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Summary

This paper presents a design of a speech to sign language
converter for deaf and hard of hearing people. The device is low-
cost, low-power consumption, and it can be able to work entirely
offline. The speech recognition is implemented using an open-
source APIL, Pocketsphinx library. In this work, we proposed a
context-oriented language model, which measures the similarity
between the recognized speech and the predefined speech to
decide the output. The output speech is selected from the
recommended speech stored in the database, which is the best
match to the recognized speech. The proposed context-oriented
language model can improve the speech recognition rate by 21%
for working entirely offline. A decision module based on
determining the similarity between the two texts using
Levenshtein distance decides the output sign language. The
output sign language corresponding to the recognized speech is
generated as a set of sequential images. The speech to sign
language converter is deployed on a Raspberry Pi Zero board for
low-cost deaf assistive devices.
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1. Introduction

Speech is a common way that humans use to
communicate with each other. However, it is not used for
people who suffer from speech and hearing disabilities.
There are many people around the globe having disabilities
in hearing and speaking. There is an existing language used
for such people, which is called sign language. Sign
language is a fully visual language with its grammar used
for deaf and mute people [1]. In sign language, hand
gestures, head, body movements, and facial expressions are
used by humans to convey the information [2]. It is difficult
for deaf people to understand the information from speech
coming from normal people or even from media devices.
Therefore, a translator is necessary for minimizing the
communication gap between hearing impaired and normal
people. The translator owns a speech recognition that
translates speech to text and a sign language generator that
converts text to appropriate sign language [3]-[5]. Speech
recognition is a complicated task. The leading-edge speech
recognition model is implemented using machine learning
and deep neural network [6]-[9]. However, deep neural
networks are based on a massive number of computational
tasks which consume a huge amount of power and
processing time. For this reason, a simple, portable, and
low-cost translator is necessary for helping deaf people to
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receive information from the real world. In this paper, we
experimentally present a design of a low-cost one-way
portable translator, which can translate speech to sign
language for deaf people. The speech recognition is
performed using the open-source library, Pocketsphinx,
which can work entirely offline [10]-[13]. Pocketsphinx is
a small reconfigurable model which can be deployed on
low-cost embedded systems for a mobile device. In this
experimental demonstration, we deploy the speech
recognition model and the speech to sign language on a
low-cost Raspberry Pi Zero [14]-[16]. The optimized
Pocketsphinx model has low accuracy because it employs
the limited acoustic and language model. To improve the
accuracy, a context-oriented language model is proposed.
The proposed context-oriented language model is based on
the Levenshtein Distance to measure the similarity between
the recognized speech and the recommended speech.

2. Design a speech to sign language converter

A speech to sign language converter for deaf people
must satisfy several requirements such as mobility, low
power consumption, low cost, and high reliability. There
are three necessary modules inside such the device
including speech-to-text module, language understanding
module, and text to sign language converter module. For
low-cost devices, we utilize the Raspberry Pi Zero for the
control unit. The speech to text, language understanding,
and text to sign language are deployed on the Raspberry Pi

Zero board.
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Fig. 1 The block diagram of the speech to sign language
converter.
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Fig. 1 shows a block diagram of a speech to sign language
converter. The Raspberry Pi Zero is a low-cost embedded
system being suitable for portable devices. Raspberry Pi
Zero has only one channel for output audio. In this design,
the input speech signal recorded from the microphone is
passed to the Raspberry Pi Zero using a USB Audio
Adapter, as shown in Fig. 1. Sign language is the
animation composed of a set of sequential images being
displayed on an LCD. The system is powered by a 4000
mAbh battery. The device can work continuously 4 hours.

Speech to text is an important task that decides the
reliability of the device. Recently, deep learning-based
speech-to-text modules have been demonstrated as the
leading edge model for automatic speech recognition
systems. However, the deep neural network is a resource-
hungry platform since it is based on huge computational
tasks. For being suitable to be deployed on a low-cost
computer such as Raspberry Pi Zero, we used an offline
open-source speech-to-text module, Pocketsphinx instead.
We propose a context-oriented language model to improve
speech recognition accuracy. The Pocketsphinx is
followed by the proposed context-oriented language model
is shown in Fig. 2. Natural language processing is
commonly used for language understanding tasks.
However, the natural language proposed is a complicated
task that requires a huge resource. In this design, we use a
simple method that compares the recognized speech and
the one stored in the database to decide the output.
Levenshtein Distance method is suitable for such a task.
The last task is the text to sign language converter. Having
decided the output, a sign language is generated as a set of
consecutive images playing on the output device. Fig. 2
shows the low-cost speech to sign language converter with
proposed context-oriented language model.
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Fig. 2. The proposed speech to sign language converter
with context-oriented language model.

In Fig. 2, the speech is recorded from the
microphone and then enters the Raspberry Pi Zero where
speech is converted to text by Pocketsphinx module.
Pocketsphinx is an optimized Sphinx for low-cost
computers. The proposed context-oriented language model
is based on the Levenshtein Distance to measure the
similarity of recognized speech and desired speech stored
in the database. The output of the context-oriented
language model is the speech obtained from the
recommended speech which is the best match to the
recognized speech. By using the proposed context-oriented
language model, the recognized speech is corrected
according to the expected speech stored in the database.
The corrected text is then entered into the language
understanding module where the output sign language is
decided. Here the text is compared with the predefined text
to determine which sign language output will be.

3. Experimental Results

The proposed architecture with three modules of speech to
text, language understanding, and text to sign language is
deployed on a Raspberry Pi Zeros board for a low-cost
speech to sign language converter. The speech recognition
accuracy is improved by using the proposed context-
oriented language model which corrects the recognized
speech. In table 1, we demonstrate the operation of the
proposed context-oriented language model

Table 1. The proposed context-oriented language model

Pocketsphinx Database Similarity Context-
output score oriented
language
model output
What do you | What are you 0.86 What are you
doing doing doing
What are you | What are you 0.9 What are you
do doing doing
why do you What are you 0.5 Where do you
go doing go
why do you Where do 0.8 Where do you
g0 you go g0
I go working | Iam working 0.83 I am working
I have to I have to 0.89 I have to work
walk now work now now

In table I, we evaluate the performance of the
proposed context-oriented language model in enhancing
the accuracy of offline speech recognition. The recognized
speech is compared with the recommended speech stored
in the database to decide the output speech if the similarity
score is higher than 0.8. The Levenshtein Distance is
utilized to measure the similarity of two strings. By doing
this, the text converted from speech resulted from
Pocketsphinx is corrected. In table I, the recognized from
Pocketsphinx is “What do you doing”, it is similarly the
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recommended speech of “What are you doing”, then the
corrected output is “What are you doing”. Similarly, the
recognized speech of “why do you go” better matches with
“where do you go” rather than “What are you doing”, the
output is “where do you go”. Using the proposed context-
oriented model, the speech recognition rate is improved
significantly. The database is composed of possible
sentences. To evaluate the speech recognition module, we
measure the accuracy for 500 sentences from 5 speakers.
The speech is recorded from the microphone in realtime.
The Pocketsphinx without the proposed context-oriented
model can recognize the speech and convert it to text with
an accuracy as high as 71%. The Pocketsphins followed by
the proposed context-oriented language model has
accuracy as high as 92%. The proposed context-oriented
language model can improve the accuracy by 21%. Having
received the speech, the sign language is generated at the
output. Sign language is based on a set of sequential
images as shown in Fig. 3

Fig. 3. The sign language of “what are you doing” is
composed of a set of consecutive images.

Sign language corresponding to the text output from the
speech to text module is a set of sequential images which
specific meaning as shown in Fig. 3. The sign language is
displayed on an LCD device.

4. Conclusion

This paper presented a design of a speech to sign
language converted for deaf people. The device is mobility,
low power consumption, and can work without an internet
connection. The speech recognition is implemented by
using an open-source library, Pocketsphinx module. To
enhance the accuracy, we proposed a context-oriented
language model, which measures the similarity between
the recognized speech and the predefined speech to decide
the output. The proposed model can improve speech
recognition accuracy by 21%. A decision module is based
on a similarity between the two texts using Levenshtein
distance decides the output sign language.
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