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ABSTRACT

The simple act of listening or of taking notes while attending
a lesson may represent an insuperable burden for millions of
people with some form of disabilities (e.g., hearing impaired,
dyslexic and ESL students). In this paper, we propose an
architecture that aims at automatically creating captions for
video lessons by exploiting advances in speech recognition
technologies. Our approach couples the usage of off-the-
shelf ASR (Automatic Speech Recognition) software with a
novel caption alignment mechanism that smartly introduces
unique audio markups into the audio stream before giving
it to the ASR and transforms the plain transcript produced
by the ASR into a timecoded transcript.

Categories and Subject Descriptors

J.4 [Social and Behavioral Science]: Sociology; K.4.2
[Computers and Society]: Assistive technologies for per-
sons with disabilities; I.7.2 [Document and Text Pro-
cessing]: Multi/mixed Media

General Terms

Algorithms, Design, Experimentation

Keywords

Accessibility, Learning, Automatic Captioning

1. INTRODUCTION

Education is one of the most important factors that con-
tributes to the growth of individual and society. A more
educated society may translate into higher rates of innova-
tion, higher overall productivity and faster introduction of
new technology [1]. Unfortunately, while for many people is
easy attend lessons in educational Institutes, for millions of
people with some form of disabilities the simple act of listen-
ing or of taking notes may represent an insuperable burden.
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For instance, hearing impaired students have difficulties in
just listening to a lesson; motion impaired students may
have problems in taking notes; dyslexic students may have
trouble with note-taking and with whiteboard reading; ESL
(English as a Second Language) students may experience
difficulties in understanding how a teacher speaks.

To ameliorate the gap, many educational institutes pro-
vide educational material in digital video format. The ac-
cess to such material allows students to watch a lecture any
time they want, to tune the speakers’ volume according to
their needs and to rewatch it when content is not under-
stood. While many students benefit from this approach,
many other students still have the problem of clearly lis-
tening to what is said in the video. Therefore, captioning
techniques become of vital importance as they display a tex-
tual version of what is said in the video. Roughly, a caption
technique integrates the timecoded video transcript with the
video material so as to synchronously illustrate the scripts
during the playing of videos [2]. Unfortunately, in many sce-
narios the timecoded video transcript is not always available
(e.g., live TV talk-show) and therefore a transcript needs to
be produced on-the-fly. In addition to fast typists, currently,
the most used approach is so-called shadow speaking: a hu-
man being slowly repeats what is said by different people
in the video so as to make the speech recognition software
able to understand his/her speech. Again, the human pres-
ence may result in being too expensive for many educational
Institutes. This is why, several recent studies are trying to
exploit advances in speech recognition technologies to auto-
matically create captions from video material.

Off-the-shelf speech recognition software promises an ac-
curacy of 99% when correctly trained, when used for dic-
tating purposes and while using good quality microphones
in a good acoustic environment. One may think of using
such tool to automatically produce caption of a video les-
son, but a classroom is a scenario very different from the
dictating one, as spontaneous speech that occurs in a lec-
ture is acoustically, linguistically, and structurally different
than the one used to create written documents: the speaker
talks at different speeds and different volume to emphasize
some part of the speech, he/she often uses fillers (e.g. uh,
er, um, ah), sometimes he/she hesitates in the middle of
a word and does not speak punctuation marks (’comma’,
’dot’, ’question mark’, etc.). Therefore, the existing speech
recognition technologies are far from being completely sat-
isfactory. However, with no doubt speech recognition tech-
nologies represent an interesting and promising solution to
increase content accessibility.



In this paper we propose an architecture that aims at au-
tomatically creating captions of video lessons by exploiting
advances in speech recognition technologies. The main mo-
tivation behind our study is to provide equal access to learn-
ing material for students of all abilities with a cost-effective
solution. Our approach couples the usage of an off-the-shelf
ASR software with a novel caption alignment mechanism
that smartly introduces unique audio markups into the au-
dio stream before giving it to the ASR and transforms the
plain transcript produced by the ASR into a timecoded tran-
script. A video player synchronizes the timecoded transcript
with the video material so as to make learning contents ac-
cessible to students with all kind of abilities.

This paper is organized as follows: Section 2 presents ap-
proaches in the area of captioning; Section 3 describes details
of our proposal, which is analyzed through an experimental
evaluation in Section 4. Conclusions are drawn in Section 5.

2. RELATED WORKS

In the literature, several studies investigate different as-
pects of captioning: fields of application, timing display and
generation.

The primary field of application of captioning techniques
is the support of impaired audience. Different studies (e.g.,
[2], [3]) showed that captioned videos provide better com-
prehension of the content for students who are hearing im-
paired, suggesting that visual stimuli provide essential in-
formation for viewers who are hearing impaired.

The production of captions and the alignment with the
video (i.e., the synchronization) are usually considered the
two most difficult challenges in captioning. Since the man-
ual approach is time consuming and expensive, many stud-
ies (e.g., [6], [7]) are trying to find a way to automatically
produce a textual transcript of a video content. Some ap-
proaches relies on speech recognition systems that automat-
ically produces a transcript with timing information (e.g.,
CMUSphinx), whereas others use speech recognition tech-
nologies and a plain transcript to find when a word is pro-
nounced (e.g., the AutoCap project [8] runs CMUSphinx
to obtain a transcription and then the transcript is used
to create a language model which is used to obtain a more
accurate transcript with timing information).

Finally, in the field of learning accessibility, it is worth
mentioning the Liberated Learning Consortium (liberatedle-
arning.com) and Net4Voice projects: these are international
research networks dedicated to advancing speech recognition
technology and techniques to create and foster barrier-free
learning environments to improve accessibility.

3. OUR PROPOSAL

In most educational scenarios (e.g., Schools, Colleges and
Universities) students with different abilities are experienc-
ing problems that make their life very different from the one
of other students as they have troubles in accessing to ed-
ucational material. The motivations behind our proposal is
to create a cost-effective scenario where technologies can be
used to enhance learning accessibility of students with differ-
ent abilities like hearing impaired, dyslexic or ESL students.
To this aim, we propose an architecture able to assist in the
automatic production of video lesson captions by exploiting
advances in speech recognition technologies. We design a
novel caption alignment mechanism that smartly introduces

Figure 1: Architecture. Audio/Video lessons are
analyzed and automatically transcribed in textual
format with timing information.

unique audio markups into the audio stream before giving
it to an ASR and transforms the plain transcript produced
by the ASR into a timecoded transcript.

From the system point of view, our proposal aims at pro-
viding a solution with the following characteristics: i) Au-
tomatic: no manual transcription or caption alignment; ii)
Efficient: ASR runs just one time and iii) Technology trans-
parent: no binding to specific technologies and methodolo-
gies (i.e., any speech recognition, multimedia and network-
ing technology can be used without any major change to the
overall architecture).

3.1 Architecture

The architecture we propose is depicted in Figure 1: it
is designed to analyze and transform a video lesson into a
video lesson with synchronized textual transcript. In do-
ing this, the audio is extracted from the video lesson file
and is then processed by an audio markup insertion, by a
speech2text module and finally by the caption alignment
module. The architecture produces a timecoded transcript
that will be used by a video player (as later explained) to
display captions synchronized with audio/video contents.

3.1.1 Markup Insertion
To produce a timecoded transcript it is necessary to know

the time a word is spoken. Off-the-shelf speech recogni-
tion products do not provide timing information within the
produced textual transcript and therefore it is necessary to
design an efficient solution that inserts timing information
within the transcript. In this paper we propose a novel cap-
tion alignment mechanism that works as follows: the original
audio stream is coupled with unique audio markups that are
automatically introduced in it (see Figure 2). The modified
audio stream is then passed to the ASR and the produced
transcript will also contain the transcription of the audio
markup. By exactly knowing when the markups were in-
serted, we can produce a timecoded transcript.

As a unique markup we consider a word that is unlikely
to be pronounced during a lesson: ’Goofy’. The audio for-
mat of this word is frequently inserted in the audio stream.
In particular, the markup is inserted in silence periods (i.e.,
when the speaker does not speak), otherwise our approach
could truncate words, resulting in the impossibility for the
ASR to recognize those words. Therefore, we need to iden-
tify silences within the audio stream. In a speech stream,
silence lengths can span from few ms to secs: a short si-
lence happens very frequently as it is present even between



Figure 2: Automatic Caption Alignment. A unique
markup is periodically inserted to retrieve timing in-
formation about the automatic produced transcript.

two consecutive syllables of a single word (in this case, if
we insert the markup within the syllables, the word will be
truncated); a long silence may rarely be present and there-
fore few markups would be inserted. Therefore, finding a
reasonable silence length is very important.

After the markup insertion, the audio file is passed to the
speech2text module for textual transcript generation.

3.1.2 Speech2text
The speech2text module is in charge of transcribing the

audio stream into text. Our proposal is not bound to any
specific speech technology and therefore is possible to use
any given speech recognition technology.

3.1.3 Caption Alignment
The goal of this module is to insert timing information into

the textual transcript produced by the speech2text mod-
ule. As mentioned, caption alignment is usually done man-
ually, but our goal is to automatically insert timing infor-
mation. We recall here that the markup insertion module
introduced in the audio stream several unique markups and
we are aware of where these markups have been inserted.
The transcript produced by the speech2text module does
not have timing information, but it has the textual form
of the audio markup (e.g., in our case the ’Goofy’ word).
When the ’goofy’ word appears in the transcript, we substi-
tute it with the time it was inserted. As a result, the module
produces a timecoded transcript.

4. EXPERIMENTAL STUDY

To evaluate our proposal we set up an experimental sce-
nario involving different Computer Science and Linguistics
Professors of the Communication Sciences degree of the Uni-
versity of Modena and Reggio Emilia. The goal of the ex-
perimental study is to find the most appropriate hardware
and software products to build the recording scenario, to in-
vestigate the accuracy achieved by our proposal and to tune
the parameters that are used to locate the positions where
to insert the audio markups.

4.1 Testbed scenario

To create a testbed scenario it is necessary to select both
the speech technology for the speech2text module and the
microphone to record the speech. We consider Dragon Nat-
urallySpeaking version 11 as the ASR to be used in the
speech2text module of the architecture for three main rea-
sons: i) support for Italian language, ii) availability of speech-
to-text transcription from digital audio file, and iii) easy
access to the product. The professional wireless clip-on mi-
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Figure 3: Accuracy achieved while varying the si-
lence length used to insert the audio markup.

crophone (SENNHEISER FreePort FP12) is device selected
for the classroom scenario.

In addition, since the selected ASR is speaker dependent,
the software is trained with all the professors who agree to
collaborate so as to have a voice profile for each of them. In
the following, we present results that are an average of the
single results obtained while analyzing lessons recorded in
classroom environment where Professors teach in front of a
live audience.

4.2 Experimental Evaluation

The first performance parameter investigated during the
experimental evaluation is accuracy. One may think that
such parameter depends only on the characteristics of the
ASR, but it is worth mentioning that many ASRs use context-
sensitive algorithms in recognizing continuous speech; hence,
a non natural speech, as the one produced by the caption
alignment mechanism, may affect the achieved accuracy. In
fact, the caption alignment mechanism periodically inserts
audio markups into the original audio stream, transforming
the natural speech of the speaker into a non natural one.
Since the behavior of the ASR depends on the acoustic and
language models, the audio markup insertion is likely to af-
fect the performance of the speech analyzer. This is why, it
is necessary to measure the achieved accuracy: if it drops
too much, our approach is not worth using.

Figure 3 presents the accuracy results obtained from vary-
ing the length of silence where to insert the markup. The
first set of experiments has been carried out by inserting
the markup in speech silences that lasts a minimum of 30
ms. Then, we performed additional sets of experiments by
considering longer silence (e.g., 60, 90, 120 and 150 ms).
Results obtained show that there is no much difference in
the measured accuracy (less than 1% of difference between
a silence length of 30 ms and a silence length of 150 ms).

The goal of Figure 4 is to investigate if the presence of
too many markups could influence the accuracy. Results
show that the longer the minimum distance is, the better
is, but it is worth highlighting that the accuracy difference
between the shorter period (10 secs) and the longer one (40
secs) is within 1%. Therefore, we can state that the mini-
mum markup distance does not greatly affect the achieved
accuracy.

According to the previous investigations, it seems that the
higher the values (both the silence length and the minimum
distance between two consecutive markups) the better is.
However, it is to note that such parameters affect the length
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Figure 4: Accuracy while varying the minimum dis-
tance between two consecutive markups.

of the produced caption. In particular, the higher the values
are, the longer the subtitles are. In fact, a caption is the
textual transcript of a part of the speech located between
two consecutive markups. Since our proposal is designed to
support students with different abilities, captions must be
displayed through few lines and with reasonable font size. In
our prototype, we considered a 1024x80 area for subtitles,
which leads to a maximum of 375 characters (ARIAL family
font and font size of 16) per single caption.

Figure 5 presents the maximum number of characters that
compose a single subtitle obtained while varying the silence
length. We recall here that the maximum number of char-
acters in our settings is equal to 375: if a subtitle is longer,
the subtitle will exceed the subtitle area and therefore it
becomes unreadable. Therefore, looking at Figure 5 it is
possible to observe that inserting markups in silences which
are 30, 60 or 90 ms long produce readable subtitles, whereas
silence lengths of 120 and 150 ms produce too long subtitles.

The length of subtitles is also affected by the distance be-
tween two consecutive markups. Therefore, Figure 6 presents
a similar investigation, but here we varied the minimum dis-
tance between two consecutive markups. By observing the
results, it is to note that only markups with a distance of 10
or 20 secs produce subtitles with less that 375 characters.

By combining results obtained in Figures 5 and 6, the
readability of subtitles is ensured with silence lengths be-
tween 30, 60 and 90 ms and with markups distance between
10 and 20 secs. By observing Figures 3 and 4 it is possible to
state that the best tuning to produce subtitles shorter than
375 characters is the one with 20 secs of minimum distance
between two consecutive markups and with silence length
of 90 ms, as these parameters produce higher accuracy with
respect to the other possibilities.

5. CONCLUSIONS

In this paper we proposed an architecture to automatically
create captions from audio/video lessons material. Our ap-
proach couples the usage of off-the-shelf ASR software with a
novel caption alignment mechanism that smartly introduces
unique audio markups into the audio stream before giving
it to the ASR and transforms the plain transcript produced
by the ASR into a timecoded transcript. An experimental
assessment showed that our proposal does not negatively af-
fect the achieved transcription accuracy and that it is pos-
sible to tune the parameters of the novel caption alignment
mechanism so as to ensure captions readability in the video
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Figure 5: Maximum number of characters in a single
subtitle by considering a subtitle area of 1024x80
pixel, a font size of 16 and ARIAL font-family.
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Figure 6: Maximum number of characters in a single
subtitle by considering a subtitle area of 1024x80
pixel, a font size of 16 and ARIAL font-family.

player.
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