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0. Objective 
The aim of this document is to summarize the project developed named 
“Synchronization of subtitling in respeaking scenarios in live television”. In order to 
achieve this objective, there will be a similar structure between the project’s document 
and this summary. In other words, first of all it is necessary to explain why this project 
was developed. Then, the State of the Art about subtitling in live television scenarios 
will be shortly introduced, so the reader can understand the problems of real-time 
subtitling in live television programs. After that, there is a section about the presented 
solution, the requisites that have been set and the chosen design to solve those 
problems. Finally, there will be some comments about the gotten results and the future 
works and improvements that can be implemented in this system. 

1. Motivation 
Nowadays, subtitles as a way to access multimedia contents are required for an 
increasing number of people with hearing disabilities or that need subtitling to fully 
understand the language. Also, it is normal to require subtitles if people get multimedia 
information in noisy environments or places where there is no audio for any reason. For 
instance, when anyone goes in a train, it is probably that this person cannot hear the 
announcements of the loudspeakers because the noise prevents hearing the soundtrack. 
In all of those cases people need subtitling.  

One of the most important services that must be provided is real-time subtitling, in order 
to offer accessibility in live television. Also, it is the most difficult scenario for subtitles 
generation due to some problems that will be described later. Subtitling of live events is 
done by some televisions, but is still infrequent and has a lack of synchronism that can 
be too disturbing. In fact, usually anyone can turn on subtitling at home and see the 
problem if the program is a live program. Subtitles often refer to words said twenty 
seconds ago, and this problem prevents people from understanding what is happening in 
the screen. 

Subtitle synchronization is a challenging issue of the accessibility to live-multimedia 
that is still to be solved in any television of the world, and that is especially relevant, as 
subtitles delays with regard to the video has an effect that even prevents comprehension. 
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2. State of the Art 
As it was said before, it is necessary to understand the current situation about subtitling, 
because subtitling is one of the most required services by people with hearing diseases. 
Also, the number of people with hearing impairments if we consider age ranges over 50 
is too high so we need to find a solution about the problem of synchronism mentioned.   

Every television tries to provide subtitling to some of their programs, but we have to 
distinguish whether the considered program is a live program or a non-real time one. 
There is a rate of real-time programs in every televisions, so if that percent is low, it 
means it will not be difficult to generate synchronized subtitles because almost all 
programs will be prerecorded. Subtitling recorded programs is easy and almost 
everyone can do it with the right tools. But subtitling in live television is a difficult task, 
as it is necessary get subtitles as quickly as possible and high delays are always  
introduced (subtitles are presented on the screen several seconds after the video). 

Captioning or subtitling is the process of converting audio into text which is displayed 
on a screen after being formatted as subtitles. In other words, captioning means to 
translate the audio information from a video, film, live event or anything alike into 
words in order to people with hearing problems can understand the content of that audio 
information. Captions not only display spoken words but also include sound effects and 
speaker identification. Worldwide the need of more subtitled hours has led to new ways 
of subtitling real time events, to new research projects.  

Today there are two ways to get captions from real-time audio in live events: 

• By one hand, using stenotype. The steno typists can produce the transcription of 
the audio in real time, getting good quality and speed but they are too expensive 
and their availability is low. One steno typist can earn around 150 – 200 euro per 
hour, so it is not possible to provide subtitling massively using this way. 

• By the other, using re-speakers. A re-speaker is a person who listens the speaker 
of the program, then he repeats what he has listened (he repeats abbreviating 
because it is impossible to repeat all what was spoken) to an ASR (Automatic 
Speech Recognition engine) to get the text that came from the audio and finally 
he  edits the text that has been caught. Because of that, in captions several delays 
and problems of synchronism appear. 

As the second way is cheaper, and thinking about the huge amount of hours of real time 
programs for which broadcasters must provide captions, it is the way usually used in 
some environments. Even using the best ASR system and under the best audio 
conditions, delays will be exist. In the present project there is a possible solution to this 
problem, because we have designed a way to correct those variable delays one by one in 
real time, as it will be shown later. 
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3. The project 
The project designed and developed has as principal objective to solve the excessive 
and variable delay problems caused by generating captions by re-speakers in live 
television environments. Because of that, it is necessary to determine how to do it, 
which will be explained in this chapter.  

The principal established requisite is to get an alignment system, which can take the 
audio of a live television program and get, thanks to re-speaker subtitles and an ASR, 
synchronized captions. Once this requirement is accomplished, the system must create 
well-splitted subtitles according to the standard, and has to cover two cases: By one 
hand, the real-time case, by the other the non real-time one. 

The chosen solution is based on word spotting. Word spotting technique consists in 
finding some reference words in the original audio of the program, and set the 
correspondence between those and some words of the re-spoken subtitles. In case it is 
possible, we can correct the reference times of the re-spoken words, which have 
variable delays, individually, so we can provide synchronized captions with regard to 
the original audio and video. Then, a complete delay of the program in transmission or 
reception is required, to compensate the time the system needs to get the re-spoken 
subtitles in order to display all video, audio and subtitles synchronized in the screen. 

Because of that, an ASR is applied directly to the original audio, configured for medium 
accuracy-immediacy balance. The accuracy of this ASR will be low but it let us get 
some reference words with correct beginning and ending times with regard to the audio 
of the program. On the other hand we have the reference text which can be gotten by 
different ways:  

• Subtitles generated by a re-speaker. 
• Complete literal transcription got from any kind of file (for example from a text 

file -.txt- or a subtitles file -.srt-). 
• Degraded transcription got from any kind of file. 

The system has two operating modes. In real-time mode the system synchronizes re-
spoken subtitles with original audio. In non real-time mode, the system generates a 
captions file where it appears the transcription (literal or degraded, in case there is 
transcription) synchronized. If there is no transcription file as input in this mode, the 
system generates subtitles with the transcriptions gotten by the ASR applied to the 
original audio. After the process anyone can take the subtitles file and play it with de 
original video in order to reproduce the synchronized captions. 

To accomplish the objectives, a Word spotting-based technique must be developed 
because there is no algorithm that implements it. All that is needed is to develop an 
alignment algorithm that allows us to align words sequences, to determine which words  
are aligned in order to copy the correct reference times from the non-delayed words 
(ASR applied to the original audio) to the delayed words/words without time (these 
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words have good text but incorrect reference times). It is possible to adapt dynamic 
programming algorithms used in bio-engineering to align word sequences, as the 
Needleman-Wunsch’s algorithm or the Smith-Waterman’s algorithm. Both of them are 
typical examples of dynamic programming algorithms usually used to align long 
sequences of AND or ARN.  

The research work done in this project includes the choice and adaptation of one of 
them to align sequences, and the design and integration of a system to synchronized 
respoken live subtitles. The Needleman-Wunsch’s algorithm was chosen because its 
characteristics: it can get the best global alignment between two sequences (the Smith-
Waterman’s algorithm gets the best local alignment) and the complexity is not high 
when applied to align short sequences (𝑂𝑂(𝑚𝑚𝑚𝑚), where 𝑚𝑚 and 𝑚𝑚 are the length of the pair 
of sequences). This algorithm has been adapted to align words, which are more difficult 
than the chars. A char is the same or not than other char, but the comparison between 
words is complex: for instance, two words can be different but must be aligned because 
both of them have the same root or two words can be aligned but they should not. Some 
thresholds have been defined in order to get a good alignment (for example, the grade of 
similarity between words, in percent). 

The next important algorithm copes with the problem of assigning time references to 
words which have not been successfully aligned in the previous step. It copies the 
reference time of the aligned words and calculates the beginning and ending times of the 
non aligned words. In other words, it corrects more or less the delay between the pair of 
sequences aligned.  

Those two original algorithms applied to every pair of sequences (one from de first 
ASR, other from the second input –re-spoken or file transcription-) allow the system 
generate word sequences without delay (it is not possible to correct every delay but they 
are reduced instead). Those blocks of words then are organized in captions, always 
trying to obey the good practices of subtitling, as the maximum length of a line (37 
chars) or the correct splitting of the lines. 

The next figure shows a general diagram of the system, showing all subsystems 
involved in the process. 
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Figure 1: Architecture of the system 

As is shown in figure 1, there are two inputs (the first always from the original audio) 
which are taken by the Aligner subsystem. This element applies the two algorithms 
described before (it aligns and calculate times), generating a sequence of words with 
good text (from the second input) and reference times (from the first input). After that, 
the words are processed by the Parser. Whenever a caption is generated, the Processor 
checks if the duration is correct (maybe the reference times of the words in that caption 
were wrong) and corrects it if not. At last, the system provides a list of captions. 
According to the execution mode these captions will be written in a caption file (non 
real-time mode) or will be buffered to be displayed synchronized (real-time mode). 

4. Results and conclusions 
The work developed tries to solve one of the most important problems today in 
subtitling in live television. This problem is not solved but this project can be a good 
start in this environment. The algorithms implemented works well in controlled 
scenarios, with absence of noise and perturbations but there are a lot of different 
scenarios to work with, like in sports programs, magazines, etc.  

Furthermore, there are several ways to improve this design, ranging from 
implementing better alignment and time computing algorithms to apply VAO (vocal 
activity detection) before transcribing the original audio, in order to avoid noise to 
block it because the ASR would only transcribe voices audio. 

Finally, the conclusion achieved is a very important one: solving the problem of 
irritating delays is possible. This could seem obvious but this problem is still with us in 
all televisions around the world. There is a way to improve the accessibility techniques 
that could mean that in an immediate future any person with hearing diseases would 
be capable to get any kind of multimedia information. That is encouraging and it is 
necessary to work in that direction. 
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