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Abstract:  Human’s most common and important mode of communication is speech. You can use speech to interact with the 

computer. Speech recognition research is becoming ever more focused. Researchers are currently working to expand the 

possibilities of what computer systems can do with uttered speech. In Speech Recognition there are Classification Algorithm 

through which spoken words can be converted into computer understandable form. This paper provides a brief overview of speech 

recognition and its approaches, which include the Acoustic Phonetic Approach, Pattern Recognition Approach, and Artificial 

Intelligence Approach. 

 

Index Terms - Speech Recognition, Acoustic Phonetic Approach, Pattern Recognition Approach and Artificial Intelligence 

Approach. 

I. INTRODUCTION 

Speech is the most important, ubiquitous, and effective mode of communication for individuals to communicate with one 

another. Because people are more familiar with voice, they would prefer to engage with machines through utter words instead of 

through rudimentary interface, for example keyboard and touchpads. Speech Recognition is a multidisciplinary subject of 

computational linguistics that develops strategies and technology to aid computer systems in the recognition and translating of 

spoken words into written format. It is also referred to as "speech to text" (STT).[1] 

 

II. LITERATURE SURVEY 

This work investigated a strategy that permits normal speech being utilized in the creation of dysarthric automatic speech 

recognition by using speed of speech modifications to lessen the discrepancy between standard and dysarthric speech.  A speech 

pace is a crucial aspect of dysarthric speech that influences ASR performance. A forced-alignments approach from classic GMM-

HMM models train with phonetic vocabulary is used to analyze dysarthric speech pace at the phonetic level. The phoneme-based 

speech speed ratio between normal and dysarthric speech is then employed in speed modification for the two possible substantial 

customized dysarthric speech recognition applications: 1) Dysarthric speed of  speech can be sped up or down to match that of 

ordinary speech, making it more like that reproduced by acoustic models train purely on usual speech. 2) The typical speed of 

speech may be changed to match that of dysarthric utterance, and the modified typical uttered data can be used during train in a 

data preprocessing set it up to construct highly personalized acoustic models (emphasized by to deal with extreme speech 

disorder).[2] 

 

This work presents that everyone does not know the other language, and everyone does not speak the other languages very 

well. Speech is the process of developing words in the thoughts of the speaker and expressing them to the listener through voice. 

As a result, researchers are always striving to create mechanisms that allow others to quickly grasp what the speaker is saying while 

still being simple to utilise. The author has watched the sound input and used various techniques and processes to recognise but has 

failed to know about the sensations despite having a lot of different software and processes to employ. If you hear someone exclaim, 

"Oh shit! "I am a failure." The human can identify what he or she is communicating, but the machine cannot sense his or her 

excitement, for example. Only humans possess this characteristic. However, the focus here will be on ASR, which is a system that 

converts speech to words. As a result, it provides an overview of significant technological perspectives and an appreciation for the 

underlying evolution of voice recognition, as well as an overview of the techniques created at each level of speech recognition. As 

a result, this study aids in the selection of techniques, as well as their respective virtues and demerits. A stage-by-stage comparison 

of several techniques is carried out. In this study, an isolated word based on acoustic system is used, however with minor changes, 

the vocabulary size and continuous word recognition may be increased.[3] 
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The focus of this research is on the human-robot interaction aspect of a robotic assistant designed for use in an office 

setting, whose primary duties will include document delivery among employees on a single floor and answering inquiries about the 

workplace domain. The study topic focuses primarily on the semantic analysis section of the interaction system, which processes 

human input and generates a relevant response is created. Because there is a low availability of training information accessible for 

a single workplace domain, a rule-based method with machine learning approaches is used for intent recognition rather than more 

advanced neural network-based methods. The goal of the research is to use a rule-based technique to categorizing input depending 

on its intention (query, instructions, or salutation) and to detect the intention utilizing machine learning based classifier built on 

training data vector. Several machine learning-based classifiers are used for question classification, including Nearest Neighbour 

(NN), Nave Bayes (NB), Decision Tree (DT), Sparse Network of Winnows (SNoW), and Support Vector Machine (SVM). Zhang 

and Lee's the outcome of the experiment reveal in which the SVM beats the other four techniques for question categorization using 

only surface text information. However, for comparative reasons, the techniques SVM, KNN, NB, and DT are being tested in the 

study. The work recommends adopting the typical forecast result from all four optimized models. This work offers research on 

human-robot interaction, with a focus on semantic interpretation of input, using a hybrid method approach that combines rule based 

and machine learning technique.[4] 

 

III. LITERATURE SURVEY TABLE 

Sr 

no 
Title Year of 

Publication 
Gist 

1. Phonetic Analysis of Dysarthric 

Speech Tempo and Application 

to Robust Personalised 

Dysarthric Speech Recognition 

2019 This research described Two methods for enhancing vocal speech 

recognition ability designed to change normal speech utilising speech 

speed modification at the phonetic and features level. In moderate to 

extreme dysarthric speakers, data augmentation utilising temporally 

modified normal speech was found to be a viable strategy for increasing 

personalised dysarthric ASR performance. 

2. Speech Recognition for English 

Language Pattern Recognition 

Approach 

2016 This article provides an overview of the primary technological 

perspectives and an understanding of the underlying advancement of 

voice recognition, as well as an outline of the techniques established at 

each level of speech recognition. It explores voice recognition using 

various features such as HMM (Hidden Markov Model), acoustic model, 

and so on. 

3. A Hybrid Semantic Analysis 

Approach Using Rule Based 

and Learning Techniques for 

Human-Robot Interaction in a 

Robotic Assistant 

2018 The goal of this research is to create a human robot interaction 

mechanism for a document delivery robotic helper that can obey 

commands and respond to questions regarding the office domain. The 

semantic analysis done in this closed domain intelligent system utilises 

a hybrid method that blends rule based and machine learning methods to 

meet the difficulty of limited domain-related training data. 

 

IV. SPEECH RECOGNITION APPROACH 

Speech recognition approached in three ways are as follow. 

4.1 Acoustic Phonetic Approach  

4.2 Pattern Recognition Approach  
4.3 Artificial Intelligence Approach 

 
Fig 1. Taxonomy of Speech Recognition [5] 

 

 

 

 
 

http://www.ijcrt.org/


www.ijcspub.org                                                       © 2022 IJCSPUB | Volume 12, Issue 3 July 2022 | ISSN: 2250-1770 

IJCSP22C1048 International Journal of Current Science (IJCSPUB) www.ijcspub.org 435 
 

4.1 Acoustic Phonetic Approach 

 The Acoustic Phonetic method of speech recognition was focused on detecting speech sounds and assigning them relevant 

labels. The acoustic phonetic method is based on the assumption that while there are fixed, differentiating phonetic components 

known as phonemes, which are essentially defined by a collection of acoustics qualities inherent in speech. Despite the fact that the 

acoustic qualities of phonetic components are extremely inconsistent, both of them with the narrator and with the nearby sounds, 

the acoustic phonetic method assumes that are the principles regulating the variations are simple and may could be easily well-

understood by a system reading. The acoustic phonetic technique begins with a spectrum analysis of the speech, followed by feature 

identification, which transforms the spectral observations into the collection of features that represent the various phonetic unit’s 

acoustic spectrum qualities. The next stage is a segmentation and labelling phase, which involves segmenting the speech signal into 

persistent acoustic areas and assigning one or even more phonetic labels to each segment, resulting in a phoneme matrix 

characterization of the speech. The final stage in this approach seeks to detect a real word by combining the phonetic labelling 

sequence formed by segmentation and labelling (or string of words). [1][5] 

 

4.2 Pattern Recognition Approach 
 Pattern classification is primarily defined as the training or building of a system (given a feature vector) that divides a large 

number of individual samples into classes. Because speech comes from a variety of sources, the available speech signal is a mix of 

the audio channel, noise, additive noise, and other factors. Pattern classification is the process of analyzing an unidentified test 

pattern to each sounds type reference patterns and finding a similarity measure between those (or recognition). Patterns are detected 

during testing after the system has been trained to recognize speech.[1] 

 

4.2.1 Template based approach 

 A library of exemplary speech patterns is available in the template-based method. These patterns are collected as reference 

patterns, and they correspond to the dictionary words. By comparing an unknown spoken utterance to each of these references 

template and choosing the categories with the high similarity pattern, an unknown spoken utterance is recorded. Normally, whole-

word template are created. It is also possible to avoid errors caused by segmentation or categorization of smaller, acoustically more 

changeable components like phonemes.[1] 

 

 The speech recognition approach based on templates method had also resulted in a learning algorithm that have 

considerably enhanced the field. It is a straightforward strategy. It is the procedure of choosing the best matched between unknown 

speech and a set of pre-recorded words. This method has been the advantage of employing absolutely precise word model, but it 

also has the disadvantage of predetermined template. As a result, differences in speech signals can only be modelled by utilising a 

large number of templates per word, which is clearly unworkable. Template training and comparison become excessively costly or 

impractical when vocabulary sizes increase above a few hundred words. This technique is wasteful in terms of the data storage and 

processing required to complete the matching, this strategy fairly inefficient. Speakers dependent template matching is likewise 

mind-numbing. This method does not allow for continuous voice recognition.[6] 

  

4.2.2 Hidden Markov Model (HMM) 

Markov chain Speech recognition systems based on models are becoming increasingly prevalent. HMM is computationally 

efficient and can be taught automatically. [7] HMMs are basic network that represent the short-term spectrum connected with every 

state and utilize a number of states for each model to generate speech. The model's parameters are the state transition probability, 

mean, variance, and mixture weight that define the state output distributions. Every word or combination of letters will have its own 

output distribution.[8] Individually trained HMM for different word and phoneme are concatenated to create HMM for a the order 

of the words or phoneme. Hundreds of hours of audio data are frequently used to train modern HMM-based big vocabulary speech 

recognition systems. Words may be automatically determined using the order of the words, dictionary of pronunciation, and 

Procedure for HMM training. This means that utilizing big training corpora is extremely simple. HMM's main advantage is that it 

greatly decreases the time and complexity of the recognition system while simultaneously training a huge vocabulary.[6] 

4.3 Artificial Intelligence Approach 

  The artificial intelligence technique combines pattern recognition and acoustic phonetics, it is referred to as a hybrid 

approach of pattern recognition and acoustic phonetics.[9] It's because it combines the principles and ideas of pattern recognition 

methods with an auditory phonetic approach. Artificial intelligence has been created as a knowledge-based strategy that incorporates 

information linked to spectrograms, phonetics, and linguistics.[1] 

 

4.3.1 Knowledge/Rule Based Approach 

 For continuous voice recognition, a knowledge/rule based method is employed, which has been presented by numerous 

academics and used to speech recognition. The information about linguistic, phonetic, and spectrogram is used in the knowledge-

based method. Hand-coded into a system is "expert" knowledge regarding speech variation. It takes a collection of characteristics 

from speech and automatically constructs a set of production rules from the samples using the training system. These criteria are 

developed from factors that give useful taxonomic information. The recognition work is done at the object level, with an inference 

mechanism used to build the prediction model and categorise the rule triggering. This method has the benefit of being clearly 

natural; nonetheless, the random variability of speech is still unknown. Indeed, Moore offered the two topics in 1994 for a better 

comprehension of the idea of speech pattern processing, which necessitates more investigation.[1] 

 

V. CONCLUSION  

 The concepts of speech recognition systems, as well as many approaches for extracting features and pattern recognition 

are discussed in this paper. Many advanced classification concepts have recently been explored in speech recognition systems. With 

these methods, the pace of the  speech recognition might be increased, and the accuracy of speech recognition could be enhanced. 
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