider-
ation for being part of a large or important message.
Even with fair arbitration the possible variation in the
arrival time of X may be troublesome.

Interestingly, the theoretical possibility of the fail-
ure of fairness was actually observed in an experi-
ment called the Symmetric Many Pairs benchmark,
designed to determine the practical carrying capacity
of a link (see [3]). The assumption above that the mes-
sage passing software allows one sender to fill up the
capacity of a link does not apply to our set up. But
multiple senders, paired with multiple receivers (who
also need time to take packets off the backplane) can
be used. This benchmark allocates an even number
of processors in a single line on the mesh so that all
message passing occurs in one dimension. The layout
for 16 processors is also as shown in Figure 1. Sender
nodes repeatedly send messages to their mates, which
repeatedly receive messages.

Table 1 shows the results for 16 processors of the
symmetric many pairs benchmark on a Paragon run-
ning OSF/1, revision 1.2.3, with the message copro-
cessor turned on. Message were of size 1/4 MB and
packets 1792 bytes.

4 Packet Stream Analysis

This is an analytical framework designed to be able
to provide performance guarantees for message pass-
ing schedules that use the parallel capacity of commu-
nications networks like that of the Paragon relatively
efficiently. It is based on performance parameters of
the underlying hardware and software for which we
hope that trustworthy bounds can realistically be es-
tablished. It allows for arbitrary message passing pat-
terns, but does assume the the major requirements are
known at compile time.

Hard-real time constraints typically require con-
sideration of deadlines and availability for individual
messages. Conceivably, one might choose to schedule
the sending and arrival of each packet of each message
as a device to ensure the message level requirements.
Packet Stream Analysis depends on a cumulative anal-
ysis at a level between packets and messages. Individ-
ual packets are not scheduled. Their precise fate is
left to the vagaries of intricate or obscure lower-level
software, hardware, and run-time events. Attention is
focused rather on the rates of transmission in pack-
ets per second and the times at which those rates are
attained.

We are motivated by situations where most mes-
sages are relatively long and are sent broken up into
many packets of size A. There may be different packet
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sizes for different messages, but we start by assuming
that A is fixed. On the other hand, the optimal value
for A is one of the parameters that one may try to de-
termine using this kind of analysis. Even if only one
channel is considered, different packet sizes result in
different data transmission rates in bytes per second,
because of the overhead of packetization and possibly
other factors. In the case of several channels in op-
eration at one time, the packet size has other effects
too. For instance, smaller packets result in the stream
model being more valid and the smoother mixing of
streams, but they require regulated sending at higher
frequencies.

If transmission rates are reasonably constant, and
individual packet latencies and other overhead- costs
are relatively small, then one is justified in basing cal-
culations of arrival times primarily on time of initia-
tion of transmission, size of message, size of packets,
and transmission rate in packets per second. Other
costs can then be treated as second-order corrections.

Stream Mixing

An attractive way of viewing the overall carrying ca-
pacity of the communications network is that, with
certain allowances for overhead and as a function of
A, it can simultaneously support any combination of
packet streams moving at various rates as long as an
upper bound on the total carrying capacity of each
network element is observed. This might allow for an
enormously simplified analysis, as long as adequate
(and not too drastic) allowances can be made for all
relevant categories of overhead.

Initial latency, the transmission time for the first
packet of a message, is one kind of overhead. The ex-
act nature of the network interface software and mes-
sage passing software must be considered at this point,
because various other costs, like memory copies, might
be relevant. In the case of the Paragon architecture,
one kind of overhead would be an allowance for the
extra difficulty that a router has when it needs to com-
bine two incoming streams, as opposed to just pass-
ing one stream through. It should be optimistically
noted that two streams moving in opposite directions
through a backplane node do not interfere with each
other, at least according to the best information we
have at this point.

This view of capacity suggests the intriguing possi-
bility that we may be able to use the Paragon back-
plane for real-time applications more or less as it was
intended to be used in general. The Paragon back-
plane design is sophisticated, based on a long process
of interacting theory and practice, and its designers
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Figure 1: Arrangement of Eight Nested Channels

From - To 0-15 | 1-14 | 2-13

3-12

4-11 | 5-10 | 6-9 | 7-8 | Sum

15 { 1.5 | 3.0

Rale (MB/s)

5.8

11.5 | 22.3 | 41.7 | 69.7 | 157.0

Table 1: Communication Rates for Eight Nested Channels

clearly did not have in mind that applications sys-
tems would need to take care that message streams
never interfere with each other. Rather, the underly-
ing hardware and software should take care of stream
mixing efficiently. All we need to do is get hard bounds
on how well this is done and make sure we never ask
too much of the system.

Implicit in the above discussion is the idea that un-
der certain circumstances we might ask a node to send
a stream at a regulated rate less then the maximum
possible. It is unclear how good a mechanism for do-
ing this is available. Even assuming a good real-time
operating system at the nodes, this requirement has a
“negative” aspect to it that is not of the same charac-
ter as the requirements usually envisioned for operat-
ing systems or message passing software. That is, for
most requirements, faster is better. In as much as it
seems that stream sending regulation would be much
more efficient if done by software at a lower level than
the application, this capability may eventually be a
serious suggestion for a new requirement on real-time
operating systems or message passing software that
is motivated by the global communications scheduling
problem.

On the other hand, clumsy, user level stream send-
ing regulation is possibly adequate. Note that very
low rates can undoubtedly be implemented by the ap-
plications process itself. But we would also like to use
intelligently timed “blasting”, i.e., sending packets at
as high a rate as possible, partly because this is, again,
the natural way to use the machine. It may be pos-
sible to provide useful guarantees for blasting when
combined with regulated sending at very low rates.
This highly asymmetric paradigm would be reason-
able when most of the message passing traffic is high
rate data transmission that has been carefully planned
beforehand, but some small amount of miscellaneous
message traffic is necessary.
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Feasible Message Transmission Modes

The technical notion of a feasible transmission mode
is introduced because of several difficulties with the
simplistic rate analysis. How is one to isolate and
definitively measure or credibly predict the capacities
of each of the network elements involved in the trans-
mission of a message? How are we to combine the
overheads associated with the elements of even a sin-
gle channel into one overall channel rate? Most com-
pellingly, when two streams are combined, how does
the associated overhead affect them individually?

Especially when blasting, it may be an unaccept-
able oversimplification to use exactly prescribed rates
in our description of achievable, stable message trans-
mission modes. The rates may vary with time consid-
erably, and the order of starting may be important.
There may be hidden aspects of the situation which
determine the actual rates in a given trial, so one must
be very careful about assertions of what can reliably
be achieved. For this reason, we use rate intervals
rather than particular values for the rates in the for-
malization below.

First define a channel to be an ordered pair of
nodes, a sender and a receiver. Because of the fixed
routing algorithm of the Paragon, a channel corre-
sponds to a particular path from the sender to the
receiver, at least on the backplane. If one considers in
detail all steps involved in message transmission, then
it may be possible for two messages from the same
sender to the same receiver to take shightly different
routes. One way this could happen is that there might
be a buffer which is used only in certain circumstances
and bypassed in others. It is thus possible that a chan-
nel may not be quite the same as a path. For our
purposes we can just talk about channels and avoid
worrying about paths as such. We do not differenti-
ate among different processes at the same node in the

Proceedings of the Real-Time Technology and Applications Symposium (RTAS '95)
1080-1812/95 $10.00 © 1995 IEEE



notion of a channel, although this is a possibility for
the future.

A (message transmission) mode is a vector of dis-
tinct channels, together with associated (positive) up-
per and (non-negative) lower bounds on the packet
rates for the channels of the pattern. The channels do
not have to be restricted to one horizontal or vertical
line.

A message transmission mode M is feasible for
a particular packet size A if simultaneous packet
streams for all channels of M with packets of size A
and packet rates consistent with the bounds of M can
actually be established and sustained. It is not re-
quired in this definition that the senders be able to
maintain constant rates, only rates within the given
bounds. One case where this is particularly relevant
occurs when we can guarantee certain of the lower
bounds only by blasting. Hidden parameters in this
definition include the operating system and message
passing software being used.

In order to make guarantees of schedule adequacy
as discussed below, it is not necessary to know exactly
which modes are feasible. It is enough to know that
certain modes are feasible, and we do suppose that
this is possible by a combination of experiment and
analysis, at least for some relatively simple, but useful
modes. The more information of this kind one has,
the better analysis of communications schedulability
Packet Stream Analysis provides.

Packet Stream Mode Schedules

A packet stream mode schedule (or PSM schedule) S
is a sequence of (say k) message transmission modes
say together with a list of times ¢; < ... < g < tg41.
Modes may occur more than once in the sequence.
The schedule means that the :*" mode of the sequence
1s to be used from time ¢; to time ¢;41. Overhead
for switching modes must eventually be addressed, as
must other sources of inefficiency, of course. A PSM
schedule S, as above, is feasible if each of its sending
modes is feasible.

We adapt a fairly common notion of message pass-
ing requirements. Neither schedules nor requirements
are assumed to be periodic, but a more refined version
should take into account periodicity. For now, an indi-
vidual message requirement is just given by a sender,
a receiver, a number of bytes, a ready time, and a
deadline for arrival (which must be greater than its
ready time). The live interval of an individual mes-
sage requirement is the interval of time from its ready
time to its deadline. A simple requirement set is a set
of individual message requirements such that no two
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individual requirements with the same channel have
overlapping live intervals.

Recall that we are assuming relatively small indi-
vidual packet latencies. Given a PSM schedule and an
individual message requirement it is easy to calculate,
as a function of time ¢, a lower bound on the number of
bytes of that message that will have been sent by time
t, assuming that the sending modes indicated by the
schedule are followed. Hence one can calculate a worst
case arrival time for the entire message. We say that a
PSM schedule S is adequate for a simple requirement
set Regq if S is feasible and, for every individual mes-
sage requirement R in Req, the worst case arrival time
thus calculated using S is at most the deadline for R.

Given a packet stream mode schedule S which is
adequate for a set of requirements Req and faced with
a system whose communications requirements are de-
scribed by Regq, there are still implementation issues
to be faced. At some point one must make allowances
for time necessary between modes to coordinate all
senders’ changes to their next determined rates and
receivers. The appropriate mechanism for switching
modes 1s not clear either. If sufficiently good global
synchronization is available, then one can simply in-
sert modest pauses to allow for all packets of the last
mode to be cleared and for all senders to be assured
of having reached their idea of when the switch is to
occur. As an optimistic example, the relative differ-
ence between the hardware supported local clocks at
any two nodes of the Paragon at any given time is
guaranteed to be at most one microsecond.

We assume below that artificial padding can be sent
(to satisfy the lower bound requirement) in case a
schedule calls for a message stream to be sent before
the message is really ready or after it has been com-
pletely sent. It is not out of the question that such
padding might be necessary for the smooth and hence
efficient operation of the message passing system.

The Schedulability Problem

Given a simple requirement set Req, is there a PSM
schedule which is adequate for Req? This can be
taken to be the fundamental schedulability problem for
Packet Stream Analysis. There are many, many vari-
ants (for instance, one should be able to produce an
adequate schedule if there is one, and periodic versions
should be considered). The schedulability problem is
representative of the difficulties involved with related
problems, and we concentrate on 1t for definiteness.

Example: Suppose nodes six nodes A, B,C,D,E,
and F' are arranged in that order from left to right

on one horizontal line of the Paragon. There are




three message requirements along the three channels
A—F,B—(C,and D — E: one message from A to
F of length L sr, one message from B to C of length
Lpc, and one message from D to E of length Lpg.
All messages are ready at time 0, and all have dead-
line d. Assume we know that three modes (M), M,,
and M3) are feasible, where M; has lower rate bounds
of a;, B;, and 7; respectively for channels A — F,
B — C, and D — E, and where the corresponding
upper bounds are o}, £/, and v/.

Is there a PSM schedule that is adequate for these
requirements and uses only these modes? It should
be clear that we may legitimately restrict attention to
schedules that start with M, from time 0 to time %,
then switch to mode M, for a duration of 5, and end
with mode M3 for a duration of t3. Such a schedule
is adequate for these requirements if and only if the
following seven inequalities are satisfied:

(1-3) 0< t;, (fori=1, 2, 3)
(4) i+ta+t3< S
(5) aaty + gtz + asts > Lar
(6) Bity + PBatz + Pats > Lpc
(7) mt1+72t3+ 7383 > Lpe

It is easy to imagine adding various terms to these
inequalities to allow for time to switch modes, initial
latencies, etc.

Note that the upper bounds are not used in this
calculation. They are relevant to implementation
requirements, because achieving a given lower rate
bound on one channel may depend upon assuming
that another, interfering channel is being used at at
most some stipulated rate. Also, the upper bounds
give a better description of the running system in a
way that is quite relevant when questions arise con-
cerning how one might add tasks. A nonlinear problem
would arise if we did not take the mode bounds (for
instance) to be constants, but variables meeting some
extra constraints. This might be desirable if reason-
able physical assumptions allow us to conclude that a
large class of modes that can be conveniently described
parametrically are all feasible.

For example, one might be able to incorporate
general knowledge about what modes are feasible by
adding another set of inequalities. A simple model
would take a mode to be feasible if the sum of its rates
(upper bounds) is bounded by a network dependent
constant multiplied by a correction factor (between
0 and 1) which depends on the number of message
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streams. Note that the other inequalities mentioned
so far do not mention upper bounds.

One can also view these sets of inequalities as
sources of optimization problems. This is particularly
useful because there are a variety of relevant metrics
(like total duration or robustness) that might be for-
mulated as objective functions, individually or in com-
binations.

A Finitely Constrained Problem

It 1s informative to consider the following precise
mathematical problem, derived by stipulating a finite
set of feasible modes and considering only PSM sched-
ules that use only modes from that set. The finitely
constrained schedulability problem (for Packet Stream
Analysis) is then this: given a simple requirement set
Req and a finite set M of message transmission modes,
is there a PSM schedule that is adequate for Req and
uses only modes from M?

The key idea of the following assertion is the same
as in the example above:

Theorem 1 There is an algorithm which decides the
finitely constrained schedulability problem for Packet
Stream Analysis.

Proof. Suppose Req = {Ry,...,Rg} is a simple re-
quirement set and M = {M,..., M,;} is a finite set
of modes. Enumerate in increasing order as 1 < x5 <
... < z, all numbers occurring as ready times or dead-
lines in Req. If a PSM schedule S is adequate for Req
and 1 < i < p, then one can rearrange and recombine
the mode usage by S between «; and z;4; so that no
mode is used more than once on this interval, while
preserving the adequacy of the schedule. In fact, this
schedulability problem is equivalent to the existence of
a solution to the set of linear inequalities constructed
using variables t;; (for 1 < i< pand 1 <j<m)to
stand for the amount of time mode M; is used between
z; and 7;4, and having inequalities of three classes:
first, t;; > 0, (for 1 <i<pand 1< j<m),

second, for 1 <7< p,

m
E ti; < ®ig1 — @i,
j=1

and third, for each R in Regq,
b m
2 it 2 L
i=a j=1

where L is the length of R, z, is the ready time of R,
zy is the deadline of R, and «; is the minimum rate
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guaranteed by M; for the channel of R.
Q. E. D.

Of course, concrete algorithms for producing ad-
equate schedules are of more interest than the mere
existence of an algorithm. The theorem is stated in
this way because no efficient algorithm is possible for
a fully general situation. Furthermore, the process of
extracting efficient algorithms for contexts in which
special assumptions hold is a vast and highly devel-
oped theory that we can depend on, but do not want
to get into here. This proof is mathematically valid
in any case, but the schedules it implicitly produces
are reasonable only if one makes use of the assumption
mentioned above about the possibility of padding.

An efficient implementation of the above algorithm
may be possible and useful for small systems or for
restricted parts of larger systems (perhaps looking at
one horizontal or vertical line). Larger problems may
be mathematically tractable if approximated by lin-
ear programming problems using only a reasonable
number of modes, but the validity of schedules gen-
erated as solutions to large systems of simultaneous
constraints would be somewhat suspect. They might
be hard to understand, and hence hard to work with or
even to trust. Certainly the robustness of solutions in
the face of inaccuracy of the input parameters would
need to be carefully analyzed. Some structured way
of applying the theory (perhaps hierarchically) is de-
sirable if one is to be able to analyze potential system
modifications easily. Packet Stream Analysis may also
provide theoretical justification to more immediately
intelligible scheduling techniques.

4 Conclusion

Commercial MPPs today have a tremendous
amount of raw network capacity and the tendency
is to assume that such high capacity translates into
predictable communications performance. Our expe-
riences and analysis indicate that this is not the case.
This paper has framed the real-time communication
scheduling problem and presented some of our ini-
tial work towards its solution, including an analytical
framework called Packet Stream Analysis.

Packet Stream Analysis is not yet a mature analytic
framework, but it does seem to present a valid and
informative treatment of a significant class of cases.
Even if the only practical alternatives for regulated
sending are the extremes of blasting and very low rate
transmission, combining these as indicated by the in-
equalities this approach generates may still be useful
in establishing guarantees for complex or somewhat
dynamic data flow patterns.

This is a relatively new area in terms of relevant
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published literature, and theoretical work could be
profitably pursued in many directions. But we feel
that it 1s important to let the near-term course of theo-
retical development be strongly guided by the needs of
producing realistic scalable MPP demonstrations. An
outstanding problem in this regard is the difficulty of
obtaining robust and sufficiently informative measures
of the communications capacity of relevant combina-
tions of hardware and underlying software.

Another outstanding problem concerns the inter-
play between scheduling computational activity and
communications activity at the nodes, particularly
when it is desirable to overlap computation and com-
munication. We have not explicitly discussed this is-
sue here, partly because it is highly dependent on the
particular architecture of the nodes and the operating
system, but also because the general problem of lack
of direct control that we have discussed above becomes
a major factor. We are just beginning to attack this
problem. We are currently investigating mechanisms
for “controlling” (or influencing) node scheduling from
the application level.

Beyond demonstrations of realisitc applications,
the longer term problem of providing a genuine com-
munications scheduling service for scalable MPP’s
that enables complex systems to be designed, main-
tained and updated relatively easily is much more dif-
ficult. In fact, the tempting analogy of scheduling
tasks on a single processor may be misleading, be-
cause of the intrinsic complexity of massively parallel
programs and machines.

It may be that any solution to the real-time com-
munications scheduling problem for MPPs more gen-
eral than specially designed, hand tuned applications
will require a good real-time operating system that al-
lows fine-grained control of scheduling from the appli-
cations level. More sophisticated routing chips would
make the implementation of communications schedul-
ing algorithms easier. Also, operating systems which
can guarantee not only that deadlines are met, but
also that certain events do not occur too soon, and
that certain sequences of events are regularly spaced
at prescribed rates would be helpful. Work on real-
time MPP communications scheduling will hopefully
contribute to the stating of clearer and more complete
requirements for real-time operating systems, other
software, and MPP hardware. It may even have a
positive effect on their future design.
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