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Abstract

We will describe the multimedia teletutoring environment jointly developed by EPFL and
Eurecom in the context of the first 34 Mbps Trans-European ATM network interconnecting
dgtes in France and Switzerland. This network was cdled the Broadband Exchange over
Trans-European Links (BETEL). The am of this report is to describe the BETEL teletutoring
platform, scenarios and building blocks, together with performance evauation, limitations and
future enhancements of this prototype. Focus is placed on the interactive audio and video
communications part of the gpplication.

1. Introduction

The trend in today's telecommunication networks is migrating towards Broadband Integrated
Service Digita Networks (B-1ISDN) to support integrated high-speed data, voice and video
communications. Asynchronous Trandfer Mode (ATM) is the packet switching and
multiplexing technique chosen for B-ISDN to provide services with different Quality of
Service (Q0S) requirements. Meanwhile, new video and audio coding standards are
emerging, and many commercia products, both hardware and software, are now available to
integrate audio and video with conventiona digital data communication.

With this in mind, the European Parliament launched the DIVON program (Demondration of
Interworking Via Optica Networks) in 1992 to prepare and promote ATM technology and
new B-ISDN services. The BETEL project, funded by the European Commission and the
Swiss Government, was one of the four projects in this program. The am of BETEL was to
run user driven gpplications over one of the first 34 Mbpsinternational ATM networks.

Two innovative gpplications were designed to saisfy specific user needs and were
demondrated over the BETEL platform (see Figure 1). The first gpplication, teletutoring,
involved interactive multimedia communications between students at the Ingtitut Eurecom in
Nice, France and a teacher a Ecole Polytechnique Fédérde de Lausanne (EPFL),
Switzerland. The other was a meta-computing application for sharing computer resources
between the European Laboratory for Particle Physics (CERN) in Geneva and the Nationa
Ingtitute of Nuclear Physics and Particle Physics (IN2P3) in Lyon[1, 2].

The god of this paper is to give an overview of the BETEL tdetutoring application. Section 2
describes the BETEL teetutoring platform, scenarios and building blocks, and section 3
outlines the user interfaces while section 4 is devoted to an interactive audio and video
communication tool developed for this prototype and section 5 contains brief description of
echo cancdlers built for this experiment. Section 6 gives detailed performance studies of this
prototype. Findly, section 7 discusses the limitations and future enhancements of the system.
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2. An Overview of the BETEL teletutoring application

2.1 BETEL tdetutoring network infrastructure

The BETEL network infrastructure shown in Figure 1, is based on ATM technology, and
supports FDDI LAN interconnection, ATM transfer service, and AAL 3/4 data service [3].
The FDDI LANs a EPFL and Eurecom were interconnected to the BETEL network by
means of Cisco routers.

The endsystem protocol stack was imposed by Cisco routers. Thus the standard Internet
protocol suite and FDDI protocols were used. In the BETEL teleteaching application, UDP
was responsble for end-to-end red-time audio-video transport service during the
videoconferencing session, while TCP was used for data connections between the shared
sessons. The user data was encapsulated into |P datagrams, then into FDDI frames, and
findly directed to the appropriate remote hosts via FDDI interfaces and Cisco routers, the
ATM termind adapters and the ATM cross-connect.
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The Cisco modd 7000 is a high performance multiprotocol router. It has Ethernet, Token
Ring and FDDI LAN interfaces, and serid interfaces such as the High-Speed Serid Interface
(HSS!), usad to bridge LANS to high-throughput WANS, i.e., Switched Multimegabit Data
Service (SMDS). This router dso converts IP addresses into E.164 address numbering
scheme.

The ATM terminad adapter provides interfaces between HSS and AAL3/4 protocols and
supports the connection oriented data service. It vaidates E.164 source addresses, maps the
E.164 degtination address onto a virtuad channel connection (both VP and VC), and provides
group addressing such that data can be multicasted to severd destinations via separate VPs.
The adapter dso provides cell header generation and vaidation, cell rate adaptation and ATM
line interface. In addition, it also supports virtua channd and virtua peth related functions,
such as traffic shaping and VCI / VP dlocetion. The BETEL traffic matrix [4] defined by the
termind adaptersisgivenin Table 1.

CERN IN2P3 EPFL EURECOM
CERN 18.5 Mbit/s 2 Mbit/s 2 Mbit/s
IN2P3 18.5 Mbit/s 2 Mbit/s 2 Mbit/s
EPFL 2 Mbit/s 2 Mbit/s 18.5 Mbit/s
EURECOM 2 Mbit/s 2 Mbit/s 18.5 Mbit/s

Table 1. BETEL traffic matrix

Findly, the ATM cross-connect supports ATM line interface, VP multiplex / demultiplex and
VP switching. The end-to-end protocol stacks are shown in Figure 2. In BETEL, only
connection oriented data service and point-to-point ATM connections were implemented, and
the multiplexing of savera VCsover aVP was not avallable.

TCP/ LANVAP
UDP! DSIAP
IP IP
— —|cLnap CLNAP | AALSA L amvinp
FDDI FDDI
MAC WAC HDLC| ATM
HDLC C ATM =
FDD HSSI ATM ATM
PL # PL PL t PL PL } PL PL ——
Workstation Cisco router Terminal ATM
Adaptor cross-connect

CLNAP: ConnectionLess Network Access Protocol
PL: Physical Layer
AP : Access Point

Fig. 2. Protocol architecture

Figure 3 shows the teletutoring network infrastructure. The network topology a Eurecom is
more complex than a the EPFL Ste. Not only an FDDI ring was dedicated for high speed
audio and video transmission, but also an Ethernet was used to connect student workstations
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to the BETEL platform, and to support connection control and shared workspace data
communications at Eurecom. Because the shared workspace sessions generate relatively low
datarate, it was not required to connect student workstations to the FDDI ring.

Moreover, the digtribution of audio and video sgnds in the classoom used an anaog
audio/video switch. All cameras, microphones, monitors, and loudspeakers were connected
to the switch, which was controlled by a dedicated software driver to establish and release
audio, video and data connections. Using existing andog infrastructure at Eurecom provided a
chegp solution since no video compression hardware was needed in each student workstation.

Overview
Display

Analog FoDI

C ) Audio/
Video Video | (Eurécom)
Switch Super visor]
—_— |

%

Audiol FDDI
Video | (EPFL)
Supervisor

Video Router Cisco
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Fig. 3. Tdetutoring network infrastructures at EPFL and Eurecom

The teacher & EPFL may either receive images from a camera at Eurecom which gives the
globd view of the classoom or see a collection of students images through ther individud
cameras (not through the globa camera) usng a Ficture-In-Picture (PiP) device. The PP
output is connected to the audio-video switch and itsinputs come from private cameras of the
Student. In addition, the image and voice of the teacher may be sent to the globa monitor and
global speakers in the classroom when he addresses the whole class. On the other hand, the
teacher can be engaged in a private conversation with a sudent while his image is sent to the
globa monitor and his voice is ddivered to the sudent only. Moreover, a sudent may send
video images from his private camera to his own monitor so that he may see that his own
image is adequately tranamitted.

2.2 Teletutoring ergonomic

The design of this teetutoring environment was based on a user centered methodology [6],
where emphasis is put on the users experiences in relation to the human-computer interaction.
This intuitive and user friendly environment enables people a different locations to
communicate eadly and interact naturaly. The user interface and setups of teetutoring
classroom and teacher's office were carefully designed and tested (see Appendix A). The
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BETEL demondtration room setup at Eurecom and EPFL were just an extended verson
involving teepresentation facilities.

In both locations, severa large TV monitors were used to display images of the audience, of
the teacher and students recelved from the other site. Specid attention was aso paid to the
room acoustics. A set of loudspeakers were placed carefully and echo cancellers were used
a both dtes to reduce echoes and ensure adequate audio quality. In addition, a large
overhead projector was used to display dides during the presentation and show the
workspace of the student or teacher while the teletutoring demonstration was taking place.
Moreover, each teetutoring unit was equipped with a workstation, a TV monitor, a video
camera and a microphone. During the teletutoring session, a student or teacher used one of
such units. Figure 4 shows the physical arrangement of the unit in the teacher's office.

Figure 4. Teletutoring setup in the teacher's office

2.3 BETEL teetutoring demonstration

Using this tdetutoring infresiructure, the BETEL teletutoring demondration was successtully
caried out a EPFL and Eurecom in December 1993. Following the joint presentation of the
project, teletutoring scenarios were demonstrated.

During the presentation, the presenters at Eurecom and EPFL took thelr turns to present parts
of the project. The dides were shared and displayed smultaneoudy using shared workspace
tools. When a presenter at one ste was speaking, his images were sent and displayed on the
globa monitor a the other ste while the images of the audience, which was not physcaly
present in the same room as the speaker, were shown on the globa monitor so that the
speaker could see his audience (both loca and remote) and the remote audience could always
see the speaker. Similar techniques were also used to dlow interactions between audiences
from different locations.

In the eight minute run-the-show part of the demongtration, the teacher at EPFL first greeted
his three students at Eurecom and the audiences at both stes. Then he checked how his
students were progressin their work by establishing audio-video connections to each of them.
When he recaived the "help" sgnds from his student, he re-established connections to him and
asked him to send his workspace so that he could work with him on the problem. This
teletutoring scenario is summarized in Figure 5.
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Fig. 5. Teetutoring Scenario

2.4 Building Blocks

Owing to the time congraint of one year (January to December 1993), the choice of the
platform was confined by the hardware and software then available on the market. The
building blocks are summarized as follows:

» Hardware:
- HP 9000/700 workstations
- SUN Sparc10 stations
- Pardllax video acquisition board
- Echo cancdller

» Software Modules.
- User Interface
- Connection Control
- Shared Workspace Manager
- Audio - Video Supervisor

Commercid workstations were used to build this prototype. Sun Sparcl0 stations equipped
with Paralax boards were used for audio and video acquisition and transmisson, while
Hewlett-Packard (HP) workstations were used as workspaces which could be shared
between the teacher and the students using SharedX, a Shared Workspace Manager
provided by HP.
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The User Interface was developed on the HP platform to provide an intuitive and user friendly
access to the Audio-Video Supervisor (AVS) and Shared Workspace Manager. On the
other hand, AVS was implemented on the Sun platform to provide red-time audio/video
acquisition and transmission functiondity. Moreover, echo cancellers were used to reduce
echoes generated in the BETEL tdetutoring network.

3. User interface and connection control

3.1 Functionality

The user interface of the teleteaching application had been designed according to the
specificationsin [5]. The main functiondity of the interface are :

High level audio/video connections control : The connections are related to the Sate of the
interaction, under the control of the teacher. The students are not able to modify the state of
the interaction. The State can be either globd (the teacher speaks to al students) or loca (the
teacher speaks to one specific sudent). Both the student and the teacher dways know which
date (globd or loca) they are currently in. The teacher has a lig of students whose
workgtations are connected to his and he can be engaged in a private conversation with one of
the sudents. The teacher has dso a globd button in his user interface (see Figure 7) for
establishing audio and video connections with the class.

Audio-video output device control : The user interfaces has buttons which alow the users
to control audio and video outputs. The student, for example, may see himsdlf in his locd
monitor, and may also mute his audio device. The teacher can view the classroom ether from
agloba cameraor as a collection of images, one for each student, using the PiIP service, or he
can choose agloba view of the classroom with a superimposed image of a single student.

Shared workspace connection control : During globa communication, the teacher may
display his windows on the globa monitor acting as a whiteboard or on each student's
workspace, while during private communication the teacher and the student can share ther
windows with each other. In each case, the user has to sdect the window to be shared by
clicking in it. The control software keeps track of the window sharing status. For instance,
when changing from loca to globa state, al the shared windows are unshared, but when the
teacher re-establishes the private connection with the student al the previoudy unshared
windows can again be shared.

Student question support : The students may send questions to the teacher, for example, to
ask for a private connection with the teacher. The user interface for students and the teacher
are shown in Figures 6 and 7. The teacher can access a chronologica list of al received
questions. The teacher answers one question at a time. The students receive feedback on the
relative pogition of their question on thelist.
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Fig. 6. User interface for sudents
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Fig. 7. User interface for the teacher

3.2 User interface softwar e ar chitecture
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The user interface software has a client-server architecture as shown in Figure 8. The server is
cdled the Sesson Agent, and the clients, the user interface, are called Teacher interface
(Figure 7) and Student Interface (Figure 6). The Sesson Agent is an intelligent process which
knows the topology of the audio-video andog network and digitad data network (i.e. the
names and locations of each device) and it is aso responsible for managing al audio, video,
and shared workspace connections. It receives high level commands from the user interfaces,
for ingance, "set communication state of teacher and student Tom to local or set
communication state of all to global." According to the physica topology of the audio-
video andog network and digitd computer network, the Sesson Agent transforms these
commands into a set of low level actions, such as "tonnect cameral with monitor?2 ...,etc."
The actions are effectively handled by two "low level" drivers : an audio/video connection
handler, which drives the audio-video switch, and a shared window handler based on X
Windows.

PHYSICAL TOPOLOGY &
INTERACTION POLICY

DATABASE
J Teacher Interface
AAAAAA

SHARED
WINDOW
DRIVER

Fig. 8. User interface software architecture

When a teleteaching session is sarted, the Sesson Agent should aso know the interaction
policy of that sesson. The policy is based on commands gtored in a configuration file, for
example, "If mute then disconnect my microphone." Moreover, the Sesson Agent is able to
manage severd pardld sessons, and each sesson may have its own interaction policy. The
Session Agent can manage concurrently severa teleteaching sessons, for instance, point-to-
point and multipoint videoconferences.
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4. Audio - Video Supervisor

AV provides red-time audio and video acquisition and end-to-end transmission. Under the
supervison of AVS, audio and video signals from analog sources are digitized and encoded,
and then are transmitted to a remote Station via the BETEL network. At the receiver end, the
data are decoded, and video images are reconstructed and displayed while audio is being
replayed. Audio and video sgndls are handled in asmilar fashion (see Figure 9).

analog digital
signal signd
microphone ) UDP >
or A/D ol Enhancement UDPIIP
video camera
Network
loud speaker
or < D/A - Enhanléloi?‘rﬁ)mt <4—— UDP/IP -
TV monitor

Fig. 9. AVS processing pipdine

4.1 Video acquisition

The current AV'S implementation used the Pardllax XVideo board. This board was the only
hardware avaladble on the maket that permitted red-time video compresson and
decompression & a reasonable frame rate. Details about this board and its performance are

givenin[7].

The Paralax board can handle analog video input and output in various standards (PAL and
NTSC) and formats (Composite, super VHS, YUV and RGB). The video sgnds are first
digitized, then compressed by the XVideo board based on the JPEG standard before being
sent to the network. On the receiver sde, the digita video signas are decompressed,
converted to the andog signds, and displayed on the receiver's monitor.

The programming interface that came with this board uses an extension of the X11 library
cdled XVideoTooalkit. Its functiondlity is exploited by AVS through an extended X-Window
server, which provides access to Pardlax's graphica accderator and frame buffer, and
supervises video digitization and compresson / decompression.

One of the mgor drawbacks of this board resides in digitized video images, which have to be
first stored in frame buffer of the XVideo then compressed by the JPEG Image Compressor
of XVideo board. Hence, video images cannot be compressed without being first displayed
locdly.

4.2 Audio acquisition
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Audio streams are digitized, recorded and played by the SpeakerBox of the Sun Sparc10
dation. The SpeskerBox audio peripherd provides an integrd monaurd spesker and
microphone, stereo line in / out and headphone connections. This SpeskerBox supports
different audio qualities and encoding techniques. Moreover, it has a programmeable audio
device interface.

4.3 Networking issues for audio/video transmission

Real-time audio and video transport service imposes severd performance requirements on the
network. Since both audio and video sources produce continuous data streams, not only do
their tempora rdationships have to be stidfied, but they dso require large network
bandwidth. In summary, interactive audio and video data generated by the teletutoring
gpplication impose the following network requirements:

* guaranteed high throughputs
* bounded end-to-end delay and delay jitter
* low loss and error rates
* connection-oriented service, i.e., in sequence delivery
* support for red-time data service
- higher priority for redl-time data
- selective discard data according to their priority in case of congestion
* synchronizetion
- intraamedium
- inter-media
* adaptive rate-based flow control

The transport layer protocol is restricted to TCP and UDP since IP was imposed by the
Cisco router. TCP provides reliable end-to-end connection oriented trangport service while
UDP and IP support best effort services based on connectionless techniques. The Internet
protocol suite was designed for point-to-point non-red-time data service and has many
difficulties to meet the network performance requirements demanded by the teletutoring
goplication.

TCP/IPis unsuited for networks with large bandwidth-latency products. The BETEL network
is one such networks. The diding-window flow control with credit alocation does not dlow to
use the full bandwidth of the BETEL plaiform. Retransmission in TCP sgnificantly increases
end-to-end delays and is unsuitable for interactive audio and video data transport service.
Hence, in this context, window based flow control and error control mechanisms found in
TCP creete problems for red-time audio and video transmission.

On the other hand, the lack of retransmission in UDP makes it a better candidate to transport
real-time audio and video data. Since UDP does not guarantee in sequence delivery and does
not have any error or flow control, some endsysem enhancements added to UDP are
needed. For ingtance, video frames in generad are larger than UDP datagram limit (9
Kilobytes), thus video frames need to be segmented into smaller frames before being sent to a
UDP socket and be reassembled together a the receiver end. In order to make the
reassembly process efficient, missng frames and out of ordered frames have to be detected.
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The minimum UDP enhancements are loss detection and packetization (including segmentation
and reassembly for video frames). Therefore, UDP/IP protocols with endsystem
enhancements were used to transport audio and video data.

4.4 Implementation | ssues

AVS was designed to guarantee best performance. This was done with as little data
movements and copying as possible. Only minimum UDP enhancements were implemented.
Data were packetized (segmented if necessary) and sent to the UDP socket without any
buffering and copying. A smal header was added to each packet. The frame sequence
information (for loss sequence detection and sequence check) was put in the header, and so
were the segment number and total segments in a given video frame aso included for video
frames. A typicd video packet sze was about 4 Kilobytes and the minimum MTU? in the
BETEL network (excluding the Ethernet segment) was dso 4 Kilobytes, whereas audio
frames had 128 audio samples to ensure low delay and loss rate.

The audio qudity was the most important factor in the design of this teletutoring prototype.
Voice is 4ill the most common and effective means of communication, athough eye contact
and other facid information are aso important. Hence, some steps were taken to ensure good
audio qudity. The use of smaller audio frames was one. Ancther was the use of high quality
sound equipment. The Sun microphone did not give as good audio qudity as did the
Macintosh microphone, so the latter was used, together with semi-professona microphones
(connected to line in port of the SpeakerBox). In addition, echo cancellers were necessary to
reduce echoes generated by the large round trip delay in the BETEL network. Further, it was
impossible to use CD quality audio supported by the SpeakerBox because the echo canceller
used could not treat audio with sampling frequency higher than 8KHz. Therefore, audio was
restricted to telephone quality. Audio datain AV S were not compressed to reduce processing
delay and to ensure good audio quality, as the BETEL network bandwidth was no bottleneck
in this gpplication.

Ancther chalenge consgted in judtifying the 34 Mbps high-speed links for this teletutoring
experiment. Why do tdetutoring applications and other interactive multimedia gpplication need
broadband networks nowadays? The most obvious answer is video qudity. High qudity
digitd video sgnas demand large bandwidth. Since the XVideo board is one of the most
peformant red-time compresson hardware avalable, understanding the parameters
influencing the video qudity and the peformance of the XVideo board is essentid.
Performance studies in section 6 show that the performance bottleneck is in the endsystems.

In order to overcome this bottleneck, a Sun Sparcl0 station was dedicated for ether to
transmit or to receive video sequences. As AVS consists of four independent processes, each
process is dedicated to ether receiving or sending video and audio data Transmisson of
audio and video is hence independent. Therefore, four Sparcl0 dtations equipped with
Pardlax boards were involved in the video acquidtion and transmission of this prototype.

IMaximum Transfer Unit
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5. Echo cancellation through adaptive filtering

5.1 Acoustical echo and L ar sen effect

When a person at location A speaks, the sound is transmitted to location B by the speaker.
With the unavoidable reflections on the walls in that room, shown in Figure 10, a part of the
sgnd diffused by the loudspesker in B will be taken by the microphone a B. The person a A
will therefore hear his own voice generated by acoudtical echo. The echo effect becomes
disturbing only if the progagetion time exceeds a few tens of milliseconds.

Fig. 10. Acoustic echo path A-B-A

In fact, the sgna loops infinitdy in the path A-B-A. It becomes a feedback system which
oxtillates a one or more frequencies. This is cdled the Larsen effect. This effect is a
consequence of an echo. Thus, canceling echo also suppresses this effect.

5.2 Parameter sinfluencing echo

A number of parameters are important to reduce echoes. Firdt, the choice and location of the
directiond transducers (microphone and loudspesker) are important. For example, placing
directiona loudspeskers in an area of low sengtivity to the microphones may reduce echoes.
Secondly to that is room acoustics. Reverberation decreases as the room volume increases
and the wall absorbtion factor increases.

However, these two approaches are not sufficient to diminate the echo effect. Thus, an echo
cancellation system is needed, implying that a least one echo canceller must be placed at both
the transmitting and receiving end.

5.3 Echo canceling through adaptive filtering
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The adaptive filtering technique [8] used the Least Mean Square (LMS) dgorithm, which has
the advantage that no prior knowledge of the room impulse response is required. The adaptive
filtering shown in Figure 11, congits of two distinct eps:

y(k) + e(k)
>

h(k) gk

x(k)

Fig. 11. Feedback of (k) on thefilter coefficients with
emphasis on the adaptation process

- edtimating an filtering error
e(k+)=y(k+1)- g' (k)R(k+1) ()
- updating the coefficients §(K) , using the error e(k+1).

g(k+1)=g(k)+Ke(k +Dx(k+1) (2

Where
e x(k) u é do(k) U
e u e u
c x(kk-1) V ~ G (K) -
X(k)=¢€ u gk)==¢6 u
X(k) & . g(k) & .
B (k - N +1)H &gy (K)H

X(K) represents the sample at instant k,

X (k) represents the vector of the N most recent samples at time k
d(k) isthe vector of the N filter coefficients at time k

y(K) isthe sample coming from the microphone a time k

gKk) isthe error a time k

K represents the adaptation step

The convergence time and dability of this system depend heavily on the vadue of the
adaptation step K, which depends on the length of the filter N and on the input signal power.
For more details on the selection of K and this agorithm please read Appendix B.
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6. Perfor mance evaluation and multimedia traffic analysis

6.1 Measured TCP/IP and UDP/IP performance

The purpose of this Sudy is to estimate the upper bound in performance which is available for
gpplications running on top of TCP and UDP. The TCP/IP and UDP/IP throughputs were
measured in both loca FDDI environment and on the BETEL teletutoring platform. Detalls of
this study are in Appendix C.

Figure 12 shows the measured performance in the loca FDDI LAN environment, where
UDP/IP (without UDP checksum) could achieve 7.3 Mbytes/s throughput for a message size
of 4K bytes but with a maximum of 20% |osses while TCP/IP has a maximum throughput of 5
Mbytes/s for the same message Size.
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Fig. 12. Performance measurements between two Sparc 10 stations over FDDI

On the other hand, TCP/IP throughputs stabilize a around 1.05 Mbyte/s in BETEL
teletutoring network for message sizes above 2000 bytes, as shown in Figure 13. Moreover,
the Round Trip Time of the EPFL-Eurecom BETEL links is about 12 milliseconds for 64 byte
messages and 17 milliseconds for messages of 1024 bytes.
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TCP/IP Throughput between EPFL and EURECOM
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Fig. 13. Maximum TCP/IP throughputs in the BETEL teeteaching platform
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These results show that UDP can attain higher throughputs than TCP, but UDP suffers from
losses. In addition, the BETEL teletutoring network has a large bandwidth-latency product.
Hence, TCP is not suited for red-time audio and video data communications and the
dterndtive is thus to use UDP. However, since UDP is unrdiable, some UDP enhancements
are necessary. Moreover, since UDP can obtain higher throughput than TCP, there is at least
a 1.05 Mbyte/s bandwidth for real-time audio and video data transported by UDP across the
BETEL tdetutoring network between EPFL and Eurecom.

6.2 Measured video performance

Video communications demand large bandwidth and its pesk performance is likdy to be
limited ether by the network or by the endsystem itsdf. Underganding the parameters
influencing video performances can help us to obtain the best video qudity. By measuring
video hit rates and frame rates, we can gain an objective indght into video performance and
hence identify the bottleneck of this prototype. The performance measurements in this sudy
were taken between two Sun Sparc10 stationsin an FDDI LAN at EPFL.

Fird, video hit rate depends on the Q factor which is used by the XVideo board to determine
the quantization level and to control the compression factor. The higher the Q factor and the
larger the compression factor, the lower the video bit rate and video qudity. Another
important factor is the video frame rate which is the number of video frames captured and
played per second. Figure 14 shows the relationship between the unidirectiona video bit rates
and the number of frames captured per second when only a quarter of PAL resolution was
used and the Q factor was a 50. With the rate control mechanism, the video bit rate increases
proportiond to video frame rate.

However, when the rate control mechanism is disabled, we can push the system to its
maximum capability, reaching 34 video frames captured per second at a video bit rate of 5.7
Mbit/s. Smilarly, tranamitting the full PAL resolution of video images with the same Q factor,
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the system can reach only 12 frame per second. Moreover, the measured results from section
6.1 shows that the bandwidth avalable for video communications in BETEL tdetutoring
platform islarger than the maximum video bit rate which the endsystem can ddliver. Therefore,
it is dear that the bottleneck liesin this system and not in the network.

Unidirectional video bit rate when Q = 50
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Fig. 14. Video bit rate vs. video frame rate

6.3 A theoretical performance mode of the multimedia workstation

In order to understand the performance limitation of this prototype, a theoretical performance
model of the multimedia workstation is used to precisdy identify the bottleneck in the
endsystem, that is, a Sun Sparc 10 modd 51 (50 MHz, 64 MB RAM, 1 GB Disk) equipped
with the Pardlax XVideo acquisition board and Sunlink FDDI/S interface. A basic assumption
isthat only two-party video conferences will have to be established.

The architecture of this multimedia workgtation is outlined in Figure 15, which illugtrates that
for each video connection, data had to cross the system bus twice (from the Pardlax frame
buffer to the syssem memory and from the syssem memory to the FDDI interface), that is, four
times for atwo-party video conference. The bottleneck seemsto be the SBus, asthe MBus is
twice faster [9].
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In order to quantify the workstation performance, a Smple theoretical model presented in [10]
was used. In this modd the service time, namely the time taken by an individua server to
process a packet, is broken into two parts, fixed service time and incrementa servicetime. A
fixed per-packet service time includes the time to teke to filter packets by the network
interface, and the time spent in datalink layer, network layer and transport layer processing,
interrupt processing, memory management and context switching. On the other hand, an
incremental service time that varies with packet Sze condgts of the time needed for data
movements between host main memory and network interface, between host main memory
and video board, between sysem memory and user memory, and optionaly the error
checking overhead. Findly, the throughput (number of packets per second) is defined as
follows

1
fixed sarvice time + incrementd sarvicetime

Throughput =

6.4 Compar e thetheoretical and measured results

Applying this modd, the theoreticd throughputs of raw data and unidirectiond video data
transfers usng UDP/IP can be obtained (Appendix D). These theoretica gpproximations are
compared with the measured results in sections 6.1 and 6.2.

The UDP raw data throughput expressed in function of the packet Sze is an expresson of the
equation (4) where p isin packet Szein bytes. Thus the dope at its origin is the inverse of the
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fixed service time. Figure 16 compares the theoreticd and measured maximum raw data
transfers between two Sun Sparc 10 stations interconnected by an FDDI ring. The good
match of the two curves for small packet sizes show that the estimated fixed service time of
200 usis very accurate.

f(p) = B (4)
200+45p

For large packets, however, the difference between theoretical and measured results becomes
sggnificant. It is possible that the effect of DMA transfers on the CPU (contention for memory)
has been under-estimated. The dotted curve on the previous figure (which takes into account
the DMA trandfer time or, in other words, does not consder it as happening in pardld with
norma CPU processng) tend to confirm this explanation.
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Fig. 16. Comparison of data transfer performances

On the other hand, the theoretica gpproximation of the unidirectiona video data transfer
between two workstations. The theoretica performance evauation may be performed, based
on the following parameters.

* imagesize= 384 x 283 the quarter of aPAL image
* average compressed image size: 20 Kbytes (i.e. five 4 Kbytes UDP packets
are needed to transfer one compressed
image)

» assumed DMA speed of 50 Mbytes/s

To take into account the overhead introduced by AV'S and the video acquisition board during
image processing (in particular context switching, X overhead), the fixed service time per
packet has been doubled. To alow computation of end-to-end throughput, the incremental
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sarvice time which refers to images is expressed in terms of average processing time per
packet. The incrementa service time required by each sequentid operation can be estimated.
This gives the theoretical throughput of 6.75 Mbps.

Thisresult is very close to the measured vaue of 5.7 Mbps. The difference should arise mainly
from the variable Sze of a compressed image which is in generd not an integer multiple of the
optima packet size and thus reduces the transmission efficiency.

7. Limitation and future enhancements

The implementation philosophy of BETEL was to integrate currently available technology and
build a demondrator within one year. The teletutoring prototype unearthed severa
shortcomings in the origind design, and inherited the limitations of the current technology. This
teletutoring experiment used a hardware dependent, point-to-point configuration (i.e., EPFL-
Eurecom), and used the UNIX operating system and the Internet protocol stacks. There was
no buldin synchronization and rate-control mechanisms implemented in  the
videoconferencing system. Therefore, enhancements are needed in the following aress :
multipoint and multiplatform tdetutoring configurations, and system support for interactive
redl-time teletutoring applications.

7.1 Hardwar e dependency

The hardware dependency could be relaxed as the video compression and decompression
hardware and shared workspace tools were progressvely made available. The release of a
Paralax board for the HP platform has been announced for the Spring of 1994. AVS may
then be eadly ported to the HP platform since the Paralax boards (both for Sun and HP
plaforms) are usng the same C-cube chips which are based on the JPEG
compression/decompression standard. In addition, AV'S can be dso modified to use other
video compression hardware, for instance, those based on the MPEG standard when they
become available. Moreover, Sun has recently released a commercia product cdled
ShowMe2, a competitor to SharedX. Unlike its predecessor (ShowMe), ShowMe2 can be
used to share gpplications, alowing both videoconferencing and shared workspace tools to be
integrated on the same platform. The BETEL teetutoring prototype could then be ported to
multiple platforms.

7.2 Audio Quality

Audio qudity is most important in teetutoring, and was hampered by echo, which was a
serious problem because of large latency audio experienced in the BETEL links. Severa echo
cancdlers were designed to cancel this effect, but these devices could only process one
gpesker a a time and created problems when used with audio mixing devices. An audio
enhancement is to design new echo cancdlation dgorithms which support CD qudlity audio
and can be used with mixing devices. This would benefit mogly teetutoring with
geographicaly dispersed students.
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7.3 Scalability

The current prototype is limited to a one-to-one interaction. The teacher can interact with one

sudent at atime, although hisimage and voice can be broadcast to everyone in the classroom.

Two or more students cannot engage in a discussion. All video and audio signds have to be
transported via point-to-point audio and video connections. It would be useful, if ether a
teacher could smultaneoudy supervise severd sudents from different Stes, or severd

teechers from different dtes could interact together. Thus, a fully meshed digitd multipoint

videoconferencing is needed.

7.4 System support for teletutoring

One of the long term solutions to the performance problem is to implement endsystem support
and network support for interactive multimedia applications, such as teletutoring. A better
multimedia workgtation architecture is needed to sugtain transmission of large amounts of data
through the system buses and to minimize data movement and data copying.

The UNIX operating system is not adequate to support red-time services. The clock
resolution and scheduler of the Sun OS 4.1.3 illudtrate this point. Since its clock resolution is
not higher than 20 milliseconds [11], it is difficult to implement any efficient audio-video
synchronization mechanisms. In addition, the scheduler cannot give higher priority to red-time
media

The Internet protocol cannot guarantee high throughputs and bounded delay and jitter which
are required for teletutoring applications. Thus, network protocols supporting QoS are
needed here. Moreover, the current network protocols do not support multicast service which
is essentid in the multipoint teletutoring configurations. Furthermore, endsystemns should at
least support audio-video synchronization and adaptive rate-based flow contral.

8. Conclusion

With the aide of high qudity videoconferencing and shared workspace tools, the BETEL
multimedia teletutoring prototype was successfully demonstrated at the end of 1993 over the
first 34 Mbps Trans-European ATM network. Echo cancellers were essentia in ensuring high
quality audio in this experiment. The performance bottleneck of this prototype was a the
endsystem levd, particularly in the video acquisition board. The UNIX operating system and
BETEL protocol stacks provided best effort services which were not ideal but satisfactory to
support the BETEL teetutoring application. UDP/IP, not usng any explicit audio-video
synchronization and adaptive rate-based flow control mechanisms, were used to transport
redl-time audio and video data. More robust and redlistic teetutoring scenarios will be redized
in a multipoint and multiplatform environment in the framework of European ATM pilot
experiment garting in July 1994, for example, a Europe-wide M. Sc. program with distributed
lectures, classrooms and campuses.
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Appendix A: Teleteaching scenarios. The Process towards
specification.

Teleteaching ergonomic design and user interface specification were based on the user
centered methodology. The term “User Centered System Design” was first coined by Norman
and Draper [5] in 1986. In user centered system design the emphasisis on users. The ultimate
centra question that underlies all user centered design is "what does the experience like for the
user?' User centered system design methodology does not represent any specific scientific
method. It regards the art of system or gpplication design as a combination of a number of
disciplines. engineering, history, science and arts. We adopted this gpproach in the design of
the BETEL teeteaching application for the classoom setup and the user interface
specification. It ensured us thet red life Stuation and problems would be studied in their full
complexity in relation to the human-computer interaction. We followed three principles of
desgn:

Initial design:

Our main god in designing the teleteaching gpplication was to come up with a sysem which
would be intuitive and easy to operate. Already in the initid stage of the design we identified
the target users, professors and students, and observed them in ared Stuation, TP sessons.
Based on our observation, for example, number of monitors and the kind of interactions
made, we defined the initia technica requirements of the gpplication and the specific tasks to
be performed by the users. The god at this initid stage was to congtruct the first prototype
which will beflexible enough to alow iterative design.

Empirical measurements:

We sdected four professors and eight students to participate in our study. They differed in
their learning or teaching style, thair experience in using a teleteaching gpplication and their
exposure to a multimedia environment. For each prototype testing, we used one professor
and two students to perform some tasks. Each participant took part in at least two prototypes
testing. They carried out Ssmple tasks and their performance, thoughts and attitudes were
recorded and analyzed after each trid. In doing so we took into account the user's progress.

For each trid we conducted, studies involving observation of the behavior and attitude of the
users while peforming tasks using the different prototypes, i.e. the pattern of interaction
between the professor and the students. To understand how they went about their work and
what their problems were, we collected the users comments while they were working with the
system. This technique is cdled "thinking doud" and it is borrowed from the fidd of cognitive

psychology.

At the end of each trid, we conducted interviews and discussion sessions. Users were free to
suggest what they did not like and what they thought should be added. The main idea was not
to have the users agreeing on the design but rather to create a potential Situations whereby the
users indtilled their knowledge and concerns into the design process from the very beginning.
We conducted what is caled a "Participatory design”: our users became part of the design
team from the very outset.
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Iterative Design:

When problems were found in our user testing they were fixed tested and redesigned. The
iteration was possible only because our implementation strategy permitted early testing of the
desgn festure and easy modification of the evolving implementation.

By using an iterative methods we confronted with the redity of an unpredictable users needs
and behaviors that lead us to conduct immediate changes in the design of the gpplication
through out the design cycle (for more information please refer to Appendix A).

DEFINING THE FIRST PROTOTYPE

Based on our observation of an actual TP sessons we created and participated in severa
smulated teleteaching scenarios. Our objective was to develop the first  prototype for the
physica setup of the professor's office and classoom. Throughout this process, our
experience as a professor or as a student was recorded and analyzed at the end of each
session.

The following was set to be determined for each scenario :

I nteraction Pattern
Professor- Student
Student-Professor
Professor- Students
Students- Professor

Visual/image

Camera(s); number, positions and angles
Monitor(s); number and position
Screen(s); type and size

Audio/Sound

Microphone(s); types number and position
Headphones, type and position
Loudspeskers  type, number and position

The data collected determined the following:

Interaction Pattern
The interaction occurs between the Professor and the Students in two satups the
classroom and the office.

Two types of audio visud communication links were identified: Global for generd
communication link and Local for private communication link. Global Link refers to the
interaction that occurs between the professor and the whole classroom Local Link
refersto the interaction that occurs between a student and the Professor and vise versa.

The communication didogue between dl parties isdivided into four Seates

EPFL-Eurecom Internal Report 23



Global Background State- A link exists between the classsoom and the office but no
interaction takes place only an awareness.

Global Teaching State- The professor interacts with the whole classroom.

Global Interactive State- The professor interacts with an  individuad student within the
classroom context.

Local Interactive State- The professor interacts with an individua student on an individua
bass

We decided to use the following terminology to refer to:
Global- camera and screen

L ocal - Camera and screen

Global- Audio connection

L ocal- audio connection

Sharing softwar e- Loca and Globa computer connection

The following is our preliminary design Spec. for the firgt prototype
Classroom Set Up

The global camera should be placed in front of the classroom so the professor will have a
generd view of the classroom which include gesture and face expressions,

Camera and monitor, global and local, must be placed together at the same position for
the purpose of interaction otherwise confusion may occur.

The Prof. image should be constantly displayed on the global screen.

At his stage we found out that the position of the loca monitor and camera need to be further
investigated because of the following:

A. When the locd monitor and camera were placed in an upright position the student respond
positively but it was a problem for the professor. The professor asked to see the actua
workspace of the student as if he was standing beside him. This gpplied dso when the share
workspace software was used.

B. When placed in a shoulder position (beside the students), students felt that it discouraged
interaction between them and the Prof.. The professor on the other hand liked the local view
from this pogtion.

Camera Angle

The Global Camera should provide awide angle global view. of the classroom

Number of Monitors

A separate local monitor should be provided for the local interaction. The computer screen
should be used for task excisgon only. A separation between the task and the interaction is
essentidl.
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Audio

The sound has to be locdize otherwise spatial confusion may occur. For the local link the
sound should be digtributed only from the local speakers. For the globd link the sound
should digtributed only from the global speskers.

PROFESSOR OFFICE

Number of Monitors
A separate local monitor _should be provided for the local interaction only.

The professor must be provided with two smultaneous views, the whole classsoom and the
individud student with which heisengaged in alocd link. The use of PIP is suggested for this
function.

Areasfor investigation

Earphones:

The use of earphone for local interaction should be further investigated.
Audio level

Audio disturbancelevel should be determined for local and global interaction.
Camera angle and position

The field of view of the Professor's camera need to be tested from the following angles;

Close Up- Students see only the professor face.

M edium Shoot- The student (s) see the professor from the waste up. Only a partia
view of the working environment

L ong Shoot - The student(s) see the professor within hisworking setup and  room
architecture

The shoulder position for alocal view is suggested to be further investigated in
order to smulate a situation where the Prof. sandsright beside the student.

The data collected a this Sage served as a frame of reference for the design of the first
prototype. Using our prototypes the interactions between the participants and their individua
action was andlyzed according to the following HCI criteria

I nteraction:
Awareness
Gedture
Conversation

Task Execution:
Individud Action
Group Action
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Errors:
Human erors
Technologicd errors
Ul errors

The different teleteaching prototypes congsted of the following:
A/ connections
Room Architecture
Camera(s) positions and angle
Monitor(s) positions and size
Shared workspace functiondity

FIRST SCENARIO

Based on our preiminary spec. we designed the firgt prototype to be tested using different
scenarios. We will describe one scenario in the following section.

Description

Three subjects participated in the first trid; a professor who was an expert with the concept of
the remote learning technology, and two students, one who was novice to the technology
and the other who was familiar with it.

The professor was Stuated in an office equipped with the following; a monitor Sze 28cm  a
Mac power book, a Sony camera and a Shared Workspace Software, Timbuktu.

The two students were placed in a classroom, one behind the other. The classroom was
equipped with the following; A large screen 28cm for Global link and a small screen 14 cm
for the locd . The globa screen was facing the students in an angle. The loca monitor was
placed in front of each student beside their computer screen. A globa camera was mounted
on top of the globa screen and the loca camerawas on top of thelocd one. Mac terminds
served asthe work station.

The loca audio digribution was via an omnidirectional Microphone for one student and an
unidirectiona for the other. A small speaker was located beside the computer screen which
the students could have turned on and off. The professor used an umni directiond
microphone as his audio source.

Both locations, the classsoom and the office, were connected by an audio video switch
which helped us in smulating a remote teaching Stuation. In this scenario the professor
ingtructed and supervise the students on a specific task; designing the set up for a multimedia
teleteaching environment.

TASK DESCRIPTION

Using the globa link the professor first provided an overview on the subject to al students.
The students then ingtructed to work on the task individualy while requesting an assstance
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from the professor when necessary. The professor was ingtructed to "brows around” and to
respond to the student questions. . Prior to the experiment, the professor and the students
were given ashort hands on training on the functiondity of the technology.

We observed and analyzed the subjects Interaction, Task Excluson and errors under
the following conditions :

Student - Prof.
Prof. -Student
Students-Prof.

I nteraction

Different pogtions for the student's Camera and monitor front , shoulder, sde, and
combination.

Different szes of Global screen and various distances from the students
Different positions and sizes of the Prof.'s screen

Different positions and distances of the Globa camera

Interaction pattern With and without Timbuktu

Position of the Professor Camera CU, MS, LS

Room Architecture; classroom and office

Local sound leve; pre set or controlled by the students

Global sound; pre set or controlled by the professor

MAIN FINDINGS

Globa communication link was not used for interaction. It was only used to present
information and to attract the Prof.. attention.

The camera and the monitor placed in a shoulder position was a very comfortable postion in
order to present documents but not for interaction.

Placing the camera and monitor in an upright position provided the most naturd way for loca
communication but it wasn't suitable for the presentation of documentation

A medium shoot image of the professor was the most effective one for loca and globd
interaction. Close up was too intense and long shoot revealed too many details that distracted
the student.
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The individud learning style of each students effected the way they executed the task using
the technology. As such, the application should be flexible enough to be tallored to need of
individua students.

The unidirectiona microphone was far more effective than the omnidirectional one.

A dhred workspace functiondity is essentid the teleteaching interaction and need to be
investigated

Whenin locd communication, a smdl window with the view of dl dassroom is required
(PIP).

The trangition between the global and the loca mode was too dow. Transgition time need to be
decreased.

The Profs monitor screen size wastoo smdl and it crested difficulties in focusng on specific
people.

Close up view of the student was the best for the local communication link.

Providing two local views shoulder and face to face smultaneoudy can be very interesting,
yet, it might not be feasible from technologica point of view and need to be investigated.

A feedback mechanism that reflect hisimage in the classroom was required by the Prof.

Based on the reaults of the experiment with the first prototype we proposed the following
modification in the prototype and the scenario:

Prof. Office
Shared Workspace
Useof whiteboard by the professor for globd interaction.

Task exclusion
Novice vs. Expert use;The use of the sysem by anovice Prof.

Interaction

Use of the PIP technology by the professor to view the whole classsoom while in locdl
communication link.

Classroom
Disturbance
USE of Earphone by the sudentsfor alocad communication link.

Interaction/ Task Excision
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Use of two cameras- one for document presentation and one for locd interaction. Is
mixing between the two cameras possible?

Audio Disturbance - What isthe levd of the loca and the globa sound disturbance when
students do not use the earphones

SECOND PROTOTYPE

Description

A second prototype was developed by us using the same technology as in the first experiment
with some variaions based on the suggestion from the first prototype trids We introduced
two new components, the whiteboard and earphones.  We aso decreased the trangtion time
between the loca and the globa communication link.

Three new subjects participated in this trial ; a professor and two students. The task was
amilar however this time we increased its difficulty by asking the students to design the
computer configuration for theteleteaching setup. The students differed in their background
and learning style; one was familiar with the technology and the other was not. The professor
as wdll was novice to the use of the teleteaching application

We followed the same procedures as for the first prototype trid.

MAIN FINDINGSAND AREASFOR INVESTIGATIONS

Training - The Prof. should be given a specid training the professor on the use of the
technology and its functiondity . The professor then will deliver this information to the student
at the beginning of a new tdeteaching class and will aso conduct with them a short hands on
sesson usng the gpplication.

Ul - The Ul must support the Prof.. student local communication link. We suggested the use
of an earphone and an Icon for Sgnaing arequest for aloca communication link by a student
to the professor.

AUDIO -When the globa sound leve is set higher, a larsen effect is created. We suggest
suggested the use of earphones dso for the global communication link. We also suggested that
the global sound level would be set in advance and it would be controlled by the professor
only.

AUDIO - The use of the earphonesis suggested for the loca communication link and need to
be tested for these functions. Other options to overcome the larsen effect should be tested by
the l[ab aswdll

Field of reference- Can the professor move while using the white board or does he need to
gt and stay at the same podtion through out the course? Do we need a specid camera to
follow his movement?
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Room Architecture - Is a U shape room architecture would have any effect on the Prof./
sudent interaction? Would it have any effect on the students/students interaction?

Two Cameras - Do the students need a document camera in order to present visua
information? can we mix between the cameras signa? Can we use a mirror behind each
student? If we change the set up to U shape can we use a white board behind each student to
present the information (loca white board)?

Shared workspace - How can the professor present his termind 's screen to the students? Is
usng a globad computer screen a good solution? What is the best software for locad and
globa screen sharing? Which oneis the best to run on an HP station

THIRD PROTOTYPE and SCENARIO

Description

Based on the results of our studies with the second prototype we modified the application and
developed athird prototype. Our goad was to test the issue that were raised during the second
trial. We added two new components to the setup; a whiteboard behind one of the student
and agloba shared workspace using aBarco in front of the classroom.

Three subjects participated in this trid ; a professor and two students. The professor
participated in the firg trid and was familiar with the technology. Both students were experts
in usng the technology.

The students sat in arow and were given a amilar task to that of the second trid. They were
asked to design the computer configuration for the existing setup. One student  used
Timbuktu as his shared work software, and the other used the whiteboard behind him for the
same function. During the firgt haf of the trid, the students were asked to use the earphones
when engaged in aloca communication link . During the second haf the use of the earphones
was optiond.

Prior to the actud lesson we conducted a short training session with the Prof. He was given a
15min. introduction to the application and its functions. He then transferred this knowledge to
the students and conducted a short handson session.

Methodology

We used the same procedure asin the previous experiments.

MAIN FINDINGS and AREAS For INVESTIGATION

Task execution

The professor preferred using the white board behind him to present information formation to
the classroom rather than using the globa computer screen.

SCREEN S ZE - Although we replace the Prof. monitor screen to abigger sze it was il too

amdl especidly when he was engaged in a globa communication link. When we used a wide
angle lens for the globd view of the classsoom the Stuation got worse. To overcome the
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problem the use of PIP technology was suggested whereby we split the screen and we show
different parts of the cdasssoom smultaneoudy. The danger here is that we can loose the
gpatia coherency and the natura motion of the classroom.

Audio Video Link- When aloca communication link was in progress, seeing the Prof. image
on the globa screen without hearing him disturbed the other student who was not engaged in
the conversation. We proposed three solutions to this problem:

1. Using afreeze image of the Prof., without motion
2. Portraying only aside view of the Prof. on the global screen.

3. "Background noise feedback- All students will be able to hear (not to listen to ) the locd
conversation as a background noise. Y, theissue of privacy should be investigate here.

4. A message would gppear on the globa screen which will indicate "Prof. is engaged in a
local communication link"

Audio - Both sudents were satisfied with the sound qudity of the earphones. When
ingtructed not to use them the sound from the loudspesaker was not a problem.

Training- Theinitid training had a pogitive effect on the use of the technology by the students
and the professor. for example, the trangtion between the globa communication link to the
local one and vise versawas very smooth for both parties.

Ul/ Gesture- Both students were concerned with the fact " how should | attract the Prof.
attention? " How would | know that he received or saw my request? "Shdl | use hands
gesture to atract the Prof. attention via the globa screen”. Our suggestion for this was thet in
to request aloca communication link with the Prof. the students can use hands gesture yet,
functions on the Ul will be far more effective.

While using the Ul to request a link a message should appear on the students screen which
will indicate that the message was received by the Prof. and that he will connect with the him
ASAP. At the same time, a gpeciad earcon should indicate to the Prof. that someone iswaiting
foralocd link.

Audio- An earcone should be heard while the Prof. is browsing around to indicate his entry
to the student local screen.

Shared Work Space- The white board is a good solution only when a shred software is not
avalable

Task- The task was too smple and not well prepared by the Prof. and might had an effect on
the students and the professor 's performance and use of technology. A well prepared
chdlenging task should be taught by the Prof. The student(s) Prof. action and interaction
should be tested under this condition.

Architecture- No specid issue were raised regarding the classsoom architecture; a row
shape. A U shape room architecture should be tested as wll.

EPFL-Eurecom Internal Report 31



[llumination-The lighting conditions of the rooms should be tested as wdl especidly when
using the Barco.

FOURTH TRIAL

Description

To invedigate the above we modified the exigting prototype based on the result of the
previous trid. This time the students were sted in a U shape postion. Each student was
provided with a whiteboard right behind him. The workspace of each student was illuminated
by alocd light .

Three subjects participated in this trid ; a professor and two students. All were experts with
the use of the teleteaching application.

The students sat in a U shape classroom and were taught a new task: introduction to the use
of Hyper Card. Both students were unfamiliar to the subject area and were eager learn it.
Each student was provided with a white board behind him to present visua information. In
addition, Timbuktu, the shared software was available to one of the students. The students
were asked to use the earphones throughout the trial.

The Prof. who was an expert in the subject area was given one hour to prepare for this
teleteaching course. Prior to the preparation we conducted a short training sesson with him.
He then a the beginning of his class indructed the students on the various uses of the
technology and conducted a short hands on trid.

MAIN FINDINGSand AREASFOR INVESTIGATION

Training - During the training the students were not instructed on the use of the board and as
areault did not use it. Teeteaching training should include al components of the teleteacing
environmen.

[llumination - The illumination of the student working environment was very bad. Usng a
table lamp effected the globa view, however, it did not effect the local one. We had to find a
solution to illuminate the classroom without effecting the Barco presentation.

Architecture- The U shape was as effective as the row one. The room architecture might
have a greater effect on the interaction when alarge number of sudents are involved.

Learning curve - The experienced Prof. and the students made very smooth trangition
between the global screen to thelocd one and vise versa.

Based on the five trids and the four prototypes we came up with the spec.[5] for the
teleteaching set up. The flexibility of the gpplication dlowed us to conduct iterative
modification during the implementation period.

Pardld to the implementation phase we conducted two studies which investigated the use of
ISDN and ATM links for a teleteaching purposes. The results of which are presented in two
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reports. Revitdl Marom, Lydia Goldberg, Pascd Gros, "Remote Technology Project
Evduation: An Assessment of a Teleteaching Environment” Research Report N° 93-003
Eurecom, December 1993. The second research report is dill inits stage of analyss.

In the following section wewill provide you with thea brief review of the two studies

During the summer of 1993 we conducted an evauation sudy of a red life teleteaching
course. The two teleteaching sessons were conducted between Canada and France using
an ISDN link switch (56kb/s). Based on quditative evaluation methods, this study was
designed to investigate which factors impact the learning and  the teaching experiencesin these
setups from a technologica and psychologica point of view (e.g. socid presence, technicd
capabilities of the system etc.). Thirty of Eurécom students participated in an HCI course that
was taught by a professor dtuated in Canada. A computer scientist, a communications
oecidist and a psychologist were involved in the desgn and evdudtion of this set up and
goplication. The study reveded tha the main problem of the teleteaching process is the lack
of interaction between the professor and the students. Thisis aresult of the inadequacy of the
technology to support this function and the lack of experience by al participants in using the
technology. One of our main concluson is that To replace faceto-face ingtruction, an
optimization of verba and non-verba interaction must be designed. Courses must be planned
for a maximum information transference and acceptable levels of presence must be
experienced by dl participants. Perhaps a re conceptudization of what distance teaching is,
would be necessary rather than atempting to duplicate a norma classroom dtuation. We
should begin to think of new ways video tranamitted data and images can be used for distance
ingtruction. For instance, the system could be idedl for one-to-one tutoring between a student
and a teacher where the shared workspace is used in conjunction with the audio/ video link.

In another evduation study which was conducted during this fdl an Image Andyss Coding
course was taught smultaneoudy by a professor in France to two groups of students in two
different locations. One group was copresent with the professor in Eurecom, France and the
other was remotely located in EPFL, Switzerland. Our objective in this study was to conduct
a comparison between a wide bandwidth link (ATM- 34 Mbps per second) and a narrow
bandwidth one (ISDN 2x64) used for the teleteaching propose. The use of the two types of
links dlowed us to have two views of each Ste; direct view and peripherd view. The direct
view served as a link between  the students a the remote Site and the professor and the
peripherd one served as alink between the copresent group and the remote one. Both setups
designed by the students who participated in the course. An iterative desgn modification
was conducted by al the sudents at the end of each session.

Based on qualitative evauaion methods the study was designed to investigated some of the
following variables which are gpecificadly connected to remote teaching:

1. Professor orientation to the spatia configuration
2. Students orientation towards the specia configuration
3. Use of artifact; camera, documents etc. by al participants.

4. Adaptation to the technology by dl participants
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5. Style/ pattern of interaction by copresent and remote participants.

At present the data from this gudy is being anadyzed in collaboration with a group of
psychologists and sociologist from Xerox Parc and CNRS in Lyon.

The following are some of the preiminary unprocessed findings
Lausanne

Thedirect connection during thefirst day was viathe ISDN link while the peripheral one was
via the ATM. Consequently, the students found the setup to be frustrating and inadequeate.
The Professor image was often fuzzy and text could not be read clearly.

The students experienced lack of spatid representation of the Eurecom environment due to
the location of the camera and the screens a Eurécom. They couldn't locate the direction of
the gaze of their peers and the professor.

The ddlay in the image and sound transmisson did not interfere with the learning process
when no interaction was required. However, when needed to interact with the remote ste
"delays give the feding that the other oneis not reacting normally”

The remote students experienced difficulties in reading the text from the screen. It was
suggested that a hard copy of the dides should be available to al remote students while the
professor image will be projected onto the screen ™ The propose of a course isto listen to a
professor explains verbaly otherwise you can read the text on your own'.

After changing the link so that the direct connection was viaan ATM and the periphera one
was viaan ISDN, the students reported that "a better quality picture of the professor made
it more suitable for concentration during the lesson.

Synchronizing the cameras positions in both Stes resulted in ™ anew fedling of a coherent view
what we saw on the left Sde was on the left Side in Sophiaand vise versa'

Sophia Antipolis

The periphera back view of the sudents in Laussane was perceived as "' seeing the students
from the back was not that interesting”.

Using the ISDN link for peripheral awareness was percelved as "The qudity of the video was
not a problem for us it was sufficient enough to be aware who is there and what they are
doing even if we had to make some efforts with the AicTd link.

During the firgt sesson, the Professor placed more emphasis on the remote class and
neglected the local one. He was preoccupied with the quality of the images in Lausanne and
was concerned with the increase learning difficulties for the EPFL group as a result of the
distance.
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When using the BETEL link for a periphera awareness , the high qudity periphera image of
the remote Site supported the interaction between both groups of students. Y et the sudents
report that "in teleteaching we should support the between the professor and the remote Site
and not between the students themselves'

During the firgt class the "peripherd” monitor was in a more dominant position and attracted
more atention than the professor himsdf. This dStuation was changed when we placed the
monitor in aless dominant place.

Appendex B: The use of adaptive filtering for echo cancellation

Reference [8] describes the principles of adaptive filtering based on the least-squares
approximetion, and develops a few agorithms, among which the Gradient, or Least Mean
Square adgorithm (LMS). The same notations as [8] have been adopted here. In this notation,

X(K) represents the sample at instant k
X (k) represents the vector of the N most recent samples at time k
d(k) isthe vector of the N filter coefficients at time k

e x(k) d € go(k) U
é U é U
gX(k- N+1)H ggN—l(k)EI

where
y(K) is the sample coming from the microphone & time K
gK) isthe error a time k

The loudspesker, room and B-microphone (see Figure 1) can be modeled by a system whose
impulse response a ingant k is h(K) :

y(K)
>
h(k)
X(K)
¢

Fig. 1. Moddisation of loudspeaker, room and B microphoneand  where
x(K) isthe sgna going to the spesker and y(Kk) the one coming from
the microphone
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To cancel the acougtiica echo, the signd g (K) >X(K) , with g(k) © R(K), must be

subtracted from y(k) (see Figure 2). The filter §(k) then moddlises ﬁ(k). In this case, the
output Sgnd k) isidenticaly zero.

y() + e(k)
>

h(k) d(k)

x(K)

Fig. 2. Thereisno echowhen g(k)©° ﬁ(k)

However, as the system response (k) (room response) is of infinite length, it is impossible
to completely cance echo with afinitelength filter §(K) . Furthermore, h(k) may vary with
time (for example by moving the microphone). The laiter justifies the use of adaptive filtering,
to make §(K) as close as possible to h(K), a any time A lagt argument in favor of

adaptive filtering is that there isno a priori knowledge of the room impulse response. Adaptive
filtering is made in two distinct Seps

» the filtering, where the error is computed :
e(k+1) =y(k+1)- g" (K)X(k+1) (1)
« the updating of the coefficients §(K) , using the error e(k+1).

The second phase varies in complexity and in computing time, depending on the agorithm
selected. For most redl-time gpplications, the gradient (LMS) algorithm is preferred, as it has
the advantages of an easy implementation, and shorter compute time. On a digitd sgnd
processor, filtering uses N cycles, and coefficient updating uses 2N cycles. For this
dgorithms, the updating takes the form :

g(k +1) =g(k) + Ke(k + DX(k +1) %))
where K represents the adaptation step.

The two steps of adaptive filtering can be seen on figure 3.
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y(k) + e(k)
>

h(k) LMS

x(K)

-

Fig. 3. Feedback of e(k) on the filter coefficients with
emphasis on the adaptation process

The convergence time and stability of the system depend heavily on the value of the adaptation
gep K. If K is chosen too smdll, the adaptation will be very dow, but the error gk), after
convergence, will be very low and no ingtability hazard will be observed. If K is too high, not
only the error may not be minimum, but there is arisk that the filter will diverge. In [8], one
can see that the maximum value of the adaptation stlep depends on the length N of the filter

and on the input signal power S )2((k) , asfollows:

2

KEZT 723
Ns 2 (k)

3

Thisinequdity yields the following remarks

» When N increases, K decreases, therefore the agorithm converges more dowly. This
introduces a necessary trade-off between a correct echo cancellation (N ® ¥ ) and a fast
adaptation.

* This stability relationship is approximatdy valid when it is close to adaptation process. It is
therefore necessary to keep a security margin on K; generaly, afactor of 4 is used.

» K may be a congtant; in this case, it is necessary to take into account the least favorable
case in the edimation of the signd power of X(K), to guarantee stability. However, this
method would heavily pendize the adaptation speed for sgnds which do not use the full
dynamics of the system. But one could be tempted to say the following :

The convergence is a trandtory phenomenon lasting only a few seconds,
which can be neglected in regard to the duration of a teleconference tak. We
can therefore use a amdl adaptation step K, accepting this pendty on the
convergence, which smplifies the dgorithm, and dso improves echo
cancelletion.

The echo atenuation is improved by lowering K only if the computing accuracy is infinite,
which is of course impossble. Consequently, the agorithm will converge only up to the point
where the product Ke(k+1) is equa to 1 LSB. Beyond that point, the coefficient updating
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reducesto g(k +1) =g(k)+ OX(k +1); there is no more adaptation. So it can be
noticed thet if K is smadl, the resdud error will remain high, which proscribes this method in
our case.

Taking in account the second remark above, the adaptation step becomes :

Ko _ 1
= —0—vith Ko = 4
Ns 2(k) 0 T2 )
The signd power S )z((k) isthen :
2 N T
sx(k)= ax"(i) =x" (k)xx(k) 5
i=k

Cdculating the sgnad power using this equation, is favorably heavy, asit needs N cycleson a
DSP, as much as the filtering operation. It must be noticed that the accuracy of the result need
not be high; asmple estimation may be more than enough. We will therefore use the following
recursve estimation, usng much less computing power :

$5(k)=bSi(k- D) +(L- b)x*(k) ()

where b represents the memory factor. If b = 0, the estimator has no memory, and in this
case, S )z((k) :Xz(k), which no longer represents the power of the X (k) vector, but the
power of the sample x(k) would have disastrous consequences on the stability of the filter.

Actudly, the estimator must have enough memory to “remember” the contribution of a new
sample until the vector X (K) . has been computed. Taking the value

b=N05 @)

the estimator S )2((k) will ill contain a contribution of 50% from the oldest sample x(k-

N+1), which is enough if one is avare of the security margin taken in account in the
computation of K (factor KQ).

Thereis another recursive method for the computing of Sgna power :

2 k-4, 2 2 2
sx(k)= ax®(i) =sx(k-1)+x"(k)- x“(k- N+1) (8
i=k
The contribution of the oldest sample is subtracted, then the newest is added. It can be
noticed that this method is not an gpproximation. One must take in account that squaring a
number needs twice the word width. If double precison is not conserved, an error will

accumulate with every iteration, which will make S )2( (k) grow toirfinity.

We will andlyze the three possible scenarios between both participants A and B, then examine
how the adaptation evolve and the effects of the filter on speech.

* When neither participantsis speaking
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In this case, the filter has no effect on the Sgnds, asthese are null or very wesk. However, the
adaptation step tends to infinite because sgna power is tending to zero. It must be noticed
that theoreticaly, the sysem should not adapt; introducing X (K) = 0 in (2), we obtain
d(k +1) =9(k). Nevertheless, as the signd X (K) is actudly never zero, the system
adapts on ambient noise. At first sght, this Stuation seems favorable, since the system is adle
to adapt in the absence of speech, but actudly it introduces a problem, as we will seeit in the
last case. So provison must be made that the system stops adapting when the participants do
not talk, or in other words, to saturate the adaptation step K is assigned to a value Kmgx to
suppress or at least to reduce ambient noise.

» When one participant istalking

If participant A is taking, the canceler on B will adapt. On the other hand, on sde A
(supposing A aso has an echo canceller), X(K) is zero, so the adaptation step will tend to
infinite. Substituting X (K) @D in (1), one can see that the error signdl becomes equd to the
ouput  €(k+1) Cy(k+1). Introducing that in (2, we obtan
g(k +1) €g(k) + Ky(k +1)X(k +1). Remembering tha K is very high, and that
X (k) is never equa to zero because of the ambient noise, the system will try to adapt, but

randomly, which is definitdly not desrable, and that will in turn digort the voice of the A
talker.

* When both participantstalk

Fird, it must be remarked that this happens normdly only during a short while (except in
French political debates); one will findly let the other speak, and we go back to the preceding
scenario. During the short moment of overlap, the adeptations a A and B will change
randomly and both voices will be distorted.

This shows the importance of saturating the adaptation step to Kmax to avoid voice distortion
and a bad echo cancdlation. With n representing the RMS vaue of the noise in the sgnds
x(k) and y(k), the following relation on Kmay alows to stop the adaptation on the ambient
noise:

- 1 LSB
Kmacn> <1 LSBU Ky <=5 ©
n
This inequdity is not very redrictive due to the squaring of the noise (which is supposed

wesk). On the other hand, the restriction on scenario 2 is more important :

1LSB

s}
Consequently, only the latter expression will be considered. It is not easy to know &t priori the
RMS vaue of the room noise. Neverthdess, a good estimation of it can be made, supposing
that the room is quiet and that the microphone is close to the participant. In this case, the
sgna/noise ratio SNR close to the microphone is estimated to about 45 dB. On the other
hand, it is reasonable to estimate that the sgnd uses up dmogt the full dynamic range of the

KmaxMSz <1 LSBU K < (10)
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system. In this case, for a speech sgnd, the RMS voltage of the input Sgna S )2( is about

0.25 (versus the full dynamic range). From this, we can deduce the noise voltage n:

[ 2 / 2 2
S ~ Sy
x -g5/B0 n=X%p nfs2 =X =0.3540°3
n S/'B S/'B
With a 16 bit quantification, we find for Kmax :
Km 1 LSB @) 87 (12)
n1[
Algorithm
The different steps described are summarized :
Initidization
{

#define N=length filter
#define Kg=0.5 /* security factor */

%(0) =9(0)=0

o — 0.87 for 16 bits quantification

}
For every ingtant k

{
read x(k) et y(k)
insart x(K) in X (K - 1)
compute e(K) = y(K) - §" (k - 1) xx(K)
computeéi(k):béi(k- 1) +(1- b)x?(k)

compute K =
x(k)

if KSKmax then K=Kmax

update g(k) = g(k - 1) + Ke(k)x (k)

send e(k)

Computing time and performances of the system

(11)

Computing time varies linearly with length N of filter. Filtering and coefficient updating require
respectively N and 2N ingtructions, and a few more ingructions are necessary for the other
deps of the dgorithm. It is important to notice that these computing times are valid only

EPFL-Eurecom Internal Report



congdering a sSgna processor adle to execute in pardld and in one clock cycle dl the
following groups of indructions:

 multiplying two regigers followed by an accumulation,
» loading a coefficient and a sample in registers with auto-incrementation of pointers,
* decrementing a counter with a conditiona jump at the beginning of the loop.

In this application, a telephony pass band has been used (300-3400 Hz), dlowing a sampling
frequency of 8 kHz. With a DSP clock frequency of 20 MHz, we have 2500 machine cycles
at our disposd, distributed as follows:

* 820 cydesfor filtering,

» 1640 cyclesfor coefficients update,

* 40 cyclesfor computing the adaptation step and other routines.

A filter length of 820 with a sampling frequency of 8 kHz yidds a time span of 102.5 ms This
time represents a path of about 35 m for sound propageating in air. Consequently, the canceller
cannot “see” any echo path longer than 35 m, as it will not be able to find a corrdation
between loudspesker output and the microphone input signds. This emphasizes the
importance of the room reverberation time as it dlows to estimate the resdud leve 102.5 ms
after the extinction of the source.

When eva uating the prototype, we measured the echo attenuation in atest room a 20 dB. A
measure of the room reverberation time showed us that the sgna decreased by 20 dB in
102.5 ms. The performances of the system seem to be closely related to the acoustics of the
particular room.

Appendex C. Measured Performance of the teleteaching platform

M easur ement tool and scenarios

A smple tool, caled ttcp, was used to measure throughputs. This tool alows users to create
messages of various lengths for studying memory to memory trandfer effects between two
workgtations. It is necessary to send alarge enough amount of data lasting several seconds to
obtain accurate measurements. In this study, the averaged memory to memory throughputs of
TCP/IP and UDP/IP were gathered, by varying the messages szes, sending the same
messages repestedly until 16 MB of data were transferred, and repegting each measurement
ten times. The default parametersin Table 1 were used.

Parametersin Bytes TCP/IP UDP/IP
Socket Send Buffer Size 24578 9000
(SO_SNDBUF)

Socket Recalve Buffer Sze 24578 18032
(SO_RCVBUF)

Window Size 24578 N/A

Maximum  Sggment Sze 4312 N/A

(MSS)
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Maximum  Trander  Unit 4352 4352
(MTU)

Totd Amount of Daa 16M 16M
Transferred

Number of Tralls 10 10

Table 1 Default parameters used in this study

The Round Trip Time (RTT) measurements are made using a sandard UNIX utility called
ping. It alows users from any host to send a small packet to a remote host and wait for the
returned packet which contains the RTT information, and this operation can repeat a number
of times (100 is used in this Sudy) and Satisticson RTT can then be collected.

During the measurement, both CPUs were dedicated for transmitting or receiving data with no
other active processes running while the measurements were taking place, and there was no
other traffic in the FDDI ring and at the BETEL links between EPFL and EURECOM when
measuring BETEL tdeteaching network performance. The checksums were on dl protocols
except UDP.

M easurement in local FDDI environment

The measurements were taken between two SUN Sparcl0 sations model 51 running Sun
OS 4.1.3, with a clock frequency of 40 MHz and 64 MB of RAM. They were placed one
meter gpart and connected by an FDDI ring a the Laboratory of Telecommunications at
EPFL. The FDDI interfaces used were SunLink FDDI/S (verson 1.0) with a Maximum
Transfer Unit (MTU) of 4352 bytes.

Figure 1 shows that TCP/IP and UDP/IP throughputs vary with message sizes. For larger
messages, UDPJIP has larger throughputs than TCP/IP while the converse is true for small
messages. This is because smaler messages have more overhead in UDP.

Moreover, there is adrop in UDP/IP throughput when the message size is near 4325 or 8649
bytes. This is the fragmentation effect. The UDP/IP throughputs are reduced because
fragmentation and reassembly need additiona processng and CPU power. Moreover, the
throughputs decresse since the first fragmentation takes place. If one of the fragments is log,
the UDP datagram cannot be reassembled and so it is discarded. Hence more packets are
logt for smdler throughputs.

Furthermore, the percentage of the UDP packet that are lost aso increases with message
szes. The fragmentation effects discussed above is one of the reasons. Another is the buffer
overrun at the receiver Sde. The sender transmits much too fast for the receiver to process dl
incoming packets. The larger messages occupy more buffer space. Therefore, the buffer
overrun a the recelver end takes place more frequently for larger messages. In addition, about
10% of the UDP/IP messages are logt with message size of 128 bytes, due to high processing
overheads and high frequency of I/O interrupts for very smal messages.

On the other hand, the TCP/IP throughputs do not perform fragmentation because the MSSis
lessthan the MTU sze. The throughput increases steadily until it reaches its maximum at aoout
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5 MB/s. For transporting the same amount of data, larger messages need less system cdls and
processing overhead, hence yidd higher throughputs.

Throughputsand L ossesvs. M essage Sizes
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Fig. 1. Performance measurements between two Sparc 10 stations over FDDI

In summary, this sudy using ttcp to measure maximum throughputs suggests that UDP/IP
(without UDP checksum) could achieve maximum throughputs of 7.3 MB/s for message Sze
of up to 4K bytes with maximum 20% losses while TCP/IP has a maximum throughput of 5
MB/s for message sizes over 4K bytes. Thus, if the MTU of 4K is used between EPFL and
EURECOM, UDP/IP could have a maximum of 6 MB/s uni-directiond video transmisson
using 2K byte video packets with maximum 0.3% losses, 256 byte UDP/IP datagrams could
be used if maximum 0.4% of lossrate is acceptable for audio transmission.

M easurement on the BETEL teleteaching platform

The BETEL teleteaching network performance measurements were taken between two Sun
Sparcgtations 10 running Sun OS 4.1.3. The Sparcstation at EPFL, equipped with SunLink
FDDI/S LAN interface, is of mode 51 with a clock frequency of 40 MHz, while the another
one a EURECOM is of modd 31 (36 MHz clock frequency) with Daul-Attach FDDI
interface from Network Peripherds).

The maximum TCP/IP throughput measured, usng the same tool and same method as the
previous study (described in section 5.1.1), is shown in Figure 2. At steady state, about 1.05
MByte/s bandwidth on top of TCP/IP level can be available for the teletutoring application on
the BETEL teleteaching platform. Since the two workstations do not have exactly the same
configuration, using Sparcl0 modd 51 as the sender and Sparcl0 modd 31 being the
receiver can obtain higher TCP/IP throughput (1.1 MByte/s when TSDU is 2 KBytes or
greater).
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TCP/IP Throughput between EPFL and EURECOM
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Fig. 2. Maximum TCP/IP throughputsin the BETEL teleteaching platform

o

The average RTT needed to travel between the two SparclO dations via the BETEL
teleteaching network is given in Fgure 3. The measurement is done using ping utility. This
graph shows that it will take on average about 13 ms for asmal TSDU of 128 bytes to make
around trip, for example, from EPFL to EURECOM, and back to EPFL.

EPFL-Eurecom BETEL Round Trip TimevsTSDU
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Fg. 3. Average RTT in BETEL teeteaching platform

These results indicate there is enough bandwidth available for the teleteaching application, and
confirm that the BETEL teleteaching network is a long fat network which has large
bandwidth-delay product. TCP is not suited for transport redl-time audio and video data and
the dternative is thus UDP. Moreover, the bottleneck here is not in the network (i.e.
bandwidth) but at the endsystems.
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Appendex D. Theoretical Workstation Performance Evaluation

1. Introduction

The god of this document is to evaduate the performance limitations of the workgtation to be
used in the Betd project, especially with regards to the video conference part of the
application. A basic assumption is that only two-party video conferences will have to be
established.

The system under study comprises:

¢ aSun SPARCsation 10 model 51 (50 Mhz, 64 MB RAM, 1 GB Disk)

e a Padlax Xvideo acquistion board including the CL550B JPEG compression chip
from C-Cube Microsystems

* an FDDI board (Sunlink FDDI/S)

The document is partly based on similar studies of other systems using the same compression
chip and a comparable workgtation architecture [12, 13]. This study will focus on three
different topics, namely the performance limitations introduced by the Pardlax board, by the
systemn bus and by the network and will try to deduce from these eval uations theoretical upper
bound vaues for image sze, number of images per second as wdl as an estimation of the
maximum end-to-end throughput.

2. Performance of the video acquisition board

2.1. Architecture of the Parallax board

The architecture of the Pardlax video acquisition board is presented in figure 1. The andog
video sgnd is digitized and the resulting data is stored into the card’s own frame buffer. The
frames are then transferred via the video channels to the C-Cube chip to be compressed.
Finaly the compressed signd is sent via DMA (Direct Memory Access) to the workstation's

man memory.

2.2. Performance evaluation

According to the previoudy mentioned architecture, two eements are likely to impose a
limitation to the performance of the board, namely the compression chip and the pixd bus.

According to the compression chip specification, the chip is able to process 30 images per
second a full resolution, and should not therefore, if these vaues are confirmed, be a
limitation.
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On the other hand, the throughput at which the video frames are moved on the board itsdf are
not unlimited. As a matter of fact, the pixel bus of the Parallax board comprises two 15
Mpix/s video channds - one unidirectiona, one bi-directiond - cagpable of carrying 45
Mbytes's of data[7]. That is, one pixel can be processed every 66.67 ns.

* R
XVideo
|I——o G
Frame Buffer
* B
A| :
D\u/i: 15'\CAEM Se(l: Video Video
A laeo -hannels FIFO FIFO
S-bus Crosspoint Switch
JPEG vid
R Image Di itize .,
DMA Compressor gitize
transfers A
\/ Analog
Video IN |

Figure 1: Simplified Architecture of the Parallax board

The compresson or decompression timeisthe same and isthelineszein x (line_sze) plusthe
line oriented overhead times the line count in y (line_cnt) plus the vertica oriented overhead.
The turnaround time is the time it takes to change the mode on the CL550 from
decompression to compression or vice versa. Itsvaueis 700 write cycles at 240 ns per cycle,
namely 168 ps.

In the context of a two-party video conference, the Pardlax board has to compress the
outgoing video sgnd and to decompress the incoming one. The full cycle of operations within
the refresh time of one image is then:

(compression time) + (turnaround time) + (decompression time) + (turnaround time)
with

compression time for oneimage : Ct = ((line_sze + 16)*(line_cnt + 2))*66.67ns 2

decompressontimefor oneimage: Dt = ((line_size + 16)*(line_cnt + 2))*66.67ns

2 The line oriented and vertical oriented overhead values come from [1]
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The red-time condraints of the video conference impose the following relaion, where n isthe
refresh rate for the images, or in other words the number of images per second:

1/q>= Ct + Dt + 2*turnaround_time

The two important parameters which can have an influence on the performance of the board
are then the image sze and the refresh rate. The above rdaions dlow us, assuming some
amplifications, to express the conditions these parameters must fulfill to dlow red-time video
processing.
Assumptions.

» theline oriented and vertical oriented overheads are neglected as afirst gpproximation

 the turnaround time is neglected (for PAL images its vaue is about 100 times smaller

than the compression time)

* length and width of theimagein a4:3 ratio

The maxima vaues for the image Sze and refresh rate are then expressed asfollows:

1/n=2*(line_size* (3/4* line_size))*66.67*10-9

line sze2 * n= 10/

Examples. n=25images's --> max 9ze=632x 474
Sze =768 x 625 (PAL) -->  Nmax = 16 images/s
The above expression gives a good approximation of the refresh rate that can be expected for

a defined image Sze and vice versa. A more accurate caculation gives the following results,
which imply a data rate (uncompressed video) of about 173 Mbps.

Imagesize Refresh rate
620 x 465 25 images/s
768 x 625 (PAL) 15 images's

The previous results show that the transmisson of TV-like qudity (PAL, 25 imagess) is
beyond the capabilities of the Paralax board.
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3. Performances of the workstation

3.1. Architecture of the SPARCstation

Thanks to the efficient architecture of the Pardllax board, in particular the presence of the
frame buffer and of the compresson chip on the board itself, only compressed image frames
are sent on the system bus. For each video connection, data has to cross the system bus twice
(from the frame buffer to the sysem memory and from the sysem memory to the network
interface), that isto say four times for atwo-party video conference.

MBus
64 -bit
40 Mhz
Super Memory System
SPARC < < Controller < | Memory
128 bit data
MBus-SBus
Interface
Parallax > video Out
- Board
oar <— video IN
FDDI
<> Board <4— FDDI network
SBus

32-bit
40 Mhz \/

Figure 2: SPARCstation 10 Architecture

According to the architecture of the SPARCgation (figure 2), the bottleneck aong the
previoudy mentioned path is the SBus itsdlf, as the MBus is twice fagter [9]. Actudly, an
important benefit of this architecture is that even when the SBus is performing datatransfers at
peak transfers rates, there is fill Sgnificant bandwidth available to the CPU on the MBus, eg.
to run the shared application.

If one assumes a sustained bit rate of 50 Mbytes's on the SBus (according to Sun's technical
paper [9]), as well as an optima data multiplexing on the bus, the bandwidth available for
each video dream is then 12.5 Mbytes's. This vaue is, however, far too optimistic as it
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neglects the overhead for bus arbitration and above dl the behavior and load of the CPU
itsdf. Thus a more accurate modd hasto be investigated.

3.2. Data path through the system

Severd aspects of the workgtation’s architecture, gpart from the processor, have an influence
on the overal performance for networking, in particular the sysem bus and the memory
subsystem characterigtics. In order to better quantify their respective impact, a first step
congsts in examining the path taken by the data as it passes through a conventiona protocol
dack. Thispathisillustrated in figure 3[14].

Sender Receiver
X server X server
ey hifferin F---- oo o2 2 system call interface system call interface__ _ _ -luse “ erlng R
{ | socket layer | | socket layer | Iayer
A UDP ] [ UDP ]
kernd A kerne
bifeing | [P ] [P | buifeing

interface driver interface driver

network MAC | |=9| [metwork MAC

network interface network interface

Figure 3: Data pathsin a conventional protocol stack

In the Betd configuration, the dataiis first sent via DMA from the Pardlax board to the system
memory and then copied in the user memory to be processed by the gpplication (namely the
Audio Video Supervisor (AVYS)). A supplementary copy operation, which does not appear
explicitly on this figure, happens in the user buffer space, due to the software architecture of
the Pardlax board. As a matter of fact, the frames copied from system memory to user
memory are firs processed by the X server and then trandferred to the X client (AVS). This
latter invokes then a system cal to send the data. The data is copied by the socket layer into
the kernd memory (‘'mbufs buffers), whereit is processed by the protocol layers.

At that stage the UDP checksum is optionaly computed, according to the corresponding
setting. The deectivation of this checksum could avoid a supplementary and perhaps not
necessary accessto the data.

Findly the data is copied out to the network interface (FDDI board) usng DMA. On the
recave pah the behavior of the system is smilar, implying the same amount of daa
movements between the different subsystems of the workstation.
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3.3. Performance modd

The theoretica performance of the workstation may be evaduated by usng a smple model
presented in [10]. In thismodd the service time, namely the time taken by an individud server
to process a packet, is broken up into two parts:

» A fixed per-packet service time, including:
- filtering of packets by the network interface
- dataink layer, network layer and transport layer processing
- interrupt processing, memory management and context switching

* Anincrementa service time that varies with packet Sze, indluding:
- data movement between host main memory and the network interface
- data movement between host main memory and the video board
- data movement from (to) system memory to (from) user memory
- error checking overhead (optional)

Finally the throughput (number of packets per second) is defined as follows:

1
fixed sarvice time + incrementa sarvicetime

Throughput =

3.4. Evaluation of thefixed servicetime

As far as the fixed service time is concerned, theoretical estimations and measurements for a
comparable system (DECdtation 5000/200) have evauated its vaue at about 400 ps per
packet [10]. In order to estimate this vaue for the SPARCgation a smple approach is to
scde this service time with the CPU speed and SPECmarks rating of the system. According
to the hardware specification of the two workstations (see the performance quick reference
card in [16] p.41, for example), the performance ratio is gpproximately 2 in favor of Sun.
Scding by this factor, the fixed per-packet service time for the SPARCdation is expected to
be about 200us.

3.5. Evaluation of theincremental servicetime
The incremental processing overhead of packets is primarily due to data movement, namely:

 DMA video acquisition board <--> system memory

* COpy Systemmemory --> user memory

e copy usermemory (X server) -->system memory (X client)
* COpy Usermemory --> system memory

* DMA sysemmemory <--> network interface (FDDI board)
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* (reed sysemmemory --> UDP layer)

According to the measurements results published in [17], the sustained CPU/Memory bit rate
of the SPARCdation is about 220 Mbps for copy operations and 350 Mbps for read
operations. These relatively low values, at least in comparison with the 2300 Mbps theoretical
peek hit rate, are due to the low cache hit rate typica in such data movements. Subsequently,
the transfer of a packet from user to systerm memory (and vice versa) will take about 149 ps.3

Regarding the DMA tranders, it is generdly possible to transfer large blocks of data in a
sangle bus transaction, thereby achieving transfer rates close to the limits of the main memory
and 1/0 bus speed. The data transfer can proceed concurrently with activity by the processor,

athough contention for main memory access may induce processor stals during periods of

heavy DMA traffic.

A dmplified model of these transactions is to have two servers involved in processng a
packet, one is the DMA engine and the other is the processor itsdf performing the fixed per-
packet processing at the driver and higher layers. According to [10] the host CPU is the
bottleneck in this modd. Therefore these DMA transfers may be considered as happening in
pardld with CPU norma packet processng and having amost no impact on the overdl
performance of the system. However, to take into account the contention for memory, in other
words to quantify the effect of the DMA engine stedling cycles from the processor, one cycle
is conddered as being stolen from the CPU for every long word (4 bytes) transferred. For the
50 MHz CPU of the SPARCdation, this pendty implies a supplementary service time of
about 20,5 s per packet.4

3.6. Performance evaluation
Applying the previoudy mentioned vaues to the expresson defining the throughput and

assuming UDP packets of 4 Kbytes, the maximum trander rate ddivered by the
SPARCd4ation for an unidirectiona video connection may be evaduated, namely:

UDP without checksum:
throughput = 4096 = 6 Mbytes/s
200 ps+ 3.(145 ps) + 2.(20,5) us
UDP with checksum
throughput = 4096 = 5.3 Mbytes/s
200 ps+ 3.(245 ps) + 2.(20,5) us+ 94 us
3 transfer time = 4096 [bytes/packet] . 8 [bits/byte] = 149 . 1076 [s/packet]

220.106 [bits/s]

4 Numerical results are for 4096 bytes packets
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As far as bi-directiond video connection is concerned, the haf of the above vaues may be
congdered as an upper bound vaue of the throughput, implying a maximum data rate across
the system of about 3 Mbytes/s (2.65 Mbytes/s with checksum).

The previous results, which imply a 100% CPU utilization, are consstent with those obtained
in dmilar sudies with roughly equivdent HP and DEC workstations [10, 16].

4. Performance of the network

Another possible performance bottleneck of the video conference system is given by the
network (FDDI, ATM) and the access interface to the FDDI ring.

Regarding the bandwidth at disposd, the theoretica maximum vaues for abi-directiona video
connection are the following:

* ATM network : 4,25 Mbytes/s >
» FDDI network : 6,25 Mbytes/s ¢
 FDDI interface . 7 45Mbytes/s”

The maximum data rate of the network is then within the same order as its corresponding
vaue in the workgtation. However, it is worth mentioning that due to the different protocol
overheads necessary to trangport | P packets over the ATM network, the effective throughput
(i.e. of useful information) of thislatter will not exceed 2,6 Mbytes's. [17]

5. Comparison with experimental results

In order to evaduate the relevance of the previous estimations, the theoretica results obtained
are compared with experimental measurements performed on the system under study. These
gudies have been done in a very locad environment without taking into account the Betel
network configuration, in particular the overheads ariang from the termind adapter and the
routers. These studies are only concerned with the performance of the customers premises
networks but can be used to vaidate the theoreticad mode presented in chapter 3. Two types
of measurements have been performed so far,

» thefirst one addresses raw data transfer at the transport layer (Appendex C)
» the second one measures the end-to-end throughput of a video connection obtained
with the current implementation of the Audio Video Supervisor.

5 ATM link: 34 Mbits/s in each direction (maximum value)
6 FDDI = shared media --> 50 Mbits/s for each direction

7 According to Sun
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5.1. Datatransfer performance

The experiment considered in Appendex C addresses the maximum performance of transport
layer protocals (in particular UDP) in function of the packet Size. The data is transferred from
workgstation memory to workstation memory via an FDDI ring. Theoretica and experimental
results are compared in the context of an unidirectiona data transfer.

If one applies the theoreticadl modd presented in chapter 3.3 to this raw data trandfer, the
incremental service time comprises the copy operation from user memory to system memory
and the DMA transfer from system memory to the network interface (i.e. penalty imposed on
the CPU by the DMA trandfer). The throughput can then be expressed as follows:

throughput = p (p = packet size in bytes)
FST +IST (p)
with FST = 200 [p<packet]
IST(p) = p( _8  + 1 ) = 45.10°9 p[spacket]
220.10°6 4.50.10°6

The experimental and theoretica curves are represented in figure 4.
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Figure4: Comparison of Data Transfer Performances

The throughput expressed in function of the packet Size is an expression of the form
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— p
f(p) = a+bp

Thus the Sope a origin is equal to 1/5, or in other words is the inverse of the fixed service

time. The good match of the two curves for small packet szes show that the estimated FST
vaue of 200 usis very accurate.

For large packets, however, the difference between theoretical and measured results becomes
ggnificant. This can be explaned if one consders a maximum throughput of the FDDI
interface of about 9 Mbytes/s, which for large packets tend to be the bottleneck in the system.
Moreover, it is dso possble that the effect of DMA trandfers on the CPU (contention for
memory) has been under-estimated. The dotted curve on the previous figure (which takes into
account the DMA transfer time or in other words does not congider it as happening in pardle
with norma CPU processing) tend to confirm this explanation.

5.2. Video Communication

The results presented in chapter 3.6 seem far too optimistic when compared with the
maximum throughput measured on an unidirectiona video connection established between two
workgtations. As a matter of fact, the mean end-to-end data rate measured is about 5,9
Mbps, in other words eight times smaler than its corresponding theoretica vaue.

This difference arises from the implicit assumption made in the performance evauation that the
different operations performed by the workgtation to capture and transmit moving images
(image digitization and compression, image transfer into host memory, packetizetion and data
transfer) occur in pardld. In fact, this approach doesn't take into account the way the
goplication controlling the video conference is implemented. In the sysem considered the
gpplication isimplemented as a single process and thus al the operations described previoudy
occur sequentialy.

In addition, and according to a bug report from Pardlax, the maxima performance of the
board is lower than previoudy supposed, namdy 13 PAL images per second for an
unidirectional connection.

According to the previous remarks a more accurate performance evauation may be
performed, based on the following parameters.

* imagesze=384x 287 (the quarter of aPAL image)

» average compressed image sze : 20 Kbytes (i.e. five 4 Kbytes UDP packets are
needed to transfer one compressed image)

» assumed DMA speed of 50 Mbytes/s

To take into account the gpplication overhead incurred during image processing (in particular
context switching, X overhead), the fixed service time per packet has been doubled. To alow
computation of the end-to-end throughput, the incrementa service time which refers to images
is expressed in terms of average processing time per packet.
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The incremental service time required by each sequentid operation can be edtimated
(according to chapter 3.5):

* image digitization and compression
* DMA to sysem memory (SM)

e copy SM - user memory (X server)
e copy UM (X server)- UM (X client)

19,2 msimege --> 3,8 mgpkt
409,6 psimege --> 82 pgpkt
7447 psimage  --> 149 pgpkt
744,77 pdimege  --> 149 ug/pkt

e copy UM (X client) - SM --> 149 ug/pkt
 DMA SM - network interface --> 82 ugpkt

The gpplication of the previous vaues to the expression presented in chapter 3.3 gives the
following result:

theoretica throughput = 6,75 Mbps

Thisresult is very close to the measured vaue of 5,9 Mbps. The difference should mainly arise
from the variable Sze of a compressed image which isin generd not an integer multiple of the
optima packet size and thus reduces the transmission efficiency.

6. Conclusion

This study has tried to explore the potential performance limitations of the video conference
system to be used in the Betel project.

Regarding video acquisition, theoretical calculations have shown that PAL images (768 x 625)
can be refreshed up to 15 images per second, whereas the maximum sze a 25 images/s is
about 620 x 465. These vaues arise from the 15 Mpix/s maxima throughput between the
frame buffer and the compression chip but seem somewhat optimistic in comparison with the
actud performance published by the manufacturer in arecent bug report.

As far as the throughput is concerned, this document has shown that the bottleneck seemsto
be the workstation itself, and in particular the video acquistion board. Sustained data rate of
about 6 Mbytes's (unidirectiona) seems to be the upper bound limit of currently avallable
hardware. Measurements of the effective throughput reached by current implementation of the
video conference system shows a drop in performance by a factor 8 in comparison with the
expected value. A part of this difference could be suppressed, however, by better exploiting
the inherent pardldism of the different operations involved in capturing and transmitting video.
Not dlowed by the time frame of the Betel project, the conception and implementation of a
more efficient video control software could be a matter of further studly.

In concluson, even if it is not optima for supporting video conference, the hardware
architecture of the SPARCdation seems to be efficient enough to support the teleteaching
gpplication foreseen in the Betd project. In particular, the CPU should be powerful enough
and should have enough bandwidth free on the MBus to perform other activities in parale
with the video conference. However, as the potentia of the workstation is not totaly
exploited, the god of fully utilizing the 34 Mbps links at disposa cannot be achieved in the
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short term if only one workstation is allocated to each participant. Therefore the use of severd
workstations per participant, each one fulfilling a specific task (e.g. capture and send video,
receive and display video, share teaching application), seems the safest short term solution
towards thisgod.

References

[1]

[2]

[3]

[4]
[3]

[6]

[7]
[8]

[9]
[10]

[11]
[12]
[13]

[14]

[15]

[16]

Martin, O. H., "Broadband Exchange over Trans-European Links (BETEL)", Proc.
SMDS Conference, Amsterdam, November 1993.

Martin, O. H., "A Perspective on the shifBETEL Project”, the 15th Speedup
Workshop on "Visudization and Networking", Lugano, Switzerland, on March 17-18,
1994.

Y. Le Moan, "Data Transfer Service Specification”, BETEL internd document, CIT-5,
April 1993.

Y. LeMoan, "Traffic Matrix", BETEL internal document CIT-8, May 1993.

D. A. Norman, S. W. Draper, User Centered System Design : new prospect on Human
Computer Interaction, Lawrence Erlbaum Associates Hillsdaie, NJ, 1986.

R. Marom, P. Gros, "Remote teaching application : ergonomics/Ul specifications’,
BETEL interna document, EUR-001, May 1993.

XVideo Technical Overview Release 1.0, Parallax Graphics, Inc. 1991.

M. Kunt, Techniques modernes de traitement numérique des signaux, Collection
Electricité, Presse Polytechniques et Universitaire Romandes, 1991, pp. 175-190.

SPARCdation 10 System Architecture: Technica White Paper, 1992.

K. Ramkrishnan, "Performances Condderations in Designing Network Interfaces”
|EEE JSAC, February 1993.

Jacobson, V. Leres, C., and McCanne, S. TCPDUMP(1), 1992.
V2 Hardware Functional Specification 2.0. DEC, 1993.

G. Conti, "Theoreticd Performance Evduation of Video Conferencing usng the V2
Compression Board", Technical Report, EPFL DI-LTI, 1993.

D. Banks, M. Prudence, "A High-Performance Network Architecture for a PA-RISC
Workstation", IEEE JSAC, Feburary 1993.

P. Druschd et a., "Network Subsystem Design: A Case for an Integrated Data Path”,
Technica Report, University of Arizona, 1993.

HP Apollo 9000 Series 700 Performance Brief, 1992.

EPFL-Eurecom Internal Report 56



[17] Y. Le Moan, "Effective Bandwidth a B.UNI for the LAN interconnection Service
Supported by ATM Based Broadband Networks®, Betel Internal document CIT-9,
June 1993.

EPFL-Eurecom Internal Report 57



