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Abstract—In the life of human being, communication is the key element for the evolution in
various fields. Information passing to the right person following exact manner helps in both
commercial and delicate stage. Now we are living in a digitized world and every means of
communication is only machines such as Phone calls, text messages, talking toys, vedio games,
robots etc. are information communicator. Many applications have been developed to achieve
the effectual communication between two sides without any disturbances. The applications act
as a mediator helping in message delivery system in different forms like: coding, text, speech
signals or facial expressions. The different areas of articulatory and acoustic-based speech
recognition system, conversion from speech signals to text, syllable extraction and from text to
synthetic speech signals, language translation, intelligent toys, human structured robots,
psychological treatment and emotion recognition; where the applications have been widely used
today. Through this review paper, we have observed different analytical reports of various
speech feature selection methods, various clustering techniques and coding algorithms that have
been applied in voice signals to attain the stated deliverables and will focus on the supervised
and unsupervised techniques.

Index Terms— Speech Recognition, Assamese, Clustering, Coding Algorithm, Regression,
Segmentation, Cross Talking.

|. INTRODUCTION

Clustering is an unsupervised machine learning method of identifying and grouping similar data points in larger
data sets without concern for the specific outcome [18] Prosodic features mainly estimated over the uttered
speech sentence in the form of long term statistics [1]. Prosody is rich source for understanding about speech. It
has great significance in emotional speech analysis also [1], [3]. The clustering methods there commonly used in
the segmentation or classification of medical images. For many practical issues, clustering analyses we used to
explore the data structure to understand the characteristics of data. Different clustering algorithms we have
proposed, including the k-means algorithm, the FCM algorithm, various improved FCM algorithms [10]-[12]
and soon.

Speech technologies have been developed for decades as a typical signal processing area by the progress based
on new machine learning paradigms. Speech is a vocal communication through which we achieve the
information about speaker, language, message etc. Prosody is rich source for understanding about speech. It has
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great significance in emotional speech analysis [1], [ 3]. Speech recognition is the process of converting an
acoustic waveform into the text form familiar to the user [2],[46].

Voice and specific utterer segmentation and clustering technology is an important front-end processing
technology that evaluate changes in audio, which can further evaluate the speech processing applications along
with machine language translation, emotion detection, grammar analysis and syllabification [15],[34]. Another
method that is called “The endpoint detection”, depends on some speech characteristics such as: time energy,
zero crossing rate etc. However, these characteristics are restricted to the situation of no noise or high signal-to-
noise ratio and without any result on having very low signal-to-noise ratio [35].

A. Background of the Language

Assamese is a branch of Indo-Aryan language spoken by the people of the Indian State ‘Assam’ in general. The
people living in Assam and its adjoining states Meghalaya, Nagaland etc. term the Assamese language as the
‘link” language having developed vocabulary by making use of India’s national language ‘Hindi’ along with
other northern Indian languages. The Assamese language is called as a sister of all the northern Indian languages
as it has been originated from the ‘Vedic vernaculars. “Indo-European family” inherited many unique
phonological uniqueness that makes it unique and this is the reason that it needs a study utterly interconnected
design relating to speech synthesis system (Detection & Recognition) to extract the decision [12]. In Assamese,
there exist continuants of two frictionless: -- the semivowels /w, j/, four spirants /s, z, x, h/, one lateral /l/, one
trill /r/ and two nasals /m, n/ which are stops along with continuants [12]. ‘Asamiya’, the nick name of Assamese
is spoken in all the districts of Assam with varying tunes and pronunciations of the words. The people of Assam
are also called as ‘Assamese’ in English or ‘Asamiya’ in local areas ‘Asamiya’ is the mother-tongue of the
Assamese. Sanskrit, the most ancient language of the Indian sub-continent has raised The Assamese language
[59] which has been accorded the status of one of the official language of Assam by the state’s official language
act in 1960 all over the state.

Since then, it has been serving as the lingua franca among different speech communities in the whole area.

B. Types of Speech Recognition

Speech recognition systems can be separated in several different classes by describing what types of utterances
have the recognition ability. These classes are classified as follows:

v Isolated Words: It accepts single word or single utterance at a time.

v" Connected Words: Linked or connected word systems (or linked utterances) have similarity with the
desolated words, allowing separate utterances to indistinct with a minimal silence.

v Continuous Speech: In this recognizer users are allowed to say Continuous speeches without stop and
pauses or almost naturally. During the speech operation the computer determines the content, which is
the recognition task of a particular recognizer.

v" Spontaneous Speech: An ASR system with spontaneous speech ability should be able to handle a
variety of natural speech features.

v" Deep Speech: This is the state-of-the-art speech recognition system developed using end-to-end deep
learning.

C. Syllable Structure

Structure of syllable consists of verbalization features and pronunciation that is hidden in the initial, intermediary
or final position of a word [10]. The ASSAMESE phonemes syllable structure formed by vowels (V) and
consonants(C) and the syllabification patterns are as follows: -

V,VC,CV,CVC,CVV,CCVC,CCV,VCC.

Rule of syllabification is to observe the different patterns of syllables that may conduct experiment with
monosyllabic, disyllabic, tri syllabic and polysyllabic. And in Assamese the same rule formulates an algorithm
for dividing the particular language words into syllables.

11. BASIC APPLICATIONS THROUGH SPEECH RECOGNITION FOR DECISION MAKING

It is a cognitive process or a reasoning process based on assumptions of values, preferences and beliefs of the
decision maker. Decision making through speech plays a very important role in our day-to-day life like speech-
to-text analysis, web-based speech recognition, speech-based music recommendation system, speech-based
grammar analysis, child psychology tests in schools, intelligent toys for kids, business deals, better customer
service system, emotion recognition system etc.
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A. Relevant issues of ASR design
Main issues on which recognition accuracy depends have been presented in the Table I.

Production (isolated words or continuous speech read or
Table.1. spontaneous speech)
Speed (zlow, normal _fa <)
Vocabulary Specific Characteristics of available training data;
or
ASR generic vocabulary;
TOOLS
and — - - -
y T ENVERONMENTS Type of noise; signal/noise ratio ; working
XIEIDSH‘ conditions

TOOLS Microphonc; Mobile recorder

Medium amplitude; sampling rate, distortion; echo
Speakers Sex, Age; physical and psychical state
Speaking styles Voice tone(quiet, normal, shouted);

B. Approaches of Speech Recognition

Basically, there exist three approaches of speech recognition. They are: -

1)Acoustic Phonetic Approach: The earliest approaches of speech recognition for finding speech sounds and
providing appropriate labels to these sounds. This is the basis of the acoustic phonetic approach from “Acoustic
Phonetic Approach for speech signals” by (Hemdal and Hughes, 1967),[13]; where given the description
existing finite, distinctive phonetic units(phonemes) in spoken language having broad characterization with a set
of acoustics properties. In the long run of time and development these properties have been evaluated from the
speech signal..

2)Pattern Recognition Approach: Speech segmentation is the process of identifying the boundaries between
words, syllables, or phonemes in spoken natural languages. In speech recognition and speech synthesis, speech
segmentation is an essential basic work [36], and the quality of segmentation effect the speech recognition
system. The system of overall speech signals are divided into four segments mainly and they are: -- silence
segment, transition segment, voice segment, and end segment.

Among these, ‘Endpoint detection’ is a very important part of segmentation and the functioning is consisting of
three steps such as:

(1) In the silence segment, if one of the features of short time energy or zero-crossing rate exceeds the low
threshold, it is marked as the beginning of the detection speech and enter the transition segment.

(2) In the transition stage, if the energy or zero-crossing rate characteristics of consecutive frames of speech
exceed the high threshold then it is said to be entering the real speech segment; otherwise, the current state is
restored to the silent state.

(3) The end point detection of the speech segment can be done reversely according to the above method.

3)Artificial Intelligence Approach

The Artificial Intelligence approach is a hybrid of the acoustic phonetic approach and pattern recognition
approach with the ideas and concepts of Acoustic phonetic and pattern recognition methods. DNN (Deep Neural
Network), RNN (Recurrent Neural Network) are the examples of artificial intelligence approach). It also
includes the approach of knowledge based that utilize the linguistic, phonetic and spectrogram related
information.

C. Preprocessing for Noisy Speech Recognition

Pre-processing is very important for the acoustic sound waves and it is necessary to convert it into a digital
signal to achieve appropriate speech information. The most commonly used tool is the Microphone via which the
acoustic wave can be converted into an analog signal and then the analog signal is passed through anti-aliasing
filter for further recompense to reimbursement of any channel. The bandwidth of the signal for the Nyquist rate
can be lessen by using the anti aliasing filter prior to the sampling process done. After that the analog signal is
passed through an A/D converter. Now a day’s A/D converters are of usually having 16 bits/sample of resolution
with 8000-16000 samples/sec(second). Further, processed voice can be windowed by passing through a window
(generally Hamming) along with a appropriate frame size of 10to30msec [52].
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The analog speech signals are then transformed into digital signals for further dispensation. That digital signal is
stimulated to the first order filters to level the signals spectrally. In this way it increases the signal’s energy at a
higher frequency.

D. Feature Extraction

This is another essential part to represent the speech signal by a sequence of feature vectors, where the selection
of appropriate features are selected [52].
(1) Features Description: There are two basic features available for speech recognition and they are:
1) Mel Frequency Cepstral Coefficients: -MFCC extraction of sample plays the most vital role in the system
of speech Signal processing and the related decision-making applications from it.
2) Pitch: - It is the quality of sound that makes it possible to judge as higher or lower on a frequency
related scale[5].
In reference to the zero-crossing rate [23] A model was proposed in an earlier system and it was designed with
cochlear band pass filters having nonlinear operations. In that system frequency information of the signal was
achieved by zero-crossing intervals. Also, another frame work was designed for obtaining optimal forgetting
factor [26].

E. Speech Databases

Speech databases are widely used in Automatic Speech Recognition having different forms. Moreover, some
other significant applications are such as: Automatic speech synthesis with both dependent & independent
speaker with coding and analysis via language verification, identification etc. Following rule of the acoustic
environment, recording of data is done either in noise free environment like applying the sound booth or in noisy
office/home environment. With different forms of the databases, some corpora are designed for the development
and evaluation of speech synthesis & recognition. Besides this, other application areas like ---for instance TIMIT
analysis, speaker recognition designing such as SIVA, Polycost and YOHO etc. Many databases they are
recorded in one native language of recording subjects; however, there are also multi-language databases with
non-native language of speakers, in which case, the language and speech recognition become the additional use
of those databases. For the words of Assamese having different structure [12]. The signals can be treated as
noisy signals by adding Gaussian and Babble noise with the SNR of 10dB and 15dB to create additive and
convoluted noisy speech signals respectively.[16].A simple energy based utterance-end silence detection
program was used to estimate the Signal to Noise ratios (SNR).An approach was designed for speech
enhancement by using visually derived wiener filter[44].

I1l. METHODOLOGIES

From various review papers a lot of methodologies have been found and regression is one of the important
methods observed [6].
A. Regression

Many regression algorithms have been tested in the research area till now to identify the best one among them.
The considered algorithm is as follows.

1. Feed forward neural network with one input, two hidden and one output layers (ANN).
2. Support vector regression with linear kernel (SVR-LK)

3. Support vector regression with radial basis kernel (SVR-RBF)
Support vector regression with radial basis kernel combined with feature forward selection (SVRRBF-FS).

The mean absolute errors for all regression techniques are reported in Table II.

TABLE Il. ACCURACY VALUES OF SOME EMOTIONS

ANGER | HAPPINESS | NEUTRAL SAD | SURPRISE
5.42 3.67 3.72 288 | 312
2.03 1.76 2.54 1.89 1.90
1.95 1.78 2.57 1.98 1.88
114 0.92 2.05 .92 1.09
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In this table the maximum possible error for each emotion is 10.In the primary step the feature selection section,
the mMRMR algorithms is applied resulting in 200 features, these features are subsequently filtered by using a
Forward Selection, the selection criteria is the Mean Absolute Error(MAE) defined as:

Emae=zc ZN1 (81 V) @
MN c=1 i=0
Where M is the number of classes (emotions), M=5.N is the number of patterns
(speech stimuli) used for validation,N=280. Y is the output of SVR, y = {y1, y2,... ,
ym }

y C %~

Here, S is the vector in the subjective evaluation that results in the i stimulus of sC#™ and the forward
selection resulted in 43 features having the minimized MAE.

B. Two-Dimensional Mapping

When the optimal features identification is over then the regression provided by using regression function C.
That function consists of the feature vector F that is extracted from the input speech signal and then only optimal
features are selected via the forward selection algorithm.

C. Principal Component Analysis

Features are extracted using PCA technique accounts for a maximal amount of total variance in the observed
variables. The first principal component identified as the most of the variance in the data. The second component
identified accounts for the second largest amount of variance in the data without any connection with the first
principal component and so on.

D. Feature Selection and Extraction

The feature selection method based on the regression algorithm was used in earlier research. In most of the
regression techniques the minimum Redundancy Maximum Relevance (mMRMR) algorithm has been applied to
reduce the number of features from 21522 to 200. The performance achieved by mRMR algorithm was very
good compared to similar filtering techniques. Generally, this algorithm has been used before applying wrapper
methods to select features having a large number of irrelevant and redundant features with filtration.

A survey has been focused on feature extraction methods and the features used are the pitch, the formants, the
short-term energy, the MFCCs, the cross-section areas and the Teager energy operator-based features [21].

|. The complete list of features considered are:

Mel Frequency Cepstral Coefficients -MFCC
Human Factor Cepstral Coefficients -HFCC
Linear Frequency Cepstral Coefficients -LFCC
MEL Bank Spectral Coefficients -MELBS

Human Factor Bank Spectral Coefficients -HFBS
Linear Frequency Bank Spectral Coefficients -LFBS
Perceptual Linear Predictive 1 ~PLP1
Perceptual Linear Predictive 2 ~PLP2

9. Perceptual Linear Predictive 3 -PLP3

10. Perceptual Linear Predictive 4 -PLP4

11. 4Hz Modulation Energy 4HzME 1

12. Mel Spectrum Modulation Energy -MSME 1

13. Fundamental frequency F0

14. Formant frequencies -F1

15. Formant Bandwidths -Bx

16. Harmonicity -H

17. Temporal Energy -TE

18. Teager Energy Operator ~TEO

19. Zero Crossing Ratios -ZCR

PONA W

Already computed some of the high-level features in earlier research are: Basic characteristics, Positional
characteristics, Relative characteristics, moments, Regression characteristics, percentiles. The calculation of the
total number of features extracted from each speech utterance has been computed by the following formula.

£all = £coeffhighfwave =211 34 3 = 21522 — (i)

Where £ i the total number of feature coefficients, £y is the number of
high-level characteristics and e is the numberof feature waveforms.
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E. Clustering Techniques

Cluster analysis or clustering is the task of grouping set of objects in the same group are more similar to each
other than to those in other groups. Clustering can be classified into two categories: soft Clustering
(Overlapping Clustering) and hard Clustering (or Exclusive Clustering). For soft clustering technique, concept of
fuzzy membership functions are used to cluster data, so that each point may belongs to, minimum two or more
clusters with different degrees of membership value. Moreover, data will be associated to an appropriate
membership value. In many situations, fuzzy clustering [16],[40],[41]is more natural than hard clustering. A new
two-level segmental clustering approach was designed [24] that combined the decision tree-based state tying
with agglomerative clustering of rare acoustic phonetic events.

(1) Fuzzy Rules Generation [40] --The input to our fuzzy logic [42]is energy entropy (E)short time energy (S)
and zero crossing rate (Z) and the output obtained from the fuzzy is the percentage of various male and female
features which are present in the given speech signal.

Both the input and output variables are fuzzified into three various sets namely; large, medium and small and
male, female, male and female respectively.

(2) K-MEANS CLUSTERING TECHNIQUE

The k-means algorithm is one of the simplest unsupervised and hard clustering algorithms, which is used to
classify a given data set in to various clusters. k-Means has been used to cluster time series data to get better
clustering results regarding speed, simplicity, implementation impact and the possibility to assign the desired
number of clusters. It produces
poorresultsfortheheterogeneousdatasetduetotheinefficiencyinhandlingspeechvariability’spresentinthespeechdata.
(3) FUZZY CMEANS CLUSTERING TECHNIQUE(FCM)

The most well-known fuzzy clustering algorithm is Fuzzy C Means [37] clustering technique. It was introduced
by Bezdek by modifying the crisp clustering function who introduced the idea of a fuzzification parameter (m)
whose value ranges between[1,n] where n=2,that determines the degree of fuzziness in the clusters.

(4) KERNEL FUZZY C-MEANS CLUSTERING TECHNIQUE (K-FCM)

Chen and Zhang enhanced this technique by replacing the Euclidean distance with a new kernel induced distance
function. This technique avoids the limitation of data intrinsic shape dependency and it’s search for the initial
values of the algorithm. This improves the algorithm robustness [38].

(5) KERNEL VALIDITY MEASURES

To identify the suitability of the clusters, kernel-based validity measures are used. Generally, these measures are
classified into two classes :(a) The classes using membership value (b)classes using geometrical characteristics.
In their study they have computed the recognition accuracies for various clustering techniques considering the
time taken by each function for clustering the data. The parameters used to evaluate the FCM and KFCM
clustering techniques are :i)the number of clusters ii) fuzzifier iii)stopping criterion.

An intrusion detection system was designed in energy efficient sensor network using neuro — fuzzy approach
[43].

F. Feature Selection Algorithms

For designing competent algorithms for selecting a less set of features, a fast mMRMR feature selection scheme
had been proposed [47]. Selecting the Candidate Feature is Set to compute the cross validation & classification
error for a large set of features and thus evaluated a relatively stable range of small errors [17]. The optimal
number of features (denoted as n) for the candidate set is determined within the algorithm. The later type of
approach like mMRMR and Max-Relevance, that are also termed as “filter”. The filters often select features by
testing whether some preset conditions about the features and the target class are satisfied. From the practical
view, the filter approach has much lower complexity than wrappers. Thus the selected features often yield
comparable classification errors for different classifiers; as such features often form intrinsic clusters in the
respective subspace. By using mRMR feature selection in the first-stage, they intend to find a small set of
candidate features, where the wrappers can be applied at a much lower cost in the second stage.

The Fig.1 depicted the results showing the time cost for Max Deep to select a single feature is a polynomial
function of the number of features, on the other hand, in mMRMR,; it is unchanged. For example, in NCI data; Max
Deep takes about 20 & 60 seconds to select the 20th & 40th features, respectively. On the other hand, mMRMR
always takes about 2seconds for any feature selection.
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Fig.1: Feature Index

G. Features of Assamese Language and Syllables

There are 41 languages in North-East India only,[3] where Assamese is the one of the most spoken language of
North East. Assamese is an Eastern Indo-Aryan language [18]. In Assamese language Labio dental, Dental,
Retro flex, Uvular, Pharyngeal, Trill, Lateral fricative, phonemes are not present.

(H) Clustering for Phonemes: To cluster the phonemes, a feature extraction method had been used that is
divided into two techniques temporal analysis and spectral analysis [19]. The basic feature types used for the
same are Linear Predictive Code and Principal Component Analysis features, which having short term as LPC &
PCA respectively of the recorded speech samples. is formed using LPC and PCA features are then used as a set
to form a hybrid feature set. Pre-emphasis, Normalization, Frame Blocking, and Windowing are some of the
operations, used in pre-processing system that are applied before feature extraction.

Fig.2.Dimension reduction using PCA

I. Spectral Feature Extraction

The most essential phase of speech recognition includes the tracking ability of the variation within the input
speech sample. A system that can track the temporal variations of speech is more preferred to give higher
successful recognition rates. Two individual parts were involved in the procedure to deal with two classes of
inputs named as clusters of male & female. A Generalized Feed Forward Artificial Neural Network acted on the
first block, that mapped on a class network divided the inputs into two genders based [40] clusters. A baseline
speech recognition system was developed [20] with Multilayer perceptron technique to recognize the Assamese
language phonemes . Moreover, some other technique Self Organized Map had been used to reduce the feature
vector, .

J. Self-Organizing Map (SOM)

A Self-Organizing Map is a Neural Network architecture which can robotically produce self-organization
properties during an unsupervised learning process [40],[42] where one real layer of neurons were involved. The
SOM is arranged in a 2-D lattice. This architecture implements similarity measure using Euclidean distance
measurement. Actually, it measures the cosine of the angle between normalized input and weight vectors having
the objective is the formation of the feature map that captures the essential characteristics of the dimensional
input data and maps them on the typically 2-D feature space in neural networks. The learning algorithm focuses
on two essential characteristics of the map formation between neurons of the output lattice; they are competition
and cooperation respectively.

K. Multi-Layer Perceptron Based Phoneme Recognizer

In our study we focused on Multilayer Perceptron that was used to design the speech recognition technique to
recognize the phonemes of Assamese languages. The MLP consist of input, output and three hidden layers. A
modified version of well-known Back Propagation Algorithm has been used to train the MLP in addition of
avoiding the oscillations at the local minimum momentum constant that provides optimization in the weight
updating process. The baseline speech recognition process consists of the following steps:

It had been observed that RNN to be a special structure of supervised ANN which suits in data recurrency
technique. And the technique was trained with the clustered data to learn the number of cluster so that it can
classify any unknown clustered word according to the number of cluster and issued for capturing the temporal
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nature of speech signals [36]. The decision-making process of the RNN has been described in Figure3 as given
below.

—~
o

Digitizing the speech that is to be recognized
Compute the features of the speech signal
Reduce the feature set using Self-Organized Map (SOM)

An MLP based phoneme classifier is used to classify each set of feature
corresponding to the phoneme utterance to corresponding phoneme.

—~ o~
o O O

Phonemecount2,3,4,5... n Phoneme word |

!

Segmentation

LVQ Code block
Recognized word

Fig.3.Phoneme Recognition Technique

The decision-making method as mentioned above had been used in case of clustered data set obtained from both
SOM and KMC based clustering techniques. After computation the success rate of correct decision has been
compared for both the techniques and it has been observed that the technique with SOM can provide more
correct outputs (around 7% improvement) and hence it was applied on the 3-phoneme word recognition
technique. To select appropriate features from a particular speech signal is an important issue to achieve high
accuracy in the area of speech recognition. The term “Feature Extraction’ is the analysis of speech signal with
different attributes having one hidden layer with tan-sigmoid activation function along with one input & one
output layer and each layer containing log-sigmoid activation functions in it. The classification is done in terms
of two classes male and female. The decision of this network is placed as a class code into the input sample
vector and then passed on to two LVQ-blocks formed by SOM-MLP ANNS.

Input

| LPC Features l I PCA F l I LPC+PCA F ] | Spectral F I

L.VQ Classifier " Cooperative

LVQ Classifier

Fig.4.Block diagram of The Complete Work

L. Recognition Of The Assamese Vowels Using KNN And RNN Based Algorithm
In this system the concerned author proceeded with the steps as given below :-

1. Recording the CVC speech samples, 3speakers each from the four major dialects of Assamese
language.

g2. g(J:reation of the feature vectors for training and testing purpose for the KNN and RNN
algorithm.

3.Training the algorithms using the training vectors.

4 Testing for recognition of the vowels using those samples that are not used for training.

5. Comparison of the results of both the algorithms.

In this paper, recognition of the Assamese vowels and dialectal variations the acoustic features were considered
for training and testing purpose. The algorithm “Scaled Conjugate Gradient” was used for the Recurrent Neural
Network that gave an overall recognition rate of 84 %, while the K-Nearest Neighbor algorithm gave a
recognition rate of 97 % that was better than that of the RNN algorithm. Figure 5 shows the classification output
of the KNN algorithm where the legends represents the eight Assamese vowels with IPA (International Phonetic
Alphabets) as/a/,/o/,/u/,/e/,/el,/i/,/o/and/p/ respectively. Later, the comparison between the recognition rate and
the training time of the two training algorithms was used for recognition of the vowels using the RNN and
KNN.Table3 shows the individual recognition rate of the eight vowels[59].
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Acoustic P
Speech Features Vowels [Recognition
Samples Rates (%)
/ Il 9333
Recognized le/ 93.33
Learning Vowel
Algorithm — | Phonemes e/ 100
lal 100
1o/ 93.33
Ip/ 100
lol 100
Jul 93.33

The system model of the proposed work is shown in Figure5 above.

M. Cross-Language Speech Impairment Detection

Multi-language speech datasets are complex and often have small sample sizes in the medical domain. The
cross-linguistic transfer methods and by collecting the large longitudinal dataset of impaired speech [32].The
cross-lingual method demonstrates improvements in Aphasia detection over unilingual baselines, and the early
results on the newly collected dataset show the promise to achieve a strong baseline in Alzheimer’s disease
detection. The translation linguistic features from speech in different languages to English using domain
adaptation with Optimal Transport using a large unaligned multi-lingual dataset. The OT process minimizes the
moving cost of samples from source to target using probability distribution functions. In the process mappings
from other languages to English and detecting Aphasia from linguistics characteristics of speech data was much
easier than some older methods.

N. Waveform Coding Algorithm

A novel waveform coding algorithm was designed based on the forward adaptive technique that performed
frame by frame analysis of the input signal [48]. They used SQNR Signal to quantization noise ratio with time
varying characteristics. This algorithm provided a high-speed coding to decrease the SQNR that was used for
high quality transmission. The backward adaptive technique provides SQNR within 1db of the forward adaptive
technique. Moreover, log uniform scalar quantizer was also implemented as it can provide higher SQNR. The
proposed algorithm was applied in voice coding over the G.711 standard and comparing wide variance range
with the Laplacian source, it was found that with 1 bit/sample compression provides more constant and higher
level. Besides it, establishing of the quantizer asymptotic average SQNR the theoretical results were within 0.5%
(with bit rate RNg >3) that pointed for achieving G.712 standard within the variance of range.

TABLE IV. THE CODING ALGORITHM: COMPARING THEORETICAL AND SIMULATION RESULTS

RNg [R Frame length SQNR(Dynamic) Theory (SQNRP3) Lemma2(SQNR’) (Ssigﬂ;tpi;n
3 7.172 24 2.57 37.42 38.35 33.96
4 7.136 37 .44 37.46 38.66 35.72
5 7.115 49 .08 37.33 37.37 37.94

IV. SYSTEM MODEL FOR THE PROPOSED APPROACH:

After viewing and observing the above-mentioned review papers we have designed our model as follows:

V. RESULT ANALYSIS & DISCUSSION

We have observed many successful results from various of the previous survey on different techniques used so
far by different authors and some results out of them are discussed here. The simulations were performed using
MATLAB simulation tool [16]. The following two tables present the results based on the time taken by the
clustering algorithms to cluster the homogeneous and heterogeneous convoluted noisy speech data. The
parameter considered for the efficiency of the algorithm was based on the number of clusters and time taken by
clustering algorithm.
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I Pre-Processing I

Segmentation

Train |

| Feature Extraction l @ | Feature Selection

| Methodology on Trained Data |

1Ll

I Testing the I

I Decision I

Fig.6.System Model Approach

TABLE V. EXECUTION TIME FOR HOMOGENEOUS DATA

Clusters k-means(s) FCM(s) KFCM(s)
5 0.127 0.035 0.014
10 0.168 0.115 0.014
15 0.15 0.126 0.014
20 0.153 0.152 0.019
And the same for Execution time for heterogeneous data found
are:0.151,0.159,0.179,0.243;0.058,0.103,0.167,0.24

;0.014,0.014,0.02,0.02.

From the figures it seems that the as number of clusters increases the execution time taken by KFCM technique
is less than FCM and k-means techniques. Considering the recognition accuracy and the type of clustering
technique, the sigma value for clean and noisy speech is initialized as 0.26 and10 respectively besides this,
KFCM and FCM performs relatively same for homogeneous, heterogeneous, clean, additive noise and
convoluted noise for male and female speakers. Considering heterogeneous data with 10dB of SNR KFCM
performs better than FCM and k-Means. Average performance of clustering algorithms with execution time for
k-means, FCM and KFCM with accuracy 56, 62, 64 and execution time .1495, .099,.015 found respectively. In
the analysis part, speech samples of both male and female speakers are combined to explore the suitability
applicability and the performance of all the three techniques.

i) Observations ii) Clean speech signal iii) Noisy speech signals.

Generally, for homogeneous data FCM and KFCM performed better than k-means having the sigma value 0.26.
Using additive noise all the clustering techniques performed equivalently good yielding 50% accuracy, whereas
for heterogeneous convoluted noisy speech data the performance was reduced 5% ,yielding 50% of recognition
accuracy compared to additive noise, whereas for heterogeneous data, recognition accuracies to 2-5% is
observed by KFCM technique. Hence KFCM better for all types of data set. A model was designed [30] had
used an application of the fuzzy expectation-maximization (EM) algorithm had used to the Baum-Welch
algorithm in the HMM [49]. In HMM-based speech recognition, FVQ makes a soft decision about which code
word (mean vector) is nearest to the input vector, and generates an output vector having components indicating
the relative closeness of each code word to the input approach is capable of achieving higher recognition
accuracy.Neuro fuzzy is represented as three layered feed forward neural network. Fuzzy sets are converted to
connection weights. The Neuro-Fuzzy algorithm to adapt for human sound as this algorithm has high accuracy
for classifying infant sound when compare with other popular algorithm in classification was used [45]. During
transcription it seemed different problems and some interesting observation related to consonants and vowels
[18]. The pronunciation rules were different from different regions of Assam. During transcription it has been
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observed that there is a p occurs after every consonant. But some words like ®, ,=:3©, <% do not follow this
rule and in some consonant both sequences happened along with many other problems.

On the other hand, for the noisy channel (HF), the noise compensation approach leads to a significant error
reduction compared to the baseline system, where more than 60% reduction of the word error rate is observed,
from 27.1%downto about10% [26]. Training for a large continuous speech database using a low cost recognizer
for better word error rate. In comparison with an optimized system trained with the manually generated
transcriptions of the complete 72h training corpus, the word error rates relative error rate increase by14.3% and
18.6% respectively [27],[28]. Besides these mMRMR features had computed to a smaller classification error, the
decrement of error might not be significant for each additional feature or may be fluctuation of classification
errors. Combining both Max Relevance and Min-Redundancy criteria, the mMRMR incremental selection scheme
provides a better way to maximize the dependency [17].The average results found for 50 samples of each of the
10 sets of noise-free, noise mixed, stress free and stressed samples were applied to SOM and MLP blocks and
then the output achieved as class-code known to the trained MLP [19].Variation of the average training time of a
LVQ block for 4 sl no. s for epoch 250, 500, 750 and 1000 were 81.1, 104.2, 124.1 and164.2 respectively.
Whereas, variation of the average training time with Ipc-vq length of the samples applied to the composite LVQ
block are78.9, 132.3, 203.1, 254.2 respectively with success rates of 90.3,91.8, 93.2 & 94.8.

TABLE VI. AVERAGE RATES IN % GENERATED BY DIFFERENT FEATURE TYPES WHEN APPLIED TO A LvQ BLOCK [19]

SINO Input Sample | LPC | PCA | Hybrid Spectral
1 Male- noise-less | 94.1 | 944 | 95.2 96.2
2 Male- noise-mixed | 92.7 | 93.1 | 94.1 95.3
3 Male- stressed | 92.6 | 92.8 | 93.5 95.1
4 Male- stress free | 94.1 | 944 | 95.2 96.1
5 Female- noise 92.3 | 92.6 | 935 96.1

less
6 Female- 924 | 92.8 | 935 95.6
noise-mixed
7 Female- stressed| 93.1 | 93.3 | 93.8 95.5
8 [Female- stress free | 94.5 | 95.1 | 95.7 96.5

Different feature types generated “Average recognition rates” were then applied to the cooperative lvq
architecture for the above-mentioned inputs observed were
95.2,96.2,97.1,98.6;93.8,94.7,95.3,97.2;93.5,94.8,95.4,97.2;95.2,96.3,97.1,97.8;94.1,96.1,96.8,97.2;93.6,95.1,95
.5,96.5;94.3,95.3,95.8,96.3;95.6,96.3,97.1,98.7 respectively. Some distinctive words of 5000 were listed as most
frequently occurring words that had been tested by the algorithm with the function syllabify and from that almost
20,655 syllables were obtained. The algorithm achieved an overall accuracy of 98.05% on comparing with the
same words manually syllabified by an expert individual. A syllabification rule followed an assumption by
considering diphthongs as a single vowel unit [25]. A Word List of type CVC had been selected for Spoken
Word Recognition Model [12], where three phases were used for experimental speech samples recording. A
Model of frame level prediction and transforming into sequential prediction for Speech Recognition System as
Mathematical Expression as below [29].

ME Classificatio
Pre-proces
Speec singp& ;\ n l{ecogqiliu
h Feature N |:> nof ME
Signal Extraction V text
Clustering

Fig.7. Mathematical Expression of SR

The RNN is trained to estimate the number of clusters residing in the data. If RNN cannot classify the data into
any of the defined class, then the word is clustered with KMC algorithm fork-value 4 and the process is repeated.
If the RNN again fails to classify the data then the word is clustered with k value 5 and the same process is
repeated again. Thus, the proposed logic is used to determine the possible number of phonemes in the word for
3-, 4- and 5-phoneme words. Early results on renowned People show accuracy of 73.33%, sensitivity of 71.25%
and specificity of 75% at subject-level, where the data set includes samples from 1-5years before diagnosis and
healthy data[32].The baseline speech recognition process for the Assamese phonemes with Self Organized Map
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to reduce the feature vector consisted of the three steps as mentioned above. Speech data from the same group of
speakers were used with both clean and different level of noise data to train the proposed system as an
experiment. Recognition accuracy obtained using clean speech was 100% for LPCC and MFCC and for the same
& different speakers it was 94.23% and 89.14% respectively. The same for noisy speech obtained with the
feature set of LPCC & MFCC for SNR 20 dB, 15 dB &10 dB were 73.27%, 97.03%, 59.41%, 85.15%, 47.52%
& 68.32% respectively.

V1. CONCLUSION & FUTURE SCOPE

After reviewing various techniques and algorithms we can conclude that a good way is to consider plotting the
identified outlier values with some models based on regression and clustering technique, the slopes and
intercepts, parameters are estimated. So, the presence of non-informative variables can lead to uncertainty of the
predictions and thus reduce the overall effectiveness of the model. The supervised and unsupervised methods of
feature selection are also important. Feature selection is also related to dimensionally reduction techniques in
some methods seek fewer input variables to a predictive model. For unlabeled data unsupervised methods have
been found more efficient than the supervised techniques. We conclude that, as speech data are mostly unlabeled
in terms of feature so unsupervised techniques will suite more. Filter feature selection methods having statistical
techniques to evaluate the relationship between each input variable and the target variable with some scores that
can be used to choose those input variables effective in the model.

Finally, some machine learning algorithms that will perform feature selection automatically as part of learning
the model as intrinsic feature selection methods having predictors that help to maximize the accuracy. During
these procedures the model can pick and choose the representation of the data that suits the best.
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