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Abstract—In the recent years the Automatic speech recognition systems have made vivid acts. 
Still, the key to making recognition more robust is to reduce the difference between training 
and testing with speech that commonly held. The postulation of ASR (Automatic speech 
recognition) is becoming less and less feasible, because ASR applications change from firmly 
measured to more usual situations with a erratic number of random sound bases. Decoding the 
speech source of interest while listening to several sound sources at the same time seems a more 
accurate description of the ASR process with different features that suits these challenging 
environments. The aim is to compare the accuracy with different features at different instance 
for robust ASR into two sub-problems:(a) identification/separation of the speech and noise 
using speech properties alone and (b)recognition based on the comparison of the accuracy and 
entropy. The basic assumption is that some regions of the speech time-frequency representation 
remain relatively unaffected by the noise, that they can be identified and that they alone are 
sufficient for ASR. In contrast to conventional techniques which require models of all sources in 
the auditory scene and their subsequent decoding even when only one of the sources is of 
interest, the techniques described in this paper make no such requirement. However, they are 
flexible enough to use this information if itis available. In the adaptation of a conventional 
Hidden Markov model (HMM) based ASR system two techniques are used for partial 
indication: (i) down grading of the state dispersals, so that only the likelihood of the reliable 
sections are evaluated; and (ii)attribution of the undependable sections by replacing the 
unreliable features with a single point from the community restricted deliveries. In the 
experiments, the reliable features are identified via clustering accuracy derived through K-
means clustering. The potential of the techniques is indicated by using the clean speech to 
identify the reliable regions in the noisy speech.  
 
Index Terms— Speech, Assamese, K-means, Accuracy, Vowels and  Cluster. 

I. INTRODUCTION 

Now a day’s ASR systems perform very well enough in many areas of applications. Still, changing the 
applications from tightly controlled to real world environments remains a challenge. The resettlement detects 
many  problems  of  ignorance  about  how  to  model the sources of speech unpredictability in changing auditory 
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environment, earlier enclosed by the assumption of a calm environment and single source auditory vista. The 
aim of this paper is to present and discuss various features that have been used to increase the solidity of the 
ASR systems. Introducing some factors contributing to the speech inconsistency along with the changeability 
due to noise. Subsequently, it has been introduced the notion of an acoustic environment to describe the 
interaction between the speech and the noise. There are many ways like speech, hand motions, facial mien etc. 
that people communicate with each other. Among all these, speech is measured as the most important means that 
we use, because it simplifies communication that is the most widely used by the people. Several letters turn into 
several words accompanied by vocal sounds, that make a speech and that results in the best way of message 
passing. In objects of air or in empty and non-living form of waves, the speech can be spread. Also, in the form 
of small circles of the sound source or a wave that overlaps between them, which is characterized and then 
extends these circles gradually until they completely vanish while spreading over elongated distances. For the 
speakers, who talk the same language i.e., the sender and recipient have the same keys to decipher the meaning 
of the message then the ‘Logical Speech’ is used. This phenomenon has been applied by the researchers and 
developed it as a base in the communication between humane and the machine where the sound has helped to 
facilitate the use of the machine. Automatic speech recognition has developed the artificial intelligence seeking 
to create very flexible methods of handling the machine and allowing the user to communicate and exchange 
information without using known input/output units like the keyboard. Also, in several areas, such as the caring 
some disabled person, cars while driving, anguish calls etc., voice-based input/output techniques are very 
convenient.  
We conclude with a summary of clustering techniques with best effective feature through this paper. However, 
the value of the summary in assessing the relative merits of the techniques is limited. The researchers have been 
using vastly different systems and speech corpora, leading to inability to compare the techniques across different 
research groups [1]. 

A. Origin of Speech Inconsistency 
Some common reasons for unpredictability in speech are:(a) ineffective with noise (additive, convolution, 
resonance); (b) talking stylishness (Lombard consequence, talking rate); (c) inter utterer differences (speech 
superiority, arena, gender, talk); (d) framework (negotiation, transcription, conversation). The degradation 
occurring due to “cleaning” are particularly harmful as they are non–linear, unnatural and their extent is hard to 
quantify in advance. On the other side, the present statistical ASR systems are quite sensitive to degradation 
producing data unseen during the training (the problem of statistical “outliers”). 

B. Speech Enhancement    
Techniques from this class aim to reduce the statistical difference between clean training and noisy testing 
features using some apriori knowledge about the speech, the noise and/or the way they combine. All systems 
today use some of the techniques from this class. Most of them originate from attempts to improve speech 
intelligibility. They all introduce a new problem to the robust ASR as well: the “boosted” or “dressed” to deal 
with noise reduction, speech may be more comprehensible to the humans. 
Voice quality improvement is mostly striking when other ASR system apparatuses can’t changed [2]. One way 
to limit the damage is to train the ASR system on “cleaned” clean speech so that the statistical models train to 
handle the degradation. Another possibility is to modify the enhancement process in such a way to balance the 
enhancement and the degradation of the speech. The ASR can also be defined as graphical depictions of 
frequencies produced as a time function. Speech fusion, dispensation and utterer credentials are involved in all 
speech processing techniques. To create speech lines or to make speech communication in many cases Speaker 
verification is very essential. Some of the applications of Speech recognition are listed below:  
 

 
  
  

 Voice services: speaking clock, weather, race results, etc., 

 Quality control, data entry. 

 Avionics, Training 

 Disabled assistance, Vocal dictation 
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Now a days, in mobile phones or in cars: car radio, air-conditioning, on-board navigation on the Internet with 
voice commands voice recognition modules have been implanted. 
Wiener filtering is commonly used as alternative or complementary technique to spectral subtraction for 
removing additive noise. The filter is designed to minimize the minimum mean square error in time domain. It is 
a maximal likelihood filter if the distributions of the speech and the noise are Gaussian [2]. 

C. Characteristics of Speech Recognition System 
 In the voice recognition systems, many variables are involved and we must be familiar with the variables. 
Otherwise, it’s very difficult to choose appropriate algorithm for the process using the proper functioning of 
the variables: 
Common studies injunctions some types of Speech, which are mainly of four types: 
1. Isolated Words: This type usually requires a quiet (silence state) between utterances. 
2. Connected Words: Word systems are similar to isolated words, the only difference between themes to allow 
separate words to “run-together” with a minimum of pausing between them. 
3. Continuous Speech: The users of this type talk almost normally, while the computer selects the content. It is 
one of the most difficult systems. Speech vocabularies are as follows: -- 

 Bundle of words (Small vocabulary)  
 Hundreds of words (Medium vocabulary) 
 Thousands of words (Large vocabulary) 
 Tens of thousands of words (Very-large vocabulary) 

4.     Dependency of Speaker  
 Systems that require the user to train the system according to the user’s voice (Speaker dependent 

system). 
 Systems developed for any speaker (Speaker independent system). 
 Developed to adapt to the characteristics of new speakers (Speaker adaptable system). 

II. BACKGROUND OF THE ASSAMESE LANGUAGE 

The Assamese language has a root at Indo- Iranian sub family. It has total three allied languages. They are--- 
Hazong, Bisnupuria and Sakma. Hazong is used by some local people of the Goalpara district of Assam, Garo 
hills of Meghalaya and north border of Bangladesh. All of them have some similarity with modern Assamese. 
Root of the Assamese language is Indo- European family of languages. The eminent linguistic of Assam Dr. B. 
K. Kakoti pointed out in his Ph.D. Thesis “Assamese: Its formation and Development” that there are some words 
in Assamese which are imported from Indo-Chinese family of language. Bisnupriya language is spoken by 
people of Barak valley and its originis at Bangladesh. All Indo-European languages has at least few similarity 
with Assamese language. For example শ, স, ষ phonemes are found only in Assamese language, not in any other 
Indian languages. But many words of these three pronunciations are available in Pharusee, Germany, Scotish or 
Greek .They are entering to Assamese alphabet from German. Again the language bears some similarity with 
North-East Asian language Ainu used by the Japanese. It is the ancient language of Japan. Due to migrants from 
north India and for Hindu religion fast spreading in this area, the Assamese is greatly influenced by Sanskrit. 
Sanskrit is basically Drabir based language, so there is vast use of cerebral pronunciation. Cerebral pronunciation 
is not found in Assamese or European languages. Depending upon geographical variation dialect also varies 
from place to place and time to time. This is also noticed that in most of the Indian languages if two consonant 
occurs together in front of a word, pronunciation converts to one. Actually, all these are characteristics of a 
language influenced by geographically different areas. The ASSAMESE phonemic structure consists of eight 
vowels, ten diphthongs, twenty-one consonants and two semi vowels. Bisnupriya language is spoken by the 
people of Barak valley and its origin was at Bangladesh. Researchers say that dictionary of any language carries 
history of every word. In some geographical areas particular phones are never used. In Assam particularly in 
Barak valley /kh/ is used instead of /h/.This is also noticed that in most of the Indian languages if two consonant 
occurs together in front of a word, pronunciation converts to one. Actually all these are characteristics of a 
language influenced by geographically different areas.[13]. The ASSAMESE phonemic structure consists of 
eight vowels, ten diphthongs, twenty-one consonants and two semi vowels [12] and the syllabification rule of 
vowels & consonants leads to a new way of tracking the voice [8]. 
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TABLE I. IPA SYMBOLS OF ASSAMESE VOWELS 

III. DATABASE DESCRIPTIONS 

A. Data Collection 
As we have done our research for this paper during the covid pandemic, due to which travelling is being 
restricted in many areas. Therefore, we have collected voice recordings only from family members with a mono 
audio channel recorded using Praat software installed on Intel core i3 processor. Later on, we will collect 
recordings from other channels belonging from Assam. 
The term robust features refer to applying a transformation in the first stage of processing of the speech signal 
(feature extraction) Auditory motivated robust features. Since human audition is so robust to noise, many 
researchers have tried to replicate the better known parts of the human auditory chain in hope of achieving 
robustness [3]. Our selected features with descriptions are listed in the Table2 below.[4]. 

TABLE II: FEATURES DESCRIPTION 
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For this paper we have prepared the data set by taking the average length of a conversation between the trained 
person and Computer via microphone using Praat software at 22500 Hz modulation. The average duration was 
2min and 30s for all the 11 vowel utterances. The longest utterance duration was 2 min and the shortest utterance 
has taken of around 3s. The shortest utterance is not clear with clear voice, which may be for some technical 
difficulties up stretched in the sound tracking procedure. 

B. Tools used during Data Collection 
We have used some tools for collecting the speech data without which the whole procedure was impossible. The 
used tools are described in a table format as given below.   

TABLE III. DESCRIPTION OF THE DATA COLLECTION USED IN THIS STUDY 

Voice Recording Tools Voice Recording Time No of Recorded Speech No of Speaker
Intel i3Processor Avg time2 min 30 s 11 Assamese Vowels 5 persons 
Praat Recording Software Longest time 2 min 11 vowel utterances per each speaker 
Microphone with 22500 Hz modulationShortest time 3s Total 55 utterances  
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In general, telephonic or other stereo audio channels the maximum utterance duration is 4 min, the minimum1.32 
min, and the mean 3.25s found in network traffics. As a humane being from the same native place we can easily 
understand the utterances but a person not familiar with the Assamese languages or a Machine can not recognize 
the dialectal of the individual utterer, so voiced features without any related data is the individual data that we 
have used in this research. As in Assamese language there are total 11 vowels are present therefore, all total we 
collected 55 utterances, where 11 utterances were from 5 person each. As we have collected total 55 utterances 
from 5 different trained person having 11 utterances per head and we are taking 28 vocal features for analysis of 
speech so our dataset consists of 55 rows and 29 columns (55 rows for the utterances, 28 columns for 28 features 
and one more column for storing the vowel samples). The dataset is given below. 

TABLE III. CSV FILE OF ANALYTICAL VALUES OF 28 SPEECH FEATURES 
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IV. THE PROPOSED VOWEL RECOGNITION MODEL   

The proposed spoken vowel recognition model can be described by the block diagram in Figure1. 

 
Fig.1.Architecture of Speech Signal Processing over the Network 

A. Unsupervised Machine Learning Module 
To  achieve proficient clustering outcomes for unlabelled data Kmeans clustering is mostly used to cluster as it’s 
simple, implementation friendly and the probability of getting the required cluster amount. Also, Kmeans 
clustering can be implemented on multivariate time series having each time point as a vector.In such case, to 
operate the k-Means clustering algorithm to cluster guests based on the time they spend at attractions for which 
the cluster labels are used as symbols to encode the time series of instance. It helps in some practical areas like, 
to cluster people with in a particular group where lots of network traffic occurs. After finalizing our dataset we 
used Clustering technique for modeling our system. Kmeans, a clustering technique that is famous for unlabelled 
data has been chosen by us. K-Means is a non-hierarchical data clustering method that falls under the category of 
centroid-based clustering [6]. Moreover, k-Means is used in a comprehensive outward record to split all the 
positions into a quantity of sets with unique variation rates for each [11]. The clusters we have found after 
programming in python are as below in Figure2.The scattered diagram obtained after clustering is given 
inFigure3. 
 

 
Fig.2 Vowel Clusters                                  Fig.3. Scattered Chart of the Clusters 

V. RESULT ANALYSIS  

In our designed system result is the main factor depending on which, we can further develop our system and the 
result we found are nothing but clustering accuracy. We have computed the accuracy with the increasing number 
of features, starting with the first five features then adding next five features serially up to the last feature. The 
accuracies we have found from our selected features are listed in the Table IV below. 

TABLE IV: ACCURACY COMPARISON OF FEATURES 

Clustering 
with selected 
Features 

First Five 
features 

First Ten 
Features 

First Fifteen 
Features 

First Twenty 
Features 

First Twenty 
Five Features 

All Twenty 
Eight Features 

Accuracies of 
Clustering 

85 82 77 76 74 62 
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VI. CONCLUSION 

We can explore conclusion based on the table mentioned above in the result and analysis part. In the table we 
have found different accuracies for different feature scales. The main conclusion Observed is that with 
increasing no of features accuracy of clustering has been decreasing and vice versa. Another conclusion that can 
be drawn is that scaling and scheduling of the features matter the accuracy values as some statistical features 
along with basic speech features have been used in our system. The statistical features are not so effective to 
achieve better accuracy in our system. 

FUTURE WORK 

In the research area of speech, the ASR has been developing from the early handy microphones to far-field 
microphones day by day. The increasing demand from users to make interaction with devices starved of a handy 
microphone or wearing it. In modern days now, across the world some famous apps are such as, Amazon’s Echo, 
Google Home, Echo dot, Alexa, Amazon Alexa etc., have been used by many people at home. But some 
obscurities concealed in such handy situations also exist outside while using far-field microphones. Because, 
when the voice has reached the microphone, in the situation of far-field, the speech signal energy subsequently 
decreased. Relatively, the intrusive signals like echo, background noise, and dialogs from other utterer are so 
clear sometimes that we have no option to ignore. Some uncovered queries of ASR systems are like: (1) Can we 
develop additional information, such as language model by feeding information from the decoder back to the 
speech enhancement and separation component, if yes how it’s possible? (2) Another, is the continuous 
optimization policy preferred with its mentioned easiness and optimal combination features, in case we require 
only optimization for the interpreted outcomes with adequate trained information. (3) Lastly, is it possible to 
design a model without robustness for us to propose? Moreover, ASR applications including syllabification 
using many standard speech coding algorithms for better noise free speech recognition is our future scope. 
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