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. The Heidelberg Mulamea'ta Communication System, designed at the IBM European Network-
“ .. ing Center in Heidelberg, is intended for high-speed data comJnumcan-ons and multimedia
" data exchange. A fi irst version was demonstrated at CeBIT"92. Challenges encountered during
the development included multicast on Token-Ring LAN and rate enforcement Performance
of the protolype is also presented in th:s paper
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' A networked multlmedla System is charactenzed by the generatlon, storage, processmg,‘ '
communication, and presentation of independent continuous and discrete media in an
' .. integrated fashion. The primary challenge for multlmedla commumcatlons is the full :
SRR .'-mtegratwn ofconhnuous medla 1nto tie dlglta.l werld. - o

h '-Thc Hetdelberg Mulumea'za Commumcatmn System (HelMCS) is demgnedfer hxgh speed data B
- ;cormnumcatxons and ‘multimedia dam exchange. ‘The Heidelberg Transport System; (HelTS) T
is part.of HeiMCS and is aimed-at a heterogeneous. environment comprising several types of 1
. computers with different operating systems and a variety of underlying networks. It uses the = .-
Heidelberg Multimedia Operating System Enhancements (HeiMOS) and prowdes jts services -

to the Heidelberg Multimedia Application Toolkit (HeiMAT), a multimedia abstraction layer. .

The prototype is being developed simultaneously for AIX' and OS/2. The goals are to
demonstrate the feasibility of current network technology for multimedia applications, to
explore the limitations of current protocols, to make appropriate changes and/or enhancements,
to prove new implementation concepts, and to exploit and integrate upcoming broadband
WANS and LANSs.

'AX, RISC System/6000, Operating Systenv2, OS2, Personal Systemv2, and PS/2 are frademarks of International
-.. Business Machines Corporation. Intel, DV, and ActionMedia are trademarks of Intel Corporation. - -.. .-




A first version was demonstrated at CeBIT’92. The configuration showed an audio-video
distribution application with remote camera control, and demonstrated time-constraint
communication over a commercially-available LAN. This paper outlines the main challenges
encountered during the development of the system: multicast support and rate enforcement
(i.e., to control the traffic that "enters” the communication system). Additionally, the
performance of the prototype and its limitations are described {Cra92].

Demonstrated Applica’tioxis

Reflecting the experience of many presentations of our multimedia work, we conclude that
"multimedia needs to be demonstrated”, i.e., paperwork is nice to have, prototypes are more
convincing, but an application is essential. The ENC’s core work concentrates on multimedia
communication issues, but communications is just part of an integrated multimedia system.
Two different application scenarios, each having special requirements, were defined. We call
these scenarios employee information and production supervision.

.One’ part of. enterprise communication is employee information. To_be successful, the
-inforfmation presented must be interésting, current, and réadily available. Until now, this has’
meant that such information has been limited to in-house journals, brochurés, and electronic .-
mail. Within IBM an attempt has been made. to supplement printed information with audio-
_ visual information. IBM Genmany quarterly . distributes a video tape called "Tele-Report™. -An '
obstacle in "pubhshmg the video magazme is the cxpcnse in terms of .time and money

L 'Z assocnaled ‘with'distributing yrdco tapes It was-¢lear 1o the edltors ‘that the’ icmg-term ‘viabilify,

e Cn e e ey A

; % sheof  thie- magazme ‘depended on- the: ability - ‘to “take" “aivantage of existing - resources for

dlslnbutmn in partlcular the current investment in networked workstations.

From a tcchnical point of view, audio and video information stored on a file server has to be
. -distributed s;multancously to multiple Workstations, preferably using existing computers as

~-well as-installed dlgital networks. Fhis stored- video (audio and video) techriology: has many .

- pther fastinating applicatjons, ¢.g.; comPuter—hascd training,’ pmmohona.} V.ldeQS., entcrtammant _'-’-
and remotc analysxs, where v1sua1 mformauon is needed. : '

information at their disposal in the most compact form. Previously it was not possible to use
integrated video to watch over equipment, resulting in separate displays to monitor production.
processes. There are advantages to retrofitting .video monitoring into existing control
applications. Video can be shown in one window while other windows display measurements
and alarm indicators along with schematics of the production process. This bnngs us yet
another step closer to complete integration of control technology.

Technically seen, a camera installed in the production area has to be controlled from a remote
workstation. The control commands for the camera as well as the live audio and video data
should be transmitted over the same digital network. Other scenarios based on the same live

Developmg conlrol oonsolcs for productlon supervnslon has alwdys been done w1th thc goal'. :
e o~ Of arriving, at hlghly-mtcgrated solutions, i.e., the control personnel should have all relevant * - .
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video (audio and video) tcchnology include the use of cameras in secunty syste"ms The remote
control of other devices can be done within the same framework.

- Environment

The current goal of our work is to integrate the capabilities needed for multimedia into normal
workstations. Already existing resources, such as the CPU and Token-Ring LAN, are exploited
and supplemented with new resources needed, e.g., ActionMedia adapters. Crucial to our
approach is the use of "off-the-shelve"” components. Although we have similar goals as other
research projects, for instance Pandora at Cambridge [Hop90; Hop91] and work done at
Lancaster [Cou91], we strive to integrate multimedia applications into the existing hardware
and software platforms expected to be available in most offices. This is to accelerate the
acceptance of multimedia applications in the office environment. The strategy of using
commercially available products is also followed by a very similar prOJect at the University
of North Carolina [Jef91].

Experiences in advanced protocol cngmecnng “decree, that multlprocessmg, e.g., offered by
both OS/2 and AIX, should be exploited. Currently, support for oomprcssmn and presentation

~ of full motion video is only available under OS/2. Therefore, OS/2 version 1.3 was chosen as

platform for our initial prototype development, with porting to version 2.0 in progress. The

. . ...’'prototype at CeBIT’92 dcmonstmtes & conceivable configuration. for both of the two sccnanos o
S dcscnbedzbove. It consxsts of multlplc dlent and two sefver. wqustahons. N _-'-. CHL

One server is conﬁgured w1th vast dlsk storage and supphcs the cllents w1th stored wdeo
programs in compressed, digital form for the employeé¢ information scenario. The other server
is attached to a remote-controlled camera for production supervision and provides the clients

.. .with-live video, compressed in real time (both Intel 80386/25 CPUs) .The camera is mountcd ,
e on a swxvel—base with twa steppmg ‘notors allowing refote: honmntal and vemcal posmomng SN
" "The focus and’ zoom can also be controlled remotely. The camera server w1th attached camera . .., |
7§ installed €10se " to- the. obiserved ‘object. “Both “setvers ﬂlstnbute them re‘spect:vn vldeo.; R
o _'.mfunnauon to the chents by means’ of a mulucast feature. .. " L

L

Clierit workstatiors are hlgh-end systems ntel 80486/‘33 CPUs) In'addition to Presentatwn__ S
"~ ‘Manager applications on the ‘desktop, for exafmplé a host’ terminal emilator; thére is also an ™

"application showing video information in a window of 256 x 240 pixels. The user can

alternatively choose to display the stored or live video that is always running. The remote
camera can be controlled from anyone of the clients. This combination of a video application
coexisting with normal Presentation Manager applications demonstrates that audiovisual
communication can be embedded into the customary office environment.

For full motion audio and video compression and decompression, Digital Video Interactive
(DVI) technology is used. With DVI, the data rate required for high-quality interleaved audio
and video can be reduced to the data rate of a CD player (about 1.2 Mbit/s). DVI supports
~ both Presentation Level Video (PLV) and Real Time Video (RTV). PLV is an asymmetric
.. compression technique requiring compression to be done at Intel, but allowing decompression . . . .




to be performed in real-time. RTV delivers lower video quality, but both compression and
decompression can be performed in the workstation in real-time [Gre92].

Token-Ring LAN (16 Mbit/s) is used for the distribution of multiple video streams simul-
taneously with normal network traffic (¢.g., mainframe access and file transfers). The architec-
ture is flexible enough to support a bandwidth management system, initial using MAC
priorities [Nag92], to enable delivery of continuous video even over a heavily loaded ring.

i

System Architecture

Although the choice of QS/2 as prototype platform was strongly influenced by the availability
of advanced multimedia adapters, there are other good reasons for using this operating system;
important for this prototype was multiprocessing and a graphical user interface. Unfortunately,
0OS/2 does not support a real-time environment (RTE), so for a first version, priority classes
were used to distinguish between the RTE and the non real-time environment (NRTE). A RTE
is needed to support the time constraints of video [Her92). Most of the communication system.
and multimedia components must be. part of ‘the RTE, whlle the- mtcrface to- the-user is an
"example of an'NRTE ‘component. - -

A networked multimedia application has the following main components: operating system
abstractions, multimedia IO support, commumcahon system multimedia abstraction layer (or

o ob_}ect ‘'oriented mapping layer), and actua] apphcatmn that glue ob"ects together and manage_' e
. ,'the 1nterface to theuser L - .. SR

' The operatmg system abstra.c't'ions are software libraries to create a superior implementation -
environment and group operating system dependencies. The goa] is to prov1de better
_portablllty for the prototype : :

-'-The Operatmg System Siueld (OSS) 1s an abstract mterfaoe of functtohs tha.t are expected 'tO' e
ot ',-,,..be avnﬂable. in.a. multxpmcessmg -operating. systam . The' intent is to abstract: the comcrete. . -y -
L underlymg Operatmg system, allowing the same interface to be made. avallable on different © .

o platforms: ;Abstractions are: provided for basic data types, process: synchromzauon protection} S

L __for shared global data ob_;ects mter-process commumcat:ons and tuner support. L

'-'The Bu_ﬂ'er Management System (BMS) prowdcs a hlgh—level mterface for the management -

- of buffers and ensures that all processes in the system use buffers consistently. It achieves
efficiency by rediicing data copying and making buffers available to all entities requiring
them. A scatter/gather system, similar to that in the y-kemel, is used [Hut89]. Powerful utility
functions are provided to support protocol processing. The identical interface is supported
under both 0S/2 and AIX, again allowing for easier porting of protocol implementations.

The multimedia 1/O support is based on the ActionMedia adapters together with the Audio
Video Kemnel (AVK). The AVK comprises an interface that supports capturing and compres-
sion of audio and video in real-time and allows for decompression and displaying of digital
data. Typical operations supported on video streams are play, pause, stop and frame advance.




The AVK -uses dlffcrent threads as part of the RTE to meet the time constrains of audio and
video. .

The communications system can be divided into the high-speed access to network adapters
and the actual protocol processing. Network access is handled by a specific device driver. The
protocol stack is structured accordmg to the OS] reference model providing Data Link,
Network and Transport services. On top of this protocol stack, the Continuous Media
Communication Service is implemented to managing the interleaving of audio, video and extra
parametérs (e.g., compression algorithm and title of the video) in a single stream of data
packets. Normally the device drivers execute in their own threads as part of the RTE. For
asynchronous execution between different components, parts of the protocol stack also use
seperate threads.

So as to allow integration into current LAN infrastructure, IEEE 802.5 Token-Ring LAN is
used for the Physical Layer. The system is also implemented with a proprietary high-speed
adapter exceeding a data rate of 100 Mbit/s. The Data Link Service provides an abstraction
from the different underlying hardware and protocols, allowing us to-easily support the
different network anchltccturcs (in_an, umform way LLC protocols were used m thls .
' 1mp1ementat10n - : . : - '

For the Network Service a modified X.25 Packet Level Protocol is used. The OSI standardized
version was stripped of. functions provided at higher layers or that were not appropriate for

L .-multlmedla commUnlcatlons (etror- recovery), and then enhariced to- support malticasted data -

L ~“streams. The: Transport Service implements the ISO transpart protocols 15-8073 and IS-8602. el

£ AN assoeiation" oriéniad: protocol Vs unplembntcd for the multltargct $erwoe 0 wppon the o

- dlsmbutlon of aud1o—v1sual data

The multimedia abstractlon layer provides an object onented interface to control the
;. ultimedia data- transfcr Thc cessential classes are the sink, the source, and. the sfream. Once

L . .opened; sink arid salirce objects are corinectéd by establishing a streamobject. Astream isthe ©.. .
oy abstraction pe.rfonnmg. ie., controllmg. the data. transfer. Reading from the AcuonMedxa.: e

adapter’ (through the AVK interface) is modelied as a source object; wntmg as a sink object. -

e, '_.-.Rwelwng data -from- a. tranispoit -connection is,. modelled as-.a. source "objeet, and: the j.._

‘transmission’of data as a sink ‘object. A stream object connects source-and sink objects. For. -

. .examplc 'using. the ActionMedia adapter. as source. object. and the communication: gystem_ as

sink object, will result in data being read from the ActlonMedJa adapter and then transmitted.
Stream objects thus define the interaction between source and sink objects, Other parts of the
system are also modelled as sources and sinks. For instance, an audio-video stored server
(AVSS) used to read time-critical data from disk can be represcnted as a source object at the
abstractlon layer.

In general, a source object generates data, e.g., by capturing it in real time (live video), by
reading it from disk, or by receiving it from the communications subsystem, A sink object
consumes data, e.g., by displaying it on the screen or by transmitting it. This makes it easy

to build different types of apphcatlons by linking various source and sink objects together
usmg sueam objects




Multimedia servers and clients are configured to provide the correct interaction between
various components already described. All the basic components were modelled as source and
sink objects. Different configurations could be bmld by connecting source and sink objects
with a stream ob_]ect

Heidi Server ~ Heidi Client

i
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" Figure ¥ HelDi, confiflous media Serider ang regaiver 1o I L T

'Ihc-aud-ib-.video ﬁle server.usés the AVSS as source to reads video from disk and delivers it
to the clients using the multitarget service of the communication system as sink (Figure 1).
a Data captunng m real-nme is performed by the real-nme aud;o—wdeo capture server. It has

capmnng source ‘The dudzmwdeo preseutanon clxent 1s also shown m F:gu:e LIt contams'." ‘

' ": ‘a domlicatlbn *Systém as'sotirce object; connected t9 an ActiGitMedia adapter as'sink: Note - =
“that for. Jocal video display, itis- -also possxble 10 use the prcfctcher that reads data from the: L

'ﬁle system as source dlre(:tly to fhc AcnonMedla adaptcr as. smk

““Thie mteract:on of the overall system corifi guratlon is dcscnbed for a typlcal conﬁguratlom e

comprising a real-time audio-video capture server and a presentation client. At the server, the
stream objoct. executing as a separate thread, retrieves the video data to be transmitted from
the source, in this case the AVK doing the real-time capturing. The source object copies the
video data into a buffer, as it intemally incorporates the AVK product device driver which
does not make use of our BMS. If no buffers are available, the stream thread suspends itself
" for approximately 30 ms (video frames have a duration of 33 ms). The same procedure
. applies to the audio data.

The audio and video packets with an application protocol header are merged into a single
 frame. The frame is subsequently transmitted to the sink, which encapsulates the HeiTS’s
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transport service interface at the sending station. The transport server segments frames if
needed and then, using down-calls, transmits them to the clients. After the protocol processing
of all the layers, the resulting PDUs are handed to the network device driver fo: transmission.
It is important to notice that only one thread is used for the multimedia abstraction layer and
the synchronous protocol processing for PDUs to be transmitted. The device driver runs in a
separate thread, which does the actual interrupt processmg and asynchronously transmits
PDUs. . :

At the client, the network device driver executing in its own thread, receives data from the
network. The driver enqueues the received PDU to a HeiTS queue determined by the protocol
control information. The receive thread passes the PDU through the different protocol layers
for processing. A possible reassembly of the PDU is performed. If the current PDU is the last
or only PDU of a frame, the total frame will be enqueued to the stream thread. The stream
object, executing as a separate thread, dequeues frames and gives them to the sink object,
which in this case is the AVK to display the video. If the AVK can not immediately accept
a new frame, the stream thread will suspend itself for about 32 ms.

“ Multicast

- The above mentioned applications require many workstations to concurrently receive the same

K ,"data We dlstmgulsh betwccn two methods of provrdmg such a multltarget or. group semce. o

-"..l_-.-_-‘":'--WJth multrconnectlon scparate connecuons at'e establrshed from the 'sender to each'; A

a rec1plent résulting in the identical data to be sent many times, mcreasmg the network load .

" proportionally to the number of recipients.
* A multicast facility uses group addressing to a]low data transmitted once over a network
-~ . tobeshared, ie., recelvod bya group of roclplents, 1mp1ymg that no repllcatod data exists. .
S ':-_v..-'._-m the nctwork.‘ ST E e i E
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e ___:fThe follnmng are consrdemd~as requrrements fora mult:tnrget semcz e "-:'3";-;_-51-_ S et

For contmumts media mu]utarget associauons, Zero-relmb'hty i§ s'ufﬁclent, becatise a"-. o

-r-'retransnnsswl‘t is not useful for real-tire-data. In most cases, retmnsnussron of a lost P

- 'packet cannot be. pcrformod before the’ deadlme of the packet ¢ expues [Hug894]." :

‘s Packets .sent' over a subnetwork -should not havc any unpact on workstattons not
' participating in a miulticast association. -

« The system must allow different streams to be transmltted srmulta.ncously on the network

» It should also be possible for a workstation to receive more than one stream concurrently.

This is necessary if multiple videos from different conference participants are to be

displayed on the same monitor, for cases where one video. stream with different audio

streams (multilingual soundtrack) is transmuted and gateways must be able to concurrently
route multiple streams.

. The solution presemed in this paper meets all of these reqmremem: although restricted to
, Token—ng LANs. R : . _




The Token-Ring adapter interface provides four different addresses for addressing by other
stations: an universally administered address (unique per adapter), a locally administered

- address (user selectable), a group address and a functional address. The adapter can have onc
address of each type to which it will react. The adapter can also be addressed using a -
broadcast address. ‘ ‘

The locally administered address must be unique across the network, and is basically the same
as the universal administered physical address. These addresses can not be used to support
‘multicasting. The broadcast address can be used to send packets to all stations on the
‘network. This allows for a rudimentary implementation of multlcastmg However, as all
stations on the network are affected by broadcasts this address is not suitable for a proper
multicast facility. _

A group address is associated with a set of logically related stations. When a packet is sent
to a group address, all stations that have this group address set will receive the packet. Group
addresses enable the software (o casily send a data packet to a selected subset of stations (that
have the specific group address set) on the network, without influencing the other stations on
.the network. It is clear that group addresses are really what is needed to support multicasting.

* Unfortunately,-currently available Token-Ring adapters.only support one active group address
at anytime. A group address used for multlcastmg would then only allow for one active
stream.

Each adapter can also have one ﬁmc.uonal dddress Thls address is: baswally a 'mask that is’ '
ANDed“agamst the -address in an-arriving. packet. If ot Zero, thc packet is. received,. Of the -
48 bits in 2 MAC address, the first two bytes and one Bit in the. next byte are fixed, leavmg
only 31 bits for functional addresses. These types of addresses were intended for scenarios
‘where "a station can transmit a packet to a specific function, and this function can then be
available on any computer. The workstation that offers the function, will set the specific bit
- in its functional-address, mask to indicate that the-function is available, for cxamplc an error ..
réport 'loggér. Of the. total 01?31 ‘bits: that:can be; assigtied ‘to functions; 7 bits-have: a.lready
i - been prca551gned to speclﬁc functions, 12 b1ts are-reserved ‘and 12-bits. are’ available to l'.he _

ST e ‘We suggest to-use the.reserved-and iiser definéd bits for contmuous medla data transfer
L gwmg 2 max.tmun; of 24 umque pancurren; slreams on Ihe m;twork R

g et W'hcn funcl;lonal addresscs are uscd for multlcastmg it glves us exactly what is needed It does
L "mot - mtcrrupt none-participating. stations, and’ allows- multlple streams “at -the “samne “fimie...
Unfortunately it limits the number of concurrent streams to a maximum of 24: It can be
observed that 12 video streams at 1.2 Mbit/s per streamn. will saturate a2 16 Mbit/s Token-Ring..
If the stream-bandwidths are reduced (e.g., for voice only), more streams can be put through
: the network at any time, but then, we are only trying to develop a realistic test environment.

- As functional addresses are in fact (special) group addresses, and behave semantically the
same, we can define the Token-Ring interface as if we are using group addresses and for the

moment implement this with functional addresses.

i R

A known difficulty for a given MAC group is that the sender can not belong to the same
+ group as the targets to ensure that it does not immediately receive packets which it has




B from the speclﬁc sender to'the’ group of'remp;ents

~ transmitted. For a conference system this implies that each sender must use a different MAC
group address to transmit frames to the same logical group. :

Support for multicasting in the Data Link Service is built on the Token-Ring functional
addresses as described. The interface provides functions to join and leave a group, and to send
and receive packets in a multicast communication mode. The transmission Toutines are
basically the same as the single-target connectionless datagram routines. Both use connection-
less data transmission, but with different target addresses. '

Multicasting for the Network Service uses a modified X.25 Packet Level Protocol. From the
basic X.25 protocol, the connection establishment and data transfer phase are retained with
support for multiplexing. Additional packets structures are defined to support (connectionless)
multicasting. The network layer also ensures that out-of-sequence packets are discarded, due
to the real-time constraints of video data. The ISO Network Service addressing was extended
to support group addresses [Yak91]. For efficient communication over interconnected networks,
multicasting is used within LANs and multiconnections are used to cross LAN boundaries. For
the initial version a static routing scheme was selected that flooded the data stream to all
. possible nodes [Dee90] ' :

The Multltarget Transport Servnce relles on the multlcast support provnded by the Network
Service and just adds segmenting and rate enforcement. Interestingly, are the modifications
made to the serv1ce Jinterface to support a mulncast service.

Lo The .multlcast service:is based on the 1dea of a scndef Qﬁfermg mfonnatwn 10 &, deﬁned gmup - o]
LAy of recaprtmt(s) Any mdmdual Tecipiept. may ‘fine in and out as he pleases. At a:ii_momem.‘_-'-.’ e e
- there -niay .of .may not be”any active récipients. . This situafion " is ‘analogous to ‘cable-TV . :

. programs. or a speech where the listeners are free to come and go. The sender will not be
notified if a new client is joining or leaving the group (see also [Rav92]). Such an association

is the’combination of the sender, the group of recipients, and a "program" bemg transferred L

-.‘.

s The service mtert‘ace allows ‘thé User- to requast an’ assoclanon (sender) or'fo ]om an I

. assocnatlon (tecelver) This allows.the transport serv:ce prov1der 10 reject requests if resource - . . .

o reservation fails. Note that at the level of the transport setvice: interface, the only end- to-end - .

. interaction are- the pnmmves for data transfer. The serviee is um'ellable in the sense. that- data

"i$ not’ guaranteed ‘to be delivered to any redipients. It is, however, guaraniced that only

~ complete, error-free and in-sequence PDUs will be dehvered, although p0331bly with missing
PDUs i in between. '

Rate Enforcement |

Rate enforcement is part of a flow control technique, i.e., to prevent a fast sender from over-
running a slow receiver. By itself, it guarantees that a sender will not exceed certain rates.
This alone is not sufficient — it is also necessary to guarantee that the processing at the
recewer(s) w111 meet (or exceed) the same rates, Resource reservauon and real-tlme scheduling




can ensure this by guara.nteei.ng' that the necessary resources -(e.;g .» CPU for protocol
processmg) will be available in sufficient quantity, when needed. (By contrast, rate control is
stmnger, ensuring that data will be sent or received at specific times [Kal90; S1d89] )

Rate enforcement is incorporated in the transport service at the sender side, and resource
-reservation is assumed to be done at the establishment of an association, be it multicast or
point-to-point [Sch92]. The goal of rate enforcement is to prevent an association from using.

more than its reserved resources (permitted short-term bursts are taken into account). Using
more then the reserved resources could cause degradation of the quality of service on

. guaranteed associations in general, not just the one that is misbehaving. Note that an overly’

constrictive rate enforcement, i.e., one that does not allow the sender to send at its maximum
allowable rate(s), is just as bad, since this is just another way of violating service guarantees.

_ Resource reservation and rate enforcement are unified by the Quality of Service (QoS)

specification, which must be suitable for both purposes. An approximate upper limit on the
usage of various resources (CPU, network bandwidth, memory, etc.) must be derivable from
the QoS negotiated at connection establishment time. Vagueness in specification can lead to
over-reservation. For instance, a throughput of 1000 bytes per second can be achieved by

'~ sending 1000. orie-byte packets.in d gecond, lmpbsmg a relatively heavy load on the. .system; - ...
or by seriding a single 1000- byte packet every second. In the absenee of any other QaS .

specifications, the former must be assumed if a solid guarantee is to be provided, leading to

_ potential resource squandering. The QoS. must also be easﬂy cnforccable, which calls for a

. : _relatlvely snnple specl-ﬁcanon R

Conslder a QoS .sp,eqﬁcamn ha:ang ;hc pam,meters data ratc (bytes/second), SDU ratc';- \
(SDUsIsecond) maximum: SDU size (bytes), and maximuim workahead' ‘(ms). 1 ot all SDUs”". ST
to be sent are of the maximum SDU size, then a data rate lower.than the’ product of the

maximum SDU size and the SDU rate can be spcciﬁcd, reducing the amount of baridwidth
that ‘must be reserved. In the case of video compression where: large SDUs representing

. self-contained- stilt frames, are followed by a number of smaller delta frames;.as| with DV1 : o
technology ‘the dlfference is substantlal.lf an apphcanon generates SDUs ini bursts (e.g., after

a hrgtblock of’ “Stored video is read fioni ‘disk) dnd wafits'the transpoit sérvice: to-accept a v
. burst for processing, it is asking ; t0-be allowed.to wqu ahead of sche_,dlﬂe for a short penod; L

of tune Workahead is thus vnewed as an apphcatmn requxmment.

Worlmhead is thc amount of WOrk that ¢an be queued for’ proccssmg efote old work has‘ S

- been processed to completion. Workahead could be speqﬁcd differently; which way is more '

natural depends on the source of the burstiness of the user’s data generation. For instance, -

maximum SDU workahead (number of SDUs) and maximum data workahead (in terms of

bytes) could be specified independently. If the user’s burstiness is based on the size of buffers.

from which source data are taken, or limited by where received data are stored, then this

~ specification may be better than one in terms of time units. If the user’s burstiness is

influenced by the time it takes to perform disk read operations or by the resolution of timers
and the scheduling granularity (e.g., timeslice duration) of the operating system, then the time
specification is better. Looking at it another way, the workahead represents the work in

E - progress, i.e., SDUs enroute between the Jocal and remote transport user. Such SDUs consume
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resources along the line, be it buffer space, network bandwidth, or CPU for protocol
processing in the end-system or in intermediate nodes. .

Thc workahead data structure is a FIFO queue of records containing information about SDUs
accepted for processing. One.end of the queue represents the local transport system, and the
other end is the remote transport system, at the point where data indications are enqueued to
the transport user. In this abstraction, the queue itself includes processing in the local transport
entity, the network layer, and in the remote transport entity. SDUs closer to the front of the
queue (where they are removed from the queue) may be in a real, physical sense closer to the
remote system. Stored is the time at which the SDU was accepted, size of the SDU, and
(conceptually) any other information that may be needed to figure out when processing on a
SDU can take place or how much time it will take. Work accepted by the rate enforcer to be
processed is added at the back of the queue. Removal from the front of the queue represents
processing assumed to have been completed. Note that this is done according to the processing
model, without any knowledge of the current state of actual -queues in the local or remote
systems or in the network layer.

-The processing model determines when SDUs are removed from the queue and thus,
. indirectly, whether (or when) new SDUs may be added tor the queue -For -our meess.mg
model, we start with the following assumptions:

. « SDUs are sent, over a dedicated channel with a capacity equal to the I:ranspon data rate .
o ., .- of the-QoS riegotiated at connectlon establlshment time (for sunpllmty, FDU headers are - . -
"+ ignored), The: u'ans:msmon time. i§ "thus-the- SDU size d:vxded by this data.rate v -1'- .
‘o CPU time” for protocol processing in’ the Tocal: and remoté’ end-systéms’ may not-be -
- available 1mmed1ately, but this processing will be completed after at most one SDU penod
(the reciprocal of the SDU rate). In other words, we assume that the CPU is scheduled
such that at least one SDU’s werth of processing will be made available after at most one ,
... .~ . SDU period, as opposed to merely that the averagc vnll be met over an. mdeﬁmte S
Tl e _;Iong-term. AT o
A _“Idle time cannot be accumulatcd. If l;he nctwork ora CPU snts |d1e for one mmute because
' " 7t was nof given. any wOrk todo it cannot then dotwo mmutes worth of WOrk mthenext
.. mmute '

We assume two-stage processmg, whene the two stage prooessors work in parauel (Flgure 2)
- The first stage. processes: SDUs at the QoS data rate, and the second $tage at the QoS shU
rate. Collectively, the stage processors represent all resources reserved by the transport layer
at association establishment time. Although any individual SDU will take either the SDU
period or longer to process from sender to receiver, this does not imply that the SDU rate
cannot be maintained, since processing by the two stages is done in parallel.

Note that such a two-stage model accurately reflects how work is done in the CeBIT
application, where video frames are transmitted as SDUs, and displayed in real-time at 30
frames per second. SDUs are handed over to the network layer, which processes them at a rate -
dependent on the SDU size. Once the remote application receives them, they are handed to

. a delivery card which spends a constant 1/30 of a second processing each SDU (frame).
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- Sender | iq: 3005

PT: 25 [isince: 3080

processing time 'a’fl) depends on SDU size .

Stage 1

Figure 2 _Workahead and processing model

in: 3080 in: 3060 | in: 3015 ;"""} Receiver

Stage 2
processing time (PT) is constant per SDU

The state of the workahcad queue is only important when the question must be answered, of -
whether the transport service can accept a specific user data request (new work). When a data
request is made, the workahead queue is updated according to the processing model based on
the current state of the workahead queue, and the current time. The workahead queue lengths
are compared with the maximum values to see if the new work can be accepted or not. If so,
the new work is added to the back of the workahead queue. If not, then the earliest time at
which, if resubmitted, the SDU will be aocepted, is calculated and remrned to the user to

. prevent ume-consummg pollmg

The-prov1510n of time services has to be assumed to implement rate enforcement. The basic
-service needed is that of a clock, i.e., a function that retumns the current real time. The rate
. .* " enforcement algorithm must also know its resolution. It is assumed that sufficiently accurare CoTe
"-_«: - .real timies are available, the time résolution;is known, and.an upper bounid on the’lag béfween ...~
L the? real-world: time"and-the: systein ‘time. is known,’ whickr is lmportant m cascs whem the. - -
" system time is updated by a software interrupt. :

The motivation for rate enforcement is to avoid overuse of resources. Any resources used

“Thé worka:he.ad st be”at Tedst oiic SDU othierwisé 1o’ work will- ever-be amepted. In: s

- ‘by.the rate enforcement scheme itself, directly.or indirectly, should therefore be reserved. This
MRS 'mc}u&s A thcnry, CPU-usage -by thorate—enforcement nlgunthm and fesolrees’ ‘for proce.ssmg i
PR _"any ‘SDUs in €xoess of the requesred workahead speclﬁed by the user in the QoS, thit may
e be m‘lhulted by thc rate enforcernent. This wbrkahead is called' thc ert,‘ﬁrrczd wwkahead

o .'Rcasons why tha enforccd workahead may bc grcater than ihe requested wofkahead

_partlcular, in" the absence of any other workahead, a maxlmum-smcd sSbu (z €., thc

 maximum specified by the user in the QoS) should be accepted for processing.

Due to the granularity of the clock, it is possible that work has been done, but is not
counted as having been done. Work will only be considered as have been processed when
the systemn time changes. There are two ways to deal with this. One can either accept that
the user may get a little less than the workahead he thinks he was guaranteed, or one can
allow him perhaps a little more, but reserve the resources for the maximum that will be
allowed. The latter strategy was followed. In any case, the workahead must at least be as
great as the clock resolution plus the time lag, since SDUs can only be removed from the
workahead when the rate enforcer sees the time change, i.e., after every timer tick.




The enforced byte and SDU workahcads are the values that should be used in determining
resource requirements.

Performance measurements on the prototype

Before starting with the analysis of performance measurements, it is useful to examine in
detail the load the system is expected to process. In this case, this means characterizing the

. digitized DVI data-streams which are sent over the transport system as SDUs. A DVI

data-stream includes audio as well as video information — including still frames (self-
contained images) and delta frames (differential information). Only the video information is
considered, although audio mformaﬂon is in the same SDU since it represents the vast
majority of the data.

For the DVI load it ié useful to examine the differences, with respect to load, betwee_h PLV
used for stored video and RTV for live video. A sample video clip of an TV interview, 4
minutes 46 seconds long, was recorded using the two different compression methods. The

statistics that characterize the digitized frames are listed in Table L. The minimum ﬁ'ame sizes - - . .
“are remarkably similar. However, the maximum frame:for the: -PLV version is mofe than three

times as high as those for RTV. In other video clips, maximum frame sizes of 31020 bytes
for PLV and of more than 10000 bytes for RTV have been observed

ol Examuung the sizes'of the PLV framcs' Table I Charactcnza[!on of the DVI IOad
L chronologlcal ordcr Teveals a very-

Vi e

“régalar; “Cyelic “paiém.” Usually S L L R ALY RV

"small " frames, léss than 5000 bytes'in - Npmbe'f o_f-"frames S 18600 8600_
Size, afe followed by one latge frame Minimum [bytes] 738 622
having a size between 8000 and 14000 Maximum [bytes] - 26384 8334
© . . bytes. These are all delta-frames, with . Mean [bytes] .= =~ ..~ . 4968 5366 ..
=7 . even bigger §till-frames interspersed at - Median [bytes] - 22305 16210 T
“. - Tegular ; ‘intervals... For (lugh-quahty) _'.__.-Standard dcvnanon [bytes] 4811 - 2235 o
. o RTV fr'ames it is rernarkab]c that there ‘Reqmred bandWldth [MbltlS] 1 19244 l 2877 S .
-7 are. normally” five.- still. frames®in » me-__._'_,::Nmnber of deltas . Lo 8433 1426 IR
range of 5000 to 8400 bytes foliowed - Number of stils . | : L 167 N74
*. .by-one delta.with: afme size.of 622 to. -Ratio deltas/still, ~ . 5050, . 020 . . .
654 bytcs | : - " ST

* From Table L, an average throughput is calculated based on the mean frame size. The through— 3

put for both are about 1.2 Mbit/s. Although the difference is less than 0.1 Mbit/s, an important -
difference lies between them, namely that the RTV exceeds the 1.2 Mbit/s data rate of a
CD-ROM player. It is possible to compress video in real-time that will not exceed 1.2 Mbit/s,

if a lower quality video can be tolerated.

The PLV median frame size is less than half its mean frame size, indicating that the
differences of the individual frame sizes from the mean value are very high. This can also be
recognized by its relatively high standard deviation in comparison to RTV. PLV frame sizes




are very irregular. Tlus irregularity is mot dcsued, as it mtroduces significant delay jitter,
caused by the five frame copy operations necessary for transmission.

On average, for PLV, 50 delta frames are followed by one still frame. For high-quality RTV
compression mode, with more still than delta frames, the ratio is about five stills per delta.
These figures are important for error handling. If a frame is lost, recovery can only be done
at the-next still frame. Using PLV compression, a lost frame is followed by an average of 25
delta frames. Thus, on average, an error will. be perceptible for a mean time of nearly 1
second. This relation is significantly better with RTV compression, where the average error
display time is only a third of a second, which is bearly perceptible.

For measuring delays within the system, the ZM4 monitoring hardware was used [Hof92].
It is a distributed monitor that allows a large number of computers to be monitored at the
same time with one global time of 200ns resolution. The monitor is independent of the
observed objects with the only limitation that the observed objects have to be w1thm 1000m
of one another.

The focus is on the live video server with one client (using RTYV), since delay is only critical

* ..inthe live video case: The aim is to ana]yzc the delay in the total system.from capture server

. to display client. Additional clients would.only have enlarged the data analysns without .
contributing to the knowledge about the system behaviour. With the hybrid monitoring
approach used, it is easy to analyze the internal behaviour of the server and the client, but we
-dls6 want. to measure the frame delay. from the camera to the capture process. -This cannot be

- measured: dlmcﬂy, hetause ‘hardware: dcvmes, llke r.he DVI adaptcr are mvolved Thereforc i

U we need: to ‘measure: the delay mdtrectly

Display~Station ' i
Splay Token-Ring Client
' . 16 Mbits :

Figure 3 - The configuration used for measurement

We assume that a transition of one constant screen pattern recorded by the camera to another
constant screen pattern will result in a change of the captured frame sizes. We thus filmed the
screen of a third computer also connected to the monitor. When the screen transition occurred,
i.e., when the third computer changed the contents of its display, a monitoring event was
generated, The first packet from the AVK with a significant difference in frame size indicates
the new screen content, allowing us to measure the delay for capturing video. Unfortunately,
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- -medsuted: The values are in the tange « .-~ 3 F=p [+ f 0 0 LRI |
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- packet  with thc ‘new- contents, is . -
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no simple way of measuring the delay of the frame on the delivery card until it is displayed
on the screen could be found.

In Figure 3 the three observed objects are depicted. On the left is the display station that
generates the constant screens for capturing. In the middle is the capture server sending to the
client. For measuring, a sequence of screen transitions where generated. It started with an
empty screen followed by a screen totally filled with dots (), then the screen was cleared
again, filled with note signs (), empty, filled with.’A’, and again empty. The capture ‘card’
was configured such that only still frames should be recorded. This quality is at least as good
as that for (high-quality) RTV. '

The load is presented in Figure 4. ! T 1 1 L
The frame sizes have three significant 9 [ L,.‘ 1
changes, corresponding to changes. of M

the display’s contents. The base line 8 ’ -
(about 5 Kbytes) is associated with the _
empty screen. The first change, to Tr ' N
7500 bytes, is-correlated with the dots, .
the second with the note sign-and‘the
third with the "A". Because there were
only six changes on the screen, only
six values for the delay from the cam-

Framo-Size lKBy'la's]

values have to be lower than these, 2 . | . 14

becaise the time between the contents o

changed on the screen and the first l
L

L | L N

- Incued e measupstent, a1, 10 I B ”“g,m",;m;:‘:""- L
v estingly. 1sme(l4)peaksdowmt0622- : e

- ~or 654 bytes-catised by delta. fraines, Flgure4 Stze of transmutted frames - "o - et
" although. , only St.ﬂl fram;:a w:;re‘_ S o ' B

Z.~'. P
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requested

Flgure 5 dep:cts the total delay of frame transm:ssnon ThlS mcludes the call to the AVK-;' R

on the server for a new video packet, the assembly to a new frame, transmission over the
transport system, and.any delay until the stream thread on the client side dequeues the framé
from the queue. The graph begins with a peak above the 550 ms level. This is due to the first
still frame transmitted being used to initialize the delivery card. This initialization lasts about
300 ms. During this time the client stream thread is unable to process the next frame. The
other three delay peaks are correlated with the higher load.

Table II contains significant values of the runtime distributions of the individual parts of the
total delay. The first column contains the distribution of the total delay that is shown in
Figure 5. The total delay can be divided into three disjoint components, the delay of the
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- frame is built and then passed to the

" value of 18 ms and the relatively low

done at times.

o ‘ _"_'Table II Mcasumd dclay values for the PTOtOtYPe

stream thread at the server side, the S I I I ]
end-to-end delay of the transport ser- : '
vice and the waiting time in the queue

to the strearn thread on the client side = }
before délivery to the AVK for dis- :
playing. . w F _ B
Let’s first consider the delay within g‘ |
the stream thread at the server side. 2 %0 — -
During this time, the stream thread E

2

calls the AVK process for a video
packet. If none is available, it sleeps 00 [ -
for about 30 ms before retrying. A '

transport service. The specific delay e N
distribution parameters are listed in the M‘
second column of Table II. The stream

. o L i L L L
.thread delay has a large maximum 0 100 200 300 400
- value of about” 111 ms. The mean e o PaaketSequencsNun-nber -

Figure 5 The total defay from a lication t lication
standard deviation indicate that this g tal gelay PP QaPP ca

maximum value is not representatwe
of the whale dlstnbutlon The standard dcwauon of 4. 8 ms dcpcnds on the waltmg that is .-

'

Thc end-to-end transport service delay Is measured as thc time from the transpon service -

call at the server side until the frame is enqueued to the stream object, by the transport service
on the client side. The measurements were made on an empty Token-Ring and have an unex-

. pected low.mean value and median. It indicates that the transmission of the frames do not sig- E
. ;'.mﬁcantly mcmase ihe toml Jelay. Although the. delay va[ues far the fransport: service is; low,., "
. it is interesting to: have a Closer look'at the delay which is assocxated with the Token-Ritig =~~~
,'-f'__'_.,‘adapte:s (last two columns of Table' 113" Note: that segmenﬁng causes.the number of Token---- e
C _j-ng packets to be graater than the number of transpott semce data umts o

' Tota.l Appllcatlon Transport TR Driver .~ TR Driver -

‘ S R i (Server) . Service - (no copy)
-Number of data poirits - 423 424 - 423 913 = 913
Maximum value [ms] 567.086 111.542 41.427 15.150 14.170
Minimum value {ms]) 20.473 2.110 7.320 2.099 1.068

- Mean [ms] 102.995 18.223 19.674 - 7.122 3.325
Median [ms] 52.037 13.233 18.617 8.529 3.003

Standard deviation [ms] 08.093 14.819 3.510 1.962 0.888




- . side. It js a gantt chart showing .
* the niumber of frames ‘contained

. thatthcbchavmurpattemofthc..._. neo
t.lqueue is directly * corre[amd T O

... are; queued initially and then. -

The total delay of the Token-Ring driver includes the copying of a packet to the adapter
at the sender side, the transmission of the packet, and the copy operation from the adapter at
the receiver. Without considering the copying toffrom the adapter, the mean value and the

. median are 3.3 ms and 3.0 ms, respectively. Knowing that the actual ring transmission time

is about 2 ms (assume maximal-sized PDUs of 4300 bytes at 16 Mbit/s), the pure processing
overhead of the sending and receiving adapters is about 1 ms. This correlates with the
measured minimum delay value (1.068 ms), which can be assumed to be for a very small
PDU where the copying and actual ring transmission time is neghglblc, and the time
represents the processing overhead in the drivers and adapters. _

The resulting delay, when the delay of the sending-side application and the end-to-end
transport delay is subtracted from the total delay, indicates that frames spend the most of the
time in the transport service queue at the receiver side waiting to be supplied to the AVK.

Figure 6 shows the number of Frames in the Queue
frames in this transport ser-
vice queue at the receiver

in the queue against the abso-
lute time from the beginning of
the measurement. [t is obvious. o]
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It can bc seen that 16 frames it

e “supplied to" the -adapter.  This Figure . Numberofframwrrmeﬂansporlsemoaqueue*hﬂwapph- S

can . be . ‘explained by the. wt;onatﬁe fj'ﬂleljlt s:de : e

" initialization of  the delivery .. = - .~ o s e
7. card that caii. only be-dorie after rwewmg the first fmme. In.Ihe mne that. thcy are. d:splayed,
~ the transport service continues to deliver more frames in a regular pattern. Thus the adapter

-+ is always lagging these 16 frames behind the transport service. Figure 4 shows the mean frame. -

.~ size initially at about 5 Kbytes, allowing these 16 frames to- fit into-the internal bufferspace :

on the adapter, configured to 128 Kbytes. After transition of a constant screen, the packet size
increases, causing the total amount buffered to exceed 128 Kbytes (at least 16 frames at a
larger frame size), resulting in frames been queued for delivery to the AVK. The overall delay
from the capture camera to the client screen does not really increase but we can only now
recognize it in our application, because of the limited buffer space on the adapter.

The total delay from the capture camera to the client screen-could not be measured exacty.
The delay for a frame given to the card until it is displayed on the screen is missing. All other
delay values have been measured. Adding up the individual delay components gives a total

t




delay of more than 20 frames (660 ms). There are -about 4 frames on the capture card, at least
1 frame in the application and communication system, and at least 16 on the delivery card.

It is-interest.ing to see that the transport service does not increase the total delay significantly.
The initialization of the delivery card at the beginning of the frame transmission results in a

~ . delay value that cannot be decreased during the total life-time of the connection in our system.

The system has to be extended with regard to a mechanism that drops frames on the receiving
side. It is easier to drop them at the receiver side because only here all information concerning
the total delay of the system is available. Since multiple clients can be connected to a single
video stream, it is obvious that the server should not decrease his data rate by skipping frames,
otherwise some other clients would experience video stuttering.

The delay in this prototype is definitely too high for video conferencing, where end-to-end
delay should be less than 250 ms [Heh90]. In our case it is larger. Thus, we need to introduce
a mechanism to decrease the delay. One solution is to decrease the buffer space on the
delivery card so that only a few frames can be buffered. The stream handler will then have
knowledge about additional frames waiting to be displayed. Therefore, it knows the delay
incorporated in the system at any time and can decrease it, preferably by dropping frames
--(e.g., deltas.up to the: next still frame). Note that such an approach. will introduce perceptible

-audio cracks even though' the loss of a video frame is hardly- noticeable [Coudl; Jed1]. To

reduce the delay, it is necessary to drop both audio and video data. Droppmg only one would
_.cause synchromzatlon problems.

Conclusmn w T SR T A

The prototype demonstrated at CeBIT‘92 shows the feastb;hty of mtegratmg audlo/v1deo mto
existing desktop computers and networks, as well. as the utility of doing so, as demonstrated
by the two practical applications that were developed 10 fruition. Ong important aspect of both
" .$ceharios. is the. effecuva mass. distribition .of ligh-volume digital: data through, computer

: networks Here the use of a. multlcast techmque with the. requlred protocol changes was used
“to achiéve the goal of: dlstnbutmg data'to workstations’ needmg them wtthout oveﬂoadmg other

,,wodtstauons on fhe nctwork wnth melevantdata. AP DA
Besndm the solutlon detalled here for 08}2, smular mulnmecha support components for the
'RS/6000 under AIX are also’ being: ‘worked on at the ENC. Future work include the developa :
ment of more powerful protocols to help with multicasting over different types of networks
and the mtegratlon of AIX and OS/2 systems into one multimedia application.
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