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Abstract  

This paper outlines the growing need to provide fast and low 
cost methods for providing transcripts of audio and video media 
to people who are deaf and hard of hearing.  Outlined are three 
different methods for creating such transcripts including 
traditional manual transcription and two automatic speech 
recognition (ASR) methods: a semi-automatic process called 
shadowing and a web-based automatic transcription tool created 
by IBM.  

A pilot examining the three different methods was conducted 
and the results of these tests are provided and discussed, as well 
as potential future studies regarding the efficacy and usability of 
the outputs from the various methods.  

1. Introduction  
In recent years, the Internet has experienced an explosion of 
multimedia content, content which immediately becomes available 
to the public upon upload. Rather than passive observers of 
material created by “experts,” the Internet has become a space 
where users are now the content creators. Through easily 
accessible services such as YouTube, MySpace and Facebook, 
people throughout the world are sharing, creating, uploading and 
distributing media-rich content on a global platform. Corporations 
are capitalizing on the power and popularity of the Internet as a 
means to distribute services, news, products and entertainment, 
and the media use the Internet to quickly deliver breaking stories 
through their web sites. These factors help account for the 
estimated 281 billion gigabytes (281 exabytes) of content 
available on the Internet as of 2007. [1] In many cases, the content 
posted contains audio and video information with no associated 
transcripts.  

This proliferation of media and information creates special 
challenges for those who are deaf or hard of hearing and cannot 
access information “locked” in audio and video formats. [2] Users 
of small devices such as PDAs and cell phones, or those with 
slower internet connections, are also limited by the actual content 
that they can easily access due to bandwidth or the small screen 
size of the devices [3]. Transcripted audio and video presents a 
useful alternative in these cases, providing the user with the same 
information in a less resource-intense format. Transcripted media 
offers additional benefits, as the text created can potentially be 
linked to the existing audio and video files, resulting in rich 
searchable databases. [2]  

Despite the social and societal benefits of providing transcripts for 

digital media, the process is often expensive and time intensive, 
creating a situation where content creators are often reluctant to 
provide text versions of their media files unless there are mandates 
or some personal interest to do so.  This puts those needing 
transcripts in the unfortunate position of making a time/price 
versus need decision. In cases where an end user does need to get 
audio material transcribed, there is a cost associated with this 
request and also, typically, a significant lag between the request 
and the delivery of a transcript.   By the time the transcripted 
material becomes available, the requestor’s interest may have 
changed, the window of opportunity for the information can expire 
or the material may no longer be relevant.  

These factors create a situation where someone in need of 
transcribed material is often hesitant to make a request for such a 
transcript. In our on-demand, all access society, those requiring 
transcribed material are therefore at a marked disadvantage 
compared to people who are able to hear, since people who can 
listen to this type of material can quickly evaluate and benefit 
from or discard a nearly limitless amount of information.  

This paper describes three options for transcription: manual 
transcription, shadowing, and a new on-demand web-based model 
of Automatic Speech Recognition (ASR) in development at IBM. 
A research pilot comparing these three methods will be discussed.  

2. Transcription methods and technologies  

Regardless of the method used to generate text transcripts, a 
number of factors impact the speed, expense and quality of the 
resultant transcript, and these issues are generally beyond the 
control of the transcription professional, technology or the 
requester.  These variables include:  the quality of the audio file, 
the number of speakers, the accents or the public speaking skills of 
the presenter, and the speed of the person talking. Many methods 
can be used to create accurate transcriptions of media files or real-
time events.  For accurate transcriptions, trained experts must be 
employed, and the costs for these services are high. Trained 
stenographers can provide accurate transcription at the speed of 
the audio file, but this is a scarce and expensive resource. Less 
trained individuals can provide accurate transcripts as well, but 
this is more time consuming and therefore becomes costly, too. 
Even experienced transcriptionists require several hours to 
produce one hour of edited transcription.  

Manual transcription includes highly trained stenographers who 
use a specially designed stenotype machine, or manual 
transcriptionists using a computer keyboard.  Stenotype 
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stenography is a specialized skill which provides highly accurate 
and relatively quick access to transcripts; as a result, it can be 
expensive and difficult to source.  

Manual transcription, on the other hand, offers a lower cost 
option but one that generally takes longer to complete.  
Additionally, in order to be effective, this type of service requires 
a skilled individual who can listen and type simultaneously, 
remember stretches of information in a wide variety of domains, 
make judgments about proper grammar and, in the case of real-
time transcription, work for periods of time without pause.  

Shadowing refers to a process where people re-speak 
conversations or audio into a microphone while ASR technologies 
are activated, and this can be a cost-effective alternative.  Skilled 
shadowers can produce both real-time unedited transcripts, as well 
as edited transcripts, faster than manual transcribers.    In order to 
produce useable real-time results or transcripts, shadowers must be 
highly skilled, speak very clearly, have access to quality automatic 
speech recognition software, and spend time training their voice 
profiles and creating dictionaries relevant to the areas in which 
they shadow. Shadowers need additional skills, as they must listen 
and speak simultaneously; often shadowing lengthy stretches of 
material without pause. Finding these professionals can be a 
challenge, and again, such skill can result in higher costs when 
compared to manual transcription.  

Manual or semi-manual techniques depend on additional people to 
provide these services. Automated speech recognition 
technologies provide solutions that are fully automated and can 
provide on-demand unedited transcripts. Although constantly 
improving in accuracy, computer-generated speech recognition 
results have not been able to provide results that match the quality 
of human efforts. [4] Depending on the requirements of the person 
requesting the transcript, however, fully automated transcripts can 
be an option.  ASR technologies excel in several dimensions: the 
results can be returned more rapidly, and issues of provider 
availability and fatigue are eliminated. Even the most skilled 
professional needs to take breaks while performing shadowing and 
transcription tasks, but a computer never does.  

This paper includes evaluation of a web-based ASR system 
(Atilla), developed by IBM.   This system enables users to create 
an account and then submit a transcript request, via a link from a 
website or from a file on their computer, to then obtain a fully 
automated web-based transcription. It requires no software 
installation onto a requester’s computer.  

3. Experiment 

In order to compare the three techniques, an experiment was 
conducted using the three transcription methods described 
above, six individuals participated in the transcription of these 
three different audio files.  

Express Scribe was used for the playback of the audio. This 
program is a unique piece of software developed specifically 

for transcription of audio files. The interface allows the 
program to play audio and run in the background of any other 
program. The person using the Express Scribe system can 
control playback, rewind, fast forward, play audio faster or 
slower as well as make use of other audio controls with a 
keystroke rather than by directly using the controls on the 
player itself. Additionally, the software allows for a certain 
degree of user customization, as typists can define their own 
preferences for keystroke playback of audio.  

All files were transcribed / edited in Microsoft Word, 
shadowing was done via Dragon Naturally Speaking 9.5 and 
the automatic transcription was completed via the IBM web 
automated transcription system.  

During this experiment three video files, uploaded by “Jennifer 
ESL”, onto YouTube were selected as test files for the 
transcription tasks. These videos were found randomly through a 
search on YouTube for speeches. Presidential speeches, the most 
frequently returned result via our search, were purposely excluded 
for this task as they tended to have a lot of extraneous noise from 
the crowd and generally featured very professional speakers. For 
this experiment, files were sought that would have clear speech 
but that were not professional or broadcast quality. Prior to this 
experiment, none of the transcriptionists had any exposure to the 
individual who created the sample videos. The video creator was a 
very clear speaker, but she appeared to be a novice who was 
creating YouTube videos from her home.  

In order to test all three transcription methods and to enable easy 
playback from within Express Scribe the audio from each of the 
videos was extracted using an audio editing software package. 
This process provided audio files with quality that was equivalent 
to the audio embedded within the each of the YouTube video files.  

Each of the three audio files was subject to three different types of 
transcription testing: completely manual transcription, semi-
automatic transcription through shadowing, and completely 
automatic transcription through the IBM web-based ASR request 
system. After the initial transcription was complete by typing, 
shadowing and the ASR method, each file was then edited 
manually. The person-time it took for each method of transcription 
was recorded for first-pass, or to produce a raw and unedited 
transcript of the audio, as was the time needed to edit each file.  

The resultant edited transcripts were completed without paying 
any particular attention to punctuation. This decision was made 
because the web-based ASR program returns an unpunctuated 
transcript. In most cases, transcriptionists add punctuation to a 
transcript as they type or shadow. Editing the web-based ASR 
transcript for punctuation created inflated editing times which 
were unrelated to the word accuracy of the initial transcript. 
Because of this, a decision was made to edit word accuracy 
without addressing punctuation accuracy. All of the transcripts 
were corrected to achieve 100% word accuracy.  

The individuals who completed the manual and shadowed types of 
transcription for the audio files were skilled in transcription, 
shadowing and editing. Each had been working within the 
transcription field for several years, and each has experience 
transcribing a variety of media types including challenging 
materials with multiple speakers, question and answer periods, 
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accented presenters and highly technical lectures. 

The three files that were selected for this experiment were well-
suited for an ASR system or human transcription effort.  The 
individual in the selected media files enunciated her words 
carefully and spoke at a steady pace. Her video files were of good 
quality and there was no background noise or noticeable variations 
in the audio track.  

Transcription results were edited in all three testing scenarios. The 
key variable of interest was the duration of time taken to achieve 
perfect text accuracy. The time measurement included the initial 
transcription and the subsequent editing of the transcribed, 
shadowed, and ASR transcripts.  

The results from the tests are presented below: The results 
presented in all three charts show the length of time that was 
required to produce a fully edited 100% word accurate transcript.  
Each of the three files was processed by two different people, 
providing not only a comparison of the different techniques, but 
also a comparison of two unique transcribers / shadowers / ASR 
editors for each of the three audio examples.  Each of the 
transcriptionists transcribed each of the three files in a different 
manner, meaning they manually transcribed one of the audio files, 
shadowed one of the files and edited the machine produced ASR 
file for another. No one individual transcribed any one audio file 
more than once.  

Comparison of 3 transcription methods 
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Results of this pilot are described below:  

Audio File 1: The length of this file is 7 minutes and 21 seconds. 
The first person to shadow this file returned an edited transcript in 
17 minutes and 59 seconds. This can be described as a 2.44:1 
ratio, meaning it took 2.44 times longer than the length of the 
audio file to produce an edited transcript. The second shadower for 
the same file took 19 minutes to produce the edited transcript 
which is a 2.58:1 ratio.  The first transcriptionist took 22 minutes 
and 2 seconds to transcribe the audio file which is a 3:1 ratio, 
while the second transcriptionist took 33 minutes to manually 
transcribe the file or a 4.45:1 ratio. Finally, the first test subject to 
edit the ASR file returned an edited transcript in 14 minutes which 
is a 1.9:1 ratio while the second ASR editor returned an edited 
transcript in 10 minutes which is a 1.36:1 ratio. 

Audio File 2: The length of this file is 8 minutes and 46 seconds. 
The first person to shadow this file returned an edited transcript in 
26 minutes and 33 seconds. This can be described as a 3.03:1 
ratio. The second shadower for the same file took 28 minutes and 
17 seconds to produce the edited transcript which is a 3.23:1 ratio.  
The first transcriptionist took 40 minutes and 38 seconds to 
transcribe the audio file which is a 4.63:1 ratio, while the second 
transcriptionist took 28 minutes and 12 seconds to manually 
transcribe the file or a 3.22:1 ratio. Finally, the first test subject to 
edit the ASR file returned an edited transcript in 12 minutes and 
12 seconds which is a 1.39:1 ratio while the second ASR editor 
returned an edited transcript in 20 minutes which is a 2.28:1 ratio. 

Finally, for Audio File 3: The length of this file is 7 minutes and 
26 seconds. The first person to shadow this file returned an edited 
transcript in 18 minutes and 30 seconds which is a 2.49:1 ratio. 
The second shadower for the same file took 33 minutes which is a 
4.44:1 ratio.  The first transcriptionist for this file took 26 minutes 
and 29 seconds to transcribe the audio file which is a 3.56:1 ratio, 
while the second transcriptionist took 27 minutes and 21 seconds 
to manually transcribe the file or a 3.68:1 ratio. Finally, the first 
test subject to edit the ASR file returned an edited transcript in 8 
minutes which and 7 seconds which is a 1.09:1 ratio while the 
second ASR editor returned an edited transcript in 11 minutes 
which is a 1.48:1 ratio. 

It should be noted that during the editing process, the 
transcriptionists were asked to play back the audio at 150% of the 
actual audio speed during their correction activities.  This was 
facilitated by the slow and even speech of the speaker in each of 
the tested audio files.  

4. Discussion 
The results of these tests confirmed that shadowing does typically 
result in faster transcription times than manual transcription. 
Additionally, transcriptionists reported higher levels of satisfaction 
and enjoyment using shadowing as their transcription method 
when compared to manual transcription. Operator comfort and 
satisfaction may partially account for higher accuracy or faster 
delivery of transcripts due to issues such as reduced shadower 
fatigue and increased levels of alertness.  
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Further study would be needed to examine how personal 
preferences, task satisfaction and transcriptionist comfort levels 
impact the speed and accuracy of transcription tasks.  

One anomaly is that in audio file 3, one of the longest completion 
times was for a file that was shadowed. It is unclear why this 
happened in this example. When questioned about her experience 
shadowing this file, the transcriptionist felt that this had been a 
quick and enjoyable method for transcribing this type of audio file.  

Of interest is that people transcribing files have indicated two very 
different experiences when manually transcribing. Some people 
report that during manual typing tasks they sometimes get so 
interested in the topic that is being covered that they momentarily 
begin listening they get distracted causing them to have to rewind 
and re-type. Other transcriptionists report that when typing they 
can become quickly bored and tired of the typing task when the 
topic is not one of the areas that they are specifically interested in. 
Boredom during a task might be a reason for a slower resultant 
transcript.  Future studies could examine how the content of the 
file and its parity with the transcriptionist interests impacts on the 
resultant delivery of an edited file.  

Additionally, for a more robust set of results, this experiment 
should be followed by further study with more challenging audio 
files, such as files with highly technical material, accented 
speakers, question and answer sessions and 
overlapping/interjecting speakers as a reasonable next step in 
investigating how the different techniques impact the speed of 
delivery.  

The most notable finding in all cases was the success of the web-
based ASR system. In every example it outperformed the other 
transcription techniques, with the lowest improvement being a 
42% increase in the speed to process a 100% accurate transcript 
over manual efforts and the best improvement being a 62% 
increase in the speed to process a 100% accurate transcript over 
totally manual efforts.  The average time improvement to 
transcribe a 100% accurate transcript with the web-based ASR 
over the manual transcription techniques for all cases was 52.4%.  

The transcripts generated by the manual, shadowed and web-based 
ASR systems were generally very readable after the unedited/raw 
processing, even without additional editing. However, web-based 
ASR offers the very real option of on-demand transcripts.  In 
general, not only does it take humans significantly longer than 
computers to transcribe files, but humans are not available on-
demand, 24-hours a day. Even when engaged in transcription 
tasks, they must prioritize requests, either by urgency or the order 
of receipt of the request. Web-based ASR technology has 
tremendous potential as it can: significantly reduce wait for text 
transcripts, provide 24-hour a day transcription services and 
provide users with a tireless workhorse that never gets bored of 
repetitive or uninteresting tasks.  The web-based ASR in these 

tests returned transcripts in a time interval equivalent to the length 
of the audio files themselves, a result which, if consistent in longer 
files or on a system which is managing multiple requests 
simultaneously, would result in significantly faster accessibility 
options.  

Future studies should examine user satisfaction with unedited 
transcripts, and also evaluate reader comprehension when given 
unedited versus edited versions of the same typed, shadowed and 
ASR generated text transcripts. As previously mentioned, all 
transcriptions in this study were done without correcting for 
punctuation. Further studies in the readability of such texts and 
user tolerance for such transcripts needs to be investigated given 
the obvious benefits of providing fully automated transcription for 
low cost and rapid turn-around.  

5. Conclusions 
This paper contrasted three techniques for providing edited 
transcripts of media, techniques which are required by deaf and 
hard of hearing people in order to access audio and video material. 
Differences in the costs, benefits and constraints of the various 
methods were discussed. A pilot experiment provided evidence 
that speech recognition technologies can provide considerable 
leaps in the time needed to deliver corrected transcripts, while also 
lowering the potential costs as human work hours decrease.  The 
web-based system tested showed promise in providing on-demand 
access to information for those requiring transcripts, thus freeing 
end users from dependence on skilled transcription and shadowing 
professionals. In order to fully test the robustness of the web-based 
ASR system, future research should examine other types of audio 
and video, including samples with multiple speakers, ambient 
noise, and other characteristics typical of web-based media files.  
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