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ABSTRACT

Increased capacity of the network will also provide the
possibility to transmit pictures and sound. This is of particular
interest if speeches, presentations or lectures have to be
recorded or transmitted in order to make them accessible at a
different location or to a larger auditorium. Very often
additional information has to be transmitted simultaneously as
for example the visualization of overhead slides or PowerPoint
presentations with additional annotations. Up to now this has
not been possible or only with a large number of staff and
financial expenditure and thus is refused in many cases. This
paper describes the construction and the functionality of a
digital lectern named "Speaker’s Corner" that solves the
problems described above and also allows the use of
conventional media.

Keywords: teleteaching, digital lectern, video capturing,
presentation, digital annotations

INTRODUCTION

The available working speed of the computers as well as
the continuously increasing transmission capacity of the
network allows retrieving extensive information from the
Internet. Thus it is possible to provide pictures and sound as
well as video films next to pure text-based information, which
leads to an increase of the number of video sequences as a
carrier of information over the Internet. It is therefore obvious
to use these possibilities also for education and teaching
purposes. However, education makes very specific demands in
the technical support required. It is characterized by a large
number of necessary media that are frequently changed or used
simultaneously. It is also characteristic that very often

analogous and digital media are mixed. If a new device is set
up to support education and in particular lectures all
requirements have to be fulfilled by the new technical
possibilities.

However, in spite of these possibilities it is still very
complex or almost impossible to provide sound, pictures and
additional information like a PowerPoint presentation to the
user over the Internet simultaneously. On the other hand there
is an increasing demand for work on given project tasks
without being physically present at the work place.
Teleteaching, teleworking or network-based work are activities
which are becoming more and more popular. They are used if
the available technique is sufficient to process the information
in an acceptable way. However, especially in the field of
teleteaching, teleconferencing or telelearning the given
technical constraints prevent the user from applying these
methods in an effective way. The necessary expenditure does
not justify the additional benefit. The arising costs are currently
not justifiable, especially because the devices can only be used
for a specific purpose.

MOTIVATION

Teleconferencing, teleteaching and telelearning have the
highest technical demands on the available technology since
several pieces of information must be transmitted
synchronously. Especially in the field of teleteaching the
available video conferencing systems or other whiteboard
systems are not sufficient since they only provide a peer-to-
peer connection. In many cases these systems only transfer
sound and pictures to another location, additional visualizations
like photographs, demonstration objects or PowerPoint
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presentations were captured by the video camera instead of the
speaker’s image. In many cases the resolution is very poor and
thus a noticeable loss of information occurs. In order to counter
these circumstances the image of the speaker is not transferred
but only the PowerPoint presentation with acoustic
explanations. Video conferencing systems usually include no
streaming facilities and thus a digital storing of the signals on a
server is not possible. Due to the peer-to-peer-characteristic the
number of subscribers is often limited to one station which
needs specialized and expensive hardware to receive and
decode the signal. However, in the field of education in
particular the transmission of the audio signal and the picture of
the speaker is not sufficient. The explanation of complex
material requires additional types of information such as the
represention of demonstration objects or the creation of
drawings in addition to the prepared documents (PowerPoint
slides).

In order to create a complete lecture including the
speaker’s image, sound and a PowerPoint presentation with
additional annotations and to provide it on the Internet a large
technical expenditure is necessary [1]. The speaker himself
must not be impeded during the presentation so that a second
person is needed to handle the technical equipment. This
person must be present during the complete presentation time.
Particularly the reworking of the generated data is very time-
consuming since the video image of the speaker must be cut
and synchronized with the PowerPoint presentation. This
synchronization of the video picture with the PowerPoint
presentation can only be done manually, an additional
synchronization of the annotations to the PowerPoint slides has
not been possible so far. For these additional tasks time is
needed that is ten times as long as the actual lecture time and
thus such a presentation becomes very time consuming and cost
intensive. Furthermore, the extensive post-editing has the
disadvantage that a large offset arises between the time of the
actual presentation and its digital availability on the webserver.
This chronological misalignment is not acceptable in many
cases, for instance if the presentations are given in a rapid,
chronological order and the listeners want to assist live or over
the Internet respectively. Such a situation can occur for
example within a lecture series for the repetition of the given
presentation or for the preparation of the following presentation
(lecture).

Up to now the problem of the synchronic integration of
additional annotations in a PowerPoint presentation has not
been solved. PowerPoint also offers the functionality of
annotations. However, these annotations are not permanently
on the slides. A paging within the slides always results in the
disappearance of the created annotations. Furthermore, no ways
have been found to visualize and integrate demonstration
objects in a presentation. It might be necessary to employ an
additional second person to operate the camera and register
such objects. However, this results in a disturbance of the
lecture, both for the speakers and for the listeners that assist the
presentation.

CONTRIBUTIONS

In the proposed paper a possibility is introduced that
allows to carry out a presentation, to acquire sound and
pictures, to digitize them and to make them available to the user
without a time delay. It is possible to present additional
annotations to the PowerPoint slides and to integrate the
visualization of transparency films or demonstration objects
and to synchronize them with the presentation. Most of the
tasks run automatically or can be done by the speaker without
additional effort. The second person which has been needed up
to now as well as the extensive reworking of the data can be
eliminated and the publication time is reduced. Since the
lecture is streamed and made available on a server the number
of subscribers is - in contrast to a video conferencing system -
almost unlimited. The recipient does not need extensive
hardware anymore but free viewer programs are sufficient.
However, it has to be noted that this is not a full duplex
communication line but only a distributing system (one-way
communication line) as it is usually needed for teleteaching. A
dialogue between the speaker and the audience in the net is
thus not possible.

Furthermore it is introduced how the possibilities
described above are integrated in a complete device, the so-
called "Speaker’s Corner". The device allows the presenter to
fulfill all tasks without disturbing him. With the exception of an
external beamer "Speaker’s Corner" contains all the necessary
devices. Beside the easy operation the technical preparation
time for a lecture can also be reduced to a minimum. First field
reports of the use of the digital lectern in a lecture series show
how the requirements were met.

REQUIREMENTS

In order to receive a comprehensive overview of the
needed requirements an Internet-questionnaire has to be filled
in by the potential customers, followed by a statistical
evaluation which shows the most needed functionalities and
requirements. The digital lectern has to fulfill the following
technical requirements:

e Video capturing of the speaker: For the complete
recording of all relevant information it is necessary
that the speaker can be seen in the picture. It is
important that no dangerous cables are placed within
the auditory in order to connect the camera to the
digital lectern.

e Audio capturing of the speaker: Next to the picture an
important carrier of information is the audio channel.
Thus it is necessary to have an audio channel that is
synchronized to the picture and that is also digitized.
Furthermore it has to be possible to capture the audio
signal of the speaker either from an integrated
microphone, to amplify and to replay it or to use the
audio equipment available in the lecture room and to
connect it to the digital lectern.
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Technical support of the on-site presentation: The new
device is supposed to support also an on site
presentation next to the task of the presentation
streaming. There is for example the possibility to
connect additional visualization devices such as a
beamer so that the selected signal sources can be
visualized. In the same way a sound system must be
integrated in the device.

Flexibility in the information delivery: An important
requirement is that the system can process information
from several sources. First of all it must be possible to
retrieve information to be presented in advance or in
real-time over a network and to copy it on the
computer. Furthermore it must be possible to read data
from different media as for example from floppy disk,
DVD, CD or video. There should be a possibility to
connect an external computer to the device. Besides
this further peripherals are supposed to be connectable
via an USB-connection.

For universal use the system should facilitate the use
of conventional media such as paper presentations or
overhead slides. It should also allow visualization of
three-dimensional demonstration objects.

Possibility for annotations: Both with conventional
media as paper or transparency films and in the case of
digital PowerPoint presentations the possibility to
enter additional annotations must exist. These
annotations must also be included in the digital
recording of the presentation and should be
permanently available at least for the period of the
presentation.

Possibility of online-digitalization and
synchronization: All actions at the digital lectern
should be registered and digitized automatically. The
typical post-editing for cutting and synchronization
that follows a presentation should be completely
eliminated. It should be possible to provide the
presentation almost synchronically on the Internet.
Network access: In order to forward the streamed
signals but also for the distribution of information a
network access must be available. Likewise an
additional laptop must be able to communicate with
the device via a network.

Design: The new digital lectern should have an
appealing and somehow functional design. The
handling of the device should be very easy also for the
inexperienced user. Furthermore the functional design
should allow the presenter to do all the necessary
handling of the device also during the presentation.
Since the device will be used in conference halls as
well as in lecture halls there should be a protection
against abuse or demolition.

e Intuitive usage: Usage of the digital lectern should be
simple and intuitive. With that a short training period
should be possible. Only the speaker is responsible for
the handling of the device. His presentation should not
be disturbed by this additional task.

e  Mobility of the device: Due to the currently high costs
of the device schools, universities and large
conference hotels cannot afford a digital lectern for
every lecture room. Therefore the devices must be
designed to be transportable in order to move them
from one room to the other.

REALIZATION

The realization of this given requirements has lead to a
new product named ,,Speaker’s Corner®. It is described in two
parts, the realization of the design and the technical realization.
It is, of course the goal to optimally combine the requirements
of design and technique in one single device.

REALIZATION OF THE DESIGN

For the design basically functional aspects were taken into
account. However, "Speaker’s Corner" should also have an
appealing outfit. At first different design studies were carried
out in order to determine the best solution (Figure 1) [2].

Fig. 1 Different design studies
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All solutions provide sufficient space for the feet in order
to allow comfortable working. A height adjustment guarantees
an ergonomic height of digital lectern for the individual user.
All controls for the operation of the presentation as well as for
switching to the different signal sources are within the user’s
view and reach. This is particularly important for the WACOM
tablet since this is used for the presentation and also for the
annotations. Additional compartments allow the storage of
additional accessories within the device. The basis of the
device was designed large enough to guarantee secure
handling.

The design propositions 1 to 3 in particular offer the
possibility to integrate the entire equipment into a case in order
to provide adequate protection against unauthorized use. This
requirement is not completely achieved by design proposition 4
since the work surface of ,,Speaker’s Corner” remains almost
unprotected. Nevertheless this proposition was realized for
aesthetic reasons. The reason is that all the other design
propositions look very awkward and are therefore a small
stimulus for using the digital lectern. The protection against
improper use in design proposition 4 was implemented in such
a way that in case of non-use the entire device can be put into a
box and locked. The box also provides space for all peripherals.

For the height adjustment in design proposition 4 only the
work surface, i.e. the WACOM tablet, is changed but not the
complete installation. When using the device additional work
areas can be opened on the left and the right side of the lectern
and additional space is available now to place a laptop
computer. Corresponding connections at “Speaker’s Corner”
guarantee both the network access and the power supply for
these additional devices. As can be seen from the model the
possibility exists to visualize demonstration objects, pictures or
transparency films. Since transparency slides require a back
illumination the table of the document camera was equipped
with a film that can be electrically illuminated. The film can be
turned on by a switch on the front panel of “Speaker’s Corner”.

All additional elements can be lowered in case of non-use
so that finally a slim pillar remains in which all modules are
integrated and locked. It is not necessary to open the tables of
the document camera and for the placement of the laptop
computer in order to use “Speaker’s Corner”. In this case only
the slim pillar remains but not all the functionalities of the
device can be used.

Fig. 2 General view of the device

TECHNICAL REALIZATION
The technical realization is shown in the following block
diagram (Figure 3):

Mic.

int. Iext.

Y

WACOM
Docu-CAM cPU

Speakers-CAM L——| Keyboard
Fig. 3 Block diagram of the digital lectern

The main part of "Speaker’s Corner" is a dual P4 1,7 GHz
personal computer with Windows 2000 as an operating system.
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All peripherals are connected to this computer, in addition it is
used for the presentation of the PowerPoint slides and for the
streaming of the camera signal. It provides the net accessibility
and can be used to buffer the streamed data.

For the transfer of data on this computer the available
network access can be used but also DVD, CD, floppy disk as
well as further devices connected to the USB interface.
Furthermore, an external computer can be connected to
»Speaker’s Corner via an UTP connection. In order to do this
DHCP must be activated on the guest computer. This guest
computer is connected via a crossed UTP cable and receives its
[P-address from "Speaker’s Corner" in order to realize the data
exchange. The UTP-cable is firmly connected to "Speaker’s
Corner" and can be stowed away easily in the corpus of the
lectern.

For the additional visualization of documents, transparency
films or demonstration objects an additional document camera
exists which can be activated by the speaker if required (Figure
4). The signal of this camera is represented both on the
WACOM tablet and on the connected beamer. This allows the
listeners to see the object taken by the camera and the signal is
available in video stream for the remote listeners.

The head of the document camera is turnable and
adjustable in its inclination. Thus it is possible to place the
demonstration objects not only on the table of the document
camera but also next to the digital lectern. This is of particular
interest for large demonstration objects. Furthermore the
document camera has a remote controlled zoom lens in order to
show the whole demonstration object as well as details of it.
Since the speaker is not behind the digital lectern during his
explanation but next to the demonstration object the zoom lens
of the document camera can also be controlled by an infrared
remote control.

Fig. 4 The document camera for additional visualization

The speaker’s image is taken by an external camera which
is connected to the lectern" via a 2,7 GHz wireless link. Thus it
is possible to transmit the camera signal without the placing of
cables in the auditorium. Since the speaker is physically present
in the conference room the camera signal does not appear on
the beamer but is available on the streaming signal to provide
the speaker’s image to the external listeners. When installing a
wireless link the local regulations, e.g. FCC regulations, have
to be followed. These regulations might differ in different
countries.

The camera is placed on the opposite wall of the lecture
room, it is removed from the field of view of the audience. The
camera is fix-focused onto the place of “Speaker’s Corner” and
thus reduces the freedom of movement of the speaker because
otherwise he will leave the cameras image. However, it will be
possible to have an overall view of the camera but in this case
the speaker’s image is too small for the remote auditorium.

Using a selector switch on the front panel of the device a
video recorder or another video or audio source can be
connected instead of the document camera. Depending on the
position of this selector either the PowerPoint presentation, the
signal of the document camera or the signal of the video
recorder is active and thus visible to the auditory.
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Fig. 5 Connection of the camera to “Speaker’s Corner” via a
wireless link

While placing the transmitter and the receiver of the
wireless link of the camera it has to be ensured that both
devices have a free line of sight. Objects in the propagation
path of the electro-magnetic wave lead to an additional
attenuation of the signal and influence the quality of the picture
to be transmitted.

Therefore the listeners on site only see the picture from the
selected source while the remote listener has the following
content on his screen (Figure 6).
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Fig. 6 Screen content for the remote user

In the upper left corner of the screen (Figure 6) is the
streamed picture of the speaker. Since this picture is not the
main carrier of information it was consciously chosen smaller.
Tests with users in the network brought out that the speaker’s
image is needed for psychological reasons. Otherwise the
character of a lecture gets lost. In the field below additional
information can be displayed such as the title of the lecture
and/or the name of the speaker. In the main window the most
important carrier of information is represented, i.e. the
PowerPoint presentation as well as possible annotations. If
another source is selected instead of the PowerPoint
presentation by the selector switch on the front panel of the
device, e.g. the document camera, this signal will appear in the
main window.

In addition to the video signal "Speaker’s Corner" is also
able to handle audio signals. An external audio signal can be

fed into "Speaker’s Corner" and be amplified. A microphone
can be connected to amplify the speaker’s voice via the built-in
audio booster. Thus the device is also usable in rooms which do
not have their own audio equipment.

The central input and output device of "Speaker’s Corner"
is a screen with a pen-based input device instead of a mouse.
The WACOM tablet PL-500 is a 15,1 flat screen that also
offers the possibility to perform interactions by use of a
specific pen [7]. The pen input works on an inductive principle
and thus operating errors by touching the screen with the finger
are impossible. This input device from WACOM allows the
operation of all Windows functionalities including the Office
applications like PowerPoint. The Office applications are
extended by an additional software "Just Write" [8] that allows
the attachment of annotations to a presentation by the use of the
WACOM board (Figure 7). The annotations are also added with
the inductive pen of the WACOM tablet. It is shown in Figure 7
that in the upper edge of the screen a popup-menu is available
which contains additional tools for annotations like line
thickness, pen color or simple geometrical figures.
Furthermore, there is the possibility to add slides for further
explanations. In contrast to similar Office plug-ins these
annotations are lasting i.e. they do not disappear during the
changeover onto the next slide. The annotations do not change
the original PowerPoint file but are saved in a separate file.
When restarting the presentation the speaker has to decide
whether he wants to use the already available annotations or
not. For large text entries or control instructions a keyboard is
mounted on a telescopic slider underneath the WACOM tablet.
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Fig. 7 Input menu “Just Write”

For the capturing, digitizing and streaming of the available
signals different software packages are available. Tests showed
that the software package from Real, that is Real producer, Real
server and Real Player, is most suitable for the given task. The
principle of the complete streaming is shown in Figure 8:
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Fig. 8 The principle of streaming and the client-server architecture

decompresses

The signals from the different sources are transferred to
"Speaker’s Corner", compressed and encoded by the Real
Encoder. Afterwards the signals can be stored either locally or
on a server via a network. The server manages the compressed
and coded signals. He provides the signals on request to the
clients with a resolution adapted to the available transmission
rate. Finally the clients decode and decompress the signal and
make it available to the user. If no network is available to store
the data on a server, the data can be stored first locally on the
hard disk of “Speaker’s Corner” and written on CD after the
presentation has finished.

When starting the software of "Speaker’s Corner" first a
software is started up which carries out the monitor recording.
Then the Real Producer as well as a software "Camtasia" are
started twice to record the signal from the external camera and
from the monitor recording [5]. Since both processes are started
almost simultaneously a synchronization between the two video
streams is guaranteed. The start up of the programs is done by a
batch file so that the user only has to press a single button.

In order to reduce the amount of data and to save
transmission bandwidth both video streams [3] [6] have
different graphical and chronological resolutions. The video
picture of the speaker has a resolution of 256 x 192 pixels and a
repetition rate of 15 hertz. Thus a fluent representation of the
speaker, synchronized to the audio signal, is possible. The main
frame has a resolution of 1024 x 768 pixels with a repetition
rate of 1 Hz. Between the generation of the data and the
availability on the server there is a maximum time difference of
approx. 40 s which is basically caused by the compressing and
the encoding. In addition non predictable delays arise from the
net delay and the decompression on the client’s side. The tests
carried out showed that with this chosen chronological and
graphical resolution a 90-minutes lecture produces a data
amount of approximately 900 MBytes. For the user in the
network a net transmission rate of at least 500 kB/s is required.
This will be easily realized in the very near future since the
capacity of the nets is increasing rapidly. Within the Intranets of
schools and universities, where “Speaker’s Corner” will be
mainly used, this data rate is already available [4]. At lower
transmission rates the amount of data must first be buffered
locally on the computer.

FIRST RESULTS

“Speaker’s Corner” was tested in an 8-week-experiment in
education (lectures). In this experimental phase the device was
in use for approximately 350 hours. The practical experience
showed that the device can be productively used after a 10-
minute training. Thus the training period is extremely short
compared to a longer lecture series. However, it is still too long
for a single lecture. With the help of a more user-friendly
software the expenditure to store data on a server via a network
can be reduced.

On the other hand the use of the hardware was almost free
of problems. In particular the usage of the WACOM tablet was
done very intuitively since the input is realized with a pen-like
device. Since the appearance of the desktop (normally the
PowerPoint desktop) only has insignificant changes from the
software “JustWrite” no difficulties in its usage emerged.
However, it turned out that the keyboard is needed during the
presentation in order to flip among the slides (realized by a
known PowerPoint functionality). During the presentation the
pen is in the annotation mode and used for drawing and
writing. Thus the pen is not in the mouse mode that is needed
to flip the slides. It would be possible to change the mode
within the selection menu of “JustWrite” but it is simpler to use
the available keyboard instead. The handling of the digital
lectern did not cause additional work for the speakers and no
negative influence on the presentation was noticed.

During the test phase “Speaker’s Corner” was only used in
an allocated room. The device could be moved around easily
within the room on the Teflon gliders. However, the gliders are
not suitable for longer distances between different rooms or on
an uneven floor. In order to attain better portability constructive
changes and improvements have to be made. In particular the
device should be transportable together with the box.

When using a wireless signal transmission of images and
sound of the remote speaker’s camera to “Speaker’s Corner” an
interference with wireless LANs installed in the same room
could occur. Especially when several computers are logged in
into the wireless network the channel separation between the
radio-controlled LAN and the camera link was insufficient.

CONCLUSIONS

The feasibility of a digital lectern was introduced that
supports a presentation consisting of PowerPoint slides,
additional annotations as well as audio and video signals of the
speaker. The presentation consists of different video signals
which can be streamed simultaneously. Furthermore there is the
possibility to use conventional transparency films and to
visualize demonstration objects and to include them in the
digitized video streams. A possibility is introduced to make a
complete presentation available to an auditorium over a
network as a live video stream or a digital record. The digital
lectern was designed in such a way that the handling can be
done by the speaker himself without additional operating
expenditure.
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The complete device was tested in lectures in order to
check its efficiency and its operability. It turned out that the
usage of the device is very fast and simple. However, the
operator control for administrative operations can be designed
in an even more user-friendly way.

In conclusion all requirements made in chapter
“Requirements” were met very well by the first constructed
preproduction model. So far the demand for the portability of
the device has not been completely fulfilled. Since the first
preproduction model was used in a single room, transportation
appliances had not yet been considered.

FUTURE WORK

Future work will be on a further improvement of the
operability of the digital lectern. Further tests will be carried
out in order to find additional requirements and to integrate a
re-worked concept into a new design.

While the present digital lectern was designed for
stationary use in a lecture hall the new re-worked concept will
guarantee better portability and thus a more universal use of the
device. Apart from the corresponding transportation appliances
the weight of the entire device has to be reduced.

A further improvement of performance of the hardware as
well as a further optimization of the software (in cooperation
with the involved companies) will lead to a higher resolution
and a higher frame rate in the video stream. Thus the capability
of the device is prepared for the higher bandwidth of the nets
that is expected for the future as well as for a higher
transmission capacity. This technology makes it possible to
digitize and to stream a presentation which includes additional
videos within the PowerPoint presentation. Further work will
also deal with the compression procedures and how they can
reduce the currently high amount of data. Furthermore it has to
be examined which radio-controlled links are available and
suitable to transmit the video signal of the remote camera. The
interferences with the radio-controlled LANs should thus be
eliminated. In a new model of “Speaker’s Corner” a wireless
microphone will be installed in order to guarantee more
freedom of movement to the speaker. This is necessary for
example whenever he wants to provide explanations of a
demonstration object which is not on the table of the document
camera.

Tests will be performed with a self-adjusting camera in
order to realize a larger field of motion for the speaker without
leaving the camera’s image. In addition the remote user will see
a larger image of the speaker since the camera is not set to an
overall view but is zoomed onto the speaker.

The planned revision of the existing prototype will focus
on a design that is suitable for industrial manufacturing.
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a wider range of equipment, even though overall video quality is not as good
as with QuickTime. Hardware and software needs and costs are described for
each system. (Contains 5 references and 15 resources on webcasting.) (TD)

Reproductions supplied by EDRS are the best that can be made
from the original document.
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LIVE BROADCASTING ONLINE:
INTERACTIVE TRAINING FOR RURAL SPECIAL EDUCATORS

Abstract

This paper describes how to use a desktop computer and inexpensive software plus a PC or Macintosh streaming
server to deliver live interactive class sessions via video with audio streaming on the Internet. Although the use of
Web-based instruction for preservice and inservice program delivery in special education and disability services is
expanding rapidly, most existing programs rely primarily on text presentation and asynchronous (delayed time)
technologies such as threaded discussions. Relatively little use has been made to date of the Web’s multimedia
capabilities or synchronous (real time) technologies such as audio- or videoconferencing. The use of webcasting
technology (both simulcasts in real time and re-broadcasts on demand) represents a fairly inexpensive, simple to use
mechanism for delivering personnel preparation programs for practitioners working in early intervention, special
education, or adult disability services in rural areas without the need for high bandwidth connections. The distance
education program in Severe/Multiple Disabilities and Early Intervention Special Education at West Virginia
University has successfully utilized webcasting technology to deliver a graduate certification and degree program to
practicing but uncertified special educators working in rural areas of the United States as well as in several other
locations around the world.

Objectives
The paper will accomplish five (5) objectives:

1. todescribe the application of live and archived webcasting technology to personnel preparation programs for
rural special educators;

2. toillustrate hardware and software needed to create, deliver, and receive webcasts;

3. to present initial evaluation data on participant performance and perceptions;

4. to discuss the pros and cons of using webcasting for preservice and inservice training and

5. to disseminate information about resources helpful in planning for webcasting.

The procedures and outcomes described in this project may be useful for college and university faculty and/or state
and local school personnel who are currently using or may be considering web-based training options in rural areas.

Introduction to the Webcasting Project

Effective and efficient personnel preparation programs at the preservice and inservice level are essential in insuring
a free appropriate public education for all children, but especially in rural areas, where staff recruitment, retention,
and development are critical issues. Emerging technologies offer promising solutions to the challenges colleges and
universities as well as state and local education agencies face in providing accessible and appropriate training to
rural special educators. The webcasting technology described in this session is an innovative approach to helping
special education personnel acquire knowledge and skills needed to deliver best practices in rural schools and to
acquiring full credentials for licensure/certification in special education or disability services.

Background of the Webcasting Project
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Technology-mediated distance education is rapidly becoming widely used for personnel preparation in special
education at both the preservice and inservice levels. Today’s telecommunications technologies allow quality
programs to be delivered to many individuals effectively and efficiently without the barriers of time and space
(Howard et al,, 1992). A number of universities are now using distance education to address critical personnel
shortages, especially in low incidence disabilities and in rural areas (Ludlow, 1998). Although web-based
instruction is just now being explored for its distance education potential, it has many promising applications in
teacher education in special education. Web-based instruction is especially appropriate for on-the-job training of
practitioners because it allows learners to work at home or school to process materials at their own pace, to interact
with the instructor and other practitioners as needed, and to receive individually designed feedback as they apply
information to real world settings (Kelker et al. 1992; Kendal, 1992). Recent availability of streaming media and
higher bandwidth connections now permit the delivery of live interactive sessions on the Internet in real time.
Teacher education programs can harness the potential of this exciting new technology to develop more accessible,
lower cost distance education programs.

Description of the Webcasting Project

West Virginia University (WVU) has offered a distance education program at the graduate level leading to teaching
certification and a Master's degree in either Severe/Multiple Disabilities or Early Intervention/Early Childhood
Special Education since 1990. All courses in these programs have been offered via unencrypted C-band satellite
transmission to individuals attending at colleges, schools, public libraries, and other public sites throughout West
Virginia and the surrounding Appalachian region. However, frequent requests by individuals living in more remote
rural areas in this region, in other parts of the country without satellite access, or in international locations outside
the satellite footprint (signal distribution area) prompted the program coordinator to consider how the program could
accommodate these prospective students and expand its service area. In response to this demand, the program has
begun to utilize webcasting technology since 2001 to transmit class sessions over the Internet to individuals without
satellite access, by means of both web simulcasts and re-broadcasts.

Web simulcasts. Web simulcasts are live class sessions streamed over the Internet at the same time as
satellite broadcasts. They are delivered to students who live outside the state borders of West Virginia, primarily in
other areas of the United States that do not have satellite access. These students view each simulcast on a desktop
computer at their home or workplace during the class session hours from 5:00 to 7:00 p.m. one night per week
throughout the academic semester. They interact with the instructor and other students in the course by calling a
toll-free telephone number to access the course audio conference bridging system. Both instructor and simulcast
student must make allowances for a 10 to 30 second delay between the time a question is asked or a problem is
posed on air and the time the distant student is able to respond to it. If the student uses a phone modem to access
the Web, s/he must use a second phone line or a cellular phone to make calls during class time.

Web re-broadcasts. Web re-broadcasts are archived class sessions streamed over the Internet after each
live class session that can be accessed on demand at any time. They are delivered to students who live outside
continental North America where time zone differences do not permit viewing of simulcasts. They also are
available to all students in the course (including those who participate by satellite transmission or simulcasts) as a
mechanism for reviewing course content or as a means of making up class sessions missed due to technical
problems or personal reasons. These students view each re-broadcast on a desktop computer at their home or
workplace but obviously they cannot interact in real time with the instructor or other students during the live class
session. To simulate live interactions with international students, the instructor provides them with discussion
questions and class activities one week prior to each scheduled class session and invites them to send written -~
comments which s/he then reads during the live class session. These students also have other opportunities to
interact with their classmates through a variety of structured and unstructured online activities during the course.

Developing and Delivering Webcasts

The hardware and software needed to implement webcasting technology is readily available, simple to
install and operate, and low in cost for instructor and leamner. The WVU Program has used two (2) different systems
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to deliver webcasts, one primarily a Macintosh computer-based system and the other a Wintel computer-based
system. Each of these systems is described below along with cost estimates for setting them up.

1. QuickTime streaming format

Apple’s QuickTime streaming format is the casicst system to use for webcasting, especially for those with relatively
little technology expertise. The QuickTime tools are the least expensive and most user friendly for audio and video
streaming, whether in real or delayed time mode (Sauer, 2001). QuickTime also has the dual advantages of cross-
platform compatibility and high quality images with "skip protection” technology (Waggoner, 2001).

QuickTime streaming was used for webcasts during the first year of the project, and the instructor and media
producer worked with students to identify and solve problems and fine-tune the system. They concluded that
Apple’s QuickTime streaming provided high quality video but only a single stream of 56Kbps, which was too fast
for some phone modems and too slow for high speed connections. In general, the QuickTime webcasts offered
excellent results with cable modem or fiber line internet connections, but only fair results with 56K telephone
modem access; the international sites were able to get good audio signal but no video signal.

The program coordinator purchased all hardware and software using internal grant funds in the summer preceding
the first academic year of the project. The media producer set up an Apple OSX streaming server in a departmental
office and obtained a static Internet Protocol (IP) address and a dedicated access line from university administration.
He also installed Sorenson Broadcaster software on an Apple Powerbook 5300 (laptop selected for easy transport to
and from the broadcast studio during classes) to create the live streams and a copy of Quicktime 4.0 Pro to convert
the archived files to a Web-friendly format. Finally, he created a special icon and page within the WebCT course
management system software where students could select individual links for the live and archived streams. The
program coordinator wrote an extensive set of directions illustrated with screen shots to assist students in preparing
their computers for webcasts; these directions were added to the WebCT course system as an HTML page with
links to other Web sites.

At the broadcast studio, the production switcher was connected to the Powerbook with a cable and to another
desktop computer within the studio so that the producer could monitor the live streams. The Broadcaster software
was used to convert the output from the studio switcher on the fly into a Quicktime audio and video stream using the
Real Time Streaming Protocol (RTSP). A single stream was sent to the program server at another location where
students could access the class session via a link within the university's WebCT course management software.
During the class session, the instructor monitored the simulcast with a desktop computer. After each broadcast,
QuickTime Pro software was used to prepare the archived files (by means of "hinting") for delivery on demand.
These archived files were then uploaded to the program server so that students could access the re-broadcasts on
demand at any time throughout the course.

In this system, the instructor requires the following equipment:

*Apple OSX streaming server equipped with a 733 MHz processor and 256 MB RAM and a 1 GB drive
with a 50 stream license with no server tax (cost about $5000)

*Apple Macintosh G3 Powerbook 5300 with 400 MHz processor speed and 250 MB RAM to house the
encoder software and facilitate transport to any site from which the class will be transmitted (for example, &
broadcast studio, the instructor’s office, etc.). (cost about $3000)

*Sorensen Broadcaster streaming software to digitize the audio and video signal at a single data rate on the
fly from the camera in real time (cost about $300)

*XLRS8 Interview external USB video capture device to convert the broadcast signal to digital video signal
prior to encoding (cost about $300)

*Apple QuickTime Pro software (cost about $30)
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TOTAL INSTRUCTOR COST FOR QT STREAMING: approximately $8630
This system requires students to have the following equipment:

*desktop computer of either platform with at least 300 MHz processor and 64 MB RAM and with audio
and video cards (cost varies because newer computers come equipped with such features while older computers may
need to have special cards installed — since students must have computers to access other Web components of the
course, this generally requires no additional costs to them)

*free copy of Apple QuickTime Player 4.0 downloaded to their computer’s desktop and installed in their
browser's plug-ins folder to view the webcasts (no cost)

TOTAL STUDENT COST FOR QT STREAMING: none
2. RealMedia Streaming Format

RealNetwork”s Real Media streaming format is another streaming system that is not too difficult or costly to use for
webcasting and is better suited to the varying nature of bandwidth currently available to end users on the Internet.
RealMedia streaming has the advantage of producing several streams at different access rates or using patented
Surestream technology to offer a single stream that automatically adjusts to the user’s access rate (Waggoner, 2001).
For this reason, the RealMedia tools are more expensive but offer greater flexibility (Sauer, 2001). In order to
insure greater access to the webcasts, the program coordinator and media producer investigated other options for
transmitting live and archived video streams, deciding to use RealMedia streaming for webcasts during all
subsequent years of the project, They concluded that RealMedia streaming provides lower quality video but the
Surestream technology allows the stream to be adjusted to the user's Internet access, making the webcasts more
accessible via telephone modems and lower bandwidth connections. The Real Media webcasts offered excellent
results with cable modem or fiber line internet connections, and good results with S6K telephone modem access; the
international sites were able to get good audio signal and fair video signal.

The program coordinator and media producer collaborated with technical personnel at the West Virginia Education
Network (EDNET) in Institute, West Virginia to transmit live webcasts and record archived webcasts for the
remaining courses in the project. EDNET personnel set up a rack-mounted Athlon ATX computer to run the encoder
software. They purchased an annual 100 stream Real Producer Pro license from RealNetworks to encode the streams
on the fly from the live satellite broadcasts and installed an internal PCI video capture card to convert the analog
signal sent from the WVU broadcast studio to digital signal. They used a Microsoft Windows NT 4.0 server to store
and serve the live and archived video streams.

In this system, the instructor requires the following equipment:

*Microsoft Windows NT server equipped with a 700 MHz dual processor and 86 MB RAM plus a 10 GB
drive (cost about $3500)

*RealNetworks RealProducer Pro streaming software to encode simulcasts and re-broadcasts with a 100
stream license (cost about $2000)

~

*Athlon ATX computer with 500 MHz processor and 64 MB RAM to house the encoder software (cost
about $1000)

*Microsoft Windows 2000 Pro server software (cost about $1000)

ViewCast Osprey 100 internal PCI video capture card to convert the broadcast signal to digital video
signal prior to encoding (cost about $200)
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Additional equipment needed if no broadcast facility is available:
TOTAL INSTRUCTOR COST FOR RM STREAMING: approximately $7700
This system requires students to have the following equipn\ent:

*desktop computer of either platform with at least 300 MHz processor and 64 MB RAM and with audio
‘and video cards (cost varies because newer computers come equipped with such features while older computers may
need to have special cards installed - since students must have computers to access other ‘Web components of the
course, this generally requires no additional costs to them) :
- \

- *free copy of RealNetworks RgalMedja Player 8.0 Basic downloaded to their computér’s desktop and
. installed in their browser’s plug-ins folder to view the webcasts
: (no cost) -

TOTAL STUDENT COST FOR RM STREAMING: none

NOTE: In the WVU program, class sessions are broadcast for satellite transmission from either a television studio
or an electronic classroom, so the audio and video signal was taken directly from the studio’s switcher and cabled
into the laptop computer for conversion to the streaming format. However, several trials were also successfully
conducted in which the simulcast was streamed directly from'the instructor’s office using a digital camera and
wireless microphone.

Additional equipment needéd if no broadcast facility is available:

*Sony DVX1000 digital camera to record video signal when not in a television production facility (cost
about $3000)

*Sony ECM44BC omni-directional lavalier microphone to record audio signal from instructor to the
camera(cost about $200)

*Bogen 3001 BN video tripod with fluid head (cost about $150)
ADDITIONAL COST IF NO STUDIO ACCESS (EITHER SYSTEM): $3350
Implications of the Webcasting Project

The WVU Webcasting Project represents an innovative model of Web-based training that has been developed,
implemented, and evaluated with practicing special educators and related services specialists in rural areas, both
locally and globally. The availability of web simulcasts has enabled students living in states other than West
Virginia to participate in the certification and degree program; to date, 10 students have enrolled in courses from
states such as California, Colorado, Florida, Indiana, New Jersey, New York, North Carolina, and Virginia. The
first student to have completed the program via the simulcast model will graduate in Spring 2003. The simulcasts
are also used frequently by students in West Virginia when they cannot access the satellite broadcasts due to
technical problems at their site or if they must be absence due to illness or bad weather. The availability of re- -
broadcasts has allowed six (6) individuals living in international areas to join the program; four students have
enrolled from Saipan, an island in the South Pacific, one has enrolled from Iceland, and another from Japan. The
first international student to complete the program via re-broadcasts graduated in Spring 2002 and two more will
finish in Spring 2003. The re-broadcasts are also used often by all students to review content or activities from the
broadcast/webcast sessions as needed throughout the course. Beginning with the Spring 2002 semester, program
staff no longer make videotape copies of class sessions for students who miss class because they can access the
webcasts online more quickly and with less effort. The program coordinator has made the decision to stay with the
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Real Media video streaming for the time being, because it is more easily accessed by a wider range of equipment,
even though the overall quality of the video image is not as good as the Quicktime streaming.

Webcasting is now a permanent component of the distance education program in Severe/Multiple Disabilities at
WVU and it may also be appropriate for other personnel preparation programs in rural areas. The advantages of
webcasting include enhanced access to training programs in even the most remote rural areas; reduction in the cost
and effort associated with duplicating videotapes copies of class sessions; and provision of opportunity for national
and even international outreach. The disadvantages of webcasting are the lower quality of the video image online
compared with high quality images via satellite; the bandwidth limitations in some areas of the country or the
world; and the continuing technical difficulties with the streaming server and the users' computers. Nevertheless,
webcasting represents a viable option for delivering instruction in real and/or delayed time as well as an acceptable
balance between program quality and accessibility.
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Resources for More Information about Webcasting

Apple products are available from http://www.apple.com

Sorenson Broadcaster is available from http:/www .sorenson.com

XLR8 products are available from http://www.xlr8.com

Microsoft products are available from http:/www.microsoft.com

Real Networks products are available from http://www.real.com

Athlon products are available from http://amd.com

Viewcast products are available from http://viewcast.com

Sony products are available from http:/www.sony.com

Bogen products are available from http:/www.bogen.com

Discount prices on media products are available from http://bhphoto.com

Austerberry, D., & Starks, G. (2002). The technology of video and audio streaming.
Burlington, MA: Focal Press.

Mack, S. (2002). Streaming media bible. New York: Hungry Minds, Inc.

Topic, M. (2002). Streaming media demystified. New York: McGraw-Hill.

Digital Video, a magazine available at no cost from http://www.dv.com
AV Multimedia Producer, a magazine available at no cost from http://www.avvideo.com
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Abstract

Background: Web-based behavior change interventions often include rich media (eg, video, audio, and large graphics). The
rationale for using rich media includes the need to reach users who are not inclined or able to use text-based website content,
encouragement of program engagement, and following the precedent set by news and sports websites.

Objectives. We describe the development of a bandwidth usage index, which seeksto provide a practical method to gauge the
extent to which websites can successfully be used within different Internet access scenarios (eg, dial-up and broadband).

Methods: We conducted three studies to measure bandwidth consumption. In Study 1, we measured the bandwidth usage index
for three video-rich websites (for smoking cessation, for caregivers, and for improving eldercare by family members). We then
estimated the number of concurrent users that could be accommodated by each website under various Internet access scenarios.
In Study 2, we sought to validate our estimated threshold number of concurrent users by testing the video-rich smoking cessation
website with different numbers of concurrent users. In Study 3, we calculated the bandwidth usage index and threshold number
of concurrent users for three versions of the smoking cessation website: the video-rich version (tested in Study 1), an audio-rich
version, and a Web-enabled CD-ROM version in which all media-rich content was placed on a CD-ROM on the client computer.

Results: In Study 1, we found that the bandwidth usage index of the video-rich websites ranged from 144 Kbps to 93 Kbps.
These results indicated that dial-up modem users would not achieve a“good user experience” with any of the three rich media
websites. Results for Study 2 confirmed that usability was compromised when the estimated threshold number of concurrent
userswas exceeded. Resultsfor Study 3 indicated that changing awebsite from video- to audio-rich content reduced the bandwidth
requirement by almost 50%, but it remained too large to alow satisfactory use in dial-up modem scenarios. The Web-enabled
CD-ROM reduced bandwidth requirements such that even a dial-up modem user could have agood user experience with therich
media content.

Conclusions: We conclude that the bandwidth usage index represents a practical tool that can help devel opers and researchers
to measure the bandwidth requirements of their websites aswell asto evaluate the feasibility of certain website designsin terms
of specific use cases. These findings are discussed in terms of reaching different groups of users as well accommodating the
intended number of concurrent users. We also discuss the promising option of using Web-enabled CD-ROMs to deliver rich
media content to users with dial-up Internet access. We introduce a number of researchable themes for improving our ability to
develop Web-based behavior change interventions that can better deliver what they promise.

(J Med I nternet Res 2005;7(4):49) doi: 10.2196/jmir.7.4.649
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Health behavior; Internet; behaviora research; rich media; video; smoking cessation; bandwidth usage index
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Introduction

The Internet holds great promise as a delivery channel for
programs designed to help people change their behaviors[1,2].
For example, a number of reports have described encouraging
results for Web-based interventions for quitting smoking [3-7],
managing diabetes [8], managing depression and stress [9,10],
and increasing exercise and losing weight [11,12]. An early
review of this burgeoning field concluded that Web-based
interventions were relatively more helpful than non-Web
controls across a broad range of behaviors and methodologies
[13]. One of the more impressive features of Web-based
behavior change programs is their ability to incorporate rich
media components that use video and audio.

In this report we will review some of the forces that encourage
the development of rich media websites, but we will also
examinein considerable detail thefactorsthat temper unbridled
enthusiasm for thistrend. We believe that any reasoned analysis
of the use of rich media website content should also consider
the possible barriersto itsuse. Asakey part of our analysis, we
will describe the development and testing of a practical index
for gauging the amount of bandwidth that a Web-based program
requires. We hope to highlight the ways that bandwidth
constraints associated with rich media restrict both program
reach as well as the number of concurrent end users who can
successfully use a Web-based program. We also discuss ways
that behavioral research can help elucidate how and when to

Danaher et d

use different website program ingredients, including, for
example, the use of rich media. The remainder of this section
describes the trends encouraging the use of rich media and
introduces key technology issues that set the stage for the
presentation of our investigation.

Trendsand Assumptions That Encourage Use of Rich
Media

Developing rich media is an expensive proposition [14].
Nonetheless, the use of rich mediain Web-based programs has
been encouraged by complementary technology trends: (1) the
dramatic reduction in the cost and complexity of rich media
recording and editing tools, (2) the fact that rich media is a
defining characteristic of CD-ROM multimediatraining [15-17],
(3) the emergence of programming tools that reduce the
complexity of delivering audio and video in websites, (4) the
use of rich media content in anumber of commercia websites
(eg, sports, news, and entertainment sites) and company intranets
[18], and (5) the growing number of househol dswith broadband
Internet access both in the United States [19] and the world
[20]. Currently, more than 204 million people in the United
States have home Internet access [19]. In August 2004, 51.4%
of active Internet users connected from home using broadband
connections. Among narrowband users, 39% use 56 Kbps
modems, 6% use 28/33.3 Kbps modems, and 3.6% use 14.4
Kbps modems [19,21]. In summary, just under half of home
usersin the United States connect to the Internet at 56 Kbps or
less (Figure 1).

Figure 1. Web connection speed trendsin US homes (used with permission [21])
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The emergence of rich mediawebsites has al so been encouraged
by anumber of assumptions made by behavior change program
developers: (1) onlinevideo and audio presentations help reach
the audiencethat isnot able or inclined to interact with websites
that use text-based content; (2) rich mediamay be more effective
than text in conveying emotional content and subtle
interpersonal  communications [22]—issues that may be
particularly pertinent to many behavior change programs; (3)
by varying rich media components, Web-based programs can
deliver tailored content that is more closely aligned with the
racial, ethnic, and demographic characteristics of users (eg,
varying the ethnicity or age of video models can affect
acceptability and impact [23]); and (4) the entertainment value
of rich media can help overcome problems of participant
recruitment and program engagement that seem to afflict many
Web-based programs. A recent study on cancer communication
materials found that participants preferred multimedia which
combined text, spoken audio, and animation compared with
presentations that involved text only, audio only, or text and
synchronized audio [24,25].

Technical Consider ations

In this section we briefly introduce a number of technical
considerations that affect website bandwidth constraints,
including the size of rich media, ways to deliver rich media,
calculating the extent of concurrent website usage, and typical
bandwidth bottlenecks. Our discussion will only briefly touch
upon the vast wealth of technological detail and resources
associated with Internet content delivery/distribution. We
encourage interested readers to explore this ream by first
consulting the useful framework presented by Bush and his
colleagues [26], followed by review of severa excellent texts
[27-29].

Web-Delivered Rich Media

Rich mediacontent delivered over the Web typically undergoes
anumber of changesin order to reduceits absol ute size (number
of bits of data) while maintaining an acceptable level of clarity
and attractiveness (fidelity to the original) [30-32]. The smaller
the datasize of amediafile, themorerapidly it can be delivered
over the Internet to the end user. One approach to reducing the
data size of rich media involves scaling, that is, reducing the
frame or image size, the framerate, or the color resolution [27].
In addition to scaling, data size can be reduced by using very
sophisticated technologies that compress (remove information
that is perceptually redundant [27]) mediacontent with varying
degreesof fidelity and acceptability [28]. Video can be delivered
using a progressive download process or via streaming. In our
experience, progressive download provides better fidelity with
fewer interruptions and fewer problems synchronizing video
with audible speech (correctly timing speaker’slips and voice).
Synchronization problems of thistype are very distracting, and,
as aresult, they significantly degrade usability [33]. Finaly, it
ispossiblefor websitesto preload or push rich mediato the end
user before such content is selected for viewing [34], but this
approach works best when the user has abroadband connection
and when rich media selections are few in number or can be
predicted reliably ahead of user selection (not typical of rich
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media behavior change websites). Corporate examples of
preloading can be found in media content stored in cache on
proxy servers[27].

Concurrent Users

Website usability is greatly affected by the number of users
who access content at the sametime. Asageneral rule, because
of the asynchronous use pattern associated with most Web-based
programs, the number of concurrent usersisasmall percentage
of the total number of users eligible to access the program.
However, given that websites can be made avail able to and thus
accessed by an extremely large number of users, even a small
percentage can yield a relatively large absolute number of
concurrent users. As Salchner [35] has noted, concurrent user
estimates can be derived by calculating the average number of
user visitsthat occur each day and the average number of users
per hour that a program can support (60 divided by the duration
[in minutes] of atypical session or visit). Of course, visits are
not evenly distributed across the hours of the day. And each
user does not access the same program content (especialy in
Web-based programs with matrix information architecture
components that enable users to choose how they access
program content [2]). In summary, the number of concurrent
usersiscritically important to website usability sinceit interacts
with the avail able bandwidth (described next).

Bandwidth Bottlenecks

Most users and program developers are familiar with the term
bandwidth, which is defined as*the amount of datathat can be
transferred through a digital connection in a given time
period...[whichis] usually measured in bits or bytes per second”
[36]. The physica metaphor of a pipe is often invoked in an
effort to describe the manner in which digital connections
behave: larger pipes have greater bandwidth and they permit
faster throughput of the digital data. Aswith thelimitsimposed
by physical pipes, there are limitations on the amount of data
that can be transmitted through any digital connection.

Bandwidth constraints have significant practical implications
because, when exceeded, they can greatly increase end user
frustration and seriously degrade interaction with a website.
Consider, for example, that usability research confirms that
users have extremely limited patience when waiting for a Web
page to download [37]. The longer the wait, the less
acceptable—and hence the less usable—the website. Jakob
Nielsen, a noted Web usability expert, has recommended that
response times of less than 0.1 second are needed for the user
to feel that the system is being responsive (that the system has
“heard” and “responded” to the user’'s request) and that any
delay of greater than 1.0 second will interrupt the user’s flow
of thought [38].

There are at least four potential delivery bottlenecks that can
interact in a cumulative fashion to impede the acceptable flow
of content from the Internet to the end user [39]. The size/speed
of the digital connection at various key points in the content
delivery process has a very significant impact on bandwidth.
Figure 2 depicts the key points where throughput bottlenecks
can occur.
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Figure 2. Potential bandwidth bottlenecks
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for a very large number of concurrent users. Moreover, there
are sophisticated hardware and software solutions for handling
this type of demand. For example, major commercia Internet
content providers typically use a server farm configuration in
which one group of servers manages applications (program
logic), other servers process database activities, and yet other
servers manage the ddlivery of mediaassets (eg, graphics, audio,
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and video) [40]. However, when many concurrent users access
video-rich content, the bottleneck is defined by the bandwidth
constraints that cannot be resolved by improvements in server
hardware configuration.

Bottleneck B describesthe connection between the Internet and
the home user. It is possible that the user’s computer can be
underpowered to manage Web-based programswith rich media.
But a critically important factor at this point involves the “last
mile” challenge[41,42] (ie, bandwidth limitationsin delivering
Internet content from the service provider to the home user).
The limited bandwidth of dial-up modem users represents an
obvious example of this bottleneck. So-called broadband
connections enable home usersto download significantly greater
amounts of data per unit time from the Internet.

Bottleneck C describesthe connection between the Internet and
acompany network. Many companiesuse T1 linesthat provide
all employees with “high speed” access to the Internet, email,
and data sharing.

Bottleneck D describes the connection between a company
network and the individual employee workstation.

Summary

Rich media is becoming a frequent ingredient of Web-based
behavior change programs. As we have noted, there are forces
that encourage this trend, as well as associated bandwidth
requirements that need to be measured in order to inform the
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optimal planning, development, and delivery of Web-based
programs that use rich media.

Methods

Study 1: Three Different Web Programs

We used a relatively simple methodology to calculate the
bandwidth requirements of an Internet-based program. The
resulting metric, which we have labeled the bandwidth usage
index (BUI), can be used to define the minimum bandwidth
requirementsfor any given program and can be used to estimate
the number of concurrent usersthat can be accommodated (have
agood user experience) under varying I nternet access scenarios
(eg, ranging from using a dial-up modem to using an internal
network).

We determined the BUI for three different video-rich Web-based
behavior change programs: (1) the 1-2-3 SmokeFree smoking
cessation program [43] (Figure 3), (2) a program designed for
caregivers, and (3) aprogram designed to improve eldercare by
family members. Each of these programs was developed with
NIH Small Business |nnovation Research funding at the Oregon
Center for Applied Science, each used a modularized,
data-driven design that displayed content based upon the
interaction of logic scripts (eg, PHP), SQL databases, and
cascading style sheets, and each made extensive use of video
and audio (rich media) components. In all tests, video was
delivered using the progressive download method via a
Windows Media Player object embedded in the Web page.
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Figure 3. 1-2-3 SmokeFree Web page showing video and text components
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Specifically, we measured the amount of data received by an
end user (client computer) from a server (host computer) that
delivered representative content from each of the three rich
media Web-based programs. The 13-minute test followed a
consistent protocol described generically in Table 1 and in more

Table 1. BUI measurement protocol

technical detail (with an example) in Multimedia Appendix 1.
All testswere conducted in 2100 M bps Ethernet network, which
essentially eliminated any meaningful artifacts that would be
associated with delaysin network transmission (server response
and bandwidth constraints).

Step BUI Measurement Task

button).

Subtract the predicted noise from the bytes received calculat

© N o o &~ W DN

Convert (as needed) into Kbps to obtain the BUI.

Clear the browser cache (from MS Internet Explorer 5 x, select “Tools,” Internet Options,” “Genera” tab, and click on “Delete Files”

Access statistics for the network port that will be used by the test computer.

Determine the noise level during a period of inactivity (see Multimedia Appendix 1).

Reset the byte counters or settings for the port connected to the test computer.

Launch and then use the Web-based behavior change program in a representative manner for the designated test period.
Calculate the bytes received by the test computer at the end of the test period.

ion.

It is important to note that the end user in this test accessed a
representative portion of the behavior change program content
hosted on the server. We defined “representative portion” as a
mixture of Web pages which included text, graphics, and rich
mediacontent (audio and video) used in amanner that simulated
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atypical use case. The index or gauge of data throughput was
calculated as the total number of bits received by the client
computer from the server divided by the duration of the test
period to yield an average expressed in Kbps.
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We used the BUI calculations to predict the number of
concurrent userswho could have a satisfactory experience using
Web-based behavior change programs under a number of
different Internet access scenarios.

Study 2: BUI Validation Tests

In Study 2, we attempted to confirm the validity of our estimated
threshold number of concurrent users for the three rich media
behavior change websites we tested in Study 1. First, we used
operating system toolsto throttle a network computer (host) so
that it would allow only 768 Kbps throughput (equivalent to
the maximum throughput that would be experienced when using
aDSL /cableto accessthe Internet). Next, we used that network
computer to host the video-rich 1-2-3 SmokeFree Web-based
smoking cessation program tested in Study 1. We stationed each
of five end user participants (blind asto our earlier calculations
and hypotheses) in separate offices where they could receive
study instructions. Each end user participant used a separate
workstation connected to the company intranet, and each was
asked to clear the browser cache (Step 1 in Table 1). Finally,
each participant wasinstructed at the sametimeviatheintercom
to launch and then use the Web-based behavior change program
in a representative manner, which was described to them in
terms of activitiesto perform and pagesto visit (Step 5in Table
1). At the end of the 5-minute test period, each participant was
asked to rate the quality of their experience with the Web-based
program using the binary label of “a good experience’—the
program pages flow with little or no delay—or a “bad
experience.”

Study 3: Varying BUI in Three Versions of the Same
Web Program

We also tested the extent to which the bandwidth requirements
of asingle Web-based program might vary based upon the type
of rich media it presents and its delivery format. More
specifically, we created two new versions of the 1-2-3
SmokeFree Web-based smoking cessation program: (1) an
“audio-rich” versionin which program content had been adapted
such that video content was replaced by audio-only content,
and (2) a Web-enabled CD-ROM condition in which all
media-rich content was placed on a CD-ROM that was located
on the client computer. All program content and behavior was
otherwise identical to that found in the video-rich version of
the smoking cessation program tested in Study 1. We followed
the test protocol described in Table 1 to obtain throughput
measures (the BUI) for each of these new versionsin order to
determine how they compared to the video-rich version.
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Results

Study 1: Three Different Web Programs

The BUI for three video-rich Web-based behavior change
programs ranged from 144 Kbps for the smoking cessation
website to 93 Kbps for the eldercare website (Table 2). By
dividing thetotal amount of datathat can be transmitted (based
upon the type of Internet connection) by the BUI (the amount
of data per second being transmitted by the program), we were
able to estimate the number of concurrent users who could use
the Web-based program content. It isimportant to note that we
used the idealized throughput of various methods of accessing
the Internet, ranging from the slowest 28.8 Kbps dial-up modem
to an extremely fast 100-baseT corporate network [44,45], to
calculate the estimated number of concurrent users who could
be accommodated for each website. Many factors affect
throughput availability (eg, network noise, competition from
other applications or other users, and server and end user
hardware and system configurations). Actual throughput is
almost alwaysless (never greater) than theseidealized numbers.
Asaresult, amore precise cal cul ation of the maximum number
of concurrent users would reguire the BUI (the focus of this
report) and arepresentative measure of throughput availability.

In terms of Bottleneck A (Figure 2), Table 2 provides a useful
guide for how many concurrent users an Internet host could
accommodate. Internet service providers (ISPs) typically offer
arange of services, including increasing levels of bandwidth at
correspondingly higher costs. If the ISP offers Internet access
equivalent to T1 bandwidth, then Table 2 shows that the ISP
could host only 10 to 16 concurrent users of the rich media
programs (eg, the smoking cessation program had 1544
Kbps/144 Kbps/user = 10 users [an integer]).

In terms of Bottleneck B describing end user access to the
Internet, data displayed in Table 2 show that userswith adia-up
modem (either 28.8 or 29 Kbps or 56 Kbps) would not be able
to achieve a“good user experience” with any of the threerich
mediawebsite programs. In order to use any of these programs,
theend user would need to have at least aDSL /cabl e broadband
connection.

In terms of Bottleneck C, Table 2 indicates that al Internet
activity would be brought to a halt in a company with asingle
T1 accessto the Internet if 17 or more of its employees were to
concurrently access any of the rich media websites. Moreover,
the same result would be obtained if only 11 employees were
to concurrently accessthe smoking cessation program. Generally
speaking, companies are loath to have mission-critical business
activity interrupted in this manner.
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Table 2. Estimated number of concurrent users accommodated by three behavior change Web-based programs, by type of Internet connection

Type of Internet Access and Related Maximum Download Throughput

Concurrent Users of Rich Media Web-Based Programs

Smoking cessation Caregiver Eldercare
Connection Type Kbps BUI =144 Kbps BUI =95 Kbps BUI =93 Kbps
Dial-up 29 0 0 0
Dial-up 56 0 0 0
DSL/cable 384 2 4 4
DSL/cable 768 5 8 8
Tl 1544 10 16 16
Home WIFI from cable modem 1972 13 20 21
Home cable modem 3000 20 31 32
T3 44736 310 470 481
Internal network (100-baseT) 100000 694 1052 1075

Finally, considering Bottleneck D, data presented in Table 2
underscore the fact that the remarkable speed of network
connections means that this connection would rarely become a
bandwidth bottleneck. This conclusion would seem to
recommend that rich media programs should be placed on a
company server or, alternatively, on a server that is connected
inside the company firewall. However, few corporate IT
departments wax enthusiastic about outside servers being
connected to their networks, and there is also the challenge of
outside organizations being able to maintain and update these
serverswithinidiosyncratic I T environments. It isalso important
to note that Web-based programs are typically developed and
then demonstrated using corporate networks that present few
bandwidth constraints. Tests on corporate networks can lull the
user/client/developer into the mistaken conclusion that the
program will give a good user experience when it is delivered
over the Internet.

Study 2: BUI Validation Tests

When 5 participants accessed the video-rich version of the
smoking cessation program using a maximum download
bandwidth of 768 Kbps, all users reported that they had a good
experience with the program. The situation changed dramatically
when 6 participants concurrently accessed the same program
from within the same network environment—in this test case,
all users reported that they had an unsatisfactory experience
using the website, with reports of long delays in page loading,
videos not playing, and so forth. These results confirmed the
validity of the threshold numbers described in Table 2.
Specificaly, using the metricsin Table 2, it ispossibleto predict
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the number of concurrent users that will have a satisfactory
experience. Exceeding that threshold number completely
retrogradesthe satisfactory experience for each concurrent user.
The effect is not partia but, rather, it leads to a complete
inability to access the program.

Study 3: Varying BUI in Three Versions of the Same
Web Program

Results of the third study are presented in Table 3. Note that
changing a program from video to audio reduced bandwidth
requirements by almost 50% (from a BUI of 144 Kbpsto 65.9
Kbps), but this bandwidth requirement was still too large to
enable an end user to access this audio-rich Web-based content
using a dia-up modem. In marked contrast, using the
Web-enabled CD-ROM reduced bandwidth requirements
dramatically (from a BUI of 144 Kbps to 2.1 Kbps), which
would enable a user to easily access rich media content even
from a dia-up modem. It is also important to note that even if
a Web-enabled CD-ROM were to be used, the hardware and
software constraints become increasingly salient when Internet
access speeds increase (eg, T3 and faster), thereby enabling
more concurrent users to access hosted content. Consider, for
example, that Table 3 indicates that by using a T3 accessto the
Internet and a Web-enabled CD-ROM program format it might
be possible to host more than 21000 concurrent users. In such
circumstances, greater attention must be aff orded to the number
and type of server configurations (hardware and software)
needed to generate logic, select content, and build dynamic Web

pages.
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Table 3. Estimated number of concurrent users accommodated by three variants of the same Web-based smoking cessation program, by type of Internet

connection

Type of Internet Access and Related Maximum Download Throughput

Concurrent Usersof Variantsof a Web-Based Smoking Cessa-

tion Program

Web-Enabled CD-

Video-Rich Audio-Rich ROM

Connection Type Kbps BUI =144 Kbps BUI = 65.9 Kbps BUI = 2.1 Kbps
Dia-up 29 0 0 13
Dia-up 56 0 0 26
DSL/cable 384 2 5 182
DSL/cable 768 5 11 365
T1 1544 10 23 735
Home WIFI from cable modem 1972 13 29 939
Home cable modem* 3000 20 45 1428
T3 44736 311 678 21302
Internal network (100-baseT) 100000 694 1517 47619

" Faster cable modem download speeds up to three times this figure are emerging as providers ease bandwidth restrictions.

Discussion

In this report we have described a series of tests of the
bandwidth usage index (BUI) that confirm the value of
measuring the actual datathroughput associated with delivering
Web-based behavior change programs that have varying
amounts of rich media. We believe that the BUI or other similar
throughput measures can provide designers with important
guidance about how much rich media to include in their
Web-based programs depending upon the intended audience
and the intended number of concurrent users.

Diffusion of Technology Changes

While technology changes at avery rapid rate, it is nonetheless
also true that program designers need to take into careful
consideration the significant delays associated with the diffusion
of these changes to the large installed base of computer users.
This challengeis confronted when considering end user software
and hardware (eg, types and versions of operating systems,
browsers, and browser plug-ins like Macromedia Flash and
Adobe Acrobat; typical monitor sizes; and screen resolution
settings). It is also highly relevant when considering types of
Internet access which, in turn, affect the choice of program
ingredients. These considerations may be even more salient
when a Web-based intervention is targeted to groups that are
not as far ahead as others on the adoption curve—as in the
limited broadband penetration in rural [46] and different ethnic
and racial communities [47]. Moreover, the adoption rate for
broadband Internet access may slow down [21,48].

Tradeoffsto Delivering Digital Content

Delivering digital content is fraught with tradeoffs regarding
costs, reach, and scalability. If a Web-based program usesrich
media content, then the calculations we describe in this report
indicate that the program will not be usable for approximately
half of US Internet users who still use dial-up modems. Even
if you target awebsite to userswhose broadband I nternet access
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provides them with more than sufficient bandwidth to receive
rich media programming, the hosting of that rich media content
to thousands of concurrent users has substantial costs associated
with using content delivery network solutions (eg, Akamai [49]
and Cisco Systems [40]). Commercial websites subsidize such
outsourcing by selling paid Web page advertisements—a
business model that may not be feasible or even appropriate for
many behavior change websites.

Recommendations for Future Research

We recommend that reports of Web-based programs should
routinely provide an indicator of bandwidth consumption, like
the BUI, in order for readers to evaluate the manner in which
such programs can be used. Of course, not al Web-based
programs need to be designed for large audiences. But those
programs that have widespread use as their goal need to be
designed—and then fully tested—in amanner that ensuresthey
can deliver the goods consistent with their intentions.

As we noted in our introduction, we believe that empirical
research needs to examine the accuracy of widely held
assumptions that video and audio automatically add value to
Web-based programs [50,51]. Consider, for example, that
intriguing research by Reeves and Nass [33] suggests that the
value of the verisimilitude of video presentations may be
overstated. Their studies suggest that video is not as critical an
ingredient in the design of computer-based programs as is the
tone of the communication that can be tailored to fit the user's
expectations. Fogg [52] echoes this point in his discussion of
the persuasive features of the computer as social actor. It is
reasonable to expect that many users would not be well served
by websites in which they become passive page turners while
observing multiple “talking head” presentations[53]. Similarly,
behavioral researchers have a very significant opportunity to
explore and test how best to use the interactivity and tailoring
possibilities of Web-based program delivery (eg, [54]).
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Future research should consider devel oping leanmedia websites
that use vector-based animated graphics to offer interactivity
and graphical content without excessive bandwidth consumption.
One vector graphics tool to consider in this regard is
Macromedia Flash (for its vector graphics capabilities rather
than its video capabilities). Flash uses a client-side browser
plug-in that has a very large installed base: version 2.0 is on
98.3% of current computers, whereas the most recent version
7.0 is on 90.0% of current computers [55]. Alternatively, it is
possibleto use an open source structured vector graphics (SVG)
tool rather than the proprietary Flash format, but currently only
13% of users have the SV G browser plug-in on their computers
[55]. The acceptability of websites may be compromised when
users are required to download and install new or updated
versions of browser plug-ins, especially in scenarios in which
the download islarge and users have limited bandwidth, dial-up
Internet access.

Researchers and developers of Web-based behavior change
programs should consider using intelligent adaptive designs
that “sniff out” user’s bandwidth transparently and then tailor
program content according to the bandwidth characteristics of
each user’s Internet connection. Using this approach would
require program designers to consider how best to deliver
equivalent content using different media—a topic with both
technical and behavior change complexities that have received
little empirical study to date.

Website designers should make greater use of Web-enabled
CD-ROMs to deliver rich media to the very large base of
Internet users who do not have broadband access. Programs of
this type would still use centralized functions of a Web-based
program (eg, logic, authentication, and data collection), but they
would access rich media located on each user’s computer. In
this scenario it should be noted that video and audio would not
need to be as compressed as for Web delivery. Asaresult, rich
media components could be longer and larger (eg, larger video
image), and their enhanced quality could result in better
acceptability and improved impact.

Plans to market a Web-based program need to consider the
bandwidth demands that might accompany program recruitment
announcements or delivery scenariosthat encourage concurrent
usage. Consider, for example, the possible stress on a smoking
cessation website tied to an event that occurs on a single date
(eg, the Great American Smokeout) or when an announcement
isissued to all employees of alarge corporate client. Similarly,
consider the scenario in which scores of users are assembled in
community computer centers or corporate training rooms to
access rich media Web-based programs. Announcements via
mass media, email as well as URL publishing, can generate
large demand spikes. Resulting peaks of Internet traffic,
especialy when programs deliver rich media content, can
compromise the functioning of any Web-based program.
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Limitationsand Strengths of Current Study

There are some noteworthy limitations to the design of the
current study. Theteststhat validated the BUI threshold (number
of concurrent users who would have a satisfactory user
experience) were not exhaustive. More users could have been
included to provide further confidence in the results we report.
Nor was it possible for us to qualify the use of BUI by
quantifying the peaks and valleys of available bandwidth in
different real-world circumstances (eg, phone line degradation
[particularly germane of dial-up and DSL users], geographically
distributed users, times of day, server and end user
hardware/software configurations). It is also important to
acknowledge the subjective nature of the “satisfactory user
experience” criterion we used. This measure was based upon
individual user reactions when accessing program content in a
realistic manner. We attempted to operationally define our use
cases to be similar to what would typically be experienced by
users of these programs.

Our investigation does, however, have a number of strengths.
For example, we were able to measure the bandwidth use of a
number of Web-based behavior change programsthat contained
rich media. In addition, we were able to test the impact on
bandwidth use of three variations of one of these rich media
behavior change programs, which enabled usto recommend the
approach of using Web-enabled CD-ROM design to extend the
reach of rich media Web programs to the largest possible
audience of potential users. Finaly, while the BUI is not a
precise tool, it nonetheless describes a process that others can
replicate in order to evaluate their own Web-based programs.
We believe that important implications can be drawn from using
the BUI to calculate estimates of the maximum number of
concurrent users by Internet access type (Tables 2 and 3).

The Scalability of Behavior Change Websites

Because they attract relatively meager numbers of concurrent
users, typical randomized controlled trials of Web-based
programs provide an inadequate test of their ability to deliver
content in a scalable manner. In some ways, it is as if the
airworthiness of amodern airliner istested with alight load of
passengersand fuel in only ideal flying conditionswithout ever
being tested with a full load in windy, stormy conditions. But
website scalability is atypical rationale invoked in support of
using the Internet as a delivery channel and in justifying the
considerable development expenses. We believe it is essential
to acknowledge that Web-based programs need to be designed
to fit the goals for which they are intended and that their
bandwidth requirements need to be considered, measured, and
reported in order to gauge how well they will likely operate
under their intended use case scenarios.

http://www jmir org/2005/4/e49/

JMed Internet Res 2005 | vol 7 |iss 4|ed49|p 10
(page number not for citation purposes)

Snap Inc. - EX1046, Page 0027



JOURNAL OF MEDICAL INTERNET RESEARCH Danaher et d

Conflictsof Interest
None declared.

Multimedia Appendix 1
Calculation of BUI. [PDF file, 80 KB-]

References

1.

BanduraA. Health promotion by social cognitive means. Health Educ Behav 2004 Apr;31(2):143-164. [Medline: 15090118]
[doi: 10.1177/1090198104263660]

2. Danaher BG, McKay HG, Seeley JR. The information architecture of behavior change websites. JMed Internet Res 2005
May;7(2):e12. [Medline: 15914459] [doi: 10.2196/jmir.7.2.€12]

3. LenertL, Mufioz RF, Stoddard J, Delucchi K, Bansod A, Skoczen S, et al. Design and pilot evaluation of an internet smoking
cessation program. JAm Med Inform Assoc 2003 Jan;10(1):16-20. [PMC: 12509354 | [Medline: 22397654] [doi:
10.1197/jamia.M1128]

4. LenertL, Mufioz RF, Perez JE, Bansod A. Automated e-mail messaging as atool for improving quit rates in an internet
smoking cessation intervention. JAm Med Inform Assoc 2004 Jul;11(4):235-240. [Medline: 15064291] [PMC: 15064291
] [doi: 10.1197/jamia.M 1464]

5. Strecher VJ, Shiffman S, West R. Randomized controlled trial of aweb-based computer-tailored smoking cessation program
as a supplement to nicotine patch therapy. Addiction 2005 May;100(5):682-688. [Medline: 15847626] [doi:
10.1111/j.1360-0443.2005.01093.X]

6. CobbNK, Graham AL, Bock BC, Papandonatos G, Abrams DB. Initial evaluation of areal-world Internet smoking cessation
system. Nicotine Tob Res 2005 Apr;7(2):207-216. [Medline: 16036277]

7.  Etter JF. Comparing the efficacy of two Internet-based, computer-tailored smoking cessation programs: arandomized trial.
JMed Internet Res 2005 Mar 8;7(1):e2. [Medline: 15829474] [doi: 10.2196/jmir.7.1.€2]

8. McKay HG, Feil EG, Glasgow RE, Brown JE. Feasibility and use of an Internet support servicefor diabetes self-management.
Diabetes Educ 1998 Mar;24(2):174-179. [Medline: 98216194]

9. Clarke G, Eubanks D, Reid E, Kelleher C, O'Connor E, Debar LL, et al. Overcoming Depression on the Internet (ODIN)
(2): arandomized trial of a self-help depression skills program with reminders. JMed Internet Res 2005 Jun 21;7(2):€e16.
[Medline: 15998607] [doi: 10.2196/jmir.7.2.€16]

10. LangeA, Rietdijk D, HudcovicovaM, Van De Ven JP, Schrieken B, Emmelkamp PMG. Interapy: a controlled randomized
trial of the standardized treatment of posttraumatic stressthrough theinternet. JConsult Clin Psychol 2003 Oct; 71(5):901-909.
[doi: 10.1037/0022-006X.71.5.901] [Medline: 22879528]

11. Celio AA, Winzelberg AJ, Wilfley DE, Eppstein-Herald D, Springer EA, Dev P, et al. Reducing risk factors for eating
disorders: comparison of an Internet- and a classroom-delivered psychoeducational program. J Consult Clin Psychol 2000
Aug;68(4):650-657. [Medline: 20421145] [doi: 10.1037//0022-006X.68.4.650]

12. Tate DF, Wing RR, Winett RA. Using Internet technology to deliver a behavioral weight loss program. JAMA 2001 Mar
7,285(9):1172-1177. [Medline: 21154341] [doi: 10.1001/jama.285.9.1172]

13. Wantland DJ, Portillo CJ, Holzemer WL, Slaughter R, McGhee EM. The effectiveness of Web-based vs. non-Web-based
interventions: a meta-analysis of behavioral change outcomes. JMed Internet Res 2004 Nov 10;6(4):e40. [Medline:
15631964] [doi: 10.2196/jmir.6.4.e40]

14. Atkinson NL, Gold RS. The promise and challenge of eHealth interventions. Am JHealth Behav 2002 Nov;26(6):494-503.
[Medline: 22323991]

15. luppaNV, Anderson K. Advanced interactive video design: new techniquesand applications. White Plains, NY: Knowledge
Industry Publications; 1988.

16. Ebner DG, Danaher BG, Mahoney JV, Lippert HJ, Balson PM. Current issues in interactive videodisc and computer-based
instruction. Instructional Innovator 1984 Mar;29(3):24-29.

17. Noell JW, Biglan A, Hood D, Britz B. Aninteractive videodisc-based smoking cessation program: prototype development
and pilot test. Comput Human Behav 1997;10(3):347-358. [doi: 10.1016/0747-5632(94)90060-4]

18. Nielsen J. Ten best intranets of 2005. Alertbox. URL: http://www.useit.com/al ertbox/20050228.html [accessed 2005 Feb
28]

19. ; Nielsen//NetRatings. Three out of four Americans have access to the Internet, according to Nielsen//NetRatings: online
population surges past 200 million mark for the first time. NetRatings, Inc. URL: http://www.niel sen-netratings.com/pr/
pr_040318.pdf [accessed 2005 Jun 14]

20. ; Broadband analysis: world broadband lines pass 164m in Q1 2005 (2005 March 31). Point Topic Ltd. URL: http://www.
point-topic.com/content/dslanalysis/Q105BBana.htm [accessed 2005 Jun 22]

http://www jmir org/2005/4/e49/ JMed Internet Res 2005 | vol 7 |iss 4|e49|p 11

(page number not for citation purposes)

Snap Inc. - EX1046, Page 0028



JOURNAL OF MEDICAL INTERNET RESEARCH Danaher et d

21. ; WebSiteOptimization.com. Beach, Blanket, Broadband! - US Broadband Penetration Grows to 51.4% Among Active
Internet Users - September 2004 Bandwidth Report. URL : http://www.websiteopti mi zation.com/bw/0409/ [accessed 2005
Jun 17]

22. Guimardes N, Chambel T, Bidarra J. From cognitive maps to hypervideo: supporting flexible and rich learner-centred
environments. URL : http://ime].wfu.edu/articles/2000/2/03/index.asp

23. Lenert LA, Ziegler J, Lee T, Unfred C, Mahmoud R. The risks of multimedia methods: effects of actor's race and gender
on preferencesfor health states. JAm Med Inform Assoc 2000 Mar;7(2):177-185. [PMC: 10730601 ] [Medline: 20192844

24. Bader JL, Strickman-Stein N. Evaluation of new multimediaformats for cancer communications. JMed Internet Res 2003
Aug 29;5(3):€16. [Medline: 22879615] [doi: 10.2196/jmir.5.3.€16]

25.  Wiljer D, Catton P. Multimedia formats for patient education and health communication: does user preference matter? J
Med Internet Res 2003 Aug 29;5(3):e19. [Medline: 22879618] [doi: 10.2196/jmir.5.3.€19]

26. BushNE, Bowen DJ, Wooldridge J, Ludwig A, Meischke H, Robbins R. What do we mean by Internet access? A framework
for health researchers. Prev Chronic Dis 2004 Oct;1(4):A15. [Medline: 15670447]

27. Austerberry D. The technology of video & audio streaming. London: Focal Press; 2002.

28.  Waggoner B. Compression for great digital video: power tips, techniques, & common sense. Gilroy, Calif: CMP Books;
2002.

29. Kaorst J, Pronk V. Multimedia storage and retrieval: an algorithmic approach. Hoboken, NJ: John Wiley & Sons; 2005.

30. Lynch PJ, Horton S. Basic information structures. Web style guide. 2nd edition. URL: http://www.webstyleguide.com/site/
basic structures html [accessed 2005 Jun 14]

31. Lynch PJ, Horton S. Web style guide: basic design principles for creating Web sites. 2nd edition. New Haven, Conn: Yale
University Press; 2002.

32. vanDuyneDK, Landay JA, Hong JI. Thedesign of sites: patterns, principles, and processesfor crafting acustomer-centered
Web experience. Boston, Mass: Addison-Wesley; 2002.

33. ReevesB, NassC. The mediaequation: how people treat computers, television, and new medialike real people and places.
Stanford, Calif: CSLI Publications; 2002.

34. Olsen S. ESPN testing video for handhelds. CNET News.com. 2004 Oct 26. URL : http://news.com.com/
ESPN-+testing+video+for+handhelds/2100-1025 3-5427945.html [accessed 2005 Jun 15]

35. Salchner K. NProf and ACT, your performance assistants. 4 guysfrom Rolla.com. URL: http://aspnet.4guysfromrolla.com/
articles/062304-1.aspx [accessed 2005 Jun 13]

36. ; Wikipedia. Bandwidth. URL : http://en.wikipedia.org/wiki/Bandwidth [accessed 2005 Jun 13]

37. Ceaparul, Lazar J, Bessiere K, Robinson J, Shneiderman B. Determining the causes and severity of end-user frustration.
Int JHum Comput Interact 2004;17(3):333-356. [doi: 10.1207/s15327590ijhc1703 3]

38. Nielsen J. Response times: the three important limits. Alertbox. URL: http://www.useit.com/papers/responsetime html
[accessed 2005 Jun 14]

39. NiesenJ. The need for speed. Alertbox. 1997 Mar 1. URL: http://www.useit.com/alertbox/9703a.html [accessed 2005 Jun
13]

40. ; Cisco Systems. Scaling the Internet Web servers. URL: http://www.cisco.com/en/U S/products/hw/contnetw/ps1894/
products white paper09186a0080091edf.shtml [accessed 2005 Jun 14]

41. ; Wikipedia. Last mile. URL: http://en.wikipedia.org/wiki/Last mile [accessed 2005 Jun 13]

42. Budde P. Last mile telecommunications infrastructure - fibre, microwave, and stratospheric. Verizon Learning Center.
URL: http://www?22.verizon.com/about/community/learningcenter/articles/displayarticlel/0,1727,114071,00 html [accessed
2005 Jun 14]

43. Swartz LHG, Noell JW, Schroeder S, Ary DA. Randomized control study of afully automated | nternet-based smoking
cessation program. Tob Control In press.

44.  Filipov P. Bits, bytes and bandwidth reference guide. URL : http://www.speedguide net/read articles.php?id=115 [accessed
2005 Jul 23]

45. Arnold EA. General description with creator & creation timelines, transmitting distances, frequencies, connection & cable
types. Personal compilation. 2000 Dec 21. URL: http://home.cfl rr.com/eaa/ConnectSpeeds.pdf [accessed 2005 Jul 23]

46. Bell P Reddy P, Rainie L. Rural areas and the Internet: rural Americans Internet use has grown, but they continue to lag
behind others. Washington, DC: Pew Internet & American Life Project; 2004. URL: http://www.pewinternet.org/pdfs/
PIP_Rural Report.pdf

47. HorriganJ, RainieL, AllenK, Boyce A, Madden M, O'Grady E. The ever-shifting Internet population: anew look at Internet
access and the digital divide. Washington, DC: Pew Internet & American Life; 2003. URL: http://www.pewinternet.org/
pdfs/PIP_Shifting Net Pop Report.pdf

48. ; WebSiteOptimization.com. Will broadband penetration peak at 75%7?. URL : http://www.websiteopti mi zation.com/bw/
0405/ [accessed 2005 Jun 24]

49. ; Akamai. Akamai Streaming. URL: http://www.akamai.com/en/html/services/streaming html [accessed 2005 Jun 14]

50. Brave S, Nass C, Hutchninson K. Computersthat care: investigating the effects of orientation of emotion exhibited by an
embodied computer agent. Int J Human-Computer Studies 2005;62(2):161-178. [doi: 10.1016/].ijhcs.2004.11.002]

http://www jmir org/2005/4/e49/ JMed Internet Res 2005 | vol 7 |iss 4|ed49|p 12

(page number not for citation purposes)

Snap Inc. - EX1046, Page 0029



JOURNAL OF MEDICAL INTERNET RESEARCH Danaher et d

51. LimKH, O'Connor MJ, Remus WE. The impact of presentation media on decision making: does multimediaimprove the
effectiveness of feedback? Information & Management 2005;42(2):305-316. [doi: 10.1016/j.im.2003.12.012]

52. Fogg BJ. Persuasive technology: using computers to change what we think and do. San Francisco: Morgan Kaufmann;
2003.

53. Nielsen J. Flash: 99% bad. Alertbox. URL: http://www.useit.com/al ertbox/20001029 html [accessed 2005 Feb 28]

54. TeoH,OhL,LiuC, Wei K. Anempirical study of the effects of interactivity on web user attitude. Int J Human-Computer
Studies 2005;58(3):281-305. [doi: 10.1016/S1071-5819(03)00008-9]

55. ; Macromedia. Macromedia Flash content reaches 98.3% of Internet Users. NPD Online Survey (3/04). URL: http://www.
macromedia.com/software/player census/flashplayer/ [accessed 2005 Jun 14]

Abbreviations

BUI: bandwidth usage index
Kbps: kilobits per second

NIH: National Institutes of Health
PHP: PHP hypertext preprocessor

submitted 28.07.05; peer-reviewed by K Evers; comments to author 02.08.05; revised version received 16.08.05; accepted 28.08.05;
published 16.09.05

Please cite as:

Danaher BG, Jazdzewski SA, McKay HG, Hudson CR

Bandwidth Constraints to Using Video and Other Rich Media in Behavior Change Websites
J Med Internet Res 2005;7(4):e49

URL: http://www.jmir.org/2005/4/e49/

doi: 10.2196/jmir.7.4.e49
PMID: 16236701

© Brian G Danaher, Stephen A Jazdzewski, H Garth McKay, Clinton R Hudson. Originally published in the Journal of Medical
Internet Research (http://www.jmir.org), 16.9.2005. Except where otherwise noted, articles published in the Journal of Medical
Internet Research are distributed wunder the terms of the Creative Commons Attribution License
(http://www.creativecommons.org/licenses/by/2.0/), which permits unrestricted use, distribution, and reproduction in any medium,
provided the original work is properly cited, including full bibliographic details and the URL (see "please cite as" above), and
this statement is included.

http://www jmir org/2005/4/e49/ JMed Internet Res 2005 | vol 7 |iss 4|ed49|p 13
(page number not for citation purposes)

RenderX Snap Inc. - EX1046, Page 0030



ResearchGate

See discussions, stats, and author profiles for this publication at: https://www.researchgate.net/publication/229008214
QoS Requirements of Network Applications on the Internet

Article January 2004

DOI: 10.1145/1030194.1015475

CITATIONS READS
226 12,944

3 authors, including:

Toni R Farley
| y Arizona State University

24 PUBLICATIONS 775 CITATIONS

SEE PROFILE

All content following this page was uploaded by Toni R Farley on 30 May 2014.

e user has requested enhancement of the downloaded file.
s el deseeet Snap Inc. - EX1046, Page 0031



Information ¢ Knowledge e Systems Management 4 (2004) 55-76 55
10S Press

QoS Requirements of Network Applications on the
Internet

Yan Chen, Toni Farley and Nong Ye'
Department of Industrial Engineering, Arizona State University, Tempe, AZ, USA

ABSTRACT: In this paper, we present quality of service (QoS) metrics for various network applications based on
human factors and technology attributes. The first term, human factors, addresses human perception of different
kinds of media, such as conventional text, audio and video. The second term, technology attributes, represents the
different technological aspects of these network applications, such as time-dependence and symmetry. Both of these
terms are key factors that lead to variations of requirements for QoS. Establishing these requirements is paramount
to providing QoS on computer networks and the Internet. With the metrics presented in this paper we can provide
the criteria necessary for such QoS assurance.

INTRODUCTION

Information services on the Internet come in varying forms, such as web browsing, e-mail, and
multimedia on demand. The main motivation behind the design of next-generation computer and
communications networks is providing universal and easy access to these various types of information
services on a single multi-service Internet. This means that all forms of communications (video, voice,
data and signaling), along with all types of services (from plain text web pages to multimedia
applications), are bonded in a single-service platform through Internet technology.

Media are transmitted on a network by bit streams. Each bit stream is represented by a flow of bits of
Is and Os through the network. Although all media are transmitted in the same digital form, each
application generating a bit stream has an associated set of service characteristics. Regardless of the type
of media (picture or voice) there are different QoS requirements perceived from the user’s standpoint that
determine whether the user finds this type of service acceptable. Examples of user perception include
phone-to-phone delay and playing music online.

In general a phone-to-phone delay, from a user’s perspective, should be no more than 150 milliseconds
(Silveira et al, 1996) to allow for appropriate and easy understanding. Outside of this limit, the user will
become annoyed and find the service unacceptable. To support this kind of a call over the Internet, the
voice media need to be transmitted with a constant and reliable bit transmission rate, low jitter, and a low
error and loss rate.

User perception is also important when a user plays music online. If the variation of delay across the
Internet is too large the song sounds desultory, and the user stops listening. When a network cannot
provide the corresponding support necessary to make a service acceptable, the user feels that this kind of
service is senseless.

The Internet today is made up of a simple convergence of joining application media bit streams. This
convergence does not take into account the service characteristics associated with each type of
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application. This means that the Internet does not currently provide any quality assurance.

Concise specification of service requirements is vital to realizing quality assurance on computer
networks. Since different applications have different service features, each application should specify its
explicit requirements to a computer network in order to achieve the desired QoS. If there are no
requirements given, the network will take for granted that any level of service is acceptable, and therefore
can provide any level of network support. The types of network support provided, such as bandwidth and
priority in a router’s queue, may lead to delay and jitter that can then render the service unacceptable.
Consequently, if we want to satisfy QoS of various applications in next-generation networks, the first step
is to identify the QoS metrics of each network application.

In this paper, we first analyze the influence of two key factors, human factors and technology
attributes, on QoS requirements. Next, we present network application classification based on the
application’s different service characteristics, resulting mainly from these two key factors. Finally, based
on existing literature, we systematically propose numerical measures, which can quantitatively represent
the QoS requirements of various applications with different service characteristics in Multi Service
Networks, along with the rationale behind these choices.

QOS MEASURES

In general, QoS has three attributes to measure the output performance of a process: timeliness,
precision and accuracy (Ye, 2002). Timeliness measures the time taken to produce the output of the
process. Precision measures the amount or quantity of the produced output. Accuracy measures the
correctness of the produced output, usually relating to the content of the output. Specific measures of the
three QoS attributes depend on the process of interest. Existing work on QoS of computer networks has
used the following QoS measures.

Response Time Expected by Users: The users’ expected response time is the time elapsed between

sending a request and the reception of the first response by the user.

Delay: The network transmit delay is the time elapsed between the emission of the first bit of a data

block by the transmitting end-system, and its reception by the receiving end-system.

Jitter: In transmission technology, jitter refers to the variation of delay generated by the transmission

equipment.

Data Rate: Data rate refers to the raw data rate of encoded multimedia data before transmission, that is,

the rate in which data are encoded.

Required Bandwidth: The required bandwidth is defined by the required data transfer rate, measured in

bits per second, of each specific application in telecommunication. This metric includes raw data and

overhead.

Loss Rate: The bit loss rate is the number of bits lost between two points in telecommunications after

transmission.

Error Rate: The bit error rate is the frequency of erroneous bits between two points in

telecommunication after transmission.

TECHNOLOGY ATTRIBUTES OF APPLICATIONS

Different applications can be characterized by certain technology attributes. Applications in one class
of technological attribute may not share the same QoS requirements as those in another class. The
technology attributes used to classify applications in this paper are defined in this section.
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Time Dependence

Applications can be classified by their time dependency requirements. We classify all applications into
two time dependant categories: real time (RT) applications and non real time (NRT) applications.

Real time is defined by the Oxford Dictionary of Computing as: “A system in which the time at which
the output is produced is significant. This is usually because the input corresponds to some movement in
the physical world, and the output has to relate to that same movement. The lag (delay) from the input
time to output time must be sufficiently small for acceptable timeliness”.

RT applications can further be divided into soft real time and hard real time. The main difference
between soft and hard real time is that hard real time applications will fail should QoS requirements not
be met. In this paper we group all soft and hard real time applications as RT.

In RT applications, the network needs to deliver time-based information without changing its built-in
time properties. For adequate user satisfaction, we need to maintain more stringent delay and jitter
requirements for RT applications. The delay requirements must be strict in order to maintain system
timing. The jitter requirements are essential to transmitting data at a constant, reliable rate.

NRT applications are any applications that do not have stringent timing requirements. This type of
application does not fail if timeliness metrics are not met, nor does it require timing accuracies to be
considered acceptable. NRT applications, which do not have time-based sensitivity requirements, are
mostly concerned with delay.

Symmetry

An application’s symmetry property allows us to classify all applications into two categories:
symmetric applications and asymmetric applications.

In symmetric applications, requests and responses are comparable in terms of resource consumption.
Videophony is an example of a symmetric audio and video application. This application requires equal
resource consumption on both host machines. In this case, the request consumes an equivalent amount of
resources as the response.

In asymmetric applications, requests are considerably less resource consuming than responses. An
example of an asymmetric application is Video-on-Demand (VoD). This application is highly asymmetric
since it consumes much more resources in the VoD Server (response) than in client machine (request).

The grades of symmetry in multimedia services result in different grades of interactivity, which in turn
lead to different response time and delay requirements. For example, Videophony requires an almost
instantaneous feedback to satisfy the human perception of conversation, whereas VoD does not. This
immediate feedback requires minimal delay and jitter on the network.

HUMAN PERCEPTION OF QOS

In this section we present the human perception of the QoS measures presented previously. These are
the perceptions from a user’s standpoint, which differ from the perception of these QoS aspects from a
technology standpoint.
Human Perception of Delay

In conventional text and data networking, delay requirements are the least stringent. The response time

in these types of applications can increase from 2 to 5 seconds before becoming unacceptable
(Szuprowicz, 1995). Even at 5 seconds, the response time may still be considered tolerable.
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End-to-end audio latency refers to the latency experienced across a link. In other words, the time
between when the sound is sent on one end of a link, and when it is received on the other. The
relationship between End-to-end Audio Latency and the Human Ear is shown in Table 1. (Szuprowicz,
1995).

In interactive applications of real time sound transmission, as well as in virtual reality, the overall one-
way delay needs to be short in order to give the user an impression of real time responses. A maximum
value on the order of 0.1 to 0.5 seconds is required to accomplish this goal. (Fluckiger, 1995).

Based on subject tests, the International Telecommunication Unit (ITU) G.114 specification
recommends less than a 150 millisecond one-way end-to-end delay for high-quality real time traffic in
telecommunication. (ITU G.114, 1996) The G.114 time limits are shown in Table 2.

Table 1
End-to-end Audio Delay and the Human Ear

Audio Delay (ms) Effect of Delay on Human Voice Perception
> 600 Speech is unintelligible and incoherent
600 Speech is barely coherent
250 Speech is annoying but comprehensible
100 Imperceptible different between audio and real speech
50 Humans cannot distinguish between audio and real speech
Table 2

G.114 Limits for One-way Transmission Time

One-way transmission time Effect of Delay on Human Voice Perception
0to 150 ms Acceptable for most users
150 to 400 ms Acceptable, but had impact
400 ms and above Unacceptable

In this paper, we adopt the G.114 limit of delay, 150 milliseconds, for most real time traffic that does
not require a high level of interaction, such as teleconferencing, and streaming audio and video. On the
contrary, interactive applications like Voiceover IP (VoIP) and Videophony require the value of delay
given in Table 1 of 100 milliseconds due to the desire for instantaneous feedback.

In video applications, it is necessary to preserve the timing relationships between audio and video
streams, as well as the timing relationships within individual video streams. First, we consider the way in
which human beings perceive sounds and images.

Humans are much more sensitive to alteration of audio than of visual signals (Fluckiger, 1995). Lip-
synchronization is defined as the difference between the visual reception of a video, and the auditory
reception of its sound. For adequate user perception, lip-synchronization should not exceed 100ms
(Fluckiger, 1995)

In many applications, an audio and a video stream are transmitted concurrently. Compressor/
Decompressor (codec) technology processes audio and video data. In some codec technology, audio and
video data are put into separate packets. In such cases, the audio stream must have priority over the video
stream. Since the delay of a real time stream should be less than 150 milliseconds, the delay of a video
stream should not exceed 250 milliseconds to preserve the 100 milliseconds limit on lip-synchronization.
In other codec technologies, audio and video data are put into the same packets. Under these
circumstances, we have to satisfy the delay requirement of the audio stream, which has a maximum limit
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of 150 milliseconds. In this paper, we consider the case in which audio and video data are in the same
packets.

Human Perception of Jitter

Jitter is an essential performance parameter of a network intended to support real time sound and image
media. Of all information types, real time sound is the most sensitive to network jitter.

The solution to overcoming jitter in real time sound transmissions is for the receiving system to wait a
sufficient length of time, called a delay offset, before playing received sounds. Incoming blocks are stored
in a temporary memory location, called a buffer. After an adequate delay, these sound blocks can be
played smoothly. This process is called delay equalization or delay compensation.

One of the shortcomings of the delay equalization technique is that of the additional delay, which is
introduced at the sink end. Therefore, the value of jitter has a close relationship with the delay
requirement of a specific application.

With typical personal computers or workstations as end-systems, the variation of the network transit
delay should, in general, not exceed 100ms for CD-quality compressed sound and 400ms for telephone-
quality speech. For multimedia applications with strong bounds on transit delay, like virtual reality, this
jitter should not exceed 20—30 ms (Fluckiger, 1995).

Video applications have different human perception requirements for the minimization of jitter. For
example, the variation of network transit delay should not exceed 50ms for HDTV quality, 100ms for
broadcast quality, and 400ms for videoconferencing (Fluckiger, 1995).

Human Perception of Error

Three considerations must be taken into account when defining the acceptable human requirements
for error. The first is current retransmission techniques. In conventional text and data transmissions,
retransmission techniques are employed to correct errors in transmitted data. In the case of real time
audio and video, retransmission techniques are not appropriate. Secondly, we need to realize that
humans usually tolerate a high level of transmission error. This tolerance is generally derived from
human experiences in comparable situations. Finally, in the case of compressed bit streams, erroneous
or lost packets may invalidate greater numbers of subsequent packets. As a result, lower values of
network error and loss rates must be maintained when audio and video data are in a higher compression
rate scheme.

Furthermore, limits on error rates vary by application. The manner in which data are presented to
humans (data type) dictates limits on error rates. In the case where data are presented to human users
without recording for further processing, the residual bit error rate of a telephone-quality audio stream
should be lower than 102 The residual bit error rate of a CD-quality audio stream should be lower than
107 in the case of an uncompressed format, and lower than 10~ in the case of a compressed format
(Fluckiger, 1995).

The end-to-end network bit error rate, before possible error recovery between end-systems, should not
exceed 10°° for HDTV quality, 10~ for broadcast TV quality, and 10 for videoconference quality
(Fluckiger, 1995). These figures are for compressed video data streams.

CLASSIFICATION OF APPLICATIONS

Based on the different technology attributes and human perception characteristics discussed in this
paper, we propose the taxonomy of traffics on network in this section. The technology attributes
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previously defined in this paper serve as the basis for classifying multimedia applications into four
categories based on time dependence and symmetry.

Non Real Time & Asymmetric

Non real time, asymmetric applications generate traffic that is considered “best effort” traffic. This
means that the traffic is transmitted using a best effort protocol. The best effort protocol does not provide
any specific QoS reliability and simply processes traffic on a first-come, first-served basis. The most
common NRT, asymmetric network applications are as follows:

Web Browsing — Hyper Text Transport Protocol (HTTP)

Enhanced Web Browsing

Email

File Transfer Protocol (FTP)

Telnet.

Non Real Time & Symmetric

Most common NRT network applications are asymmetric. This makes sense because NRT traffic
usually consists of client machines requesting data and services from a host machine. However, there is
one commonly used NRT application that is symmetric in nature and thus requires equivalent resource
consumption at each host endpoint of the communication link:

Internet Relay Chat.

Real Time & Asymmetric

Real time applications inherently have more stringent QoS requirements due to the nature of real time
transmissions. Common real time, asymmetric applications are as follows:

Audio Broadcasting

Video Broadcasting

Interactive Audio on Demand

Interactive Video on Demand

Telemetry.

Real Time & Symmetric

Common real time, symmetric applications include those which are conversational in nature:
Teleconferencing (including Audio, Audiographics, and Video Conferencing)

Videophony

VolIP.

QOS METRICS FOR EACH CLASS OF APPLICATION

In this section we systematically propose the desired QoS metrics for each application listed in the
previous section. We base these metrics on knowledge about human perception of QoS and the
technology features of various traffics put forth in this paper. Capacities of networking equipment are
described in Appendices I and II, which can be used to examine the capability of the current networking
technology in supporting QoS metrics.
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QoS Metrics for Web Browsing

The QoS metrics for conventional web-browsing using HTTP are outlined in Table 3.

Table 3
QoS Metrics for Web Browsing
QoS Metrics
Timeliness Preciseness Accuracy
Traffic Technology Response .
Class Attributes time Delay | Jitter | Data Rate Required ) o
Bandwidth Error Rate
Expected (ms) (ms) (bps) b Rate
by Users (bps)
Web | NonRealTime = 275 g0 | N/A | <305K | <305K | Zero | Zero
Browsing | and Asymmetric | Seconds
Network Capacity
Link: Refer to Appendix I | Router: Refer to Appendix 11

Requirements for conventional web browsing are mainly influenced by response time, which is limited
to no more than 5 seconds. Delay less than 400 ms is expected for all best effort network traffic although,
under some circumstances, delays greater than 400 ms may be considered acceptable. Jitter is not
applicable in HTTP because it has little impact on traditional static text and picture web browsing. Data
rate and required bandwidth for typical applications of web browsing are less than 30.5 kbps. The
expected loss rate and error rate are zero since HTTP is a reliable transfer protocol in which erroneous
packets are sent again using a retransmission policy.

QoS Metrics for Enhanced Web Browsing

Enhanced web browsing refers to high-priority transaction services, such as those related to e-
commerce. The primary performance requirement for enhanced HTTP is to provide a sense of
immediacy to the user. This sense of immediacy acts as a security blanket by assuring the user that a
transaction is preceding smoothly. The QoS metrics for enhanced web browsing are outlined in
Table 4.

Table 4
QoS Metrics for Enhanced Web Browsing

QoS Metrics
Timeliness Preciseness Accuracy
Traffic Technology Response Required
Class Attributes time Delay | Jitter | Data Rate equire Loss
Bandwidth Error Rate
Expected (ms) (ms) (bps) (bps) Rate
by Users ps
Enhanced Non Real 24
Web Time and <400 N/A <24K <24K Zero Zero
. . Seconds
Browsing Asymmetric
Network Capacity
Link: Refer to Appendix I | Router: Refer to Appendix 11
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For enhanced web browsing, a value of 2—4 seconds for response time is suggested as acceptable
to most users. The best effort traffic delay specification of less than 400 ms is sufficient to satisfy
this 2—4 second response time requirement. Again, jitter is not applicable to enhanced HTTP.
Compared with traditional web browsing, enhanced web browsing requires less bandwidth. This is
due to the fact that web pages used in a transaction service are typically simpler and more practical
than web pages that are customarily browsed. However, this bandwidth requirement may be
increased by adding security measures, such as encryption and SSL. The expected loss rate and error
rate are zero.

QoS Metrics for Email

Email is a store and forward type of service which, in principle, can tolerate delays of several
minutes or even hours from a technology perspective. However, it is important to differentiate
between communications between the user and the local email server and server to server transfers.
When a user communicates with a local mail server, there is an expectation that the mail will be
transferred quite rapidly, although not necessarily instantaneously. The QoS metrics for email are
given in Table 5.

Table 5
QoS Metrics for Email
QoS Metrics
Timeliness Preciseness Accuracy
Traffic Technology Response Required
Class Attributes time Delay | Jitter | Data Rate equire Loss
Bandwidth Error Rate
Expected (ms) (ms) (bps) (bps) Rate
by Users ps
Non Real 25
Email Time and R Low N/A <10K <I10K Zero Zero
A . Seconds
symmetric
Network Capacity
Link: Refer to Appendix I | Router: Refer to Appendix I

Consistent with our research findings on response time for web browsing, a requirement of 2-5
seconds for email response time is proposed. The requirement of expected network delay is low, and jitter
is not applicable. The typical bandwidth requirement for email is less than 10 kbps. The expected loss rate
and error rate are zero.

QoS Metrics for FTP

Typically, FTP service requires a relatively high bandwidth, which is clearly influenced by the size of
the file. Meanwhile, the size of files will also impact the time expected to finish the service. We also need
to differentiate between the time elapsed between command transmissions, and file transmissions between
the user and the FTP server. User expectation is that a file should begin transmission soon after the
command sent out. QoS metrics for FTP are given in Table 6.

Again, a requirement for response time of 2-5 seconds is proposed based on our web browsing
research findings. As for delay, as long as there is some indication that the file transfer is proceeding, it is
reasonable to assume a somewhat greater tolerance for delay than the expected delay for a single web
page. Jitter is not applicable, and the expected loss rate and error rate are zero.
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Table 6
QoS Metrics for FTP
QoS Metrics
Timeliness Preciseness Accuracy
Traffic Technology Response .
Class Attributes time Delay | Jitter | Data Rate Required Loss
Expected Bandwidth Error Rate
pecte (ms) (ms) (bps) b Rate
by Users (bps)
Non Real 5
FTP Time and Med N/A High High Zero Zero
Asymmetric Seconds
Network Capacity
Link: Refer to Appendix I | Router: Refer to Appendix 11
QoS Metrics for Telnet

Requirements for quality of service of telnet applications are focused on a short delay in order to
provide essentially instantaneous echo-back of characters. The QoS metrics for telnet are given in

Table 7.
Table 7
QoS Metrics for Telnet
QoS Metrics
Timeliness Preciseness Accuracy
Traffic Technology Response Reduired
Class Attributes time Delay | Jitter | Data Rate equire Loss
Bandwidth Error Rate
Expected (ms) (ms) (bps) (bps) Rate
by Users ps
Non Real <
Telnet Time and <250 | N/A <1K <1K Zero Zero
A . seconds
symmetric
Network Capacity
Link: Refer to Appendix I | Router: Refer to Appendix I1

For telnet applications, a response time of less than 2 seconds is suggested in order to satisfy the human
perception of users and a delay less than 250 millisecond is recommended. Since most of the data
transmitted via telnet are plain characters, the requirement for bandwidth is quiet small, typically less than
1 kbps. Jitter is not applicable, and the expected loss and error rates are zero.

QoS Metrics for Internet Relay Chat

Internet Relay Chat is a multi-user chat system, where users convene on “channels” (a virtual place,
usually with a topic of conversation) to talk in groups, or privately. Requirements for quality of service in
Internet Relay Chat are focused on short response times in order to provide essentially instantaneous
character feedback. The QoS metrics for Internet Relay Chat are given in Table 8.
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Table 8
QoS Metrics for Internet Relay Chat

QoS Metrics
Timeliness Preciseness Accuracy
Traffic Technology Response Required
Class Attributes time Delay | Jitter | Data Rate equire Loss
Bandwidth Error Rate
Expected (ms) (ms) (bps) (bps) Rate
by Users p
Internet Non Real
nerme Time and 1Second | <200 | N/A | <IK <1K Zero Zero
Relay Chat S .
ymmetric
Network Capacity
Link: Refer to Appendix I | Router: Refer to Appendix 11

A response time of less than 1 second is suggested to satisfy users’ expectations. A delay less than 200
milliseconds is recommended to guarantee a short response time. In general, Internet Relay Chat consists
of plain character transmission, so the requirement for bandwidth is quiet small, typically less than 1
kbps. Jitter is not applicable in Internet Relay Chat. With the existence of a retransmission policy for
erroneous packets, the expected loss rate and error rate are zero.

QoS Metrics for Audio Broadcasting

User response time in Audio Broadcasting refers to the time elapsed between transmitting commands and
receiving feedback from the audio server. The QoS metrics for audio broadcasting are given in Table 9.

Table 9
QoS Metrics for Audio Broadcasting

QoS Metrics
Timeliness Preciseness Accuracy
TCChl’lOlOgy Response
Traffic Class . i
Attributes time Delay | IJitter Data Required Loss
Rate Bandwidth Error Rate
Expected | (ms) | (ms) (bps) (bps) Rate
by Users ps ps
Audi Real Time 5
udio. and Highly <150 | <100 | 56-64K | 60-80K | <0.1% | <0.1%
Broadcasting A : Seconds
symmetric
Network Capacity
Link: Refer to Appendix I | Router: Refer to Appendix 11

For audio broadcasting we adopt a one-way end-to-end delay for high-quality real time traffic from
ITU G.114 specifications of less than 150 milliseconds. For jitter, no more than 400 ms is recommended
for telephone-quality speech and no more than 100 ms is recommended for CD-quality compressed sound
(Fluckiger, 1995). We suggest a jitter limit of no more than 100 ms for broadcast quality sound.

A typical data stream for audio broadcasting is 56—64 kbps (Kenyon and Nightingale, 1992). The
corresponding bandwidth requirement is around 60-80 kbps. The residual bit error rate is recommended
to be lower than 107> for a telephone-quality audio stream and lower than 10~ for a CD-quality audio
stream using a compressed format (Fluckiger, 1995). Since there is a higher quality requirement in
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broadcasting than in telephone, and a lower quality requirement than in a CD audio stream, we
recommend a loss rate and error rate of no more than 10~ for broadcast audio streams.

QoS Metrics for Video Broadcasting

In Video Broadcasting, under different codec technologies and quality requirements, there are different
requirements for network transmissions. We list the QoS metrics for video broadcasting using some
typical codec technologies in Table 10.

Table 10
QoS Metrics for Video Broadcasting

QoS Metrics
Timeliness Preciseness Accuracy
Traffic Class Techpology Res.ponse ) Required
Attributes time Delay | Jitter quit
Expected n/a | Bandwidth | Loss Rate | Error Rate
p (ms) | (ms) N
by Users (bps)
2-5
Video Real Time and Seconds
Broadcasting Highly . . <150 <100
Asymmetric Lip-synch:
<100ms
Typical Application Coding Standard
VCR Quality MPEG-1 <100 1.2-1.5M <0.001% <0.001%
Video Quality slightly superior
to that of broadcast TV (NTSC 4-60 M
or PAL) with bit rate of 4M MPEG-2
HDTV requrns E/}t rate from <50 <0.0001% | <0.0001%
Multimedia on Web MPEG-4 <150 28.8-500K | <0.001% <0.001%
Network Capacity
Link: Refer to Appendix I | Router: Refer to Appendix 11

For VCR quality MPEG-1 video streams, the required bandwidth is around 1.2—1.5 Mbps (Silveira
et al, 1996). Jitter is recommended to be less than 100 ms for a broadcast-quality video stream
(Fluckiger, 1995). The residual bit error rate is recommended to be lower than 10~ for a broadcast
TV quality video stream using a compressed format (Fluckiger, 1995). The loss and error rates
should be less than 107,

For HDTV quality MPEG-2 video streams, the required bandwidth is around 40 Mbps (Silveira et al,
1996). Jitter is recommended to be less than 50 ms for HDTV quality video streams (Fluckiger, 1995).
The residual bit error rate is recommended to be lower than 10° for HDTV quality video streams using
a compressed format (Fluckiger, 1995). The loss rate and error rate should be less than 107°,

For typical MPEG-4 video streams on the World Wide Web, the required bandwidth is around
28.8-500 kbps (Silveira et al, 1996). Jitter less than 150 ms is recommended due to a lower quality
requirement than VCR technologies, which require a jitter less than 100ms. On the other hand,
MPEG-4 also has a higher compression rate, which usually requires less residual error. Based on
conssiderations of quality and compression rate, we recommend a loss rate and error rate less than
10,
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QoS Metrics for Interactive Audio on Demand

Interactive audio-on-demand on the World Wide Web is the ability to listen to sound on a personal
computer (with a sound card and speakers installed) while the file is passed through an individual modem.
Under different codec technologies and quality requirements, there are different requirements for network
transmission. We list the QoS metrics for some typical audio-on-demand applications in Table 11.

Table 11
QoS Metrics for Interactive Audio on Demand

QoS Metrics
Timeliness Preciseness Accuracy
Technology | Response .
Traffic Class Attributes tirr)n . Delay | Jitter Requlr.ed Loss
Expected n/a Bandwidth Error Rate
pec (ms) (ms) Rate
by Users (bps)
Interactive | Real Time and 25
Audio on Highly . Seconds <150 | <100
Demand Asymmetric
Typical Application Coding Standard
MP3, 64K for mono,
128K for stereo MPEG-1 32-448K <0.1% <0.1%
Advanced Audio Coding
(AAC) providing CD quality MPEG-2 384K <0.01% <0.01%
audio
Network Capacity
Link: Refer to Appendix I | Router: Refer to Appendix I1

For a mono-quality MP3 audio stream, the required bandwidth is 64 kbps. For a stereo-quality MP3
audio stream, the required bandwidth is 128 kbps. Delay less than 150ms is recommended for high-
quality real time traffic in the ITU G.114 standard (ITU, 1996). A jitter rate of less than 100 ms for CD-
quality compressed sound is recommended (Fluckiger, 1995). The residual bit error rate is recommended
to be lower than 10~ for a broadcasting-quality audio stream in a compressed format. Therefore, the loss
rate and error rate should be less than 10~

For a CD-quality MP2 audio stream, the required bandwidth is 384 kbps. A delay less than 150ms is
recommended for high-quality real time traffic in the ITU G.114 standard (ITU, 1992). A jitter rate of less
than 100 ms for CD-quality compressed sound is recommended (Fluckiger, 1995). The residual bit error
rate is recommended to be lower than 10~ for a CD-quality audio stream in a compressed format.
Therefore, the loss rate and error rate should be less than 10,

QoS Metrics for Interactive Video on Demand

Interactive video-on-demand refers to a range of applications whereby users can request access to
video servers, which provide still and moving pictures on an individual basis (Fluckiger, 1995). Elapsed
time in video-on-demand refers to the time elapsed from a request generation to the start of video
playback. The QoS metrics for video-on-demand are given in Table 12.

Elapsed time of a few minutes should be acceptable for video-on-demand because users are not
particularly concerned with the starting delay, but instead are concerned with the delay during playback.
Response to interactive functions, such as play and next, should be less than 2—5 seconds. The typical
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bandwidth requirement for the user’s local network is 1.5 Mbps. The bandwidth requirement for the
backbone depends on how many users the video server needs to support simultaneously. In general,
backbone bandwidth is hundreds of megabits per second.

Other QoS metrics for video-on-demand are the same as those for video broadcasting.

Table 12
QoS Metrics for Interactive Video on Demand

QoS Metrics
Traffic Technology Timeliness Pre?iseness Accuracy
Class Attributes | Response Delay Jitter Required Loss Error
time Expected n/a Bandwidth
by Users (ms) (ms) (bps) Rate Rate
Elapsed
Time: a few
minutes Local:1.5M
(typical
Interactive | Real Time Response to application)
Video on | and Highly Interactive <150
Demand | Asymmetric function: Backbone:
2-5 Seconds hundreds of
mega
Lip-synch:
<100ms
Typical Application Coding Standard
. 1.2-1.5M/ A
VCR Quality MPEG-1 <100 Single Video <0.001% | <0.001%
Video Quality slightly
superior to that of 4-60M /A
broadcast TV (NTSC or Single Video
PAL) with bit rate of 4M MPEG-2
HDTYV requiring bit rate <50 <0.0001 | <0.0001
from 15-34 M % %
Multimedia on Web MPEG-4 <150 28.8-500K /A | 4 0019 | <0.001%
Single Video
Network Capacity
Link: Refer to Appendix I Router: Refer to Appendix 11

QoS Metrics for Telemetry

Telemetry refers to the telemetering and telecontrol of industrial processes. Telemetry is an example of
a data service which requires real time streaming performance. Clearly, two-way control implies a tight
limit on the allowable delay in telemetry. The QoS metrics for telemetry are given in Table 13.

For telemetry, a delay value of 250 milliseconds is proposed (QoS Performance Requirement for
UMTS (Nortel, 2001)). The range of bandwidth requirements is between 2 kbps and 52 Mbps, depending
on the specific telemetry system. A key differentiator from voice and video services in this category is the
zero tolerance for information error and loss (QoS Performance Requirement for UMTS (Nortel, 2001)).
It is clearly understandable that there cannot be data error and loss when controlling an important
industrial process.
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Table 13
QoS Metrics for Telemetry
QoS Metrics
Traffic Technology - t".l“lmehness Pi;mse.nezs Accuracy
Class Attributes esponse tme - equire
Expected by I?ela)y iltte)r n/a Bandwidth Iﬁois Error Rate
Users oS s (bps) e
Real Time and
Telemetry Highly <250 | <100 2K-52M Zero Zero
Asymmetric
Network Capacity
Link: Refer to Appendix I Router: Refer to Appendix 11

QoS Metrics for Teleconferencing

Teleconferencing can occur in three forms: audio conferencing, audiographics conferencing, and video
conferencing. Each of these forms requires its own QoS metrics. The metrics for the three forms of
teleconferencing are outlined in this section.

QoS Metrics for Audio Conferencing

Audio Conferencing provides an audio link similar to that of a conventional telephone, except that it
offers much higher quality audio and enables more than two sites to be linked together. Using hands-free
audio units with sensitive microphones and sophisticated echo-cancellation software, audio-conferencing
enables communication between groups of participants rather than just individuals (Bleazard, 1985).
Voice data transmission dictates the QoS metrics of audio conferencing shown in Table 14.

Table 14
QoS Metrics for Audio Conferencing

QoS Metrics
Timeliness Preciseness Accuracy
Technology | Response .
Traffic Class Attributes tirr)ne Delay | Jitter | Data Rate Required | -y
Expected Bandwidth Error Rate
p (ms) (ms) (bps) b Rate
by Users (bps)
AudiO. Real Time gnd <150 | <400 <1% <1%
Conferencing Symmetric
Coding Standard
G.711 64 K 80 K
G.726 40~16 K 5022 K
G.728 16 K 22K
G.729 8K 11K
G.723.1 6.3/53K 9/8K
GSM FR 13K 18K
GSM EFR 122K 17K
Network Capacity
Link: Refer to Appendix I Router: Refer to Appendix 11
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ITU G.114 specification recommends less than a 150 millisecond one-way end-to-end delay for high-
quality real time traffic, such as voice transmissions. Jitter of no more than 400 milliseconds is
recommended for telephone-quality speech (Fluckiger, 1995). In the case of real time audio and video,
retransmission techniques are not appropriate. G.729 codec requires packet loss far less than 1 percent to
avoid audible errors. In the case of presentation to human users without recording for further processing,
the residual bit rate error rate of a telephone-quality audio stream should be lower than 10 (Fluckiger,
1995). Differing Codec technologies lead to different bandwidth requirements.

QoS Metrics for Audiographics Conferencing

Except for the audio link, audiographics conferencing enables participants at two or more sites to have
a shared workspace on their computer desktops. This might be a shared “whiteboard” where they can
draw, write, or import and manipulate images collaboratively in real time. Audiographics conferencing
might also be “application sharing”, where a piece of software can be run and controlled by both users (G
B Bleazard, 1985). This type of conferencing is useful when users at different sites want to work together
on documents such as reports or statistical data in spreadsheets. The largest QoS concern for
audiographics is voice quality. The QoS metrics for audiographics conferencing are given in Table 15.

Table 15
QoS Metrics for Audiographics Conferencing

QoS Metrics
Timeliness Preciseness Accuracy
Technology -
Traffic Class Attributes Del 5 Required L
n/a (;j)y (ig:)r n/a Bandwidth RZ?: Error Rate
(bps)
Audlographlcs Real Time gnd <150 <400 9.6-19.6K 1% 1%
Conferencing Symmetric
Network Capacity
Link: Refer to Appendix I | Router: Refer to Appendix II

ITU G.114 specification recommends less than a 150 millisecond one-way end-to-end delay for high-
quality real time traffic, such as voice. For jitter, a rate of no more than 400 milliseconds is recommended
for telephone-quality speech (Fluckiger, 1995). The G.729 codec requires a packet loss rate of far less
than 1 percent to avoid audible errors. In the case of presentation to human users without recording for
further processing, the residual bit error rate of a telephone-quality audio stream should be lower than
107 (Fluckiger, 1995). Typical bandwidth requirements for audiographics conferencing are 9.6-19.6
kbps (Bleazard, 1985).

QoS Metrics for Video Conferencing

Video conferencing enables real time communication over a distance by allowing people at two or
more sites to communicate with each other. In video conferencing, in addition to hearing each others
voices, as with a conventional telephone, people can see video pictures of each other from their various
sites (Janssen et al, 2001). Each site has one or more cameras, microphones, loudspeakers and monitors,
as well as a codec. This type of conferencing aims to create a sense of people from distant sites being in
the same room, an effect that has been called Virtual Presence. Video conferencing is not only concerned
with voice quality, but is also concerned with video quality. The QoS metrics for video conferencing are
given in Table 16.
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Table 16
QoS Metrics for Video Conferencing

QoS Metrics
Timeliness Preciseness Accuracy
Technology Response .
Traffie Class |\ ributes tirr)ne Delay | Jitter | Data Rate | equired 1 p oo Error
Expected Bandwidth
pecte (ms) | (ms) (bps) Rate Rate
by Users (bps)
Video Real Time and | Lip-synch:
Conferencing Symmetric <€Og ms <150 <400 <0.01% | <0.01%
Coding Standard
H.320 64-1920K | 80K-—2M
H.323 64X K 80X K
H.324 <64K <80K
Network Capacity
Link: Refer to Appendix I | Router: Refer to Appendix I

Since humans are much more sensitive to alteration of audio signals than visual signals, we adopt the
recommendations for delay and jitter from ITU G.114: less than a 150 millisecond one-way end-to-end
delay for high-quality real time traffic and no more than a 400 millisecond jitter for telephone-quality
speech (Fluckiger, 1995). However, the requirement for loss rate and error rate differ. Recall that
compressed streams are more sensitive to errors than uncompressed streams since one lost packet may
influence a number of subsequent packets. Similarly, streams with a higher compression ratio are more
sensitive to errors than streams with a lower compression ratio since more packets will be impacted.
Therefore, the end-to-end network bit error rate for compressed streams, before possible error recovery,
between end-systems is recommended not to exceed 10™* for videoconference quality (Fluckiger,
1995).

The H.320-series governs the basic video-telephony concepts of audio, video and graphical
communications by specifying requirements for processing audio and video information, providing
common formats for compatible audio/video inputs and outputs, and defining protocols that allow a
multimedia terminal to utilize the communication links and synchronization of audio and video signals.
H.320 standards address ISDN Videoconferencing. The H.323 standards address Video communications
on Local Area Networks, and the H.324 standards address video and audio communications over low bit
rate connections such as POTS modem connections. From Table 16, we can see that different technology
standards lead to different bandwidth requirements.

It is worthy to note that the bandwidth requirements for video conferencing and videophony (described
in the next section) may be less stringent than that of general video. This is based on the assumption that
these media will likely have less motion and little or no scene changes in the picture.

QoS Metrics for Videophony

Videophony is a companion audiovisual service of videoconferencing. It may be distinguished by the
following features (Kenyon and Nightingale, 1992): it is primarily for person-to-person rather than group-
to-group audiovisual communication, and it is usually an on-demand service provided on customer-
switched networks, whereas videoconferences can be scheduled in advance. Compared with video
conferencing, videophony is a more interactive application, which requires instantaneous responses from
dialogists. The QoS metrics for videophony are given in Table 17.
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Videophony requires a shorter end-to-end delay of 100 ms to make the difference between audio and real
speech imperceptible to users (Fluckiger, 1995). Beyond 100 ms, although speech is still comprehensible,
users may become irritated with the service. Since videophony is a special application of video conferencing, it

complies with the same technology standards and has the same QoS metrics as video conferencing.

Table 17
QoS Metrics for Videophony

QoS Metrics
Timeliness Preciseness Accuracy
Traffic Technology Response .
Class Attributes time Delay | Jitter | Data Rate Biicclil\lxl/ri(ei(tih Loss Error
Expectedby | (ms) | (ms) (bps) Rate Rate
Users (bps)
Phone to
Real Time Phgrllz(? Iilsay'
Videophony and <100 | <400 <0.01% | <0.01%
Symmetric Lip-synch:
<100 ms
Coding Standard
H.320 64-1920K | 80K-2M
H.323 64X K 80X K
H.324 <64K <80K
Network Capacity
Link: Refer to Appendix I | Router: Refer to Appendix 11
Table 18
QoS Metrics for Voiceover IP
QoS Metrics
Traffic Technology Timeliness Precisene?ss Accuracy
Class Attributes RE sponse time Delay | Jitter | Data Rate Required )y oo Error
xpected by Bandwidth
Users (ms) | (ms) (bps) (bps) Rate Rate
Voiceover Real Time | Phone to Phone
P and ' Delay: <100 | <400 <1% <1%
Symmetric <150 ms
Coding Standard
G.711 64 K 80 K
G.726 40~16 K 5022 K
G.728 16 K 22K
G.729 8K 11K
G.723.1 6.3/53K 9/8K
GSM FR 13K 18K
GSM EFR 122K 17K
Network Capacity
Link: Refer to Appendix I Router: Refer to Appendix 11
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QoS Metrics for Voiceover IP

The QoS metrics for Voiceover IP are given in Table 18.

Like videophony, VoIP also requires a shorter end-to-end delay of 100 ms to give the users an
imperceptible difference between audio and real speech (Szuprowicz, 1995). A jitter rate of less than 400
milliseconds is suggested for telephone-quality speech (Fluckiger, 1995). We adopt the loss rate
requirement, packet loss far less than 1 percent, in the G.729 codec. In the case of presentation to human
users without recording for further processing, the residual bit rate error rate of a telephone-quality audio
stream should be lower than 107> (Fluckiger, 1995). Again, different voice coding technologies lead to
different bandwidth requirements.

SUMMARY

In order for users to find a certain type of multimedia service acceptable, the application must meet
specific QoS requirements. Metrics used to determine QoS include response time, delay, jitter, data rate,
required bandwidth, loss rate and error rate. In order to provide QoS on a network, requirements for QoS
must be established. Defining the limits of QoS metrics helps to establish necessary requirements.

In this paper, we consider two key factors of QoS requirements: human factor and technology
attributes. Based on our survey of human factors and technology features, we propose numeric QoS
metrics of network applications in this paper. Up to date, we have not found any literature stating metrics
which differed from our findings. Based on the lack of literature which would dispute these findings, we
could not definitively state whether or not specific measures are “widely accepted”. However, we believe
that metrics proposed in this paper provide a starting point to establish a universally accepted set of QoS
requirements for network applications on the Internet. We concede that these proposed measures could be
refined through experimental verification. Further work can make use of these metrics to differentiate
network traffic for realizing quality assurance in networks.
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Appendix I: Link Capacity of Networks

Wide Area Networks (WANSs)

Technology used to build WANSs

Speed

X.25
ISDN
Frame Relay

SMDS (Switched Multi-megabit Data Service)

ATM

45 M bps—several G bps

Local Network (LANs)
Technology used to build LANs Speed Topology Medium Access Mechanism
10 M bps CSMA/CD (Carrier
. . Sense with Multiple
Ethernet 100 M bps Twisted Pair 7 ess / Collision
Detection)
. 4 M bps Shielded .
Token Ring 16 M bps Twisted Cable Token-passing
FDDI
(Fiber Distributed Data 100 M bps (Two rings) Optical Fiber Token-passing
Interconnect)
LAN to WAN
Connection Speed
Dedicated leased line at T1 1.544 M bps
Dedicated leased line at T3 45 M bps
Home to WAN
Connection Speed
Dial-up Analog Modem 14.4 ~ 56 K bps
ISDN Basic Rate Interface (BRI) 128 K bps
ISDN Primary Rate Interface (PRI) 1.544 M bps
High-Bit-Rate Digital Subscriber Line (HDSL) 1.544 M bps
Asymmetric Digital Subscriber Line (ADSL) Outgoing: 640 K bps; incoming: 6 M bps
Cable TV Companies 10 M bps
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Appendix II: — Router Capacity of Network

Router Upper Bandwidth
Cisco 12000 Series Internet Router 10 G bps
Cisco 10700 Series Internet Routers 5 Gbps
Cisco 10000 Series Internet router 51.2 G bps
Cisco 7600 Series Internet Router 256 G bps
Cisco 7500 Series Internet Router 2 1.067 G bps
Cisco 7300 Series Internet Router 16 G bps
Cisco 7200 Series Internet Router 1.2 G bps
Cisco 7100 Series Internet Router 140 M bps
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