Machine Learning for Speech-to-Text: A
Custom-CNN Model Approach

Ifa Fatima Khondekar Lutful Hassan Moinuddin
Department of Computer Science Department of Computer Science Department of Computer Science
and Engineering and Engineering and Engineering
Aliah University Aliah University Aliah University
Newtown, Kolkata Newtown, Kolkata Newtown, Kolkata
fatimaifa786@gmail.com klh.cse@gmail.com cse.moinuddin@gmail.com

Abstract
engineering technology is experiencing rapid growth. Disabled persons can profit from its various potential

One of the most challenging topics for researchers to study is speech to text conversion. This

applications and advantages, as it has a wide range of applications. Language problems prevent many individuals
from communicating. With the intention of lowering this barrier, a machine-learning model was created in order
to build systems that, in certain situations, can be a big assistance in enabling individuals to communicate
information by using voice input to operate a computer. An easy-to-use and efficient voice recognition algorithm is
described in this paper's research work. After converting the audio signal to the appropriate text, summarised text
is produced. This paper presents research on a simple and efficient voice recognition technique. Summarised text
is produced by converting the auditory signal to the appropriate text. The usage of machine learning in a variety of
applications these days presents a challenge to model improvement. A custom-CNN model is developed to increase
the precision of recognition. ReLU's quick computation makes it an excellent choice for CNN training. To confirm
the effectiveness of the suggested approach, a great deal of experimentation is conducted. With an accuracy rate of
75.60%, the experimental results show how well the present CNN design performs.
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I. INTRODUCTION

Human communication relies heavily on speech. Though there are several ways to express our thoughts
and feelings, speech is considered the primary vehicle of communication. Speech recognition is the technique
of having a machine recognise distinct people's speech based on specific words or phrases. Variations in
pronunciation are obvious in each person's speech[11]. The original form of speech is a signal, which is
processed so that all of the information included in the signal is transformed into text format. Even though
speech is the most common mode of communication, there are various concerns with speech recognition such
as fluency, pronunciation, broken words, stuttering, and so on. All of these must be addressed when processing
a speech. Text summarisation is a key idea in the world of documentation [1]. Long texts are difficult to read
and understand since they need a lot of time. This issue is resolved by text summarisation, which offers a
condensed, semantic summary of the text.
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II. LITERATURE REVIEW

A. A technique called "Memory-Based Phoneme-to-Grapheme Conversion" has been proposed
by Bart et al. [10] to address Out-of-Vocabulary items (OOVs) in speech recognition. A method is described
to develop the legibility of the textual output in a large vocabulary continuous speech recognition system
(SRS) when out-of-vocabulary words strike. Final word-level accuracy for the P2G (phoneme-to-
grapheme) conversion system on the dataset with phoneme recognition errors is 46%. However, for out-of-
vocabulary (OOV) words, the accuracy is significantly lower, at just 7% at the word level, which improves
slightly to 8% after post-processing with a spelling corrector. This technique uses machine learning
concepts.

B. Lee et al. [5] have proposed “Using tone information in continuous speech recognition”.
Automatic speech recognition and voice/ unvoiced boundary segmentation methods were used to recognize
the Cantonese dialects and speech patterns. A different type of hidden Markov model was used here and
that is context dependent tone modelling. By using Utterance wide normalization with context independent
models, they achieved an accuracy of 54% and with context dependent models they achieved a 60%
accuracy.

C. Shaheena et al. [12] focuses on “Bangla Speech-to-Text Conversion using SAPI” which
supports only a limited number of languages, including English. It needs for expanding STT conversion to
other languages, specifically Bangla, which is significant due to its cultural heritage and recognition by
UNESCO as an important language. It suggests that using English as an intermediary language in SAPI
could potentially facilitate Bangla STT conversion. This paper discusses how generating a grammar file
with English character sets for Bangla words could improve recognition accuracy, and it reports a 74.81%
recognition rate from an experimental study, indicating the potential of the approach while acknowledging
areas for improvement.

II1. PROPOSED METHOD
Our methodology for Speech to text conversion using machine learning involves converting spoken
language into text using algorithms and models.

A. Data Collection:

In this initial phase of our project, we utilized a comprehensive audio dataset sourced from Kaggle to
develop our speech recognition system. Kaggle, known for its extensive collection of datasets and data science
resources, provided an ideal platform to obtain the diverse audio data necessary for robust model training. The
dataset included a variety of audio recordings featuring different speakers, accents, dialects, and environmental
conditions, which is crucial for ensuring the model's strong generalization across various real-world situations.

To prepare the dataset for effective training, several pre-processing steps are applied. This dataset
includes the files contained 14 commands, out of them 10 commands (‘yes’, 'no’, 'up’, ’"down’, ’left’, ’right’,
’on’, *off’, *stop’, *go’) have been used in this Speech — to — Text Conversion’ projects Each command/order is
a second .wav audio file, spoken in English language spoken by variety of different speakers. By leveraging the
rich and diverse audio data from Kaggle[13], a sophisticated speech recognition system is developed which is
capable of performing well in varied applications.
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B.  Working for Speech to Text:
. Converting speech to text, sometimes referred to as automatic speech recognition (ASR),
converts spoken language into written text. Here's how it processed:

. Input Speech: The process begins with the capture of input speech, typically through a
microphone. This audio can be from various sources like a person speaking, a recorded conversation, or
any audio containing spoken words.

. Preprocessing: The raw audio data may undergo preprocessing steps, which can include noise
reduction, filtering, and normalization to enhance the quality of the audio signal.

. Models: Acoustic models are used to represent the relationship between speech features and
distinct sound units in language. Machine learning techniques, such as DNNs or CNNs, are often
employed to build these models. They learn to recognize patterns in the audio that correspond to specific
phonemes.

. Training dataset: Combine the acoustic and language models in a training dataset process.
This involves optimizing the parameters of both models simultaneously to improve their collaboration
and enhance the overall outcome of the Speech-to-Text system.

Input »| Storagein afile Preprocessing
Speech
Training dataset
Models
Text Process Result Pattern Matching

Fig.1. Working of Speech to Text
C. Speech Processing using Machine Learning:

Speech recognition for human-machine interaction depends on the human brain, much like machine
learning does. Many tasks make advantage of the machine learning methodology via the feature learning
capabilities. The data modelling capability outcomes obtained are superior to the performance of traditional
learning methods. As a result, the speech signal recognition relies on a machine-learning algorithm to combine
the voice aspects and qualities [8]. As a result of voice, the speech signal is transformed into an important
component of speech enhancement.

Machine learning includes of supervised and unsupervised learning, with supervised learning being
utilised for speech recognition purposes. Machine Learning (ML) software may measure spoken words using a
set of numbers to represent the signals. There are numerous acoustic modelling machine-learning algorithms
[7], including DNN and CNN.
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Sound wave of me saying “Hello™ Plain Text
Fig.2. Neural Network based Sound Wave Detection.
D. Structure of ConvlD Model:
. Input Layer: The model starts with an Conv1D layer that has 128 units. The input-shape

parameter directs the shape is (8000, 1) in this case. It indicates that the input data consists of a sequence
of 8000 timesteps, with each per time step having 1 feature.

. Ist Layer of ConvID Layer: This layer has 8 filter of each kernel size is 13. The activation
function is ReLU. No padding is added. This layer aids in the extraction of higher-level representations and
the capture of temporal dependencies from the input sequence.

. MaxPoolinglD Layer: A MaxPoolinglD layer is added after the ConvlD layers with a
pooling size of 3.

. Dropout Layer: A dropout layer is added after the MaxPooling1D layers with a dropout rate
of 0.3

. 2nd Layer of ConvlD Layer: This layer has 32 filters where each kernel size is 9. The
activation function is ReLU. No padding is added.

. Pooling Layer: Another pooling layer is added after the Conv1D layers with a pooling size of
3.

. Dropout Layer: Another dropout layer with a dropout rate of 0.3 is included after the
maxpooling1D layer for further regularization.

. Flatten Layer: This layer flattens the input, converting the 3D tensor into 1D tensor. It is used
to prepare for the next fully connected (Dense) layer.

. Dense Layer: Repaired linear activation function (ReLU) and 256 units dense layer are added.

. Dropout Layer: Another dropout layer with a dropout rate of 0.3 is included to prevent
overfitting.

. Dense Layer: A dense layer with 256 units and a rectified linear activation function (ReLU)
is added.

. Output Layer: The last layer is a dense layer containing n units, corresponding to the number

of classes to be predicted. The activation function applied is SoftMax, which transforms the model’s output
into a probability distribution across the classes, enabling the model to make predictions.
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A. Speech Dataset
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Fig.4. Plotting bar graph of Speech Dataset

B. Evaluation:
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The model's precision, recall, F1, and support scores are shown by the classification report visualizer. We
may see metrics like accuracy, which provides us with an overall measure of the accuracy of our model. In
addition, we may observe precision, recall, and F1 Score, which provide information about how well our model

is able to recognize classes.
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Fig.5. Classification report using Decision Tree
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Here confusion matrix is used to assess how well a classification model performs. The machine learning
model's predicted values and the actual target values are compared in the matrix.

Confusion Matrix
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Fig.6. Decision Tree based Confusion Matrix

C. Training and Testing:

In results and analysis section, experimenting with various optimizers might lead to better results during
hyperparameter tuning. Eighty percent of the data will be utilised for training, and twenty percent will be used
for validation.

The training loss reduces steadily after 10 epochs while the validation loss staggers nearby. Finally, we have
gotten better Accuracy result of 75.60%. The words are predicting fine. CNN help to convert or transcript the
word perfectly[3]. But little some of words are not predicting in a noisy environment. We will try to improve
the accuracy using a Conv1D model.
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Fig.7. Accuracy v/s Epochs
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Fig.8. Loss v/s Epochs

D. Output:

In result and analysis section, the output of converting audio into written text using machine learning involves
capturing spoken words through an audio input device like a microphone and transforming these sounds into
text format. The process begins with preprocessing the audio signal to reduce noise and enhance clarity. Machine
learning models, particularly those involving deep learning techniques such as neural networks, then analyze
the audio features to identify phonemes, words, and sentences. The result is a written text that reflects the spoken
content.
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Fig.9. Result of Speech-to-Text Conversion

We created a small or mini dataset using my own voice recordings to evaluate the proposed Speech-to-Text
conversion model. After testing, the model successfully transcribed the spoken words perfectly, demonstrating
its effectiveness in converting speech into text.

V.CONCLUSION

We discussed the topics in this study paper that the developed speech recognition system, trained on
a meticulously pre-processed dataset, achieved an accuracy of 75.60%. The use of CNNs was effective in
converting spoken words into text, though there were challenges in noisy environments. The findings imply that
although the model works well, it may still be improved, and future research will explore using a Conv1D model
to further enhance accuracy, particularly in noisy conditions. The research highlights the importance of
preprocessing, model selection, and the potential for optimization in achieving better speech-to-text conversion
results.
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