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ABSTRACT

Speech is the best essential, normal and effective type of communication methods for individuals to interact with each
other. People are easy with speech. Beside these lines, people might likewise want to interact with personal computers
(PCs) through speech, instead of utilizing primitive interfaces like keyboards and directing gadgets. This can be done
by building up an Automatic Speech Recognitions (ASRs) framework which enables a PC to distinguish the text that a
man speaks into a receiver or phone and change over it into composed content. Although any assignment that
includes interfacing with a PC can possibly utilize ASR. The ASR framework can support numerous important
applications like dictation, command and control, installed applications, phone registry help, talked database
questioning, restorative applications, office correspondence devices, and programmed voice interpretation into outside
dialects and so onward. In the present research paper, work done by few researchers in this field has been discussed.
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INTRODUCTION

One of the best, normal and effective types of communication methods for individuals to exchange ideas with each other
is speech. In today’s modern world, computers and automatic systems are important even in daily life. For giving
commands for performing any task, command needs to be given. Earlier there were only keyboards and directing gadgets
were available for this work. But now, this can be even done by building up an Automatic Speech Recognitions (ASRS)
framework which enables a PC to distinguish the text that a man speaks into a receiver or phone and change over it into
composed content. Automatic Speech Recognition has the potential of being an imperative method of interaction
between human and PCs [1]. The ASR framework would support numerous important applications like dictation,
command and control, installed applications, phone registry help, talked database questioning, restorative applications,
office correspondence devices, and programmed voice interpretation into outside dialects and so onward. India has
semantically rich zone which has 18 protected dialects, which are composed in 10 distinct contents [2]. Speech
recognition systems (SRS) can be parted in dissimilar classes by describing what category of words they can distinguish.

A. lIsolated Word: Isolated word identifies finish oftentimes require each expression to have composed on both side of
test windows. It distinguishes single words or single sounds at once .This is having "Listen and Non Listen state".
Segregated utterance may be improved name of this class [4].

B. Connected Word: These systems are like detached words yet enable separate expression to be "run together slightest
interruption among them.

C. Continuous Speech: These speech recognizers enables client to talk usually, while the PC decide the substance.
Recognizer with proceeds with speech capacities are the absolute most tough to make since they use unique strategy
to decide articulation limits.

D. Spontaneous Speech: At an essential level, it can be consideration of speech that is common talk and not trained .an
ASR System with unconfined speech capacity must have the capability to deal with a multiplicity of normal speech
highlight, for example, words being run together.

Some of the complications with ASR [3] are Human Conception of Speech, Spoken Language is not equal to Written
Language, Noise, Body Language, Body Language, Channel Variability, Speaker Changeability

LITERATURE REVIEW

Batista et al. [4] applied PSO applied to locate the best information of each class (design) to be prepared by SVM and
there is an analysis of the contrast between utilizing or not this streamlining. The digits of zero to nine in Brazilian
Portuguese dialect are perceived consequently by SVM. Those digits are pre-prepared utilizing mel-cepstral coefficients
and Discrete Cosine Transform (DCT) to create a two-dimensional framework utilized as contribution to the PSO
calculation for producing the ideal information.

Zade et al. [5] associated with Support Vector Machines (SVM) to models of Speech Recognition Systems in outlook of
MFCC and LPC highlights for Azerbaijani Datasets. This DataSet has been operated for speech recognition by Multi-
layer Artificial Neural Network and accomplished a few outcomes. The basic intention of this work is applying SVM
procedures to the Azerbaijan Speech Recognition Systems. The variety of consequences of SVM with various Kernel
capacities is broke down in the preparation procedure. It is demonstrated that SVM with outspread premise and
polynomial portions give better recognition comes about that Multi-layer Artificial Neural Network.
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Kanisha and Ganeshan et al [6] In this work, from the info speech signal via perceiving the substance includes three
phases, for example, the preprocessing, highlight extraction and Multi Support Vector Machine (SVM). The flag is
prepared and clamor free flag is created by handling the flag and the highlights are extricated. For advance these
highlights diverse enhancement calculations are used. From this calculation the ideal highlights, for example, top signal
frequency, Tri-unearthly component, and discrete wave change (DWT) accomplish the APSO method. These ideal
highlights are given as the contribution of the multi SVM and the flag in testing process, the flag accurately perceive the
content. From the outcomes the enhancement algorithm (APSO) gets the 97.8% precision contrasted with the current
system SVM direct portion work.

Dev et al. [7] profoundly wrangled on the issue of expanding the quality of speech front-closes and propelled an
imaginative sequence of MFCC vector assessed by methods for three stages. In the main stage, the relative higher request
auto-correlation coefficients were proficiently mined. From that point the extent array of the subsequent discourse flag
was surveyed by methods for the quick Fourier change (FFT) and it was recognized as far as frequency. In the last stage,
the recognized greatness range was transformed into MFCC-like coefficients, named as MFCCs mined from the
Differentiate Relative Higher Order Autocorrelation Sequences Spectrums (DRHOASS).

Henawy et al [8] have recommended the purpose of speech recognitions deliver an instrument which will perceive
precisely the ordinary human dialogue from any speaker. The credentials rate of 98% was acquired utilizing the proposed
include extraction system. The features in light of the Cepstrum give exactness of 94% for speech recognitions while the
features in light of the brief time series energy in time space give precision of 92%. The features in light of formants
frequencies give exactness of 95.5%. Obviously the features in view of MFCCs with precision of 98% give the finest
exactness rate. So the structures rely upon MFCCs with HMMs might be suggested for recognition of the communicated
in Arabic digits.

Huang et al. [9] have proposed a powerful mechanism for Chinese speech recognitions on little vocabulary estimate was
open speech recognitions of Chinese words in outlook of Hidden Markov Models. The qualities of speech words are
fashioned by sub-syllables of Chinese characters. Add up to 640 speech tests are noted by 4 local guys and 4 females
with as often as possible talking capacity. The preparatory consequences of inside and outsides testing accomplish 89.6%
and 77.5%, individually. The last accuracy rates for inside and outsides test in normal accomplishes 92.7% and 83.8%.
The outcomes revealed that the methodologies for Chinese speech recognitions on little vocabulary are viable.
Poonkuzhali et al [10] have proposed the Speech was a standout amongst the majority of encouraging models by which
individuals can express their moods like outrage, pity, and joy. Acoustic parameters of a speech signal like energy, pitch,
Mel Frequency Cepstral Coefficient (MFCC) was essential in discover the condition of a man. The features get decreased
to 16.6% of every 300 emphases. Subterranean insect Colony Optimization can choose the more instructive highlights
without losing the execution.

Selveraj and Ganeshan [11] a novel speech recognition method in light of vector quantization and enhanced molecule
swarm improvement (IPSO) is recommended. The recommended philosophy contains four phases, to be specific, (1) de-
noising, (ii) feature extracting (iii) vector quantizations and (iv) IPSO based Hidden Markov display (HMM) method (IP-
HMM). At to start with, the speech or frequencies are de-noised utilizing middle channel. Next, attributes, for example,
top, pitch range, Mel recurrence Cepstral coefficients (MFCC), standard deviation, mean and least and most extreme of
the flag are blackmailed from the de-noised flag. Following that, to achieve the preparation procedure, the separated
qualities are given to hereditary calculation based codebook age in vector quantization. The underlying populaces are
made by choosing irregular code vectors from the preparation set for the codebooks for the hereditary calculation process
and IP-HMM helps in doing the acknowledgment. Now the innovativeness will be done as far as one of the hereditary
operation hybrids. The projected speech recognitions approach offers 97.14% precision.

Najkar et al. [12] proposed a dynamic writing computer program are supplanted by a hunt technique which depends on
particle group optimization process. The real thought is centered on creating an underlying populace of division vectors
in the pattern seek space and enhancing the area of sections by a refreshing calculation. A few strategies are presented
and assessed for the interpretation of particles and their comparing development structures. What's more, two division
methodologies are investigated. The main strategy is the standard division which tries to augment the probability work
for each contending acoustic model independently. In the following strategy, a worldwide division tied between a few
models and the framework tries to recover the probability utilizing a typical tied division. The outcomes demonstrated
that the cause of these elements is observable in finding the worldwide ideal while keeping up the framework exactness.
The thought was tried on a separated word acknowledgment and telephone characterization undertakings and
demonstrates its critical execution in both precision and computational multifaceted nature perspectives.

G. Saon and M. Picheny [13] described a set of deep learning procedures that proved to be mainly successful in attaining
performance grows in word error rate on an existing huge vocabulary familiar speech recognitions benchmark tasks
(“Switchboard”). They found that the finest performance is achieved by merging features from both recurrent and
convolutional neural networks. They compared two intermittent architectures: partly unfolded nets with max-out
activations and bi-directional extended short-term memory nets. Additionally, inspired by the success of convolutional
systems for image organization, they considered a convolution networks with many convolutional layers and miniature
kernels that form an approachable field with further non-linearity and fewer parameters than ordinary patterns. As soon
as combined, these neural networks accomplish a word error rate of 6.2% on this tough job; this was the best testified
rate at the time of this writing and is even additional outstanding given that human recital itself is predictable to be 4% on
this data.
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Vydana and Vuppala [14], In this work, the assessment of enduring networks have been investigated for of speech
recognitions. Along with the profundity of the remaining system, the criticality of width of the lingering system has
likewise been examined. It has been watched that at higher profundity, width of the nets is likewise an indispensable
parameter for achieving huge enhancements. A 14-hoursubset of WSJ corpus is utilized for educating the speech
recognition plans, it has been watched that the lingering systems have demonstrated much straightforwardness in joining
even with a profundity substantially higher contrast with profound neural system. In this work, utilizing remaining
systems a flat out diminishment of 0.4 in WER blunder rates (8% decrease in the relative mistake) is come to than the
best performing profound neural system.
Guiming et al. [15] utilized the Convolution Neural Networks (CNNs) to acknowledge speech recognition. It is another
sort of neural system that can diminish ghostly variety and model phantom relationships which exist in signals. Beside
the paper uses Back Propagation to teach the neural network. During the whole experiment, the paper uses a collection of
speech that recorded by ourselves as training data, and it uses the others to test the neural network. Experimental
outcomes demonstrated that CNNs can efficiently implement isolated word recognition.
Zheng et al. [16] presents a phonetically-aware joint density Gaussian mixture model (JD-GMM) framework for voice
conversion that no longer requires parallel data from source speaker at the training stage. Considering that the phonetic
level features contain text information which should be preserved in the conversion task, we suggest a method that only
concatenates phonetic discriminates features and spectral features take out from the same target speaker’s speech to train
a JD-GMM. After the mapping relationship of these two features is trained, we can use phonetic discriminant features
from source speaker to estimate target speaker’s spectral features at conversion stage. The phonetic discriminant features
are takeout using PCA from the output layer of a deep neural network (DNN) in automatic speaker recognition (ASR)
system. It can be understood as a low dimensional illustration of the senone posteriors. They compared the proposed
phonetically-aware method with conventional JD-GMM method on the Voice Conversion Challenge2016 training
database. The experimental outcomes showed that their proposed phonetically-aware feature method can obtain similar
performance compared to the conventional JD-GMM in the case of using only goal speech as training data.
Sandanalakshmi et al. [17] presented well-organized speech to text converter for phone application is offered in this
work. The major intention is to make a framework which would give ideal execution as far as precision, multifaceted
nature, postponement and memory prerequisites for portable condition. The speech to content converter contains of two
phases that is front-end examination and example acknowledgment. The front end investigation entails preprocessing and
aspect extraction. The conventional voice activity detection processes which track only energy cannot well classify
potential speech from input because the undesirable part of the speech also has some energy and appears to be speech. In
the suggested system, VAD that computes energy of high frequency part distinctly as zero crossing rates to discriminate
noise from speech is used. Mel Frequency Cepstral Coefficient (MFCC) is utilized as highlight extraction plot and
Generalized Regression Neural Network is utilized as recognizer. MFCC gives little word mistake rate and upgraded
include extraction. Neural Network progresses the exactness. Along these lines a little database containing all
conceivable syllable articulation of the client is sufficient to give acknowledgment accuracy more like 100%. Along
these lines the proposed procedure interests acknowledgment of constant speaker free applications like cell phones,
PDAs and so forth.

CONCLUSION

However, dissimilar speech recognition system has been established, yet at the similar time we are confronting a similar
issue for the fast and accurate algorithm. In this another speech recognition approach is projected utilizing K-means,
LPC, LPCC, Huffman, Gaussian and Neural network. This approach is tried on the isolated word speech recognition. The
test comes about show that this thought works appropriately to push toward worldwide ideal while supporting the Viterbi
network precision. By considering the computational involvedness of the K-means plus neural network centered
recognition technique and its pruning ability before accomplishing the best way, it appears that this strategy could be
very much utilized in consistent speech recognition tasks. The experimental outcome of the projected approach gives
much more capable result for speech to text recognition and conversion which is about 88.89% while existing is 66.67%.
It means that our projected methodology is better in reset to speech recognition and conversion. Accordingly, we are
seeking after our exploration on uninterrupted speech recognition.

REFERENCES

[1] Mohsen Fallahnezhad, Mansour Vali, Mehdi Khalili , “Automatic Personality Recognition from Reading Text
Speech”, 25th Iranian Conference on Electrical Engineering (ICEE2017)

[2] Sri Harsha Dumpala, Sunil Kumar Kopparapu, “Improved Speaker Recognition System for Stressed Speech using
Deep Neural Networks”, International Joint Conference on Neural Networks (IJCNN2017)

[3] David Dov, Ronen Talmon,” Kernel-Based Sensor Fusion With Application to Audio-Visual Voice Activity
Detection”, IEEE Transactions on Signal Processing (Dec2016)

[4] Gueorgui Pironkov, Stephane Dupont, Thierry Dutoit, “Speaker-Aware Multi-Task Learning for Automatic Speech
Recognition”, 23rd International Conference on Pattern Recognition (ICPR2016)

[5] Wang Fei, Xiaofeng Ye, Xing Zhang, “Research on speech emotion recognition based on deep auto-encoder”,
IEEE International Conference on Cyber Technology in Automation, Control, and Intelligent Systems
(CYBER2016)

IJTIMES-2018@All rights reserved 463



[6]

[7]
[8]

[9]

[10]
[11]
[12]

[13]

[14]
[15]
[16]
[17]
[18]
[19]
[20]
[21]
[22]

[23]

International Journal of Technical Innovation in Modern Engineering & Science (IJTIMES)
Volume 4, Issue 11, November-2018, e-ISSN: 2455-2585, Impact Factor: 5.22 (SJIF-2017)

Johannes A Louw, Avashlin Moodley, “Speaker Specific Phrase Break Modeling with Conditional Random Fields
for Text-to-Speech”, Pattern Recognition Association of South Africa and Robotics and Mechatronics International
Conference (PRASA-RobMech2016)

Roman Jarina, Roman Jarinay, Peter Pocta, Michal Chmulik,” Automatic speaker verification on narrowband and
wideband lossy coded clean speech”, International Workshop on Biometrics and Forensics (IWBF2016)

A Rajeswari, P Sowmbika, P Kalaimagal, M Ramya, M Ranjitha, “Improved emotional speech recognition
algorithms”, International Conference on Wireless Communications, Signal Processing and Networking
(WiSPNET2016)

Hilal H. Nuha, M Abido, “Firefly algorithm for log-likelihood optimization problem on speech recognition”, 4th
International Conference on Information and Communication Technology (IColCT2016)

Gracieth Cavalcanti Batista, Washington Luis Santos Silva, Angelo Garangau Meneze, “Automatic Speech
Recognition Using Support Vector Machine and Particle Swarm Optimization”, IEEE 2016.

Kamil Aida-zade, Anar Xocayev, Samir Rustamov “Speech Recognition using Support Vector Machines”, IEEE-
2016.

S S Poorna, C Y Jeevitha, Shyama Jayan Nair, Sini Santhosh, “Emotion recognition using multi-parameter speech
feature classification”, International Conference on Computers, Communications, and Systems (ICCCS2015)

I. E. Henawy, W. Khedr, O. ELkomy and A. Z. Abdalla, "Recognition of phonetic Arabic figures via wavelet based
Mel Frequency Cepstrum using HMMs", Journal of Housing and Building National Research Center, \Vol. 10, pp.
49-54, 2014.

Preeti Saini, Parneet Kaur, “Automatic Speech Recognition: A Review”, International Journal of Engineering
Trends and Technology-(IJETT2013)

Anil Kumar Vuppala “Neural Network based Feature Transformation for Emotion Independent Speaker
Identification” Springer International Journal of Speech Technology Report No: HIT/TR/2012.

Wouter Gevaert, Georgi Tsenov, Valeri Mladenov, “Neural Network used for Speech Recognition”, Journal of
Automatic Control, University of Belgrade, Vol. 20, pp. 1-7, 2010.

P.satyanarayana,“Short segment analysis of speech for enhancement”, Institute of IIT Madras Feb 2009.

Vimal Krishnan VR, Athulya Jayakumar, Babu Anto P, “Speech Recognition of Isolated Malyalam Words Using
Wavelet Feature and Artificial Neural Networks”, 4th IEEE International Symposium on Electronic Design, Test
and Application, 2008.

Tomi Kinnunen et.al.,Real-Time Speaker Identification and Verification., IEEE Transactions on Audio, Speech,
and Language Processing, vol. 14, no. 1, January 2006.

Goh Kia Eng, Abdul Manan Ahmad, “Malay Speech Recognition using Self-Organizing Map and Multilayer
Perceptron”, Proceeding of the Postgraduate Annual Research Seminar, 2005.

Yashwanth H, Harish Mahendrakar and Suman Davia, “ Automatic Speech recognition Using Audio Visual Cues”,
IEEE India Annual Conferencec pp. 166-169, 2004.

Md. R. Hasan, M. Jamil, Md. G. Rabbani, Md. S. Rahman, “Speaker Identification using Mel Frequency Cepstral
Coefficients”, 3rd International Conference on Electrical & Computer Engineering, Dhaka, December 2004.

Deng, Li; Douglas O'Shaughnessy “Speech processing: a dynamic and optimization-oriented approach”, Marcel
Dekker-2003.

IJTIMES-2018@All rights reserved 464



