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Abstract- After years of research and development the accuracy of speech recognition remains one of the most important 
research challenges e.g. speaker and language variability, vocabulary size and domain, noise. The design of speech 
recognition system require careful attentions to the challenges or issue such as various types of speech classes, speech 
representation, feature extraction techniques, database and performance evaluation.  This paper describes the development of 
an efficient speech recognition system.  This paper explains how speaker recognition followed by speech recognition is used 
to recognize the speech faster, efficiently and accurately. 
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I. INTRODUCTION 
 
Speech recognition is the process of taking the spoken 
word as an input to a computer program. This process 
is important to virtual reality because it provides a 
fairly natural and innovative way of controlling the 
simulation while allowing the user's hands to remain 
free.  
 
Speech recognition is the technology by which sounds, 
words or phrases spoken by humans are converted into 
electrical signals, and these signals are transformed 
into coding patterns which gives a meaning to perform 
an activity. Speech understanding systems presently 
are capable of understanding speech input for 
vocabularies of thousands of words in operational 
environments.   
 
Speech Recognition offers greater freedom to employ 
the physically handicapped in several applications like 
manufacturing processes, medicine and telephone 
network. Speech Recognition can be defined as the 
process of converting speech signal to a sequence of 
words by means Algorithm implemented as a 
computer program. The speech is primary mode of 
communication among human being and also the 
most natural and efficient form of exchanging 
information among human in speech. 
 
1.1 Approaches To Speech Recognition There are 
three types of approaches to speech recognition:  
a] Acoustic Phonetic approach.  
b] Pattern Recognition approach.  
c] Artificial Intelligence approach.  
 
a. Acoustic Phonetic Approach Acoustic phonetic 
approach is also known as rule-based approach. This 
approach uses knowledge of phonetics & knowledge 

of linguistics to guide search process. There are 
usually few rules which are defined expressing 
anything that might help to decode based in this 
architecture i.e. at each decision point it lays out the 
possibilities and apply rules to determine which 
sequences are permitted. It has poor performance due 
to difficulty to express rules, to improve this system. 
This approach identifies individual phonemes, words, 
sentence structures and or any meaning.  
 
b. Pattern Recognition Approach  
This method includes two steps i.e. training of speech 
patterns and recognition of pattern by way of pattern 
comparison. In the parameter measurement phase a 
sequence of measurements is made on the input signal 
to define the test pattern. The unknown test pattern is 
then compared with each sound reference pattern and 
then a measure of similarity between the test pattern & 
reference pattern is compared. The best matches to the 
unknown test pattern based on the similarity scores 
from the pattern classification phase.  
 
c. Artificial Intelligence Approach  
This approach is a combination of previously 
described acoustic phonetic approach and the pattern 
recognition approach. In this AI approach, an expert 
system implemented by neural networks is used to 
classify sounds. The basic idea behind this is to 
compile and incorporate knowledge from a variety of 
knowledge sources with the problem at hand.  
 
1.2 Overview of Speech Recognition  
 
A speech recognition system consists of five blocks: 
Feature extraction, Acoustic modeling, Pronunciation 
modeling, Decoder. This process of speech 
recognition begins with a speaker creating an 
utterance which consists of various sound waves. 
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Fig: Outline of speech recognition system 

 
These sound waves are then captured by a microphone 
and converted into the electrical signals. Speech 
recognizers aim to extract the lexical information 
from the speech input signal independently of the 
speaker by reducing the inter-speaker variability.  
  
II. ANALYSIS  
 
The speech recognition engine has a rather complex 
task to handle, that of taking raw audio input and 
translating it to recognized text that an application 
understands. As shown in the diagram below, the 
major components are:   
• Audio input   
• Grammar(s)   
• Acoustic Model   
• Recognized text 
 

 
Fig.3.1 Speech Recognition Engine 

 
The first thing to take a look at the audio input coming 
into the recognition engine. It is important to 
understand that this audio stream is rarely pristine. It 
contains not only the speech data but also background 
noise. This noise can interfere with the recognition 
process, and the speech engine must handle the 
environment within which the audio is spoken.  It is 
the job of the speech recognition engine to convert 
spoken input into text. Its first job is to process the 
incoming audio signal and convert it into a format best 
suited for further analysis.  

Once the speech data is in the proper format, the 
engine searches for the best match. It does this by 
taking into consideration the words and phrases it 
knows about, along with its knowledge of the 
environment in which it is operating.  
 
The knowledge of the environment is provided in the 
form of an acoustic model. Once it identifies the most 
likely match for what was said, it returns what it 
recognized as a text string. Most speech engines try 
very hard to find a match, and are usually very 
"forgiving." But it is important to note that the engine 
is always returning it's best guess for what was said.  
 
PROPOSED MODEL  
The structure of proposed system consists of two 
modules   

 Speaker Identification  
 Speech Recognition 

 
 Speaker Identification  

Feature extraction is a process that extracts data from 
the voice signal that is unique for each speaker. Mel 
Frequency Cepstral Coefficient (MFCC) technique is 
often used to create the fingerprint of the sound files. 
The MFCC are based on the known variation of the 
human ear’s critical bandwidth frequencies with 
filters spaced linearly at low frequencies and 
logarithmically at high frequencies used to capture the 
important characteristics of speech.  
  

 Speech Recognition System  
Hidden Markov Processes are the statistical models in 
which one tries to characterize the statistical 
properties of the signal with the underlying 
assumption that a signal can be characterized as a 
random parametric signal of which the parameters can 
be estimated in a precise and well-defined manner.   
  
III. RESULT AND DISCUSSION  
 
In speech recognition phase, the experiment is 
repeated for fewnumber of times for each of the words. 
The performance of speech recognition systems is also 
specified in terms of accuracy and speed. The 
efficiency or speech recognition system is obtained for 
nearly 98%. 
 

 
Table 3.1- Speech Recognition Results 
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Fig 3.1- Efficiency Chart for Speech Recognition System 

 
CONCLUSIONS  
 
Speech recognition is one of the most integrating areas 
of machine intelligence. Since humans do a daily 
activity of speech recognition. It has created a 
technological impact on society. It can greatly expand 
the accessibility of Web-based self-service 
transactions to customers.  In this review, we have 
discussed the technique developed in each stage of 
speech recognition system. We also presented their 
properties for Feature extraction.  
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