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Abstract
We present a method for providing hard real-time guar-
antees for traffic through an Asynchronous Transfer
Mode (ATM) network. Guaranteed delivery also im-
plies that we have to guarantee that no cells are lost
due to over-full buffers in the network.

By wusing priority queues in the output buffers we
allow urgent messages short end-to-end delays, while
still guaranteeing end-to-end delays for low-priority
messages.

We can determine & priori if message deadlines will
be met by calculating mazimum end-to-end delays and
buffer-needs. Analysis is based on CPU schedulability
analysis, which means that it provides a framework for
analysing an entire system, including both CPU and
network scheduling.

1. Introduction

Asynchronous Transfer Mode (ATM) is an emerging
technology for telecom and data networking [8]. In this
paper we present a method for providing hard real-
time guarantees for traffic through an ATM network.
We provide analysis that can be used by an admission
control procedure to determine if a specified maximum
transmission delay (latency) for a new data stream can
be guaranteed or not. In addition, the analysis detects if
requirements on already admitted streams are violated,
or if buffer overflows can occur when the new stream is
admitted.

It is important that solutions to the real-time admis-
sion control problem can be easily incorporated with
existing ATM standards. It must also be possible
to make efficient implementations, supporting the very
high bandwidth of current and future ATM networks.
Furthermore, an admission control scheme must allow
for high utilisation of network resources. Since not all
streams may require absolute guarantees it should be
possible to integrate hard real-time traffic with other
ATM Quality of Service (QoS) classes which do not
require absolute guarantees on the timely delivery of
messages.

I This work has been supported by the Swedish board for tech-
nical development (NUTEK), within the Swedish ATM Platform
consortium (SWAP).

An additional benefit would be if the analysis could
be incorporated with an existing framework for real-
time systems analysis. This would allow system design-
ers to use the same technique for assessing the timely
behaviour of the entire system, including both CPU and
network scheduling.

In this paper we propose the use of priority queueing,
together with response-time analysis for calculating the
worst case end-to-end delays in the network. In com-
bination with buffer-need analysis we have a sufficient
method for providing deterministic guarantees on the
delivery of real-time messages. The required priority
management and queueing are simple to implement; in-
deed, today many modern ATM switches support prior-
ity queueing, e.g. Fore Systems ASX-200BX, ASX-1000
and Cisco LS 1010.

The motivation for our work is that statistical guar-
antees, e.g. in terms of “message loss probability” or
“average message delay”, are not sufficient for many
applications, e.g. vehicle and industrial control systems.
Instead, a firmer commitment is needed from the net-
work, saying that it will always deliver all messages
completely and within specified deadlines (with reser-
vation for hardware failure and external physical inter-
ference, both which are very unlikely in fibre optical
networks).

It is likely that ATM will be used in safety critical
applications, simply because it will be the cheapest high
bandwidth communication technology available. Also,
ATM is an attractive solution in industrial environ-
ments due to its optical signalling, avoiding electrical
signalling which in these harsh environments may be
error prone.

A further motivation for our work is that an admis-
sion control scheme providing absolute guarantees can
be used for traditional soft real-time communication,
such as multimedia, provided that the scheme gives
performance comparable to (or better than) statistical
methods.

Outline: In section 2 we give a brief introduction to
ATM networking, in section 3 we present our traffic and
network models. Sections 4 and 5 present the response-
time and buffer-need analysis. In section 6 we present
analysis of some sample networks and traffic situations.



Finally, section 7 relates our work to other research and
provides some concluding remarks.

2. Asynchronous Transfer Mode

Asynchronous Transfer Mode (ATM) [8] is a high
performance, connection oriented, network architec-
ture. Over each connection a stream of fixed size pack-
ets, called cells, are transmitted. Each cell is 53 bytes
long, 5 byte header information + 48 byte payload (user
data). Long messages are segmented and sent in con-
secutive cells in the stream. The ATM network guaran-
tees that cells within a stream is delivered in the same
order as they were transmitted.

An ATM network consists of a set of ATM switches.
Each switch routes cells from a set of input ports to a
set of output ports, based on stream identifiers in the
cell-headers. At the output port of an ATM switch a
port controller multiplexes cells from different streams
onto the outgoing lines.

ATM has been designed to support the extremely
high bandwidth and optical signalling, of todays’ and
future’s information super highways. Hence, it will
handle a number of communications services, includ-
ing phone calls, video conferencing and computer com-
munication. ATM is also proposed as a Local Area
Network (LAN).

Clearly, fulfilling all these requirements is not an easy
task. Different applications have different timing and
bandwidth requirements. To make sure that each ap-
plication gets required Quality of Service (QoS), the
network must perform some form of admission control
on new streams. The admission control should ensure
that there are enough resources in the network to give
the new stream its required QoS, without compromising
the QoS of already admitted streams.

3. Our Model

We present a scheme where Fized Priority Scheduling
(FPS) is used to schedule the departure of cells. This
means that a fixed priority is associated to each stream
and cell.

We assume that the switch and the source nodes send
cells in priority order and that cells with the same pri-
ority are served in FIFO order.

We further assume that the source nodes have some
form of rate control which releases cells within one
message with a fixed rate, e.g. using a leaky bucket
[15]. Such rate-control is a standard technique to de-
crease the buffer-need, and interference between differ-
ent traffic streams.

3.1. The Network

In this paper we consider the single switch network
depicted in figure 1. The analysis can however be ex-
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Figure 1: A one switch network
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tended to cover multi-switch networks. In figure 1, each
in-bound line to the switch is connected to a source node
and each out-bound line is connected to a destination
node. Each source (destination) can be the start (end)
point of several streams. With each stream we associ-
ate a traffic generating process (“TG” in figure 1).

Each in- or out-bound line [ has the following timing
attributes:

tTrans; the transmission time of one cell on the line,
i.e. the time to put a cell onto the line (this relates to
the bandwidth of the line),

tProp; the time for a signal to propagate between the
end-points of the line (this relates to the length and
type of physical media used), and

SendI; = tTrans; + tProp; the time between the start
of transmission of a cell and the time when the cell
has fully arrived at the other end of line [.

The switch is assumed to:

e be output buffered with one priority queue for each
output port (“Out” in figure 1),

e use a non-blocking switch architecture (i.e. cell loss
or cell contention may only occur at the output buf-
fers), and

e be able to store and retrieve the priority of each
stream.

The timing properties of the switch are expressed by
the two attributes: tSwitch™* and tSwitch™™, rep-
resenting the maximum and minimum time from when
a cell has fully arrived at an input port to when it has
been placed in its output queue.

Using these attributes different switch architectures
can be modelled. In [17] we describe how to model
a Time Division Multiple Access (TDMA) switch (in
which each input port is serviced in round Robin order
and one cell at a time is switched from input port to
output port).



3.2. The Traffic

The traffic consists of a set of streams, S. Each
stream, ¢ € S, is characterised by the following attrib-
utes:

T; The period (a strictly positive rational number) of
message queueings. We do not require strict period-
icity, instead the period should be interpreted as a
required minimum message inter-queueing time.

t; The time between queueing of consecutive cells, i.e.
the leaky bucket rate (¢; > 0).

Jio) The initial jitter (i.e. the variance in time) on
the queueing of messages, J(;0) > 0. The initial jit-
ter tells how early (with respect to T;) a message
can arrive from the application to the source output
queue. (If response-time analysis is used to analyse
the processes generating the traffic, Ji; o) can be de-
rived from that analysis [19]).

D; The deadline, expressing the maximum allowed
delay for delivery of a message in stream i.

N; the maximum number of cells needed to transfer a
message. If the maximum message size of stream i
is s; bytes then N; = [£]. (Where [ | denotes the
ceiling operator returning the smallest integer equal
to or grater than its operand.)

P; The priority. If stream i has higher priority than
Jj then P; > P;. Every stream is assumed to have a
unique (and fixed) priority.

L; A vector identifying the lines used along the path of
stream i. L(; ) identifies the line between the source
and the switch, while L(; ») identifies the line between
the switch and the destination.

4. Response-Time Analysis

We will now for the above model formulate response-
time analysis equations which for each stream can be
used to calculate the maximum end-to-end message
delay.

We divide the total maximum delay into five delays
on the path of each stream. The delays are (see fig-
ure 2):

Q(i,1), the delay in the priority output queue in the
source,

SendTy,, ,,, the delay in the line between the source
and the switch,

tSwitch™*® | the delay in the switching fabric,

Q(i,2), the delay in the priority queue at the output
port in the switch, and

SendTy, ,,, the delay in the line between the switch
and the destination.

Q(i,ny denotes the maximum queueing-delay for a cell
in stream ¢ at hop number h.
We let Msg!"*” and Msg;™" denote the maximum

and minimum response—times for a message in stream i.
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Figure 2: The five delays in a one switch ATM network

The equations to calculate them are

Msg®® = ti % (N; — 1) +RMa
Time to pass through the leaky bucket
Msgzmn — Rmzn
Jimsg — Msgmam mm + J(z 0)

J"*? is the message jitter in the reception of mes-
sages at the destination node. R[*** and R**" denotes
the maximum and minimum response-times for one cell

in stream <.

B = R
i) = Quny +SendIy,,, + tSwitch™”
i3y = Q2 + SendIyr, ,,

B = RGN+ RGy)

?1“173 = SendTy,, + tSwitch™"
?2“2’3 = SendIy,,,
Jim = BEW = BED + Jan-)

Where R’Z“}S, and R’Z”h”), denote the maximum and
minimum response-time for a cell in stream ¢ at hop h.
J(i,n) denotes the accumulated jitter for a cell in stream
1 after hop h. To complete the definition above we must
define the maximum queueing-delay Q; )

4.1. Queueing-Delay

The delay Q(; ) is the maximum queueing-delay for
a cell in stream ¢ at hop h.

Using response-time analysis we can calculate the
maximum queueing-delay for the k-th cell of k& + 1
queued cells in stream ¢ under a busy period where no
more than one lower priority cell is dequeued. We use
Q( h)’“ to denote the dequeuing-time of the k-th cell (the
first cell is cell number k = 0).

We use A:(]Zh) to denote the earliest arrival (i.e.
queueing-time) of cell k in stream 4. If the k& + 1-th
cell in stream 7 arrives before the dequeuing-time of the
k-th cell, i.e. if Q ) ik A(l h) then the busy period
will last for at least k + 1 cells. To find the maximum
queueing-delay we need to consider queueing-delays for
each cell in stream ¢ queued during the busy period.

We can define the maximum queueing-delay for cell
k as Q:(’;’h) = Q(l i = A , i.e. the difference between



the latest dequeuing-time and the earliest queueing-
time.

The maximum queueing-delay for any cell in stream
i at hop h is then given by Q;x) = maz Q(’fh)

Figure 3 shows the earliest queueing-times for cells
from the two first messages in a stream i where N; = 4.
In the figure j(; ;) denotes the jitter incurred by the
network after h hops (i.e. the jitter added to the initial
jitter), defined as j(@h) = J(i,h) — J(i,O)-
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< 3t — Ji,p-1)

< Ti—Jan-1)
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Figure 3: The earliest arrival times of cells

In the worst case scenario, cells from the second mes-
sage will start to arrive to the queue at time T;—J(; p_1)-
Note that J; 1) includes j; p_1) thus jg p—1) is not
explicitly considered when determining the arrival times
of cells belonging to messages other than the first.

The behaviour in figure 3 is captured by the following
definition of arrival times

0 ifk=0
Al(llfh) = k x tz —j(i’hfl) ifo<k< Nz
Mk*Ti—J(i7h_1)+mk * T lkaNl

= |

mk:k—Ni*Mk

Where M;, denotes the number of cells in & full mes-
sages, and my, is the number of cells sent from the last
message. | | is the floor operator, returning the largest
integer equal to or less than its operand.

However, since there is no limit on the jitter we might
have a situation where j(; ) > t;, i.e. in the model there
is a risk that cell k£ + 1 arrives before cell k. Since this
cannot occur in the real system we need to capture the
fact that cells arrive in the same order as they are sent.
Cell k+1 cannot arrive sooner than tT'ransr,, ,_,, after

cell k. Thus A’(’{h) becomes

A((l),h) - 0

A:(’;h) = maa:(Az(lz;L;+tTransL(i‘h71),A(:i’fh))

Note that L), is undefined. For sources we have
no line which delivers cells, thus there is no minimum
inter-arrival time for cells at the source. We can model
this by defining L(; o) to be a (fictitious) line with
tTransg, , =0

We define Q(?h)k as follows

Q:(%iif =(k+1) «tTransy,, , + ZIj «tTransg ,,
j€hpr; ,,, (1)

I =W Qi) * N +
Whole ;essages

. ([Q:@;};)’“ + JGn-1) = Wim (QTiy) * Tf‘ N)
FEA ]

mwn
tj

~~
Partial message

Win(t) = \‘t - J(J.’hl)J
J

e The term (k + 1) * tTransy, ,, represents the time
to send one low-priority cell and the k first cells in
stream 4.

e hpy(i) denotes the set of streams using line [ (L; p))
and having higher priority than P;.

o The interference term, I;, denotes the number of cells
a higher priority stream j is putting into the queue
during the queueing-delay of the cells in stream i at
hop h.

e In the definition of I; we have a certain number of
cells from fully queued messages and possibly some
cells from a partially queued message.

e W n(t) denotes the number of whole messages
queued in stream j at hop h during and interval of
length ¢.

® Jijn—1) in I; and W(; ) represents that due to jitter
the two first messages of a stream in the worst case
scenario are separated by T —J(; 1) instead of a full
period Tj. Thus, causing a little more interference
than if all messages were separated by T}.

Since Q(?hf occurs on both sides of the equality but
inside | | and [ ] operators the equation cannot be
solved algebraically. However, it is straightforward to
solve this type of fixpoint equations numerically [4].

5. Buffer-Need Analysis

To guarantee that no cells are lost due to buffer over-
flow we need to analyse the buffer-need and ensure that
it never exceeds the available buffer space. In this sec-
tion we will derive the maximum buffer-need for each
output port.



We will assume that response-time analysis has been
performed and that all streams meet their deadlines.
This implies that each line is utilised less than 100%.

Consider one output port. We use o to denote the
line connected to this port. S is the set of all streams,
and S, C S is the set of streams using line o.

The situation which causes the largest buffer-need is
when both all streams in S, generate as much traffic
as possible in as short time as possible, and when the
streams not in S, are idle, i.e. they do not delay the
traffic of S,,.

In the worst case scenario, let ¢ represent the time,
and set ¢ = 0 at the time traffic from the streams in
S, starts to get queued in the output buffer. If o is
the connected to a source node we can define an upper
bound on the number of cells arrived to the queue for
line o in the time interval [0, ] as

. Sre t+ Jg0
Arrived® ™ (o,t) = Z <{%J + 1) * N

JES,

For out-bound lines we can further bound the arrival
of cells by exploiting the fact that the arrival rate is
limited by the bandwidth of each in-bound line ¢ (i.e.
at most one cell every tTrans; will arrive from each
in-bound line 7). We obtain

Arrived®® (i, o0,t)

Arrived®®(o,t) = Z

i€in-bound lines

. Swy. . t
Arrived” ¥ (i,0,t) = min [7J +1 E G,
(i,0,t) tTrans; ’ J
JESLNS;
Max delivered cells N~ ——

Generated cells

Gj :W(j,h) (t) * Nj +
—_—

Whole messages

t— W (8) % T; + Jps
mmq (y,h>(z* j+ (y,1>J+1,N]->
J

~

~~
A partial message

Arrived®” (o,t) summarises the cells arrived from
each in-bound line. Arrived®"(i,o,t) represents (an
upper bound on) the number of cells arrived from in-
bound line i destined for out-bound line o at time ¢.
Also, S, N S; denotes the subset of S using both line
o and line 7. G is the number of cells generated in
stream j at time ¢. Since line o can only be the output
of either a source or the switch we can omit the 5™ and
Sw guperscripts.

For the considered worst case scenario we let idle,
denote the first positive point in time when line o is
idle. Then for ¢ € [0,idle,]

t
R d(o,t) = | =——
emoved(o,) LTranso-‘
represents the number of cells that have been removed
from the queue in the time interval [0, #]
This yields the following equation for the buffer-need
at time ¢ (0 <t <idle,)

Need(o,t) = Arrived(o,t) — Removed(o,t)

Note that at time 0 traffic has arrived
(Arrived(o,0) > 0) while no cells have been re-
moved (Removed(0,0) = 0). Thus, Need(o,t) reflects
that a cell has to pass through the queue, and use one
buffer place, even if the cell is immediately dequeued.

In our search for the maximum buffer-need we do not
need to consider times ¢ > idle,, since when the line
goes idle any new burst of cells cannot require more
buffers than the first burst (which captured the worst
case scenario).

An algebraic solution to the maximum value of Need-
(0,t) is not possible to construct, since the derivative
of floor and ceiling operators are not meaningful. In-
stead, we note that both functions Arrived(o,t) and
Removed(o,t) are monotonically increasing and that
the function Removed(o,t) increases only immediately
after m is an integer. Thus, the maximum of
Need(o,t) must be exactly when m is an integer.
Hence, to find the maximum Need(o,t) it is sufficient
to investigate times in [0,idle,] when this occurs.

As an example, consider the network and set of
streams arriving to the switch described in figure 4.
All streams have a message size N; = 1 and all lines
have tTrans; = 1. In this example the deadlines, D;,
and propagation times, tPropy, are irrelevant.

In this case m is an integer when ¢ is an integer,
so we should look for the maximum buffer-need using
integral ts. Figure 5 shows how Need(o,t) varies over
time. In this example the load on the out-bound line is
93%.

Figure 5 indicate that even though the load is less
than 100% it might take a long time before the buffer-
need reaches 0 (i.e. idle, may be very large). Since idle,
may be very large we will use an additional bound to
limit the search for the maximum buffer need.

We know from scheduling theory (e.g. [2]) that a set
of periodic processes have a cyclic pattern of execution.
The length of this cycle is equal to the least common
multiple (LCM) of the periods of the processes. Due
to the jitter the cyclic behaviour will (in the worst case)
be preceded by an initial stabilisation period.
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Figure 4: Network and streams in buffer-need example
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Figure 5: The buffer need over time

Each in-bound line has an individual stabilisation
period which is dependent on the jitter of the streams
using that line. The stabilisation period of an in-bound
line [ continues at most until the first idle-point of line
[, this point can be expressed by the equation

init; = Z(W(i,2) (init,) * N; +
i€s;
] dmit, + Ji — W 2)(init;) = T;
mwn ry
1

-‘ ,Ni>) *tTrans;

When all in-bound lines have passed their stabilisa-
tion period the cyclic behaviour of cell arrivals to port o
will start. Thus, the end of the first cycle can be defined
as

cycle, = maz  init;+ LCM({T; | i € S,})

l€in-bound lines

Combining idle, and cycle, we get an upper bound
on the interval during which the maximum buffer-need
occurs as

W C Bound(o) = min(idle,, cycle,)

In the example above cycle, is 17 and idle, is as high
as 46 which means that WC Bound(o) = min(46,17).
We can now define the maximum buffer-need as

MazNeed(o) = mazx

Need(o,t)
0<t<WC Bound(o)

Remember that, Need(o,t) is only defined in the in-
terval [0,idle,]. This means that we must calculate
idle, if it is less than cycle,. Since we know that idle,
is the first point in time where m is an integer and
Need(o,t) = 0, we can calculate MaxNeed(o) as follows

calculate Need(o,k * tTrans,) for k =10,1,2,...
. {Need(o, k xtTrans,) =0 or
until

k xtTrans, > cycle,
MaxNeed(o) =maz Need(o, k * tTrans,)

6. Examples

To illustrate some properties of response-time and
buffer-need analysis. We will in this section present
some sample networks and traffic situations.

To facilitate evaluation, we have developed a tool for
response-time and buffer-need analysis. The tool ac-
cepts descriptions of a network and a set of streams as
input data, and produces as output:

Message response-times,

message jitter,

cell response-times for each hop,

cell jitter after each hop, and

buffer-need for each source and switch output buffer.

The tool can also be augmented to report intermedi-
ate values in the form of graphs (as in the buffer-need
example in figure 5). The tool is implemented in the
language Erlang [1].

6.1. A Simple Example

In this example we have 15 identical streams and a
switch with only one input (¢) and one output (o) line.
The streams are defined in figure 6.

Stream T; J(i,O) N; P L(i,l) L(i,2)
1 256 0 16 1 i 0
2 256 0 16 2 i 0
15 256 0 16 15 i 0
tSwitch™® =1 tSwitch™™ =1
tTrans; =1 tProp; =5
tTrans, =1 tProp, =5

Figure 6: Network and streams in the simple example

Each stream uses {--th of the bandwidth. This

means the the utilisation of each line is 12 ~ 94%.



In the stream definition in figure 7 we omitted the
leaky bucket rate ¢;. Meaningful ¢;s in this example are
in the interval [1,15], where ¢; = 1 means send each cell
in one message back-to-back and ¢; = 15 means spread
the cells evenly over the whole period.

2500

2000

1500

1000 -

Response-Time

0 2 4 6 8 10 12 14 16
Spacing within one packet

Figure 7: Response-times in the simple example

Figure 7 shows the response-times for streams 1, 3,
5,7, 10 and 15, with ¢; varying from 1 to 15. We make
the following observations:

e Increased spacing radically decreases the response-
time for the lowest priority stream. The reason for
this is that spacing forces high-priority streams to
leave empty slots that can be used by cells in the
lower-priority streams.

e Spacing increases response-time for the high-priority
streams, since it increases the time to pass through
the leaky bucket.

e When spacing increases, the response-time for mid-
priority streams will approach the response-time for
high-priority streams, since the mid-priority streams
will use the empty slots made available by the spacing
of high-priority streams.

e Increased spacing will not decrease response-times
for all streams. Even low-priority streams (e.g.
stream 5 in figure 7) may experience increased
response-time with increased spacing. The reason
for this is that if the spacing is not increased enough
to let more cells from the low-priority stream “slip
in” between the spaced cells, then the low-priority
stream will suffer from the increased time to send
the spaced message, while not being able to benefit
from the spacing of higher-priority streams.

Buffer-need analysis gives for this example: Mazx-
Need(i) = 240 and MazNeed(o) = 1 regardless of the
spacing, t;. From the definition of ArrivedS™¢(o,t) it
is obvious that the spacing does not affect the buffer-
need at a source node (since we assume that the whole
message is queued at once), and that the source node
must be able to queue one whole message from each

stream, i.e. 15%16 = 240 cells. As for MaxNeed(o)
it may seem more surprising that the buffer need is
exactly 1 regardless of the spacing. The explanation is
quite natural: Since all streams arrive on the same line
and the out-bound line has the same capacity as the in-
bound line, cells will arrive at the same rate as they are
removed; yielding a buffer-need of 1.

It should be noted that the response-time analysis
does not capture this pipeline behaviour. The response-
time analysis includes interference from higher priority
streams in both the source and the switch, even though
such interference does not occur in this special case.

The pipeline behaviour occurs when the bandwidth
of the out-bound line is equal to or larger than the
total bandwidth of the in-bound lines carrying traffic
destined for the out-bound line. (Since in that case the
out-bound line is able to transmit an incoming cell be-
fore it is possible for the next cell from the same line to
arrive.) The response-time analysis can easily be ex-
tended to test if pipeline effects exists and if so use a
modified @ ;) which captures the limited interference
from other streams.

6.2. A Larger Example

In this example we have 24 streams which are
identical except for the priority and the path through
the network. The network consists of four sources and
two destinations. The streams and the network are de-
scribed in figure 8.

i1

159131721 —= o1 123491011
i2 = 12,17,18,19,20
2610141822
|
o2
3711151923 —7 — 5678131415
4,812,1620,24 —= 16,21,22,23.24

Stream Ti J(i,O) Ni Pi L(i,l) L(i,2)

1 256 0 16 1 se fig

2 256 0 16 2 se fig

24 256 0 16 24 se fig

tSwitch™** =1 tSwitch™"™ =1

tTrans; =1 tProp; =5
For each line [ in {i1,i2,i3,i4,01, 02}

Figure 8: Network and streams in the larger example

Again, each stream incurs a load of %—th (on both
in-bound and out-bound lines). This means that we
have a load of & (37.5%) on the in-bound lines and 12
(75%) on the out-bound lines.

As in the simple example, we calculate response-

times and buffer-need for different spacing of messages,



using integral ¢;s in the interval [1,15].

500

400
g
= 300
8
=
% 200
14

100

0 L L L L L L L
0 2 4 6 8 10 12 14 16
(a) Spacing within one packet
500 - .
Stream 8 ——
Stream 16—+

400 - Stream 24 =
£
= 300 -
8
oy
Q
g 200
14

100

0 2 4 6 8 10 12 14 16
(b) Spacing within one packet

Figure 9: Response-times for streams on the same path

Figure 9 shows the response-times of the streams
on two of the eight paths through the network. (In
figure 9(a) for path {il,ol} and in figure 9(b) for
path {i4,02}.) Notable is that even the lowest prior-
ity stream, reaches a point where increased spacing of
higher priority streams do not decrease the response-
time. This is due to the relatively low load (75%) on
the out-bound line. When the load is low the empty
slots left by high-priority streams are not all used by
mid-priority streams.

Figure 10 shows the response-times of the four low-
est (a) and the four highest (b) priority streams. All
streams in figure 10(b) uses out-bound line 02. This ex-
plains the (small) interference experienced by Stream
23 when t; = 1. If Stream 24 and 23 would have used
different in- and out-bound lines then their response
times would have been exactly the same, since inter-
ference is only caused by higher priority streams for
shared links.

The result from the buffer-need analysis is presen-
ted in figure 11. One curve is sufficient to describe all
source buffer needs, since the traffic condition is the
same on each source node. Also for the switch buffer-
need we only plot one curve since the buffer-need is
almost identical for the two switch queues. (The buffer-
need differ by at most one cell, due to a difference in
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Figure 10: Response-times for the (a) lowest and (b)
highest priority streams

jitter when the streams reach the switch.)

We note that there is a range in which increased spa-
cing has a near linear positive impact on the buffer
need. However,

e if spacing is too small, a small increase in spacing
(e.g. from 1 to 2) will not decrease the rate at which
buffers fill up in the switch, and

e when spacing is large enough (in this example 12),
the spacing is enough to allow the buffers to start to
drain even between individual cells in the messages,
thus increasing spacing further will not have a major
impact on the buffer-need. (The slow decrease in
buffer need for spacing larger than 12 is solely due to
the still decreasing jitter for low priority streams.)

7. Discussion

Our method for determining the response-time for
messages are based on Fixed Priority Scheduling (FPS)
of real-time processes, originally described by Liu and
Layland [12]. The formulation of response-time equa-
tions for a FPS system was first made by Joseph and
Pandya [9], and has been further developed at the uni-
versity of York [3]. In particular, response-time equa-
tions have been derived for distributed real-time sys-
tems based on the Controller Area Network (CAN) [20]
and hardware entities such as disk drives [18].

Various schemes to provide hard real-time guarantees
for ATM connections have been proposed. Scheduling
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Figure 11: Buffer-need in the sources and the switch

policies are often classified as work conserving or non-
work conserving. A switch using a work conserving
policy is idle only if there are no cells queued in the
switch, whereas a non-work conserving policy may in-
troduce artificial delays. Work conserving schemes have
lower average queueing-delay and buffer-need com-
pared to non-work conserving schemes. Also, all work
conserving schemes have equivalent average queueing-
delay and maximum buffer-need. Our scheduling policy
(priority queueing) is work conserving.

In general, a non-work conserving scheduling policy
is more complex (in terms of implementation) than a
work conserving policy, since the non-work conserving
policy has to keep track of when cells can be transmit-
ted, not only the order of transmission.

Two non-work conserving scheduling policies which
have been proposed are Golestani’s “Stop and Go
Queueing” (SGQ) [7] and the Karlsson method [10].
SGQ does not allow fast delivery of urgent messages un-
less the complexity of the implementation is increased
and multiple queues for each output port are imple-
mented. The Karlsson method allows different streams
to have different requirements on response-times, but
due to its non-work conserving nature, urgent messages
may be (unnecessarily) delayed.

Others have been able to provide deterministic guar-
antees with work conserving schemes, e.g. Raha, Mal-
colm and Zhao’s “Weighted Round Robin” (WRR)
[16] and Parekh and Gallager’s “Packetised General
Processor Sharing” (PGPS) [13, 14] (also known as
“Weighted Fair Queueing” (WFQ) from [6]). WRR re-
quires one separate queue for each stream. The queue
management is quite complex since it is required to
support a variable number of queues of various sizes.
PGPS can be implemented with a “virtual clock” mech-

anism which eliminates the need for a separate queue
for each stream. However, the output queue must be
kept ordered by time stamps, which is quite expensive.

In the analysis presented in section 4 we assume
unique priorities for each stream. Apart from the prob-
lem of assigning unique priorities in a large network,
unique priorities for each stream will give similar prob-
lems as PGPS when maintaining the output queues.
However, the analysis can be extended to allow arbit-
rary many streams to share the same priority. Yet un-
published experiments (performed by Ken Tindell), in-
dicates that as few as 16 priority levels is sufficient to
achieve practically the same response-times as with an
infinite number of priority levels. Priority queues with
as few as 16 or 256 priority levels can be implemented
efficiently enough to support the bandwidth of ATM
networks [5].

In the case of PGPS it is possible to decrease the
response-time by over-allocating bandwidth. Obvi-
ously, over-allocation is not preferable, since it limits
the total network utilisation. With our method, over-
allocation in terms of larger N;s or smaller T;s is dir-
ectly penalising since it will increase the response-time.

One of the major advantages of using priority
queueing is the ability to give urgent messages short
worst case response-times. In a typical real-time sys-
tem there are a number of concurrent activities, with
varying response-time requirements. A large portion of
the traffic is not very urgent, while some messages may
be part of tight control loops with very short deadlines.
The examples in section 6 clearly shows that priority
queueing makes it possible to accommodate streams
with varying response-times requirements.

We can also learn from the examples in section 6 that
by tuning priorities and spacing we can (to some extent)
control the response-times. This is very useful, since if
we can tune response-times close to the deadlines it
will be possible to fit more streams into the system and
thereby increase the network utilisation.

In this paper we have not treated priority and spa-
cing assignment, but we know that for some non-
distributed systems there exist optimal priority assign-
ment algorithms, e.g. deadline monotonic priority as-
signment [11], and the more general approach in [2].
However, for distributed systems there exists no known
optimal algorithm. Furthermore, we not only have to
set priorities we also have to choose the cell spacing.
This further increases the complexity of finding an op-
timal combination of priority assignments and cell spa-
cings. Hence, it is likely that we have to rely on heur-
istic methods for priority and spacing assignment.

We have in this paper only treated hard real-time
traffic, but it is possible to incorporate other QoS



classes into our scheme by reserving a low priority level
for the non real-time traffic and having a separate pool
of buffer memory for those streams.
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