Qll B Proceedings of the Conference:

Speech Technologies: Captioning, Transcription and Beyond

ERIDAY, JUNE 3, 2005

Conference Organizers:

Sara Basson, Alexander Faisman, Dimitri Kanevsky

Agenda

PAGE

10:00-10:15 Welcome and Introductions

4.......10:15-11:00 Michael Picheny (Manager, Speech and Language Technologies)

Tomorrow and Tomorrow and Tomorrow - A Shakespearian View of the Status and
Future of Speech Recognition

Abstract

Today's speech recognition systems contain many elements of a Shakespearian tragedy -
systems that start with enormous promise only to fall precipitously upon actual deployment.
There have also been some dramatic successes and even elements of comedy. This talk will
explore the state of the art and future of

speech recognition using analogies drawn from some of Shakespeare's work with a particular
view for applications in the sphere of automatic captioning and lecture and meeting
transcription.

9......11:00-11:30 Keith Bain, Stan Armstrong (Saint Mary’s University) Liberated Learning

Abstract

This presentation highlights a number of key initiatives within the Liberated Learning
Consortium - an international group studying speech recognition technology in various
educational settings. Topics will include a review of an Error Rate Tool used to access portions
of transcribed lectures where error rates are high, demonstrations of e-Learning applications,
and a description of a system for automatic indexing and information retrieval of transcribed
lectures. Information about consortium membership will also be provided.

15%....11:30-12:00 Julien Ghez (IBM France), Jerome Gue (Ninsight)

Protitle Live - ViaScribe for Broadcast Subtitling



Abstract

The Protitle Live System enables creation of subtitles in all major languages, using ViaScribe
technology from IBM. The Protitle system includes management modules for voice capture,
live correction, post-production correction, live validation, play list management, and video
preview displays. This presentation will substantiate the value of using speech recognition
technology as an efficient, cost-effective approach to provide captioning, and will include a live
demonstration that highlights the functionality of the Protitle Live System.

17%....12:00-12:30 Sarah Conrod (Cape Breton University)
Enhancing Accessibility in Interpretative Talks
Abstract

This presentation will focus on the application of ViaScribe in a museum. Through innovative
delivery techniques, researchers will provide visitors to the Alexander Graham Bell National
Historic Site with new ways to access information. This presentation will focus on the
application of ViaScribe and potential for using wireless networks and handheld devices to
actively engage the tourist in the stories and life of Alexander Graham Bell.

21%....12:30-1:30 Lunch
Keynote Speaker: Dr. David Nahamoo (Human Language Technologies, |BM)
Speech Transcription and Analytics Opportunities
Abstract

This keynote will address business evolution of speech recognition technology, and the need to
synchronize customer needs with technology realities. Three waves of speech recognition
needs and wants will be discussed. The first "big splash" for speech recognition technology in
the marketplace revolved around data entry, and dictation. The primary customer addressed
was the "end user", and customer expectation at the time outstripped technical capabilities.
Over time, this market lost momentum. Technology providers then moved on to the "second
wave," still ongoing: dialog-based speech entry. Major businesses now reap the financial and
usability advantages of speech technology for call center-based applications. But as speech
technology has evolved, and audio/visual information exploded, we see the advent of a "third
wave": speech transcription and analytics, to process the massive amounts of audio-based
information. A number of key applications will be presented, applications only possible as we
continue to evolve the technologies, and the business infrastructure to support it.

26%....1:30-2:00 TJ Hazen and Regina Barzilay (MIT)
Automatic Processing of Spoken and Written Lecture Material
Abstract

The increasing availability of on-line academic lecture material enables new and exciting ways
for disseminating knowledge that can potentially change the way people learn. The goal
of our research is to enable fast, accurate and easy access to lecture content. The technical
language of academic lectures and lack of



in-domain spoken data for training makes automatic lecture processing a significant challenge.
The central question we address is how to project knowledge between related spoken and
written lecture materials at different linguistic levels, ranging from word selection to discourse
organization. Under this paradigm, we will develop new technologies in speech recognition,
structure induction, and summarization. In this talk, we will provide an update on our current
research activities and progress in these areas.

31%....2:00-2:30 Mike Wald (Southampton University) Personalized Displays
Abstract

Currently the ViaScribe display is normally accessed by users through projection on a large
screen. Liberated Learning@ research has shown that while this has proved suitable in some
situations for some users it is clear that in many situations an individual display would be
preferable or essential. This presentation will discuss the development of individual
personalized and customizable displays that_could enhance usability and learning.

45%,....2:30-3:00 Dimitri Kanevsky, Alex Faisman, Sara Basson (Human Language
Technologies, IBM Research, and Human Capital Management, IBM Global Services):
CaptionMeNow

Abstract

Audio and video information proliferate on the web, but many of these materials remain
inaccessible for deaf and hard of hearing users, since they are provided without associated
captioning. The CaptionMeNow model incrementally addresses this captioning challenge,
coupling automatic speech recognition with human intervention in order to provide captioning
that is both acceptably accurate and cost manageable. The CaptionMeNow platform offers
captioning “on demand,” by user request, reducing the need to caption all audio and video
materials, a priori. The co-existence of technology and human processes will serve to
bootstrap the technology, so that ultimately, the performance of automation technologies will
improve.

3:00-3:15 Closing remarks (Sara Basson)



INTRODUCTION:
Sara Basson

We want to welcome you all. We are delighted to see so many of you here today. Thisis a
first of its kind event at IBM. We are using this forum to achieve a number of goals and
purposes.

First, we have here gathered a worldwide team that is deeply interested in the development
and enhancements of state-of-the-art large vocabulary, speech recognition technology. Many
of these participants are members of the Liberated Learning consortium, which is headed out
of St. Mary's University in Halifax, Nova Scotia. We are delighted to have you here at IBM
today. Many of the advancements you will be hearing about over the course of the day are in
fact a direct result of the passion and drive of this organization, of the consortium, of which
IBM is proud to be a member.

We are also using this forum as an opportunity to launch a New York metropolitan area
chapter of AVIOS, a speech technology professional users group. I'm on the Board of
Directors of AVIOS, and there have been requests for more frequent networking opportunities.
The local chapter concept was designed in order to fulfill that need.

For those of you who are speech technology professionals from the New York Metropolitan
area, I'm delighted to welcome you to IBM and also to this inaugural event for what is now a
newly launched speech technology applications group. We will have meetings on a bimonthly
basis and at different sites in the area, the goal being to share facts related to speech
technology application. AVIOS has provided us with Web space and a Web forum to get
started. You can subscribe to the group and start the dialogue.

I'd like to acknowledge the Human Language Technology department for supporting

this event; specifically, David Nahamoo and Michael Picheny, both of whom will be speaking
today. These meetings will be centered on issues in transcription. Much of what we are going
to hear has a strong focus on accessibility, which has been a prime driver for improvement in
transcription from inception.

I hope you will find these talks interesting and informative. We hope this is going to spawn
even more intense discussion and innovation in this area.

Our first speaker is Michael Picheny, manager of speech and language technologies. The title
of his talk is Tomorrow, and Tomorrow and Tomorrow: A Shakespearian view of the status and
future of speech recognition.

MICHAEL PICHENY:



I'm going to give you a Shakespearian view of the status and future of speech recognition. I'd
like to start with a couple acknowledgments. Before | do that, | first of all want to
uncategorically deny that in any way did Christopher Marlowe write any part of this talk.

The thesis of my talk today is that developments in speech recognition are largely inspired by
Shakespeare. | will illustrate this with examples to give you an idea of where I'm going
today. Here are a number of concepts in Shakespeare that are applicable to speech
recognition:

Unbridled ambition can lead to destruction, something that occurs in Macbeth, is applicable to
the history of dictation of systems based on speech recognition.

The concept of heroism and the power of new technology which occurs in Henry V are
applicable to the way people compete in evaluation of speech recognition.

Another theme is that misinterpretation can result in bad decisions, a theme in King Lear,
which is applicable to the way that speech recognition is being applied to problems in the
intelligence area.

The general practice of multi-media and the value of multi-media experiences and large
numbers of complex interactions and how to manage them are things that can be found in
plays such as the Tempest and also almost all of Shakespeare's comedies. This is relevant to
applications in speech recognition, to recognition and analysis.

Last of all, the bad effects of hesitation, through Hamlet. Is that going to be something that is
going to affect our future? We will have to judge at the end of the talk.

With this, | hope by the time I'm done, | will have convinced you that Shakespeare is relevant
to speech recognition, and you will not go away thinking that this entire talk is a tale told by
an idiot, full of sound and fury that signifies nothing, but you will have to judge for yourself at
the end of the talk.

Let's start with the discussion of ambition and how it relates to the history of dictation
recognition. To review the synopsis of Macheth, it starts by having Macheth, a war hero, being
given a set of predictions by three witches that he is going to become the king of Scotland. By
conspiring with his wife, Lady Macbeth, he Kills the King of Scotland and takes over the throne.
For limited amounts of time, he has some success as King of Scotland, but shortly after, things
begin to unravel. His wife goes crazy. There is a big war against him. He is eventually slain
by his rival, Macduff.

The point here is that the plot of Macheth parallels the story of recognition dictation

systems. The predictions of the witches are analogous to the predictions in the early days of
dictation. The murder of King Duncan which enables Macbeth to take the throne of Scotland is
analogous to other enabling circumstances for dictation, for example, the appearance of



appropriate technologies relevant to field dictation products. The height of Macbeth's powers
is analogous to the initial phases of dictation recognition where there are a lot of initial
positive revenues. Eventually people started losing their minds in this business by having
dictation hype exceed the performance of the systems. It all ended in defeat and death and
dictation sales.

I'll go through this in more detail. Regarding the analogy between the predictions of the
witches and speech recognition, I've been working at I1BM for almost 25 years on dictation
recognition. Almost every year, | see the same sorts of predictions. When | first came in
1980 or so, | saw charts that predicted that the growth of speech recognition would hit a
billion dollars in 1985. Come 1985, there was no $1 billion business in the speech area.

So another five years, by 1990, we would be making a billion dollars, and of course, when the
first dictation systems came out, in 1995, it was a billion dollars five years hence. The same
billion dollar figure is still being used, though not necessarily associated with dictation
recognition systems.

But all these predictions of the witches are analogous to the predictions of the growth in
speech recognition business. | want to talk about the things that enable the creation of
recognition systems, analogous to the slaying of King Duncan by Macbeth. | will lay the stage
for this, to review the composition of the dictation system, because I'll be referring to some of
these components over the course of the rest of the talk. The way general speech recognition
systems work is that you take some speech, have it processed by a signal processor which
outputs a set of features. The features combine with two other components, a language
model, which predicts sequences of words, and an acoustic model, which predicts the way in
which words are realized as signal processing features, all combined together in something
called a hypothesis search. What is output is the sequence of words representing what a
person says. One additional thing you can do is you can take these words, the output of the
speech recognizer and feed them back into the acoustic models and the language model to
improve the performance of the system by using different adaptation schemes.

One of the circumstances that enables the creation of dictation recognition systems is the
increase in speed and memory that has been taking place for many years. For example, by
1995 or so, you began to see PC systems on the market with anywhere between 16
megabytes and 64 megabytes memory, and by 1995, you also saw systems which had speed
on the order of 100, 200 MIPS. The point of the technology that enables you to do dictation
probably already existed five years prior to 1995. But the thing that really enables us to start
fielding dictation systems is the fact that you can now run dictation without special purpose
hardware on PCs that you can buy in a store, which made it very accessible to customers who
wanted to buy dictation systems.

Another important set of circumstances that enables the creation and initial success of
dictation recognition is the value of speaker and language model adaptation. For example,
one can significantly improve the performance of the dictation recognition system by having a
speaker enroll or train the system by reading a set of sentences. For example, by reading a
relatively few number of sentences, which only takes a half hour or 40 minutes, you can
significantly improve the speech recognition system performance. As a matter of fact, you
don't have to adapt the system by having a person read the text. You can get significant
improvements in speech recognition by taking the output of the speech recognizer and using
that to feed back to the acoustic model. Another way you can improve the performance of the
speech recognition system is updating the language model for a mismatch between the
language model you started with and the language you are actually speaking to the system.

This graph shows the performance with increasing language model data as a function of the
number of sentences. Here with as little as 2,000 sentences (which is about 20,000 words)
you can get a significant improvement in dictation recognition performance.



Putting together these two things, plus the fact that we now have available speed and memory
to allow us to run dictation native on PC systems, allowed us to create the first set of dictation
products in the mid '90s, which resulted in turn in significant initial positive revenue.

However, after a while, things began to unravel, and people began to lose their minds sort of
like Lady Macbeth did, in Macbeth. For example, by 2001, we were already preloading over
two million copies of Via Voice which was shipped on new IBM PCs. Since these things were
already being shipped on new PCs, there wasn't much of a need for people to go out and then
buy these products.

Another problem came about because of price wars in dictation markets. The price of
individual copies of dictation systems had come down to as little as $20 a copy for
introductory systems. This made it accessible to a lot of people, but made it difficult to make
any money in this very low margin, low profit business.

Another problem is that people were not constantly upgrading the system. They would buy
one version of the dictation products. If it worked, they would stay with it. If it didn't work,
they wouldn't upgrade to anything new. You bought it once and that was the end of your
customer market.

Another problem we ran into has harmed the credibility of the speech industry: in order to
compete in the business, people had to compete by increasing the amount of hype associated
with the performance of dictation recognition systems, making claims like 99 percent accuracy,
being able to handle 2 million word vocabulary. These things actually do appear on various
boxes of the earlier dictation recognition systems. Any of you who have ever used the

dictation system product knows we are not getting 99 percent accuracy. The fact that we
actually could recognize a system with 2 million word vocabulary doesn't do you any good if in
fact it is still getting a large fraction of the words wrong.

A lot of market consolidation happened, in which players were swallowed up by larger players
who were thinking that by doing this, they could corner what they thought was an increasing
dictation market. The net effect unfortunately was defeat and death. Some of the things that
happened in the last few years was, first of all, market consolidation. A number of
competitors in the dictation area were dismantled.

Another problem was that the hyped claims associated with dictation recognition gave the
general impression that the entire speech recognition problem was solved, which essentially
killed the major sources of funding for research in this area, government funding. If the
problem is solved, why do you have to fund more research in this? We will go invest in
something else. Also, since the systems were far from perfect, a lot of people walked away
after trying it once or twice. They gave up and went away with a bad taste in their mouth.

All these factors put a major damper on the dictation market. And the question is, after all
these negative experiences with speech recognition, is it the end of the development of speech
recognition? And the answer is no, I'm glad to say. This leads us to the next set of scenes in
Shakespeare that are relevant to speech recognition.

Let me describe briefly a little bit of what happens in Shakespeare's Henry V. It is about a
young English king who inspires his troops with speeches by saying things, like, “"Once more
into the breach, dear friends, once more, or fill the wall up with our English dead." This,
combined with a significant technology advantage, allows the English to defeat the French in a
number of battles, for example, at Agincourt in 1915. The way they defeated the French back
then is that the French troops who outnumbered the English troops were still wearing heavy
armor and using swords, and riding around on horses. The English got rid of the heavy armor,
used a set of long bows, made them much more agile, and this allowed them to defeat a much
larger number of French troops.



The basic concepts of heroism and advanced technology are also applicable to improvements
in speech recognition, and relevant to winning different types of speech recognition
competitions, like competitive evaluations sponsored by NIST. One thing for example is
heroism. It is not like people actually go out there and make engaging speeches like Henry V,
but for example, by inspired leadership by people like the head of our group, David Nahamoo,
by taking a visionary approach, and trying to do our best in this area, we have been able to
continue to make substantial progress even with the initial disappointing things that
happened in dictation markets.

The other thing that has happened is development of new technology developments in the
speech recognition area that | want to speak to you about in more detail. I'll mention three
techniques at a high level.

One technique recently developed is the concept of latticed scoring. The basic idea is the
following. Early speech recognition systems were one path speech, one path through the
data. They started from the left, went all the way through the right, and out came some
words that may be right or wrong. The basic idea in latticed scoring is the following: Take a
relatively simple set of speech recognition models, and use this to pull the number of
possibilities into a reasonably sized lattice of possibilities. These possibilities are recomputed
with a set of more detailed models, creating another lattice which is scored with another set of
detailed models which might be too “expensive” in a single path at the beginning. The effect
of the multiple paths and multiple models is to take words that were originally produced
incorrectly in a single one path scheme and produce them correctly in a multi-path scheme.

Another concept which has proved valuable is the concept of training. The basic idea is the
following. We take speech forms, train a set of acoustic models and go back, take the training
data and re-recognize the acoustic, re-recognize the training data with the set of acoustic
models. We adjust the parameters of the acoustic models to get more words right when we
decode the training data and go around in a loop until we get as much of the training data
correct as possible. Net output is we can significantly improve speech recognition performance.

The last technique | want to mention is the concept of graph factorization. Speech recognition
search complexity is like scheduling airplanes. The time spent searching through words
depends on the number of connections between the words and hypotheses you are

searching. This is analogous to scheduling airplanes. What you want to do is use the fewest
number of airplanes to get you from one city to another. By developing ideas similar to the
idea of airlines, we are able to come up with a smaller number of connections between
different word hypotheses, simplifying the recognition search, and allowing us to deal with
much more complicated systems and models than we could without this concept.

When we put these approaches together, we are able to participate in competitive evaluations
across multiple sites in the speech recognition community, and we achieved the analogy of
Henry V@ victory at Agincourt. To transcribe telephone conversations, combining these
techniques together, we have been able to reduce the error rate from 2003 performance, by
about 27 percent, down to something like a 13 or 14 percent error rate.

Another point | want to add parenthetically, as recently as five or six years ago, performance
on telephone conversations would have been as high as a 50 percent error rate. The message
| want to give to you is that even for difficult text, such as telephone recognition, significant
improvements in speech recognition have occurred both at IBM and in the community at large,
that is now enabling us to tackle more and more complex problems in the speech recognition
area.

| want to mention a couple of advanced problems that are being tackled, to give you an idea
of where this is going. This brings you to my next example which is one from King Lear. He
was the king who at the height of his powers decided to transfer his kingdom to his three
daughters. The problem is he used bad judgment in transferring his kingdom to his



daughters. In particular, he succumbed to flattery from his two older daughters, and his
younger daughter, Cordelia, who only spoke truth to him, he did not take seriously and he was
actually upset by her honesty. He ignored her, and by transferring the kingdom to the two
older daughters, this eventually led to his ruin. It was only at the end that he realized that
Cordelia was speaking truth to him all along. At that point it was too late for him to do
anything about it. And the whole thing ended in tragedy.

This entire concept of misinterpretation and misunderstanding is applicable to applications of

speech recognition for intelligence and information. So, with the theme that misunderstanding
can bring disaster, we can describe one of the new programs that speech recognition is being
applied to, which is something called the GALE program being

sponsored by DARPA. The idea is how to avoid misunderstanding, and in particular, the
program is predicated on the idea that large volumes of raw data are being collected from
around the globe in many languages and media. And given the large volumes of data that are
being collected, it is difficult to find and interpret the important pieces of information by
analysts who are scanning large numbers of different channels and trying to make sense of
them. The GALE program was created so that in the future we can automatically provide
relevant distilled information to

military command personnel. Systems that are being proposed for the program which is just
starting now have the following, basic following structure:

The idea is that you take some input speech that may be in English or other languages, such
as Arabic or Mandarin. It is automatically transcribed by a speech recognition system. The
data is translated, if necessary, in the case of Mandarin and Arabic, the resultant translated
data is provided to analysts for their understanding.

I'd like to briefly mention how the translation is done. The process that is being followed is
similar to what is being done with speech recognition. When we have stored text that we want
to translate, you can think of this as being analogous to the speech waveform in speech
recognition. We have a set of models and we want to search through these models and come
up with a most likely target sentence given the input source. This is done by using the same
concept as we have with speech recognition. A language model from the target language
predicts language from the target source, and this is analogous to the acoustic model in
speech recognition which predicts the way in which target words can be realized as words in
the source language. This field has moved along relatively rapidly over the last couple years.

However, there are still problems in the machine translation area. First of all, machine
translation systems today are trained, not on written text, not on text that is open. If you
have any familiarity with different types of text, you know the way people write is a lot
different than the way people speak. The other problem one runs into is that speech
recognition itself still makes a lot of errors. It may be unreasonable to expect that the output
of the translation system can adequately cope with the presence of a lot of errors in a speech
recognition system.

One of the big focuses of the program is try to improve the output of speech transcription
systems. One of the techniques we are exploring is to use real understanding models in
speech recognition to improve recognition performance. The basic idea here is to use some
real understanding knowledge which is to take an input sentence and parse it with semantic
information and use this information in a speech recognition system. Many of you who are
familiar with dictation systems today know about the language model, something called a tri-
gram language model, where one predicts the next word from the two previous words in the
sentence.

The basic idea is to include more in the language model; not only to predict the next words
from the two previous words but also various information in the semantic parse tree, including



various constituents above the words, constituents higher up in the parse tree, and
constituents in other parts of the parse tree. By predicting the word from a complex set of
information, a richer set of information, we would be able to show substantial reductions in
error rate from limited domain paths. We are looking into a domain task like recognizing
telephone conversations, one of the things initially causing us problems. In order to create
such a model, you have to annotate a lot of data, from limited domain tasks. It will be some
time before we see such model to improve recognition for translation but we hope this is one
of the techniques that will lead to improved performance over time.

The last thing | want to discuss today in my talk is applications of speech recognition to
meeting and lecture recognition. This is inspired by Shakespeare once more. In particular, if
you look for examples in one of his later plays, such as the Tempest, you will find multi-media.
It is about a magician who eventually retreats to an island and over time he learns to cope
with the situation. By taking advantage of magic powers, he comes to terms with his situation
and becomes a better person for it. The entire play is full of all sorts of rich events. For
example, it starts with a big storm on stage. All sorts of magic and magical characters, like
magic fairies, and it even has music as part of the play.

So this is quite a rich set of information. In addition, if we look at Shakespeare's comedies,
such as Midsummer Night's Dream, Comedy of Errors, and Taming of the Shrew, all of these
plays are characterized by having a lot of different characters who interact with each other in
complex fashion, often making things more complex. Analyzing these interactions and
combining this multi-media is also highly relevant to recognizing speech and analyzing the
contents of meetings, seminars and lectures.

This leads me to another program that we are participating in, the EU project CHIL oriented
towards developing techniques for dealing with meetings and lecture recognition. It stands for
Computer in the Human Interaction Loop. The idea is try to help in seminar and meeting
scenarios. The interaction will happen in a smart room equipped with non-intrusive sensors;
for example, microphone arrays, hand-held zoom cameras, etc. The idea is to take the sensors
in the smart rooms and provide services to the participants, based upon technology such as
people tracking, automatic speech recognition, speaker recognition, directed audio
summarization. This project started about a year ago, and has a number of years to run. |
hope this gives you some idea of where speech recognition and related technologies are
moving to over the next few years, to enable recognition and processing in meetings, lectures,
seminars, what have you.

As far as the future is concerned...To be or not to be. That is the question.

Hamlet is a play about a character who was paralyzed by hesitation and indecision. The
guestion is, what is going to be the future of speech recognition? You are going to hear a lot of
talk the rest of the day about the future of speech recognition. It will be up to us as a
community to decide whether we are going to hesitate or whether we are going to march
forward in this area, and | certainly hope the decision is to march forward.

I'd like to conclude my talk by just reiterating that | think there are a lot of useful analogies of
Shakespeare to speech recognition.

Thank you very much.



Our next speakers are Keith Bain, Pawan Lingras, and Stan Armstrong from Saint Mary's
University, talking about the Liberated Learning project.

Keith Bain:

Good morning. My name is Keith Bain. I'm the international manager for Liberated Learning
based at Saint Mary's University in Halifax, Nova Scotia. 1'd like to thank Sara for introducing
us and for organizing this event. 1'd also like to admonish her for scheduling us immediately
following Michael’s wonderful and entertaining talk. A tough act to follow indeed. You can all
rest easy for there will be no singing or dancing during our time at the podium. For your next
challenge Michael, we would like you to try to come up with a talk about how speech
recognition is analogous to something more contemporary, like the Simpsons.

Given this is a tight agenda, | typically would give you a condensed, standard spiel about our
work, but | thought 1@ move away from that. | started thinking about the drivers behind this
initiative we call Liberated Learning, and those emanate from challenges that are faced in
education generally not only today, but far back into the educational past.

| pulled together a collage of images that you see on the screen behind me. 1t@ fairly early in
the morning, but you have all had coffee now, so you should be able to answer a simple
guestion to get us started. What is the common theme running through these pictures? |@
give you a chance to figure out what it is.

Yes, these are all images from Scotland. Bagpipes, tartan, kilts, castles, golf, and of course
whisky. But there may appear to be one image that at first glance doesn® belong. To play
the game from Sesame Street, one of these things doesn’t belong here. Do any of these
pictures stand out as being different? Eunice, you nodded your head. Which one?

<< Audience >> The child.

KEITH BAIN: The child, okay. You've got the right picture. The child may or may not be a
wee Scottish lass. In putting together this collage, | was looking not at the child but at the
actual blackboard in the picture. | was recently quoted in a magazine article featuring
Liberated Learning. | said my vision for this concept of using speech recognition technology as
a means of improving accessibility was to have this technology, much like the chalkboard,
available in every classroom in the world. Since | had linked Liberated Learning and the
chalkboard, | started to look at where the chalkboard came from to see if it was indeed an
appropriate symbol.

Looking back at mid 18th century, there were significant challenges facing education in
general. | asked my colleagues on the bus ride in this morning what they felt were the two
most pressing challenges facing education today. Two out of the three challenges they
mentioned were linked to the exact same challenges facing education in the mid 18th
century. The themes present were the cost of education and rising technical requirements,
and the other issue was increasing pressure on instructors to deal with student diversity. At



that time all students were crammed into single classrooms. Looking at challenges in
education in parallel today, it became clear that the blackboard became a significant
technology that revolutionized education. This innovation is credited to a teacher named
James Pillans from the old high school of Edinburgh, Scotland. | found some interesting
guotes about this innovation from an article called the Great Leap Forward on
wisegeek.com. | was prompted to try to join their online community but was denied
admission. (Chuckles). Not because of the geek part but because of the wise part.

Teachers no longer had to spend so much time on a single student slate, but could speak to an
entire class where everyone had the benefit of seeing the board. A very innovative universal
design technology which opened the doors to greater access for broader number of students.
This revolution in technology, this first step in solving an educational challenge was merely a
starting point on the innovation chain. The fact that we now had a chalkboard led to a series
of innovations. Within a short time frame after the first chalkboard was invented and actually
used in a live classroom, you saw a variety of new applications and complementary
inventions. You saw not only new applications geographically, but new uses in terms of
mathematic classrooms where this was previously not used before. You saw a series of
research and development initiatives, different sizes of chalk were being invented, different
colors of chalk, different surfaces for the blackboard and different kind of erasers, and means
of cleaning erasers. You could find a fairly significant list of patents for everything related to
the chalkboard. 1 like this quote. “Spraying boards with water tends to reduce their writing
effectiveness; the micro-crevices load up with gunk. use gunk-free water” Something so
simple yet something that had to be researched — the use of gunk free water.

This abbreviated history of the chalkboard is analogous to something called Liberated
Learning. Back in 1998 we had a vision that we could make classrooms more accessible using
speech recognition. We decided to try using off the shelf tools that Michael alluded to. We
walked down to our local Best Buy and picked up a copy of a certain dictation product which
will remain nameless, and we put this into a classroom. This is a picture from our first pilot in
1998. We put a microphone on the professor and using commercially available dictation
speech recognition, we transcribed and simultaneously displayed the lecturer's speech. We
had an interpreter available in the classroom. We did not remove any conventional support
systems for the students. We were curious to see how the students would react to the
intervention. After a few weeks of seeing the system in action, we were excited about the fact
that one deaf student was clearly using the instantaneous display to access the content of the
lecture. What we perhaps didn® envision, but perhaps we should have, was this effect. The
vast majority of students in the classroom seemed to be looking at the display. Furthermore,
the next morning, when we opened our offices up, it was a non-disabled student pounding on
our door saying, where are the speech recognition generated notes that you promised us? We
need the notes! We can® go back to our old notes!

From this image Liberated Learning was spawned. The concept of Liberated Learning is based
on two interrelated applications: using speech recognition software to caption live speech, and
using speech recognition to generate class notes, or in the university context, as an
alternative way of note taking in university classrooms. Today the mission of Liberated
Learning is to increase accessibility by focusing on these two interrelated applications. The
concept is being driven by, in my estimation an impressive group that are united here today
and represented in this room. Universities from around the world, we are up to 12 or 13
universities now. Of course, our strong partnership with IBM. Over the next 20 minutes, as
well as a few other sessions today, you will hear some of the innovations and research that is
being done in this area by members of the consortium. 1@ like to invite one of the professors
from Saint Mary@ University, Dr. Pawan Lingras, who is going to share some of the work he is
doing regarding archival and retrieval of the speech recognition generated notes I've briefly
mentioned. Following that we will have Dr. Stan Armstrong, one of the pioneers in classroom
research on this topic will join us. >>



>>PAWAN LINGRAS< <

What we are working on is something on the student side, the notes available to students in
Liberated Learning courses. What we want to do is improve the amount of information
available to them and hope to have a prototype available by end of summer.

| would like to show you what our systems looks like. The system will allow students to get
information from the Liberated Learning notes. What we want to do is provide students with
improved methods to use the on-line content. It looks like a search engine, but it's more than
that. We want to focus on the link on the left-hand side. | will show you what it looks

like. We go through the notes, use notes that we have. We are going to create an index table
for the entire course in religious studies. We are trying to take into account the fact that
these are spoken language notes.

We want to use words that go together to form phrases. We group words based on their
relative distance. For example, words that are within say five words of each other. Spoken
language phrases are not as consistent as written ones. For example, .inductive proof.

or .proof by induction.. So that is the first thing that we are doing. Let's have a look at it a
little bit more. Some of the terms are not quite right. These are the ones that say the same
word. The searching is slightly different, when we search for these two words we search for
these individually as well as the pair. If you click on the liberated learning search, you get the
highlighted part. The display starts at the first time the word appears.

If you click on that link, you will see the entire document highlighted with search

words. People can click on these highlighted words to go to the right place, and the new
format of ViaScribe will help us work with the audio part. If they click on the Google link, they
can find out what else is available on the Worldwide Web.

Where are we going with this? First of all, we need to do a little improvement. It will support
the new ViaScribe format which includes audio, and any other xml documents, as well as
support for Microsoft Word, excel, PowerPoint, PDF. This project can be taken one step
further. We have annotations within ViaScribe that will allow people to tag the document. For
example, .definitions., .questions., .note., etc. For example, Dr. Armstrong's could add a
question .what is the difference between Christianity and Judaism.. The answer may be all
over the place in the notes. Dr. Armstrong could keep on annotating these notes, wherever
there is a (partial) answer. You could have a whole set of answers. The idea is summarize
using semantic web principles, and show exactly what they want.



>> STAN ARMSTRONG< <

As Keith mentioned, |I've been working with this project since 1998, | believe. Is that correct?
My own background, I've been a lifelong technophile and have worked with computers, both
hardware and software.

One of the things | realized fairly soon after starting to work with this material was that we
had only the vaguest subjective notion about how well we were doing. People would say, why
don't you try slowing down your pace of delivery. Or why don't you try this or try that. We had
no real way of measuring our error rates. Overall error rates would be computed by hand. It
was an extremely labor-intensive process [taking two weeks to completely process a 70
minute lecture].

It occurred to me that it should be possible to put together some off the shelf programs and
form a procedure that would enable us to generate a chart of error rates, and that is what |
did a couple years ago, a chart of error rates that would plot a minute by minute error rate
figure, and also minute by minute speed of delivery. The trouble with that is that the
procedure involved three different programs, and our end users, even those who were
technically savvy, would get discouraged because they had to do so much.

It occurred to me last year that there certainly ought to be programs out there that would
automate it, and indeed there are. A very fine product called Macro Express, enables you to do
automatically almost anything that you can do with a keyboard and a mouse. Using a couple
of these products, | put a procedure together. You put two files, an edited and an unedited
one, into a folder. You click on the icon and away you go. [ SA begins a live demonstration by
double clicking the Error Rate Charting Procedure icon on the desktop of the projected
display.] I'm hoping to begin with Beyond Compare, a file comparison program that will
generate a word by word comparison, between the edited and unedited text. We keep the
reader current with what is going on here.

At this point (if the audio had cooperated) it alerted the user to come back and check to be
sure that the second phase was properly done. If you had to resynchronize, you would align
manually here.

Beyond Compare is not perfect [It occasionally loses sync between the two files].

You scroll down, check to be sure the text is aligned properly on both sides, and continue the
procedure. From here on in, it will run by itself. What it is doing now is making it into a form
that can be processed by the next program, which happens to be Microsoft Word.



Word opens the edited text, strips it of all the extraneous information, and saves it in an
intermediate file. It now goes and opens the output of Beyond Compare, which is in this case
an HTML file. Again there are a series of word macros in here that strip the extraneous
information off, and because HTML uses color to identify errors, we have to annotate the
errors with asterisks so they can be counted later on. This is going to be saved in an
intermediate file. Excel was left open. | didn't mean to leave it open, so it closes and it opens
itself once more, imports the data, both the original text and the list of errors, and produces
an error rate chart.

Once you have an error rate chart, you can use this chart, the professor can use this chart,
the editor can use this chart, to identify typical areas for improvement of delivery. Not all
professors want to do this, but at this stage in delivering our product to classrooms, we tend
to collect people who are keen on the technology and are willing to put extra effort into it.

Later on, of course, we are looking for a product which is completely transparent to the
professor. Batch enrollment will help us there.

I'm going to open for you a different chart from the one we just used in order to illustrate how
you might use it.

[SA displays a new Excel Error Rate chart.]

We are aiming in the Consortium for an error rate of 15 percent. We find that is reachable by
most speakers. As you will see, there are problem areas. This chart represents some particular
difficulties. Now that we can locate in the lecture where those difficulties are, we can use the
chart to find the problem.

The chart that | showed you, has a problem [indicated by a peak in the Error Rate Chart]. The
problem right here is at 18 minutes. 18 is the summary of the previous minutes. So we will go
to minute 17. Since we don't have sound, we will probably have to use this [SA switches to
laptop audio because room audio wasn't working]. | hope you can hear this. All right. That®
enough.

[SA plays the audio segment].

[Computer audio] <<How do you know a great basketball player from somebody who isn® a
great basketball player? >> [very rapid, slurred speech]

You see that error. What happened?

If you listen to me, normally | lecture in the classroom the way |@e been speaking to you. |
pause frequently. My overall speed of delivery is fairly measured. That is one of the things
that the project helped me with. | don® speak as fast as | used to. My students find that very
helpful. What you heard was accelerated speech. It is not a problem for the technology.

What is a problem, if you were listening carefully, and | will attempt to play it for you%. Maybe
I have the sound now. [SA plays the audio segment].

[Computer audio] <<The problem here in this particular case, the question, yes, you can
practice all you want and not become a basketball player. What makes you a great basketball
player? How do you know a great basketball player from somebody who isn® a great
basketball player?>>

You see what is happening? | am slurring my speech. |@e gotten excited, and | have lost
articulation. 1@ slurring my speech.



It's remarkable that it does as good a job as it does at that point in the lecture.

By using this error rate procedure that I've created, all users are able to begin to see for
themselves, or if they are not willing to do it, those who are analyzing what they are doing are
able to see typical problems that are occurring.

Some of them are not correctable. One of the things this software has indicated to me is that |
have a tendency not to fully pronounce final V's on words. |1@e just retired this year. |@e been
teaching since 1968. If I'd started pronouncing the final V's on words, perhaps some critical
words, like "have" might have helped me a little bit there, but that is tinkering.

That is not significant. But other kinds of things like mumbling are significant.

The professor gets immediate feedback, in the privacy of her own office, without somebody
saying, you are not really doing this right. The technology is not judging you. They will more
easily and more often make some adjustments. One of the things we have discovered is that if
| can see improvement, 1@ keep using it then.

One of the things that has been useful to us (I think reported to us six years ago) is that
people who get low error rates tend to be professionals. A real broadcast news reader or a
professional actor, with full range of expression, can produce a remarkably low error rate.

Professors are in fact actors. They are performers. One of the things we have been able to do
is help people understand that that is what they are and what they are doing.

In summary, my experience as a professor, dealing with this software, has been an enormous
help to me. We can disseminate this product throughout the academic community, partly on
the basis not of phenomenal error rates, but on the basis of utility of the product even as it
stands now.

Students, once they have started using it, they get vastly more afterwards. During the class if
they miss something, they can go back and see what they missed. They really appreciate

it. Professors are now provided with complete transcripts of everything they have said. For
those who are producing research papers, and are fortunate enough to have a parallelism
between what they are researching and what they are teaching, it can be a marvelous source.
You have all your own material. It will be a great help if you are improving, if you can not only
listen to yourself, but also using tools like the one we identified, you can more rapidly discover
where your strengths and weaknesses are, and improve your presentation.

I@e only got about a minute. Are there questions that anyone would like to raise about what
we are doing? About what the experience is like? Okay. Thank you very much.



SARA BASSON: Thank you very much. Our next presentation is all the way from
Europe. We have Julien Ghez, the director of accessibility from IBM in France. And Jerome
Gue from Ninsight. They will be demonstrating ProTitle live.
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The next speaker is Sarah Conrod from Cape Breton University. She will be talking about
Enhancing

Accessibility in Interpretive Talks.

Good morning, I'm Sarah Conrod and today | am here from Cape Breton University to talk
about the use of speech recognition in a museum setting, we are part of the university
consortium that St. Mary's leads and | am excited to be here with you today.

As part of the Liberated Learning Project, we have been using ViaScribe in the classroom for
many years but we decided to move this technology into a new learning environment and |
will be talking a little bit about this today.

Our first testing site for this technology outside of the classroom will be the Alexander Graham
Bell National Historic Site in Baddeck, Nova Scotia. One of the reasons we were happy to do
this pilot at this location is because, as everybody knows, Alexander Graham Bell is the
inventor of the telephone but he also had a real enthusiasm for working with people who are
deaf and hard-of-hearing, this in fact was his life's mission and passion. Because of the
commitment of the site to explore Dr. Bell's life work, we were able to talk to the
administration about this project and how it could be successfully tailored to a museum setting.

Today we have been hearing about many ways that voice recognition technology is changing
how we communicate. The use of voice recognition technology in the classroom requires
projection screens that display text to the class with the display being available to everyone at
once. This type of display is not appropriate for a museum as it is a different environment. In
a museum, you have a short amount of contact time with the visitors, smaller groups and
interactions with visitors tend to be a “one shot deal”. It does not make sense in this type of
environment to have big screen projections everywhere as this would be detrimental to the
special atmosphere that is created in an interpretive environment. Our goal was to find new
ways of using voice recognition technology while keeping the atmosphere of the museum
environment in mind.

By using Voice Recognition technology during tours, we think it will enhance a visit to a
museum because it will allow seamless adaptive communications for people that need it
without inconveniencing those that do not. We have this technology seamlessly integrated as
another communication means that is available in the museum, the user is in control of when,
how and how much they use it. We are trying to perfect our techniques around this delivery
to make this software work well in this type of setting.

| would like to take a moment to give you an overview of accessibility at this site; | wanted to
point out that the museum really does try to be accessible in many of the traditional ways. In
the @0s, they did a retrofit of the museum, made it wheelchair accessible and put closed



captioning on all the movies and kiosks that they have. In addition, they got rid of small text
that is behind those glass displays so people with visual impairments could see the text
better. If you are blind or low vision person, you may not be able to see what a hydrofoil
looks like, so the site has a cart with touch-samples so a visitor understand what it is that the
guides are talking about. Therefore, as you can see, the museum is very dedicated to finding
new ways to enhance accessibility and bring the museum displays to everybody's comfort
level. Based on this commitment to accessibility we felt that there was a receptive audience
to examine yet another accessibility tool, and to find out how we could use Voice Recognition
software in a museum environment. The use of this technology in a museum setting works as
follows: a guide or animator, wearing a wireless headset, the same one you saw in the
demonstration, and the same type that we use it in the classroom, is worn. The guides wear a
wireless transmitter, which sends the speech to a receiver hooked up to the computer. The
signal goes to the computer and ViaScribe converts the audio presentation so that we are able
to display the guide's words as text.

One of the reasons we think this technology is particularly well suited to museum settings is
because the people that are hired are highly efficient public speakers. All day they deliver the
same content, modified a little bit based for the group that is being addressed, but they are
giving similar content to visitors repeatedly. Their job is to get out there, make information
clear, and make it understandable to the people that come in. The guides tend to have great
voice models and the fact that they know what they will say and do not tend to be searching
for words appears to increase their accuracy.

The interface that the visitor views text on is a handheld device and we are using Pocket PCs,
for the visitors as they go through the museum.

I would like to illustrate how this will affect the visitors experience by getting you to imagine
how this technology works in the museum setting. Our idea is that we want to build on the
concept of full and on-demand integration without causing those using technology to be
embarrassed by allowing other people within the site to know that they are using an accessible
technology device.

For a moment, | would like you to get you to visualize the use of this technology in a
museum. Imagine that you are going into a museum and plan to join a tour; you notice a
tour guide interacting with a group, as you join the group you notice that while the guide is
presenting she is pointing to things for the group to examine and as she does, the visitors are
laughing at jokes, nodding in agreement and enjoying the whole experience. As you look
around you notice that people are using hand-held devices, in our technology-immersed world
it is doubtful that you would guess that this is an adaptive technology device, you would have
no reason to assume that person using the hand-held is deaf or hard-of-hearing. What this
technology will enable a person who would need captioning to do, is to understand the
animator and to be fully integrated into that group experience by benefiting from that realtime
text projection.

Traditionally in a museum, material presented to an audience with deaf or hard-of-hearing
individuals is often inaccessible or inconvenient. For example, the person needing adaptive
technology has to ask someone to put a headset on and ask that captioning be made available
on movies. If they want to go to one of the PowerPoint presentations that are given several
times during the day it is difficult for them to participate since no adaptive technology is
traditionally available. The hand-held device and real-time projection option that has been
developed by IBM allows the visitor to have a private way of being fully included in the group
activity and allows the user to customize the display for their individual needs. Some of the
functionalities that have been developed include independent manipulation of display fonts,
the size of the text, the colour of the background, etc. All of these options allow the user to
have control over what it is that they are going to be seeing while in the museum.



As the tourist season is just beginning, we are going to start using this technology over the
next couple of weeks. The way that we have this set up within the museum is that we have
specific areas within the site that are going to be available for the use of Voice Recognition
(VR) software. A visitor to the site is going to see guides walking around the site with
headsets on. The plan is they will have the headsets on at times enabling on-demand use of
the technology. What this means, is that a visitor wanting to use the VR solution will simply
be able to touch the correct link on the handheld, corresponding to the to the correct part of
the site, and the visitor at all times will be able to see the words of each guide that is doing
the presentation. There is a new level of discipline that will be necessary in this
environment. Traditionally, a visitor would only have access to a designated presentation,
now any of those side conversations they have with each other are going to be potentially
captioned and available for people using the handhelds to see. The model that we are trying
to use is one where, from 8:00 in the morning until 6:00 at night, there will be somebody
hooked up to a microphone. When a visitor comes in, we will have the system set up so that
there are icons on the desktop of the handheld, corresponding to signs that are around the
site, letting people know where they are and to what part of the site the link

corresponds. Once the link is accessed, they will have an automatic connection to that
speaker that is in that section of the museum. No one else will need to know that they are in
the site using that accessible technology.

These are some facts that | recently found, | am sure many people in this room have
knowledge of these numbers. One in ten people is classified as deaf or hard-of-hearing. If
one in ten people coming in our doors can benefit from this technology, it will have a huge
impact on the population at this museum. Additionally, twenty percent of visitors to our
museum are seniors. As our senior population increases, hearing loss is an issue that is going
to continue to grow. If we also consider age-related hearing loss and people who are coming
in with only slight hearing problems as potential beneficiaries of this technology, we will likely
see that this statistic is further elevated. We are expecting that this technology will help
people who normally come in looking for captioning and other types of accessible technology
however, throughout our research; we are also expecting to find that many non-hearing
impaired people will benefit from the technology. We want to research this to examine any
parallels to what we have found in the classroom. In our classes, we have found that it is not
just people who are deaf and hard-of-hearing that benefit from the availability of voice
recognition transcription.

Other people we think will benefit from this technology include:

Children who tend to think that any new technology is cool. Within the museum, there is a
section that has experiments for kids; this section allows them to think scientifically. This
project will expand upon that section and let the children see that Bell's work is being
continued today, that his research in the area of assisting those who are deaf and hard of
hearing is continuing. We think they will really enjoy it. We have also done research on
people with different learning styles. There are auditory learners, visual learners, textual
learners, etc and we anticipate that people with these different preferred learning styles may
favor looking at a hand held rather than simply listening to a guide. Our intention is to make
this available to anyone who requests it. In addition, we are interested in examining how is
this going to affect English as a Second Language, in a museum. Our experience with ESL and
transcription has been positive, on our campus, we have an MBA program with a significant
number of the students coming from China, and we have found that there is a significant
benefit for them to have text projection in class. They read well, but sometimes it is hard to
get information effectively for them in an oral sense. We think this same benefit will extend to
our non-English speaking visitors too.

Because we plan to do some impact analysis this summer we are going to ask people to fill out
a survey when they borrow a handheld device and ask them what was the impact of this
technology on them individually, did it actually improve their visit, did they find it was
intrusive and difficult to use? As we receive these feedback forms, we are going to try to
modify our delivery based on suggestions so we can understand the best way to deploy this



technology. We hope to find innovative new ideas from our visitors, maybe there are ways we
are not thinking about, and maybe there is new delivery technique that the visitors will
suggest. It is our hope that we will be able to concentrate on those suggestions as well. We
think it will be people who are deaf or hard-of-hearing who will be primarily using this
technology but, through these feedback forms, we realize that we may end up finding our
secondary user groups are different from any of the ones that | have listed, we welcome these
types of discoveries.

Another completely different issue that we hope to study is staff satisfaction. They are going
to be the expert demonstrators of the technology but it raises completely different issues than
we have had in a university classroom. Faculty researchers are participating in this research
because they want to help their students, not because they were mandated by their
supervisor. In the museum this summer, the use of this technology is a new part of their job;
in reality they do not have a choice. Therefore, now we are asking museum interpreters,
people who generally need no level of computer expertise, to demonstrate this technology,
achieving a benchmark of 90 to 95 percent accuracy, as well as animate Bell's stories to the
same level that they would without any technology responsibilities. This appears to add
pressure to their jobs but the guides are all excited about it even though they are somewhat
nervous. Because of these factors, we want to study how the technology works for them and
how we make it easy for them to employ. How does this stress of having to use this
technology impact their success and contrast with the altruistic feelings that they have.

Additionally, once the tourist season ends, we hope to explore the use of this technology for
real-time museum driven learning opportunities. The administration at the museum wants to
explore how we can use this technology to do shadowing in realtime from the

museum. Because the application that we have developed is a server based web model, we
will be able to connect students in other parts of Canada to what is going on in realtime in
Nova Scotia. We will look at e-Learning opportunities and see if this is an effective way to
allow people to find out what is happening in the museum without being there.

Something else we want to do is look at ways we can provide content in different ways. In
Canada, federal agencies are mandated by the government to provide service in English and
French, but the museum also often receives Japanese visitors, Italian visitors, Chinese visitors
and people from around the globe and we do not feel that they get full impact of the stories at
the museum. We are going to try to develop techniques to offer them projection in a
language other than what the guide is speaking offering them content in their first

language. Our thoughts about how this would work are that our tour guide would be speaking,
with their words displayed on a hand-held and we feel that with a few techniques, we could
also display this in many different languages simultaneously. This would enable a visitor to
see text displayed in real-time in their language of choice without an interpreter speaking that
language. We have some ideas in mind to make this happen but obviously, we will need to do
lots of research in this area to perfect these techniques. We are hopeful that will happen in
the near future.

One of the benefits in this site is that visitors are going to be able to move from one animator
to the next by using the handhelds without having to alert the guide each time that they are
using the technology. Through simple display techniques they can simply click on a link and
see what is going on in that section of the museum, allowing them to use the technology as
they want. This will really allow for realtime access. Additionally, eventually we plan to have
this information on the web and a visitor, once given the specific URL will be able to see what
is happening at the Alexander Graham Bell National Historic Site even if they are not on site.

In closing we think that this form of delivery is ideally suited to a museum as it will allow the
character of the museum to come through while offering on-demand, discrete adaptive
technology that is fun, simple to use and convenient. Are there any questions?



>> Did somebody give you a container full of hand-held devices? | can't imagine going there
now without wanting to have one.

>> SARAH CONROD: We are fortunate; we have a great bunch of partners who have helped
us to acquire the technology necessary to run this project. ECBC, a local funding agency has
given us the money to purchase all of the technology that we are using. We have only
purchased six handhelds due to cost restrictions but we are hoping to make it possible for
visitors to use their own personal handheld later in the project.

>> |I'm curious. How do you see the multiple language translation? Is that done
automatically? Spoken in one language and automatically done with the others for software or
what?

>> SARAH CONROD: This is not something that we have available right now, it is something
we will be developing in the future. What | described is a future projection of what we plan to
have on site but we hope to at least experiment with French and English this summer.

>> Several interpreters actually use this at the same time? In other words, one hand-held
device has on it several interpreters?

>> SARAH CONROD: The user will be able to access any guide who is using a wireless mic at
any time but they will only be able to see one presentation at a time as the screen is so
small. Because of the wireless microphones we have, they have are 200 channels, it is
possible to have several guides hooked up and using the technology simultaneously. The first
museum we are working with is not a huge facility so currently we will only be using the
technology in three different sections of the site. We are able to allow that person that is
using the hand-held to connect any one of those three even if the presentations are going on
simultaneously simply by clicking on that corresponding link.

>> (Inaudible) most useful low bandwidth or something where it only works when you are
close to the animator, because then you wouldn't have to (inaudible).

>> SARAH CONROD: That is something we looked at in the beginning but it is not necessarily
something we will incorporate. One of the things we wanted to do was have IBM help us
develop a way for people to access this information when they were off-site. Because of this,
we found a way to connect people to the tour even if they were quite far away from the

guide. For example, if you are in one area of the site you can “spy” on what is happening in
any of the other VR assisted locations. We were nervous to use other beaming-type of
technologies, as we were not sure what would happen with many people mingling around
using the signal at the same time etc.

>> Conceivable in a discussion group in a classroom, you have eight people and one person
who is deaf. Seven of those people could have a microphone. They would be programmed
into their particular server?

>> SARAH CONROD: Right now, we are on a separate computer for each section of the
museum. In a classroom, | am not sure how that would work unless everybody had a laptop
on their desk and had the wireless microphone but | guess you are right. Presumably, that
would work but it would be costly. Perhaps in the future multiple speaker models could be
implemented and displayed on a screen; this is something to be looked at and a completely
new area to consider.

SARA BASSON: During lunch, we will have our keynote speaker, David Nahamoo. Before we
break, | have a couple of individuals that | would like to recognize. First it occurred to me as |
was pulling this agenda together, that most of the talks are predicated on the use of a tool
that was created at I1BM research, and required input from many of our colleagues in this



room. ViaScribe is now so deeply intertwined in these presentations, that you are not hearing
presentations about ViaScribe itself anymore. You are hearing presentations about different
ways it is of value and how it is being used. There is really a single visionary developer who
stands behind everything in ViaScribe. His determination brought ViaScribe to its current
state and has also made this project such a technical joy for all of us that are involved in

it. And that person is Alex Faisman.

(Applause).

And we have a small token of appreciation for his efforts. It occurs to me that for Alex,
ViaScribe is some blend of computer science and artistry. In recognition and appreciation and
to further allow him to develop the artistic side, we give him this. (art set).

(Applause).

The second acknowledgment I'd like to make is to a professor that has been with Liberated
Learning from inception, as you have already heard. And he has spoiled all of us that know
him, because we now think that all professors should give fascinating lectures on topics that
we are all interested in hearing. We would go to his classrooms to see demonstrations of
ViaScribe in action the way it should be working, and we didn't want to leave because we were
interested in what he was talking about. He presents fascinating lectures that achieve 90
percent-plus accuracy, 10 percent error rates, in speech recognition, and also creates these
programming tools, and provides detailed research suggestions about how to improve the
ViaScribe tools and processes, and generally serves as a Renaissance man. Our colleagues at
the research lab that were interacting closely with Stan Armstrong last year were completely
amazed. One of them asked me whether the Stan Armstrong that is giving all these tips and
input, is he the same Stan Armstrong who is also giving lectures on religious studies? He is
retiring this year, which is going to be a great loss to all students to come. Fortunately for us,
we believe he will continue on with advancements in speech recognition and for greater

goals. And so we have this token of appreciation for Professor Stan Armstrong.

(Applause).

With gratitude for your brilliance and vision toward improving education for all... (Applause).



Sara Basson: | am honored to introduce our next speaker, our keynote speaker for today, Dr.
David Nahamoo. He will be talking about Speech Transcription and Analytic Opportunities.

I'm honored to be here with all of you. | will be talking about speech topics beyond just
transcription, and more about what has taken place in the speech marketplace overall. In the
last 30, 40 years, IBM and a lot of others in the speech industry have made fantastic progress
to the point that history can call what we have done one of the greatest things to happen in
the information technology area. Unfortunately, the marketplace is not fully there. What | will
do in my presentation is to identify some of the reasons for that lack of success, talk about
what is going to be happening and what is going to be successful, and essentially talk about
speech opportunities. | will talk about the conversational access market, and touch on the
transcription area and what is happening there as well.

We have heard many people talk about 90+ % accuracy in speech recognition. | think it is
important to be very careful, when we try to assess what makes a technology successful.
There is a whole set of things beyond raw accuracy rates. For example, what is the level of
accuracy that you need for a given application to be successful?

The next thing has to do with the infrastructure integration. It is not just about tools like
ViaScribe. It is also about how it gets connected to the environment of the application that
exists for the user. In the medical industry, how do we get connected, say, to the radiology
environment?

A whole slew of things come into the picture when you start considering this broader issue of
integration. The programming model for desktop solutions is simple. You go to Windows. If
you look at a lot of things that are coming, though, they are getting more complicated. We are
talking about Web and telephony coming together. How do you program such that these are
cohesive? Finally, the most important issue for success is the interface and design of
technology.

In a sense, what killed dictation was a user interface we could not handle. For example, error
correction. Error correction still remains tremendously challenging. We have heard speakers

talk about what error rate still allows you to make corrections cost-effectively. The correction

is not the issue. Finding the error itself is the issue. What methods can you use that are low
cost and effective?

The other side of the story is: What are the business factors for success? Do the users see
other ways of getting a particular task done, that are more effective? For dictation, we are
often talking about the day-to-day office worker who comes in. I'm not a good typist, | use
two fingers. Nonetheless, | have a very good alternative for entering the data without using
speech.



Another question to address is user expectation. Where does the technology have to be, for
users to be satisfied? Is it 80 percent? 70 percent? 90 percent? Julien Ghez indicated that
about 70 percent accuracy is wonderful for the application that he is talking about.

But for other applications, we have to figure out what that level is.

Finally, the business model. There has to be a way to make money with this technology. You
need to make more money than you spend in development.

An interesting question about speech technology: Is it a real business or is it an enabling
technology? Think about it. Speech could become something we use everywhere. In that
case, the business assessment changes: People can make a billion dollars from selling speech
technology, because it is well integrated into the operating system that somebody offers, or
the middleware that somebody else offers. In this case, you cannot calculate the actual
amount of money that is being made there.

So here | put together a whole list of important features that you want to do when interacting
with a system, all the way from simple navigation, or when you are doing editing for word
processing by talking to it, or controlling a knob, when you want to change the temperature or
change the volume of the radio, to searching, when you want to find the next song of interest
and you don't know what the song is, you only know the name of the musician or things of
that nature. Also, when you want to call in to a call center. Your identity has to be known, this
is the other side of the story. You also may want to create documents which is sort of like
word processing, and you may want to fill structured data into a form. You want access to
lectures, and call center conversations, you want to use speech off line or on-line, and finally
you may want to extract information from a recording.

The next thing to consider is, where is the control area? Is it at home, or in a car? What sort
of device are you using? | have the whole gamut of things here. How are you accessing the
service, the technology, the network; is it stand alone? Are you doing single modality or
mixing it with other modalities? Mixing modalities makes it very complex, especially if you are
doing it on a Web-based methodology. A lot of people think that multi-modality is something
new. Via Voice from the beginning has been a multi-modal system. ViaScribe is also a multi-
modal system. The question that makes multi-modal discussions different today is, how are
you programming it? How do you build the application? How do you put it in a Web
environment? That changes the issue. It brings a lot of new standards in operation that we
didn't have to deal with when we were just using a single solution provision.

Speech technology and dictation availability began in the late '80s, and we got to the point of
a $100 million market, which is overall a small market. Early products were at $10,000 each

and it was understandable that the business could not go anywhere. This started changing as
these prices dropped to $100. Then we started hearing from all kinds of vendors that we were
damaging the business.

But that was the direction that it had to go to actually become something that could expand
and grow. Many copies were shipped. The technology started taking off in the medical
market. We were making good progress, growing by almost 20, 25 percent every year. We
had interesting stories about the use of the technology in accessibility. Even Lou Gerstner,
our former CEO, received letters from users of the technology about people having difficulty
socializing, and through the early speech dictation technology, started communicating, and
they reported that this technology changed their lives. There have been many stories like that
over time. General correction, recording and playback, are things we take for granted, but
that time alignment of recording and actually playing back took a long time to develop, in the
late '80s, working at a customer site, for the designers to fully understand what needed to be
done for good speech interactions.

So a lot of good things have happened in this space.



However, as Michael already mentioned, this business ultimately slowed down substantially.
The simple keyboard was often a better alternative for productivity and convenience of use. If
you could get up in the morning, go get a coffee, and go in front of the computer and be able
to provide a set of instructions or directions, that the machine would actually hear and listen
and ultimately act on, it is a different environment. Developers need to take the lead for
improving infrastructure integration. Until that is created, it is going to take time for this
market to evolve. | don't think the market that we envision is there yet, but | think it is going
to come back but in a different form than what we know now.

The second wave of the market started in the mid ‘80s, around telephony. | will focus on some
aspects of this in the call center area. There is also focus on embedded applications, but |
won® talk about that now because there is not much time here. | emphasize multi-modal
because that is where IBM is focusing today. You might have heard of cars, like Accura, using
speech technology for navigation systems. The second speech application wave is actually in a
more fortunate state, because there is a solution, and there are no easy alternatives to that
solution. In an automobile, there is no better choice than using the technology. And therefore,
the market is growing.

Telephony is driven by other factors that | will talk about. For telephony, call centers, and
voice to Web, (meaning any application you have on the Web), you can potentially get access
to it through voice. Most of us use call centers on a daily basis, and we have many stories for
each other. We hear stories of people going through all kinds of menus, and ultimately the
systems do not satisfy what the caller wanted to do after all this clicking, until the caller got a
human being on the other side. So customers are realizing that the Interactive Voice Response
units (IVRs), that are out there -- are not answering the need.

The goal is not to have call center input and web input as separate things. There is an
expectation that all of these things have to have something to do with each other. Customer
satisfaction is the key. Businesses can® afford to lose customers. They want to keep the
customers satisfied. Over the last four or five years, maybe the most important element of
call center design, is that customers are expecting similarity in how they access information on
the web, or through call centers. The information taken and provided needs to be connected
and needs to be integrated. These are key elements and the backbone of this growing market.

Here is some more detail of what we want to do, for example in cars. We want to help agents
be able to do other things, we want to enhance the customer experience. This is key. In
addition you want to be able to provide these experiences at any time, even during off-hours
or holidays. Managing through automation is the way to do it.

Here is a simple chart that shows call center analyses. 75 percent of it has to do with just
manpower. If you are interested in call centers, and reducing costs, you have to do something
about this aspect. You can save a lot of money. By the way, we are not talking about ten
million dollars or even a hundred million dollars. | don® want to repeat Michael@ concerns
about hyperbole, and cite yet another billion dollar opportunity. But indeed the cost reduction
opportunity is actually around $20 billion, if you can make users happy in terms of ease of use.
I can tell you that every which way you look at it, the opportunities are actually driving call
center automation. We can get together for another event like this five years from now, and
see if it has been realized or not.

What are the benefits? In terms of the benefits, the payback on investment is actually short.
Some of the returns are measurable, such as transaction cost, and call duration. There are
things that are not really that easily measurable, such as the customer satisfaction and
retention and also the enhanced image of your corporation. Think about when you call a
corporation and it does not have a good voice talking to you. It does not have a good persona.
You would react in the same way as you do when you see a bad Web Page and you look at it
and conclude there is something wrong with this company.



Here are the drivers for the transformation. We realize that actually there is a need to go
from these speech centers to speech enabled applications, which is a big difference. You can
build one application or two, but you really need do it with much broader type of self-service
applications that expand the market. To do that, you need a standards-based activity. We are
driving such open standards, open source initiatives, a Java-based solution. The basic concept
behind it is the fact that applications are built out of the smaller pieces. If you can't design in
small pieces that live together and can have a common mode of interaction, you can't be very
successful in growing the market. One element of the growth of the market as | said is the
expense of the delivery of the solution. It takes a lot of effort, so the contest here has been to
really put focus on building little things. If you want to build a car application, you can put
those smaller components together and more easily create an application. The open source
basic version has been put together for other things, and we just expand the programming
models for a new application.

With that, 1'd like to go to the next setting: data. With data, you can think of anything we
have as essentially a contact point. As a user, | could have gone to a contact center or a call
center. | do something in the business process and through this interaction, some data gets
used that needs to be analyzed. It needs to be looked at for different reasons. For example,
you can have a lot of recording of broadcast news. You want to look at it later. You want to
be able to search it. We talked about all of the things associated with lectures in the
classroom. You record it. 1@ getting to the idea that recording information or access to real-
time information has wide benefit in terms of business. Let me go to the call center area.
Here again a customer talks to a contact center, the data is collected and the enterprise can
then search on line according to knowledge that exists in terms of marketing,

product development and performance. Why do we do that? What is the value that is offered
here?

For example, if a product is faulty, and four calls are coming in, one after another, that say
there is a problem with the product, you can quickly identify that there is a problem and start
acting on it, rather than waiting for days to deal with it.

When you call in to the call center and say my son just graduated from high school, you are
providing data that you are likely to be needing a new car for young drivers, and the
enterprise can use that information for revenue. For the customer experience, today, call
centers record the data, they have no way of processing it because they have to have people
looking at it. One by one, people in the company need to listen. If you record and analyze
these things and you have all the data analyzed, you can quickly answer questions. Was the
customer happy? Did the agent read and follow the process? Was the agent courteous? All
of these assessments can be done through automated processes. There are lots of other
advantages, like compliance and risk management, and there are two ways a company can do
it. They record a call, or they can mine live calls, depending on the situation.

Here is a million dollar question. How do you make this happen in the marketplace? It hasn®
happened yet. What do you do about it, to make it happen? In research, we created
mechanisms to accumulate data and analyze it. The purpose of this analysis is so that, in the
end, you can label a call, - was the customer satisfied or not? In addition, you can say that
what was the call about? You can start using statistical technology in terms of planning how to
set up and what sort of skills you need in the coming months in your organizations. We have
talked about other possibilities; enterprise meetings were mentioned before. You can answer
questions such as “I want to know what was said before, | didn® attend the meaning, | want
to know what transpired.” You can do this also with broadcast media.

There are a range of industries and applications of interest. Homeland security is one general
area of interest. And accessibility is also a key driver. Dictation, in fact, started with
accessibility. Caption Me Now does live speech to text translation and also post-production
speech to text conversion. | think the creation of data entry is going to come back and come
back in a strong way through the devices used. There are lots of agents who go to different



places and have to enter information, and they have to carry little devices with them to enter
the information. This is an interesting area of application. These are things that we are
hearing customers talking about. Conversational access at call centers is an area where we are
seeing things happening, because automation and customer retention are key. The
automotive and mobile embedded devices need to be speech-driven. It's a must. It is going to
be happening, there is no other choice.

The next phase will be business intelligence in the marketplace. | think that the market
dynamics are driving what is happening in IBM. A couple of years ago we launched a program
called superhuman speech technology with the goal that we will have technology that
performs as well as humans by the end of the decade. Some of us think it is actually
possible. We are driving a lot of our ambitions in this area.



SARA BASSON: It's all about the journey. Our next speaker is TJ Hazen, who will talk about
Automatic Processing of Spoken and Written Lecture Material

I will be talking about the work that quite a few people at MIT are working on. The primary
motivation of this

work is that we would like to be able to automatically process the large amounts of on-line
academic lecture materials becoming available. It is not only written material but audiovisual
material as well. For example, at MIT, a large number of academic courses are being
videotaped and delivered over the Web. The difficulty with this type of material, is that it
requires a lot of human effort to transcribe, annotate, structure, and organize the data so that
it is easily accessible and so that students can find the lecture materials from the audiovisual
lectures that they

are interested in finding and reviewing.

What we would like to do is enable fast, accurate, and easy access to lecture content. The
focus is going to be on processing spontaneous and, at MIT, highly specialized lectures
typically about science and engineering, and do this automatically, and hopefully this
automatic processing will help students find lecture materials they want and be able to review
it. Our end hope is to incorporate this into publicly available services such as the MIT
OpenCourseWare. This is a project where MIT is shooting to have academic materials from
2000 MIT courses made publicly available on the Web, for anybody to use for any educational
purposes.

The specific thing that we are going to investigate are, first, lecture transcription, which is
something you know about, and retrieval from transcriptions of audiovisual material. We want
to go further, such as automatically segmenting and summarizing lectures, breaking them
down into subsections and topics, and finally aligning with material such as slides or textbooks
or lecture notes and other materials that a lecture might have available for students.

Here is the research challenge; you have some lecture being given, in this particular case, a
transcription of the first minute or so of an algebra lecture. If you read carefully, this is an
actual word for word transcription that hasn't been cleaned up. It can be highly
spontaneous. There will be ungrammatical elements to this.

We might also have available something such as a textbook. You might be able to utilize the
textbook to help you understand what topics are going to be spoken about in the lecture; that
might help you improve the recognition accuracy. You would like to be able to use the lecture
to find ways to determine sections of the textbook that the lecture is talking about. If
somebody is reviewing one or the other, they can have a link back to the portion of the



textbook that the audiovisual that you are looking at links to; or, if they are looking at the
audiovisual, get the video that describes what they are reading about in the textbook.

Some student would come along on a computer and might want to access, for example, if |
say something like | want to learn about matrices, then all of this material that is
automatically annotated would be made available to me, hopefully with the appropriate text of
the audiovisual material and also any linking documents such as slides.

I work on the speech processing side of things, so for the next 10 or 15 minutes I'll talk about
the speech processing side of it. At the end I'll talk more about my colleagues' work and their
students who are working on summarizing the lecture material.

For the speech processing side, we started by initially creating lecture material with audio
from eight MIT courses. This is roughly 20 lectures per course. And 80 MIT World seminars.
(MIT World is a Website at MIT which provides videotape lectures of outside scientists and
public policy people, who give a talk and videotape it.) We have 300 hours we have
incorporated into a corpus, and we have transcripts that have been generated from much of
this material. We have a process for aligning the transcripts to the audio. At the moment we
have 169 hours that have been fully time aligned and verified.

In addition, for many of the courses we have lecture slides or textbooks, that accompany
these courses. When we analyze the courses, here are some of the things we found. First of
all, lectures tend to be conversational in nature. They are similar to human conversations. If
you are instructed to talk to ViaScribe, they might be more well-behaved. But many of the
lecturers we have, they are animated. They produce lots of false starts, partial

words, contractions. When we look at the statistics, the number of these speech artifacts is
roughly similar to what we have seen in human conversation.

Another aspect of the lectures is the vocabulary in the speech. Typically for a one-hour
lecture that might be 7,000 words that are spoken in the lecture. On average we see about
800 unique words. This is probably one third of the number of unique words that you might
see in an hour of a news broadcast. What this is saying is that even though you might see
lots of words, lectures will typically stay in a confined space of vocabulary and talk about a
specialized area. Initially, the words that they are going to use in these lectures, especially
science and engineering lectures, will be highly specific to that topic and not the type of words
you typically observe in regular day-to-day conversations or even in broadcast news
presentations.

What | have here is an example from three lectures. We have a computer science lecture
here, and a physics lecture and an algebra lecture. These are all of the lectures for the entire
course, there are roughly 20 hours of lectures. What we did was remove all of the most
frequent words that appear in all three of the subjects, and showed only the most frequent
words that appear only in that particular course for that particular subject.

For computer science, the most frequent words that don't also appear in the other lectures
are: procedures, environment: in physics: fields, charge , magnetics, or in algebra, matrix,
transpose, or determinant. These other columns represent the rank order of these words in
other corpora. The bigger the number, the more rare those words are.

What you can see, especially in linear algebra, is many of these words simply do not get used
in standard corpora used in speech recognition, and this means they are never used anywhere
at all in that corpora. It is hard to cover the specific content you have in these science and
engineering courses. In order to get around this problem, we need some topic specific material
that we can incorporate into the corpus.



Second proble: how people speak, what is their language usage, when giving these talks?
What we have here is a set of training corpora that we can use to examine the language
model complexity, a measure of how good the language model is, representing the topic.

If we are trying to create the language model for the computer science lectures, based on
these various training corpus, such as broadcast news or human conversations, the goal might
be to get the perplexity down to 40, let's say, which is the complexity we see in the actual
computer science lectures, meaning training the model on the actual testing data.

But if we look at some of these other things like broadcast news or human conversations from
switchboard, we are not doing a good job of predicting the words. We do better looking at
other lectures that are not about computer science. If it's computer science, perhaps we can
take advantage of the textbook, that is specific on the topic. But it turns out the textbook is
the worst predictor of the speech in the science lectures.

How can we take this stylistically different course material out of a textbook, and combine it
with some other means or some other corpus of more conversational nature, to get a better
language model?

Subject specific lectures, not from the text but different sets, other language models, are
better at predicting language usage but if we incorporate the textbook into the subject
lectures we can reduce the complexity.

It is clear we have to use some combination of completely subject independent conversation
material, along with the specific subjects-specific material that we have in textbooks or other
related textural information.

We have some preliminary speech recognition results. For the language model, in terms of
vocabulary, we used a vocabulary of only 3,000 words. Also, we had 80 hours of lecture
material we used in training the acoustic model. We used switchboard and combination of
switchboard data and textbook data to train the language model. We examined the
performance over ten computer science lectures.

These are the last ten in a series of 20. We have the first ten lectures available for adaptation.
These three columns represent various performance metrics. The first one is the word error
rate. As you can see, the word error rates are quite high. We are currently working to get
those numbers down, we have reduced it probably by 20 to 25 percent since this paper came
out. We are not yet down to the 15 percent that you were talking about as being acceptable.

The interesting thing is that, even though error rates are high, the system can be fairly usable
depending on what you are using it for. These other numbers represent the precision and
recall for retrieval terms. Precision represents -- when you ask for a keyword you want to find
in a lecture somewhere, and you get back a bunch of segments of lecture segments. The
precision tells you if the system returns segments with the keywords, how accurate is the list
you got back? Precision is 90 percent -- meaning 90 percent of the time that it says the
keyword is there, it really is there. Recall is what percentage of the lecture segments that
actually contain the keyword, are actually found?

This is on ten-second chunks. We are finding 80 to 90 percent accuracy over these different
measures, which is more than good enough relevant to segment about what you are looking
for. Even if recognition is not good, the information retrieval accuracy can be good.

Let me give you an update about where we are right now.

We have developed a recognition system, and made it available through a Web-based server
for processing course lectures that you might have. So you can submit an audio lecture over



the Web. You can upload text materials, be it abstracts, key words or papers or slides you
have on the topic. The system can use language modeling adaptation. After we process the
text material and build a new language model, we run our recognition engine over it.

We are going to make available a set of Java software tools that would allow people to index
their audio material based on the transcriptions that we send back and then view it. ['ll show
you a demo in a minute. Other ongoing work on the speech recognition side, investigating
new methods for vocabulary selection and language model adaptation. When you learn what
the lecture is about, how can we make the language model better, automatically?

We are also exploring new techniques for finding vocabulary words. When you have
specialized lectures, there is always going to be new terms. Even if you don't know what the
word is, you would like to be able to identify it because it will become a keyword eventually.

We are experimenting with a method to get a larger corpus of lecture material we can use for
training our system. We

are doing this now. We have a number of these recorders that turn out to do a good job of
recording speech. It is easier for us to give these out to lecturers at MIT than have them bring
us recorded material through a laptop and headset.

After the lecture is done, they give it back to out office and it can be added to the corpus.
(Demo)

Basically, what was going on is that in the particular system, we have a baseline system which
has language model from switchboard, which is human-human conversations, and MITWorld.
The user supplied papers contain only 6,000 total words, but it's enough that when we
combine it with the preselected vocabulary, and add new items from the papers, construct a
language model, we find there are 136 new topic-specific words in the data that was supplied
that were not in the vocabulary, words such as conversational or browser or keywords, words
that are clearly important to the topic that 1@ talking about and that you would want the
system to recognize.

Here we have something where you can put in a query term. Something like

conversations. It comes back with the ten-second segments -- here there was one instance
where conversations were spoken. Well, another term, this one is language, and in this case
the word "language" was spoken four times. | clicked on one. It shows in this lower window
the context around where the word "language" was. | don® have it highlighted, but the word
appears here.

You can change with the scroll bar on the side how much more context you want to see. You
can quickly browse through these different things and find out which segment might be
relevant. Here is the title of the lecture it came from. In this case there is only one lecture
that | have in my laptop but there could conceivably be hundreds or thousands of lectures
they could choose from.

We are going to be improving, hopefully, not only the quality of the recognition, but the
quality of the interface, and hopefully integrating it with visual information for lectures that
have visual information available as well.

That is where we are with the speech processing. After the speech processing, we would like
to go a step further, and try to be able to do some type of automatic structuring or
segmentation of the lectures, breaking it down into chunks that are about the same

topics. 1@n going to give you three slides here on some of the work that ReginaBarzilay has
been working on. What you see here now is a method for examining a lecture, and what we



have in the lecture, you probably can't see it, but there are just under 700 sentences, and
these are the actual transcriptions of what the lecturer said, not what is coming out of the
speech recognizer. Hopefully, you will be able to do the same thing with the output from the
speech recognizer.

The matrix image is 700 sentences by the same 700 sentences -- it indicates there is a lot of
similarity in the word matrix between sentences. Any place you see, certainly along the
diagonal, there is similarity, but what you can see is that there are regions such as here, and
here, where there is a lot of similarity between the language usage. This might indicate that
these are segments are talking about the same topic. This is one possible

segmentation. Right now, this particular segmentation is breaking it down into eight different
segments. ldeally you might want to break it into finer things. They are working on trying to
figure out where there might be breaks that can be applied and possibly aligning the slides.

In many of the lectures, many of the lecturers don't believe in slides. In our new building, we
have a new $300 million building built for the science department and the main auditorium
lecture hall is a shrine to the blackboard. Many of the lecturers think the blackboard is the
best way to present material. In these cases, we won't have supplementary slide

material. Everything they have done is written on the blackboard.

In this example, we had one lecture where the lecturer provided us the slides. We have on
the left-hand side what she said and on the right-hand side what the slide was.

What Regina and her students are working on now, is to come up with a way to predict what
a slide should look like based on what was spoken.

There are various ways they can do this. One thing they are looking at now is looking at the
frequency of words, and measures that take into account how rare a word is in general, or the
word context or part of speech, over all the words in some segment, determining where the
salient key words or phrases are and trying to pick out a few salient words and phrases that
can be used for the title. Then finding a larger set that can be used for the body of the slide.

At the moment what they will do is generate a slide and try to evaluate it. They will put the
words that they came up with for the title, for example, and compare those words in the
actual title of the slide that the lecturer provided. That doesn't necessarily say that what they
are producing is good or bad. It might be just different. But it is one measure — it says if they
can predict the exact words, they are doing pretty well. The details of how they are doing it,
here are measures on the title generation. The precision, when they predict a word, how
often is that word in the title. And recall -- what percentage of words in the actual title does
the system predict.

It indicates here that they are predicting 40 percent of the words. Presumably this is because
the specific collection of function words or prepositions or other things like that, that might be
in the title, that are harder to predict.

In terms of the content of the slides, they get similar numbers. Roughly three out of every
four words they predict to be in the content of the slides, actually are but they are only finding
about 40 percent of the words on recall. Not to say it® bad, another aspect of it is how
readable and how structured it is. We don® have good figures for this at the moment.

What are some of the issues now, going forward? One of the things we are struggling with is,
what is the best way to display these transcriptions. Should we be using ways to color code
them, should we only display the recognized key words? Or capitalization or

punctuation. Another issue, how can we integrate the different media? If you have a video, |
haven® had time to show it, but one of the things, if you have the video, you can see what
they are writing on the screen. Maybe there are things such as optical character recognition



that can help you in recognition or vice versa, from what they are saying in conversation,
predicting what they are writing on the board. How do you align with their slides and how do
you generate these links between lecture segments? There is a thing we haven't got around
to working on yet but it is in the plan.

Finally one of the key bottlenecks that we have is the availability of this type of data. A lot of
data like broadcast news is more freely available and for use by researchers. But the lectures
are something that there is not as much of out there. So hopefully we will get lectures that
we can automatically transcribe and incorporate into the corpus and we are hoping people will
be willing to share these lectures, to share them with the research community.

(Applause).

>>



SARA BASSON: Our next speaker is Mike Wald, from Southampton University, talking about
Personalized Displays.
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Slide 23

[SLIDE 1] This afternoon | will be talking about Personalized displays. I'd like to first take you
back to about four years ago [SLIDE 2] when Liberated Learning had its conference in
Baddeck, Nova Scotia looking at research and development challenges and opportunities.
[SLIDE 3] I@ like to show you a couple of slides that | showed then which described my vision
of how research and development should proceed. On the top left of the slide [SLIDE 4] you
can see the professor talking to the students in the classroom. On the bottom right of the slide
you can see the words being displayed on the large screen. The problem with a single display
on a large screen is that only the professor can decide on such things as the size of the
window and the text, the color of the text and the background and how the text is broken up
(for example, by new lines or dashes). However each student may have different preferences
about how they wish to see the text displayed. If you had a network model you could have
multiple personal displays that could be customized and also used for real-time correction and
editing. The next slide [SLIDE 5] shows the speech signal of 28 Kilobytes of information per
second being transcribed by the recognition engine into text of 320 bits per second, which is
nearly 1000 times less information and so needs almost 1000 times less bandwidth to
transmit. Since the timing information gets sent as well, the text can be synchronized with the
speech signal later. This slide also suggested that further developments and trials of this
network model should occur.

The following slides describe the related research and development work | am currently
undertaking at Southampton University [SLIDE 6].

Although this work has only been taking place over the last few weeks, | am demonstrating a
prototype here for you now running on a tablet PC as | thought it was important you had the

opportunity to see it and hold it in your hands. | will pass it around now but please can | have
it back at the end because | haven® got another one!

What is happening at the moment is described on this slide [SLIDE 7], and | will explain it now.
My speech is going via the microphone to ViaScribe (which | have running in a window hidden
behind the PowerPoint window at the moment) and ViaScribe is outputting the text as well as
the timing and some other information to the Personalized Display server application which is
running on my laptop machine here alongside ViaScribe and it is sending the text as | speak to



the Personalised Display client application that is running on the tablet PC that is being passed
around at the moment. You can see the text appearing in the window of the client application
as | talk.

The text would also be sent to and displayed on any Personalised Display client applications
running on other computers that were connected to the network.

Information can be sent both ways and so people can also be correcting errors and this
information could be sent to others on the network.

It is also possible to have both ViaScribe and the Personalized Display server application
running on many wireless laptops in a room and this would enable a deaf person to be able to
follow multiple speakers at a meeting (even if they were all talking at once!)

There are various ways you can transfer the information from the Personalized Display server
to the Personalized Display client [SLIDE 8]. | have set up here an ad-hoc peer-to-peer
wireless network. [SLIDE 9] This means that you don't need access to a wireless access point
of a client server network, [SLIDE10] and so, for example | didn't require permission from |BM
to access their wireless network for this demonstration. A peer-to-peer wireless network can
therefore be totally independent of the organization's network infrastructure and can even
work outside and on a field trip.

Another approach to transfer information to a personal display client is to publish the
information to the Internet, which would allow anyone worldwide with an Internet connection
and the appropriate software to display the text. [SLIDE 11]

The Personalized Display options [SLIDE12], allow the individual user to change the window
size, font colour and size, background colour, and the display formatting so they can for
example have more space to display words, more breaks in the text, make the text smaller
and choose dashes to shown when the speaker pauses. The user can experiment with the
settings to see what happens and the display will reformat itself.

The next animated slide [SLIDE 13] demonstrates two different approaches to text scrolling:

“This is a demonstration of how the text sent to the display window scrolls up so that when
the window is full the text continues to be entered into the last line at the bottom of the
window which means that if the user is still reading the words as they fill up the end of the line
it is difficult for them to continue reading as the line moves upwards.”

So what happens with scrolling text is that as you are reading, the text keeps moving upwards
which can make it difficult to read.

Here is another way of displaying the text, but without the text scrolling up:

“This is a demonstration of how the text sent to the display window does not scroll up so that
when the window is full the text entered in the last line at the bottom of the window continues
to be entered starting again from the top of the window blanking out a few lines below it ¥a%"

In this method the text never moves from its original position until it is removed and replaced.

Some people may prefer one approach over the other, however when the text is displayed on
a big screen, only one method can be used whereas on a Personalized Display every user can
choose their preferred display method.



When you have the full text of what is being said displayed in front of you, you can see that
there is a lot of information, and so you might decide that you would like to mark a
particularly interesting part so you could remember and find this again. You can therefore
mark and highlight it. [SLIDE 14] There are lots of potential ways to mark it and you have
may have your own preference on how you would like to do this as it is now your information.
Tablet PCs have a stylus that could be used for example. Also, highlighting can be done
automatically by synchronizing a keypress with the displayed text. As soon as you see
something you want to highlight, you can press a key and the system will know the exact time
you pressed it. It can therefore select the right position in the displayed text without you even
moving a cursor within the text.

The next slide [SLIDE 15] shows a second ‘annotation' window as you also may have ideas or
guestions of your own when you are listening to the speaker and reading the text and so you
might think, 2That is a good idea or question, | must note it down so | remember that®. You
could use a keyboard, handwriting recognition, or even speech recognition to input your own
ideas that will also be time synchronized with the displayed text. You can replay them together
later or you can merge them together into one document.

The next slide [SLIDE 16] looks similar to the previous one but the title of the second window
has been changed to ‘edit window'

This is a similar idea and approach to highlighting in the display window and taking notes in
the second window that are time synchronized, but in this case corrections not notes are
entered. [SLIDE 17]

I would like to briefly discuss the relationship between accuracy, error rates, rates of speaking
and real time editing.

If a speaker obtained 80 percent accuracy when speaking at a rate of 150 words a minute, an
editor would only have to correct 15 words in a minute to increase the accuracy to 90 percent.
A person editing/correcting would therefore only have to type 15 words in a minute to improve
the accuracy from 80 to 90 percent. In fact, by choosing the 15 most important errors, some
of the remaining 15 errors may not detract significantly from understanding.

In classrooms in the UK and in other countries disabled students have people taking notes for
them who are trying to type or write much faster than 15 words/minute to record as much as
possible. If instead of trying to record everything, the speaker used speech recognition, the
note taker need only type the corrections.

Clearly it is not difficult for a typist to type 15 words in a minute. However in order to correct
an error that error first has to be noticed, and then the cursor has to be moved to the correct
position before removing the error and typing the correction.

Readers can mentally correct some ‘obvious' errors themselves using just contextual
information, however having the errors pointed out provides further useful information.
Therefore if the error is indicated by highlighting, some additional useful information is
provided to the reader, even without the error being corrected.

This highlighting can occur in a similar way to that previously explained [SLIDE 15]

However, it is also possible to automatically highlight words in the display window as soon as
the editor begins typing a correction in the editing window and so it is possible to provide
some indication of the source of the error without actually having to manually move an editing
cursor. [SLIDE 17]



Finding an error and highlighting it and correcting it takes time but it doesn't have to be the
same person on the network that types the correction as highlights the error since all personal
display users are networked together. There could be many different people contributing.

People can read four or more times faster than somebody speaks. This suggests that reading
is a more efficient way of obtaining information than listening. You can therefore be doing
‘something else' when reading words displayed at speaking speeds and this should enable real
time editing to be feasible and also enable the reader to combine the “correction' information
provided to help them mentally correct the error.

You can have different schemes of marking, highlighting and colours, to indicate the type of
error (for example an extra word added, one word substituted for another, or a word
omitted) [SLIDE 18]

However, there might be a slight delay between noticing the error and pressing a key to
highlight or correct the error.

It would therefore be possible to highlight the whole line [SLIDE 19] or the whole section
[SLIDE 20]

If the errors have been highlighted in one window and the corrections entered, synchronized,
in a second window it should be possible to automatically replace the errors with the
corrections. [SLIDE 21] thus clearing the window for use for adding personal notes [SLIDE 22]

What I@n suggesting is therefore that real time editing can be separated into three activities,
Finding the error and highlighting it, entering the correction, and then replacing the error with
the correction. Each of these activities takes time but adds additional useful information to the
reader that can increase their understanding of the text.

Using foot pedals to move the highlight to the exact position and triggering the replacement
could enable the hands to remain free for entering the corrections.

These are therefore indications and suggestions of some of the many interesting and useful
things that can be made to happen when you take the output from ViaScribe and send it to
other applications on a network.



SARA BASSON:

As the last speaker of the day, I'll introduce myself. My piece of the presentationis coauthored
by Dimitri Kanevsky, Alex Faisman and myself, and the topic is CaptionMeNow.

This is a project that was created within IBM through something called a First of a Kind
project. It is very much predicated on ViaScribe, but with a slightly different application than
what we saw until now. I'll talk about some of the realities associated with captioning, and
some of the existing alternatives. I'll describe what Caption Me Now is, and present a little
about the future vision.

You have heard repeatedly today that there is more and more multi-media information
available, and much of it comes without associated transcription. This may be inconvenient for
some users, and it is also in violation of accessibility mandates. Some 22 million Americans
are deaf or hard-of-hearing, and with the increasing aging population, we are talking about a
substantial population, in the United States and worldwide.

This is a slide created through the good works of the Accessibility Center. When people think
about disabilities, they often think about it as a narrow niche of the population. It isn®. When
you aggregate disabilities and look at it worldwide, we are talking about nearly a billion people
worldwide with classically defined disabilities as in mobility impairment, vision impairment,
hearing, speech, and cognition deficits. There is also the aging population, where people don®
necessarily self-identify as disabled, but with increasing age come many of the characteristics
that we associate with disability, and the numbers get larger. Then there are vision-related
disabilities that aren® even getting counted, such as colorblindness. We are talking about not
only a substantial population but also a substantial market opportunity. With aging, we start
to acquire a lot of the accoutrements that we associate with disability, and the aging
population is growing rapidly worldwide. There will be a 50 percent increase in the work force
over the age of 55 by the year 2020, and lots of other statistics available on this.

There are lots of very compelling reasons to be paying attention to the accessibility of your
information. There is a lot of attention paid to accessibility from visual perspective. | think
that less attention has been focused on audio issues. You have seen over the course of the
conference lots of presentations. Once you have text associated with your audio, you can
search more easily and do audio based search. Reading is faster than listening to the audio
equivalent. It helps individuals with certain learning disabilities.

What are the options when you need access to audio and you are deaf or hard-of-hearing?
One option, the gold standard, is stenographers and sign interpreters. That is wonderful,
except it@ costly. It is not going to be everywhere you need it at all times. Given the cost,
and the scarcity of the skill, you end up with availability problems. [t® just not always
there. Automatic speech recognition, you have heard discussion about it today. To address
the fact that performance is not perfect, you have heard discussion today about including
editing components.



With editing, you can start making even errorful speech recognition more useful. You need to
get speech recognition accuracy to a certain level in order for it to be useful. We have some
data acquired through St. Mary's University where you can see the amount of editing required
as a function of accuracy. For a speech recognition error rate of 30 percent, the time that it
would take to edit it makes it impractical and unhelpful to first use speech recognition. But
there is some threshold where the combination of speech recognition and editing makes sense.

The solution that we proposed to address increasing webcasts without captioning is
CaptionMeNow. This is a First of a Kind project at IBM. First of a Kind means you get a
substantial support from within IBM to explore a certain problem over the course of a year.

What we proposed in Caption Me Now was that captioning be available on demand. And also
acknowledging limitations of speech recognition. We also acknowledged that speech
recognition out of the box is not going to do a stellar job on speech of that kind. It will only
be semi-automated. We will use speech recognition to the extent we can, coupled with editing
and automatic alignment with multi-media.

With Caption Me Now, the input is recorded video or audio material. Then behind the scenes,
the audio/video goes one of three routes. If it's a clear speaker, and the system assesses that
the speech can achieve 70 percent accuracy, it can go through ViaScribe and have a first pass
in using the speech recognition, followed by human editing, and come back to the user, fully
transcribed.

If indeed there are multiple speakers, and we don't believe speech recognition accuracy is
going to be adequate, we can use shadowing, parroting, to create the transcription. It can also
go through a stenographic route.

All of these become a function of what is available at the moment, and what is the quality of
the audio we are talking about. Also, what is the cost, what is the price that a customer is
willing to pay? The customer is not the end user. The customer is some agency that is
making this available to all their employees. And also do they need it immediately? Are they
willing to wait two hours? There are trade-offs for these. This is all invisible to the end user.

The experience in the Caption Me Now scenario is as follows. The end user is surfing the Web,
comes across audio that is not captioned. Their agency or corporation has equipped it with a
Caption Me Now button. The user can click on that button. It goes off to a special interface
that indicates someone has requested captioning. Then a decision is made in terms of
routing. Will it go to someone for shadowing? Will it go through automatic speech
recognition out of the box followed by editing? It goes through the system accordingly, and
comes back as captioned multi-media, within some predetermined acceptable amount of time.

Caption Me Now is probably a misnomer. A friend of mine said you should call it "Caption Me
Soon."

(Chuckles).

So one of the key objectives of our first of a kind project was improving the speech
recognition error rate. We are saving money in a couple ways.

The business mechanism that allows us to save money is by making this available on

demand. That is really the 2no-brainer® piece. That is the easy part. Imagine an agency has
1,000 hours of audio. They are trying to be sensitive to Section 508 and accessibility
requirements and so on. But it is a daunting task to take 1,000 hours of audio, pass it off to
stenographers to get it captioned. It busts the national budget more than it is already

busted. There is going to be audio and video, and that no one ever looked at and therefore no



deaf or hard-of-hearing person ever looked at. If you haven't captioned it a priori, no one is
going to know because no one has gone to it. That is not even a technical solution.

The second piece is, doing more and more of this using automation technology so there is less
human intervention required and we can also drive down the cost.

One of the mechanisms we have talked about is that, in broadcast media, and in webcasts,
there are going to be repeat speakers. These repeat speakers are not dedicated zealots like
some of the people we have in this room who are willing to train for 94 percent

accuracy. They are not aware that they are going to be captioned. If we are talking about,
say, the president of the United States, they are not going to go through an explicit enrollment
process. One of the key features we have introduced is batch enrollment. You can take audio
of that speaker, that you know is going to be coming through repeatedly, and get it captioned,
perhaps using stenography, but use that audio and text associated as training material, so
that, unbeknownst to the speaker, the next time you go to webcast produced by that speaker,
he or she is a trained speaker.

We have experimented with this, and found that using some of the speech technology
improvements plus batch enrollment, we were able to dramatically improve the speech
recognition rates. This is a sample, what we will call a 2good speaker® and a 2bad
speaker.® The good speaker out of the box without any sort of training whatsoever,

was getting something like 22 percent error rate. But then with batch enroliment process,
with no explicit training on the part of that user, was able to drop the error rate down to
something like 12 percent. For the speaker that was not a successful speech recognition
speaker, they went from something like a 48 percent speech recognition error rate, (which is
unacceptable for almost any domain) and with a couple of passes of speaker adaptation and
batch enrollment,

the error rate dropped to a bit over 20 percent.

With some of the innovations that have gone on just over the last couple of weeks, we hope to
improve these numbers further.

This is encouraging. If you go to a government agency, you might find that the head of the
agency speaks repeatedly and create webcasts often. The model is that the Intranet at an
agency or company subscribing to this would be configured with Caption Me Now option.
Whenever deaf or hard-of-hearing individuals come upon uncaptioned material, they press a
button. The selected audio goes through one of the paths, invisible to the end user. Then it is
made available to that employee, as captioned audio. The on-demand approach reduces cost
because you are captioning only when and where it is required.

Our vision, moving forward, is a concept referred to as Transform Me Now. We would like to
exploit that same semi-automated model to do translation and summarization. The same
problems exist. Translation is imperfect. You can imagine someone pressing a button which
is Translate Me Now. When they come across some webcast in English and they want it
translated into Spanish, it first goes through Caption Me Now, to get captioned to English. The
text can then be sent off to machine translation, and all this can have human intermediaries in
the mix who can do some of the repairs so the errors of the automation tools are invisible to
the end user.

The cost savings associated with this are because the people who are doing the editing have
lower skills and represent a lower cost pool than the highly skilled people that are currently
doing the captioning for all of these materials. It will become less daunting for agencies and
for corporations to do this if the costs are lower. The demand for these services will increase



because capability will be more accessible to everybody, more usable. You click a
button. And it will also be more affordable.

The coexistence of the technology and human intervention will ultimately bootstrap the
technology. We are going to be doing things like batch enrollment in the

background. Corporations will demand more of access to these services. People will come to
expect access to these services, and the automation capabilities will gradually improve.
Through ViaScribe and through some of the captioning initiatives that you heard about today,
we believe that we are going to be able to change the way that media is presented.

Thank you very much.
(Applause).

So now, as moderator and speaker, I'm grateful to all of you for your participation and
involvement in this. | hope that it has been as fascinating for you as it has been for us. As |
mentioned in the beginning, we have multiple purposes for today's event. There were lots of
people from within IBM that wanted to hear these talks. We had a lot of visitors associated
with Liberated Learning in town. We opened this up to others in the community, who were
interested either in accessibility and/or speech technology. | hope everybody found something
in here of value. For those in the New York metropolitan area, and for all the folks that are
here from IBM, this is the launch of our newly forming NY/NJ local chapter of AVIOS.| don®
know all of you, so 1@ hoping we can have a brief chance to introduce ourselves, and plan out
what we will do as a New York metropolitan area chapter. | invite those of you, professionals
from places other than New York, to also consider creating local chapter. We can provide
assistance in terms of setting up e-mail lists, discussion for a, and a website. And with that |
wish all of you a safe journey to your destinations. Thank you very much.

(Applause)
Captioning Provided By: Caption First, Inc.
P.O. Box 1924
Lombard, IL 60148
(800) 825-5234

This text is being provided in a rough draft format. Communication Access Realtime
Translation (CART) is provided in order to facilitate communication accessibility and may not
be a totally verbatim record of the proceedings.



