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Abstract The mechanism that we propose uses a well founded

mechanism from CSP, the channel, and extends it to carry

In this paper we present a paradigm to express streamsmultimedia data types such as audio or video signals. Our
and its implementation. Streams are a convenient mecha-extensions have relaxed some of the properties of CSP chan-
nism to communicate multimedia data, for example video nels, such as compile time fixed communication graphs. We
or audio, between systems. The paradigm is based on chanhave retained the synchronous communication model, but
nels, as found in CSP and Occam, but with two important we developed an implementation that optimises communi-
modifications. First, ourFlexible Channelsan be con-  cation so that data is streamed almost asynchronously be-
nected dynamically, and passed around as first class ob-tween two processes.
jects. Second, although synchronous in nature, the com- In Section 2 we will give some background and the moti-
piler and run time support will implement communication vation for our work. The communication modelis discussed
over channels in a less synchronised mode, when programn Section 3. The implementation and performance figures
semantics allow for this. With this technique, a programmer on a distributed system are presented in Sections 4 and 5.
can use a high level language to communicate tiny message¥Ve conclude the paper with a discussion of future work.
(audio samples) at a high data rate. We have initially used
streaming mode to optimise inter node communications, buto Requirements and Background
we hope to use optimisations based on the same techniques

to reduce overheads of communications within a node. . -
There are three requirements when designing a commu-

nication mechanism that will handle multimedia data.
First, the implementation must be efficient. Architec-
1 Introduction tures have only just become capable of handling multimedia
streams and we cannot afford a significant loss of efficiency.

A convenient representation for multimedia data is the ~ Second, the programmer should not be bothered with
stream. For example, an audio object can be represented d§w level implementation details. The programmer should
a stream of frames, where each frame consists of two 16-bitonly be required to implement the operations on the multi-
samples. Using the notion of a stream of frames, a complexmedia objects. For example, we want them to concentrate
operation on an audio object can be partitioned neatly. A their efforts on algorithms that generate sound rather than
network of processes can be built, where the processes pad¥n strategies for collating data samples into blocks so that
audio objects (streams of frames) to each other. Indeedthey can be transmitted efficiently.
this network can be implemented on a distributed or parallel ~ Third, streams should be treated as a first class object.
platform. For example, it should be possible for a stream which car-

Almost every system supports streams. Solaris (Sunfies audio samples (representing sound) to be passed from
Unix) has astreamio library and system-calls for per- process X to process Y so that process Y subsequently re-
forming asynchronous /O on these streams. The Netscap&eives the sound. Below we discuss two example systems
API uses streams as its basic communication mechanismthat have been designed to cope with streams, and their
Java has 19 10 classes which support stream-like objects ifshortcomings with respect to the requirements above.
various ways. The problem with all of these systems is that
they do not have a semantically clean model for a stream.2.1  Existing systems
Most provide a low level programming interface in which,
for example, buffer management and flushing must be car- Solaris 2.5 has a number of libraries and system calls that
ried out by the programmer. allow the user to handle streams. A stream is represented



in Solaris with a file descriptor. System calls can be usedlanguage with facilities for process migration and flexible
to push data onto a strearwrfte ), or to get data from  communication structures. Icarus allows processes to com-
a streamtead ). In contrast with earlier systems, asyn- municate multimedia data streams and ordinary data using
chronous read and write operations are supported. As arflexible channelsin this section we give a brief description
example, the functiomiowrite ~ writes data to a stream of these channels. For an in-depth discussion of other as-
asynchronously. This means that the write operation is per-pects of Icarus we refer to the Icarus Definition [3]. The
formed concurrently with other activities in the program and efficient implementation of this mechanism is discussed in
the user is notified when the write is completed. With this Section 4.
function a buffer of data can be streamed to another process
while the next buffer is prepared. 3.1 The channel
This approach has some complications. First, it is the
programmer’s responsibility to pack data into buffers of ap-  Icarus processes communicate by means of channels.
propriate size. The natural data size of audio is two to four Like CSP and Occam channels, Icarus channels are point-
bytes per sample. This is too small for thiewrite  call, to-point and uni-directional. That means that at any moment
so the user will have to pack the data into bigger chunks.in time a channel has exactly one process that may input
Second, and a more fundamental problem, is that the buffeffrom the channel, and one process that may output to the
must not be used wheaiowrite  is using it. Thereisno  channel. The channel ends are cafedts so each channel
run-time or compile-time check on mutually exclusive ac- has an associatédput portandoutput port The two ports
cess, and if the buffer is used during the transfer, then thethat are connected by a channel are catieshpaniorports.
outcome is unpredictable. Some of these problems can be As is the case in Occam, the user can perform output
solved by implementing a library on top afowrite  (for operations on a channel using a plingand an input using
examplestdio ), but we will show a more comprehensive a question-marR. The rest of the syntax of Icarus is close
solution later. to C; the semantics are close to Occam. As an example, a
Java has the opportunity to provide a better communi- process that merges two audio streams is:
cation library. Java has a type system and a more or less

built-in concurrency model. Java has around 20 I/O classesbuffer(  ?int inl, ?int in2, lint out ) {
that handle various types of 1/0. One of these classes, Nt 0, X, Yy ;

java.io.BufferedOutputStream , comes close to while(" true ) {

what we require. The class provides buffered output. Bytes inl 2 x;

are copied to an internal buffer one at a time, and subse- in2 ?y;

quently sent in large chunks to the receiver, where the data o=(x+y)/2;

can be read piecemeal again. out ! o ;

A fundamental problem with this approach is the lack }
of coupling between sender and receiver. There is no syn-}
chronisation at any stage between the sender and receiver. The parameterisl andin2 are input ports of integers
The lack of synchronisation makes it more difficult for the . . . ’
programmer to reason about the program, and more difﬁ—.OUt IS e;n outputhpo;t ?}f Integers. :n tlhe loﬁp we input an d
cult for the implementor to implement (given that we want gﬁ?glirthrg?;:jfs occ)xu: € ports, calculate the average, an
channels to be first class). UNIX and many other systems P '
have similar problems with the synchronisation.

Neither the UNIX nor the Java solution offers a first class
stream: a UNIX file descriptor only has a meaning in the . .
current process, and cann?)t be pzssed to anothegr process, In cont.rast with CSP and Gccam, Icarus P orts are first-
Similarly, the Java object identifier for the buffered output Slass. R means that"one can dgclgre a variable of the type
stream only has meaning within the application, and cannot input port of mte.gers ,'and a55|gn'|t a channel enq (the
be transferred to another application. Other systems such agype system requires this to be the input-end of an integer

Chorus and the MACH kernel address efficient streaming Ofchanne_l). Alternatively one can declare a "Cha”r!e' of input
data, but none of those provide a clean high level model. port of integers”, and communicate a port over this channel.
' Because an Icarus port can be passed around between pro-

. cesses, a flexible communication structure can be created.
3 Flexible channels This is similar to the pi-calculus [5], except that our ports
are point-to-point.
We have developed a programming paradigm, Icarus, for  There are two ways to look at mobile channels and ports.
mobile and multimedia software. Icarus is a concurrent The easiest way to visualise mobile channels is to view a

3.2 Flexible channels



i) Initial span the low bandwidth network between the two.

state Afinal example is a large parallel audio composition sys-
tem. In order to produce a realistic synthesis of the sound
of an orchestra one needs a massively parallel machine.

»[1]
[
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:gr‘T’]":\fgdb Channels are a natural mechanism to transfer audio between
nodes of the parallel machine, and to transfer data between
various sound generating processes in a similar style as that

i) when a used by Kirk et al [2].

is moved The power of the flexible channel is that it is a generic

subsequently mechanism that can be used within in a node, between
nodes in a tightly coupled systems, and between nodes of
a distributed system

Figure 1. i) Port a is connected to b, both

reside on node ‘O'. ii) port b is passed to 4 Implementing flexible channels efficiently
node ‘D’, stretching the channel; iii) port ais
passed to ‘D, the channel snaps back. So far we have discussed the principles of how a flexible

channel should operate. In order to be useful in a multi-
media context, we must implement the channels efficiently.
channel as a rubber pipe connecting two ports. WhereverThis section describes the implementation, the following
the ports are moved, the channel connects them and transsections present performance figures and discusses future
ports data from the output port to the input port when re- enhancements.
quired. The grey line in Figure 1(i) shows the channel be-
tween the two ports labellealandb. Another way to view 4.1  Synchronous mode
channels and ports is to enumerate them. If we assign a
unigue even number to each channel,Gathen we can de- The naive implementation of a channel is similar to the
fine the ports of that channel to have numbgrandC + 1. operation of transputer channels [4]. A channel can be in
Data output over pod will always arrive at its companion  one of three states: idle, inputting (where the input side is
portC + 1, regardless of the physical locations of the ports. ready but no one is willing to output over the channel), or
In order to preserve the point-to-point property of chan- outputting (where the output side is ready but no process
nels, ports are n@opiedwhen assigned or sent over a chan- is willing to input). When both processes are willing to
nel. Instead, they ammoved When reading a port variable, communicate the data is transferred from the output process
the variable is not just read, but read-and-destroyed in oneto the input process.
atomic operation. These moving semantics guarantee that When implementing simple channels on a distributed

at any time each channel connects exactly two ports. system, a process performing output will speculatively send
the data over the channel where it will reside on the input-
3.3 Use of the flexible channel port until a process is ready for input. After the data has

been input, an acknowledgement is sent to the outputting

A trivial example of the use of a flexible channel is in a process that the process may continue. Note that at most
phone switchboard. When a connection is to be establishedpne process is waiting on a channel and therefore at most
a channel is created in the switchboard to transfer the dateone data item is waiting to be input or output. This protocol
(the audio signal). The two ports are sent to the two termi- results in a low bandwidth channel, because it is essentially
nals that are to be connected. The switchboard is now nostop-and-wait.
longer involved, since the channel is now, at least conceptu-
ally, directly connecting the two terminals. 4.2 Flexible channels

A slightly more demanding example is a video confer-
encing system. In such a system, we want to establish a The protocol for sending ports over channels is discussed
communication channel to transfer live video and audio be- in detail in a previous publication [6]; here we give a brief
tween two terminals. The video signal needs to be com-overview. When a port is output over a channel, the actual
pressed at the sending end and decompressed at the receiinformation sent is the location (IP address, internal port
ing end. With our system, we can set-up a compressornumber) of the companion-port. On input of a port over a
and decompressor connected by a channel on one terminathannel, the receiving end acknowledges reception to both
and then ship the decompressor to the other terminal. Thethe outputting process and the companion port. On recep-
connection between the compressor and decompressor wiltion of this port, the output process may continue.



Flexible channels can be implemented using this simple //Whi le(true){

protocol because of the synchronous nature of channels [6]. "} S(tTU&t 7~ K se st {{}
If non-synchronous communication were allowed, then the L2 - ]| | L2x {:}

communication of a port would have to be preceded by a !}

“pipe-cleaning” step, to ensure that any outstanding data on

the channel is collected before transferring the port. _ _ .
Figure 2. Neither X nor Y is I/O Par

4.3 Switching to streaming mode

I all I/0O operations are performed in parallel. This class of
The synchronous communication mode above has a very

limited bandwidth. The bandwidth is limited by the latency P/OCESSes s closely related to those identified by Welch as

o I/O-PAR [10]. The compiler could easily detect maximum
between the two nodes that are communicating, because ev- . : S
. : sets of processes with this property. In order to maintain
ery data item that is sent needs to be acknowledged before = ="
: an intuitive performance model, we have added an 1/0-PAR

the next data item can be sent.

In order to increase performance, we need to switch to facility to the language Icarus. The rules for a process to

a less synchronised, buffered, protocol. However, if we do qualify for switching its ports to streaming are:

this for all communication, the user might observe unex- o the process does not use any select statement (select
pected program behaviour. As an example, the program  statements allow one out of a set of I/O operations to
shown in Figure 2 has two processes X and Y connected  pe executed), and
by two channels K and L. Process X outputs data over K
and L alternately. Process Y selects input from K and L, e the process has no input or output statements that are
but will always input data from K and L alternately because executed in sequence, so only parallel I/O.
of the structure of X. If we stream data over K and L asyn-
chronously, then Y could first input a number of items from
one channel before inputting from the other, which is notin
accordance with the programming model.

Howev.er3 Thgre is a class of processes where the USEr o the process communicates ports.
cannot distinguish between synchronous communication
and streaming communication. This class offers a natural e the process migrates.
model to capture many multimedia applications. If a pro-
cess is found to be of this class, then the communicationNote that even though a process itself may not qualify for
library can switch to streaming mode, allowing the execu- streaming, its constituent sub-processes can qualify. For ex-
tion of the user program to overlap with communications. @Mple, an outermost process may not qualify because it mi-

Below we first specify this class of processes and then wegrates. However, it may subsequently execute an I/O-PAR
discuss two optimisations that can be applied. construct within the migrated process, where streaming can

be enabled.

There are two additional requirements, which are due to
the mobile nature of Icarus. A process does not qualify for
streaming if:

4.3.1 Process model
i . i 4.3.2 Streaming implementation
An example that can be implemented with streams is a pro-

cess which merges two audio streams: Once the compiler identifies a process which can use
streaming, the compiler inserts two calls in the code. Be-

buffer( ?'_nt inl, ?'n_t in2, tint out ) { fore the process the compiler inserts a call to a function in
mt.o =0, %y the run time support system that permits streaming. After
while( true ) { the process a call to disable streaming is inserted.
par { ” ) Switching from synchronous communication to stream-
I inlgl’). yx- ' ing works as follows. The run time. support system sets
Il out | 5 K a flag to record that the ports used in this section of code
' ' can stream. It then sendgeam-request® all companion
2’) S (x+y)l2: ports. Streaming is enabled on a channel when processes on
' both ends have sent a stream-request.
} Implementing the streaming mode is not trivial. A naive
} unsynchronised implementation will saturate the low level

This process cannot distinguish whether the channels areetwork, which can lead to a considerable loss of perfor-
synchronous or not. In general, data can be streamed ifmance. Some mechanisms are needed to limit the number



of outstanding messages, and to throttle traffic. Many so- Transfer of tiny messages (32 bits)

lutions have been developed for these problems [9, 7], for Implementation Single LAN
example sliding window protocols or an exponential slow- Synchronous 1gs 1350us
down. We have implemented just a simple sliding window Streaming 18s  149us
protocol. Buffered Stream 18s 20 us

Switching back to synchronous mode can be difficult. If
the sender wants to switch back before the receiver, then Table 1. Performance in s per message.
the sender simply stops streaming after informing the re-
ceiver. A more difficult case is when the receiver wants
to switch back while the sender is still streaming. In this implementation. The configurations that we used are two
case a message is first sent to the sender to stop, whereupdifocesses on the same node and two processes on two nodes
the sending process is forced to resend all rejected traffic inconnected by a LAN.
Synchronous mode on its next I/O request_ Table 1 shows the performance figures. The times given
Conveniently, the streaming mode is confined to a well in this table are in microseconds per message. For a single
defined section of the run time support. Only a small part node architecture the figures are all similar, around.28
of the protocol implementation had to be changed when thePer message. Most of this time is spent in context switching
streaming mode was implemented. No changes had to bdetween the two processes and physically copying the data.
made in the sections of the protocol that deal with first class ~ On the LAN, the detection of streaming processes can

ports and migration of processes and in the correspondindead to significant performance gains. Synchronous trans-
sections of the run time support system. fers take around 1350s per transfer, Buffered Streaming

reduces this to 20 microseconds per message, an improve-
ment of a factor of 65. This can be expected because the
synchronous implementation is entirely latency bound (the
When in streaming mode output can be buffered. We do notlatency between the two machines is around iZ&Qwhile

have to prevent deadlocks, since I/0-PAR processes canndhe streaming implementation is bandwidth bound. Given
deadlock [10]. We therefore buffer data in a packet buffer that the LAN bandwidth is 250,000 messages per second,
and only send the packet when the buffer is full. When the Or 4 us per message, we see that there is room for further
sender switches back to synchronous mode the buffer muspptimisations. This is probably due to the fact that we have
be flushed to restore synchronous mode. not yet optimised buffer sizes.

Other systems, such as the Java model or a high level Itis hard to compare these timings to C or Java. Their
Unix model, may deadlock if the user forgets to flush the performance is low 1ms per message) if we force syn-
buffer. In our case the run time support flushes the bufferschronous transfer, or very high (5-26 per message) but
implicitly because the compiler inserts a call to switch back then the programmer must flush buffers explicitly, increas-
to synchronous modhere necessary ing risk of deadlocks.

4.3.3 Buffered implementation

5 Results 6 Future work

We have done a number of performance tests, to show Our future work will concentrate on two areas: other op-
that our System is Working_ We have not yet run any com- timisations that can be performed once the I/0-PAR regions
plicated programs, but instead we measure the bandwidth ofire detected, and other requirements on data communica-
the systenat language levelOur test program creates two tion primitives for multimedia.
processes connected by a channel. One process migrates
to another node and inputs integers from the channel; the6.1 Other optimisations
other process stays on the current node and outputs integers
over the channel. We time the transfer of a million input  Observing the results of the previous section in Table 1,
operations and calculate the mean time for inputting an in-we can see that there is hardly any difference in perfor-
teger. Note that at user level we send tiny messages of onlymance for communication of data between two nodes on
4 bytes, equivalent to a stereo 16-bit audio sample. a network, and communication of data inside a node. The

We have measured two benchmarks with three differentreason for this is that we have optimised inter-node commu-
communication strategies on two different machine con- nication, but have not optimised intra-node communication
figurations. The three implementations measured are then any way. The knowledge gained by identifying processes
naive implementation (with synchronous communication), where streaming is allowed can also be used to optimise
the streaming implementation, and the buffering streamingintra-node communication.



The optimisation that we have in mind is filattenthe The only time where we switch to a non-synchronous com-
process graph, in a manner similar to work done previously munication mode is when we know that the semantics of a
by Plevyak et al [8] on concurrent C, and Goldsmith etal [1] process are not affected. The class of processes for which
on CSP/Occam. The idea of flattening the process graph ighis can be proven contains many if not most multimedia
that instead of having two processes run concurrently with algorithms.

a channel that allows them to communicate data, the com- When a compiler spots a process which can be imple-
piler can actually transform them into one sequential pro- mented using streaming communication, the compiler adds
cess, where data is passed internally using a variable. Thigalls to the run time support system to loosen the synchro-
optimisation would eliminate execution of a large section nisation model in that section of code. The run time support
of the run time support system, increasing the speed of thesystem will switch dynamically to a streaming implementa-

benchmark to aroun@b5us per “message”. tion if both ports of a channel are part of a process that can

This optimisation cannot always be performed at com- stream.
pile time. The reason is that our channels are first class and When adding the streaming communication we only had
that processes may migrate. The consequences are that the extend parts of the run time support system. The vast
compiler cannot know which channels are local, and so we majority of the run time support system was not affected. In
have to implement this optimisation at run time. When two particular, ports that are about to migrate are in a completely
processes successfully negotiate that streaming is allowedsynchronous mode, hence the protocol for migrating a port
the run time support system can patch up the two sectionss not affected.
of code responsible for consuming and producing data. The performance figures show a dramatic improvement

Processes, channels, and a flattening compiler mightin performance in inter-node communication. We are plan-
seem to be an elaborate way to efficiently implement, for ning to extend our optimisations to intra-node communi-
example, a program modelling an orchestra. However, cation, in order to speed up communications between pro-
channels are a significantly higher level abstraction than,cesses running on the same node. We hope that we can
for example, passing arrays of samples between functionseffectively eliminate most calls to the run time support sys-
In addition, channels allow the implementation on parallel, tem when the system detects that two processes can stream
distributed, or mobile architectures. Concepts such as unitdata within a node.
generators fit very well with this [2].
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