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Abstract 

Speech is a verbal communication used by humans through language. Likewise speech recognition is a 

process of converting speech to text. This paper provides a study of use of artificial neural networks(ANN) in 

speech recognition. Hidden Markov models (HMM) is a traditional statistical techniques for performing 

speech recognition. In speech detection software, Mel frequency cepstral coefficients (MFCCs) are 

frequently used. With different approaches evolving, we deal with the features used to recognize the speech 

pattern and implementation of speech recognition in the efficient types of artificial neural network (ANN). 
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1. Introduction

The process of translating spoken words into text is known as speech recognition[1]. It is a technique that 

enables computers to identify spoken language from humans and translate it into a machine-understandable 

format. Voice recognition systems use cutting-edge algorithms and artificial intelligence techniques to 

analyse and interpret the acoustic signals produced by human speech. These systems are designed to 

comprehend the sounds and patterns of speech even in noisy environments, whether the speaker has an 

accent, or if they have a speech disability. Dictation software, voice-activated virtual assistants, and voice-

controlled interfaces for smart homes and transportation are   few among the various uses for speech 

recognition technology[1]. 

2. Speech  Recognition

Speech recognition is the process of converting spoken words into printed text or computer commands[2]. It 

is a type of artificial intelligence that enables computers and other objects to  communicate with one another 

and grasp spoken language. Speech recognition technology blends machine learning algorithms with 

techniques from natural language processing to analyse and interpret spoken language. Voice recognition, 

language modelling, and acoustic processing are usually the three main stages.Acoustic processing comprises 

digitising the audio of spoken words after they have been recorded. These data are evaluated and transformed 

into a set of phonemes, which are the smallest units of sound in a language.  

3. Speech  Recognition  Process

The speech recognition program works by scanning the speech, decodes it into bits that can be recognized, 

and then evaluates the content of each bit. The steps taken during the speech recognition process include   
1.Signal Processing
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2.Speech Enhancement

3.Feature Extraction

4.Acoustic Modelling

5.Phonetic unit  Recognizing

3.1 Signal Processing 

The first step in speech recognition is signal processing, which entails recording and altering the sound wave 

of human speech in order to transform it into a digital format that can be examined by a machine [4].  For 

precise speech recognition, this stage is essential. A microphone or equivalent device is used to record the 

sound wave before signal processing can begin. An analog-to-digital converter (ADC), which turns a 

continuous analogue signal into a series of discrete digital values, is then used to digitise the sound wave. 

After the sound wave is converted to digital form, it undergoes a number of processing steps to get rid of 

noise, distortion, and other artefacts that could obstruct accurate speech recognition. 

3.2  Speech  Enhancement 

An important step in speech recognition is speech enhancement. Voice signals can be distorted in many 

different ways, such as channel distortion, reverberation, and noise, which might reduce the effectiveness of 

speech recognition programs. Speech Enhancement methods seek to eradicate these distortions, increasing 

the reliability and precision of systems that recognize speech [3]. Overall, speech augmentation is an 

important stage in the creation of speech recognition systems that aids in boosting the systems' robustness 

and precision under difficult conditions.  

Figure 1: Speech Recognization Architecture 

4. Feature  Extraction

The analysis of the processed speech signal and the extraction of part of the analysis that can be utilized to 

distinguish and detect sounds of speech are essential steps in the speech recognition process. There are 

various steps involved in the feature extraction process, including: 

  4.1 Mel Frequency Cepstrum Coefficients (MFCC) 

The use of mel frequency cepstral coefficients (MFCCs) is common in speech recognition software. They 

provide a compressed and decorrelated representation of the spectral envelope of spoken sounds. There are 

multiple processes in the MFCC feature extraction process[7]. The mel scale is a non-linear scale that 

simulates the frequency response of the human auditory system. It divides the frequency range into 

perceptually equal intervals. After filtering, the filterbank outputs are taken as a logarithm, and then a DCT 

(discrete cosine transform) is applied to decorrelate the resulting coefficients. Since they hold the majority of 

the speech data, the first few MFCCs typically 10–20 are kept for subsequent processing[8]. A crucial stage 

in the MFCC feature extraction process is a lot of speech recognition systems, and it aids in enhancing the 

reliability and accuracy of these systems in various settings and applications. 

4.2  Linear  Predictive  Coding(LPC) 

A common method for voice analysis and synthesis in speech recognition systems is linear predictive coding 

(LPC). LPC works by modelling the speech signal as a linear combination of previous signal samples, with 
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the coefficients of the linear combination being selected by an optimization process. The correlation between 

several speech signal samples is described by the autocorrelation function, which is employed[10]. The 

Levinson-Durbin algorithm and other methods are used to solve a set of linear equations to obtain the LPC 

coefficients. The speech signal can be synthesized with the help of the LPC coefficients once they have been 

obtained. LPC is frequently utilized in speech recognition systems. The effects of the vocal tract and linear 

distortion in the speech signal can also be removed with the help of LPC. In summary, LPC is a popular 

method for signal processing and feature extraction in speech recognition systems. It provides a compact 

representation of the speech signal[11]. 

5. Acoustic Modelling 

Building statistical models of speech sounds or phonemes is known as acoustic modelling, and it is an 

essential part of automatic speech recognition (ASR) systems[5]. It can be difficult to capture speech 

variability in many settings and acoustic environments because speech signals have a high degree of 

fluctuation and noise. Training and decoding are the two processes that commonly make up acoustic 

modelling. The Hidden Markov Model (HMM) is the most popular type of statistical model used in ASR. 

5.1 Hidden Markov Model(HMM) 

A statistical model known as the Hidden Markov Model (HMM) is frequently employed in speech 

recognition systems to simulate the temporal fluctuation of voice signals.HMMs are used to represent the 

probability distribution of speech sounds[12]. HMMs are made up of a series of concealed states that result in 

a series of observable symbols. In order to determine the most likely sequence of hidden states that produced 

the observed symbols, the input voice signal is processed through the HMMs during the decoding phase. The 

temporal fluctuation of speech signals is modelled using HMMs, a statistical model that is frequently 

employed in speech recognition systems. With a sizable voice data, HMMs are taught to based on the input 

speech signal, estimate the model parameters and use them to determine the most likely sequence of hidden 

states during the decoding phase. In order to solve these issues and enhance the performance of speech 

recognition systems, researchers have created a number of extensions to HMMs[9]. HMMs have limits when 

it comes to modelling long-term dependencies and complicated interactions between speech sounds. 

5.2 Phonetic  Unit  Recognition 

The identification and decoding of the various phonemes that make up spoken words is a crucial part of 

automated speech recognition (ASR) systems. Training and decoding are typically the two phases of phonetic 

unit recognition[13]. During the training phase, the statistical models that are employed for phonetic unit 

recognition have their parameters estimated using a large corpus of speech data. Depending on the particular 

ASR system, these models might be Hidden Markov Models (HMMs), neural networks.The phonetic models 

are used to process the input speech signal during the decoding phase to generate a series of phoneme 

hypotheses. The decoding process involves searching through the space of possible phoneme to find the most 

likely sequence.In conclusion, phonetic unit recognition is an important part of ASR systems because it helps 

identify and decode the individual phonemes, that make up spoken words. [16-18] 

 

6. Artificial Neural Network 

A form of machine learning technique called an Artificial Neural Network (ANN) is motivated by the 

composition and operation of the human brain[4]. It is made up of a layer-organized network of 

interconnected nodes called neurons that are intended to process information similarly to how the human 

brain does.In an ANN, each neuron takes input from one or more other neurons, processes that input 

mathematically, and then generates an output signal that is transmitted to other neurons.Predictive modelling, 

speech recognition, natural language processing, image recognition, and other processes can all be done with 

ANNs. 
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Figure 2:Artificial Neural NetworkARTIFICIAL NEURON: 

          An artificial neuron  is a basic building block of an artificial neural network (ANN). It is a 

mathematical function that takes in one or more inputs, performs a computation on those inputs, and 

produces a single output[14]. An artificial neuron typically consists of three parts: input weights, a summing 

function, and an activation function. The input weights are values that are multiplied by the input values to 

produce weighted sums. The summing function then aggregates the weighted sums to produce a single value. 

Finally, the activation function applies a non-linear transformation to the aggregated value to produce the 

output of the neuron. 

 

 

                                                               Figure 3: Artificial Neuron 

 7. Types Of Artificial Neural Netowrk 

  7.1 Feedforward Neural  Network 

A type of Artificial Neural Network (ANN) known as Feedforward Neural Networks (FNNs) is frequently 

utilized in speech recognition systems. FNNs are intended to take an information signal, like a discourse 

waveform, and produce a result signal FNNs take a sequence of audio features, like Mel-frequency cepstral 

coefficients (MFCCs), as input in a speech recognition system[1]. After that, these features are processed by 

the FNN through a series of hidden layers, with each layer transforming the input features in a nonlinear way. 

Lastly, a sequence of phoneme that match the input audio signal are produced by the FNNs output layer.A 

large amount of labeled speech data is used to train an FNN for speech recognition.Backpropagation is the 

most common method for training FNNs. 

7.2.Recurrent  Neural  Network (RNN) 

Due to their capacity to model temporal dependencies in sequential data, recurrent neural networks(RNNs) 

have found widespread application in speech recognition. RNNs maintain a hidden state that is updated at 

each time step based on the input and the last used hidden state. One famous sort of RNN for discourse 

acknowledgment is the Long Short-Term Memory (LSTM) organization[6]. A type of RNN called LSTMs 

has a memory cell that can store information over multiple time steps to better deal with long-term 
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dependencies.The input sequence is typically pre-processed in speech recognition to extract features like 

MFCCs,which are then fed into the LSTM network. Typically, minimizing a sequence loss function, such as 

the Connectionist Temporal Classification (CTC)loss, is part of training an RNN for speech recognition. This 

allows the network to learn to align the input sequence with the correct output sequence.RNNs, particularly 

LSTMs, have been extremely effective in speech recognition overall and are an essential component of 

numerous cutting-edge speech recognition systems[14].   

 

Figure 4: Recurrent Neural Network and Feed-Forward Neural Network 

7.3.Modular Neural Network 

An approach to the design of neural networks that consists of a number of smaller, simpler sub-networks or 

modules, each of which carries out a distinct function, are referred to as modular neural networks[12]. 

Modular architectures are another name for this type of design. By breaking down the complex task of speech 

recognition into smaller, more manageable subtasks, modular neural networks have been utilized in speech 

recognition to enhance the accuracy of the system. The hybrid neural network is one common modular 

architecture used in speech recognition. The neural network is used to estimate the likelihood of the acoustic 

features given the phoneme or word label, while the HMM is used to model the temporal dynamics of the 

speech signal.  

The deep neural network (DNN) acoustic model is another modular architecture utilized in speech 

recognition. The DNN is typically trained with a large amount of labeled data to map the acoustic features to 

the phoneme or word label. The result of the DNN is then utilized as contribution to a Well, which models 

the worldly elements of the discourse signal. For speech recognition, end-to-end modular neural networks 

have recently been proposed. Convolutional neural networks (CNNs) for feature extraction and recurrent 

neural networks (RNNs) for sequence modeling are two examples of the sub-modules that these networks 

combine into a single end-to-end network. This strategy has the advantage of reducing the need for custom 

features and simplifying the training process. In general, speech recognition systems have improved in 

accuracy thanks to the success of modular neural networks in this field.  

7.4 Kohonen Self Organizing Maps 

Unsupervised neural networks like Kohonen Self-Organizing Maps (SOMs) can be used in speech 

recognition for things like speaker identification and phoneme clustering. SOMs function by mapping input 

data with high dimensions onto a grid with lower dimensions. Each neuron has an associated weight vector 

that is updated during training to represent a region of the input space. The neurons in the grid are arranged in 

a two- or three-dimensional lattice. The SOM modifies its weight vectors during training so that similar input 

patterns are mapped to nearby grid neurons. SOMs can be utilized in speech recognition to organize similar 

acoustic features, such as MFCCs or filterbank energies, into distinct SOM grid regions.This can be useful 

for automatic speech recognition and helping to identify phonetic features that are shared by multiple 

phonemes.  
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Advantages Of Artificial Neural Network 

• Data-based learning: Because they can learn from data, ANNs are good for jobs where it is hard to 

specify clear rules or heuristics. 

• Generalization: ANNs can make predictions based on data they haven’t seen before because they can 

generalize to new inputs. 

• Non-linearity: Because they are capable of capturing intricate, non-linear relationships between input 

and output variables, ANNs are well-suited for applications in which the underlying relationships are 

not well understood. 

• Tolerance for error: Fault tolerance means that ANNs can continue working even if some of their 

parts break. 

• Processing in parallel: For parallel processing, ANNs can be built into hardware or software, 

allowing them to process a lot of data quickly. 

• Adaptability: ANNs are suitable for tasks where the input data may change over time because they can 

adapt to changing input patterns or environments. 

Limitations Of Artificial Neural Network 

• Nature of a black box: Because they are frequently treated as a black box with little understanding of 

the networks internal workings, ANNs can be challenging to interpret. 

• Overfitting: Overfitting, in which the network learns the noise in the training data rather than the 

underlying patterns, can be a problem for ANNs. On new data, this may result in poor generalization 

performance. 

• Time for training: Preparing an ANN can be computationally costly furthermore, tedious, particularly 

for enormous and complex organizations. 

• Choice of architecture: In order to strike a balance between underfitting and overfitting, an ANN's 

architecture, including the number of layers and neurons, must be carefully selected. This can be a 

difficult task that may necessitate trial and error. 

• Requirements for data: To learn meaningful patterns and adapt to new inputs, ANNs need a lot of 

training data. 

• Transferability restrictions: If the problem domain and the input data are very different, ANNs trained 

for one task may not work well for another. 

8. Conclusion & Future Scope 

In speech recognition systems, both feedforward and recurrent neural networks (RNNs) have been used with 

success which depends on the requirements of the task and the characteristics of the input data.In practice, 

speech recognition systems have utilized both FFNNs and RNNs with success; which one to choose depends 

on the task specific requirements and the characteristics of the input data. A hybrid strategy that incorporates 

both kinds of networks may be utilized in some instances to capitalize on their advantages and overcome 

their disadvantages. The choice between FFNNs and RNNs for speech recognition ultimately depends on a 

number of factors, such as the system performance requirements, the available data, and the computational 

resources.           
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