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Abstract—Nowadays sentimental analysis plays a major role in many product-based companies that have been emerged 

based on user-driven content. Many product-based companies like zomato, makemytrip, flipkart and amazon are online agents 

which render services to customers based on their opinion about the product. Our proposed system method helps us to 

convert the user reviews from speech format to text based on speech recognition module. These reviews (text) are stored in 

the cloud for audit purpose. The user-driven reviews about a particular product are taken into sentimental analysis to get 

positive, negative and neutral words. This helps the customers to take a quick decision rather than going through a n number 

of reviews in order to save the users time. In this project our main contributions includes speech based trust model for 

computing user feedback and an algorithm for mining the feedback for dimension ratings and weights. Our proposed system 

involves machine learning for assigning weightage to each word. They also involve tools like Stanford parser for segmenting 

the words from the user-driven reviews. 
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I INTRODUCTION 

 
Sentiment is defined as an attitude,thought,judgment promoted by feeling.Sentiment analysis[1-7] is also known as 

opinion mining.It studies people’s sentiments towards certain entities.Internet became a place where people shares their 

opinions.people can post their own content through social media such as forums,online social networking sites. Today 

these internet sites are very popular and this resulted a huge accumulation of such opinions. People’s opinions and 

experience are very valuable information in decision making process, but to get benefits from these opinion and 

experience, the accumulated content should be extracted and analyzed properly. This extracted and analyzed sentiments 

or opinion are useful for consumer as well as manufactures as consumers can get a chance to evaluate others opinion 

and experience related to some product or services before purchasing them. Similarly, the manufactures can take these 

opinions as feedback from the consumers and thereby they can improve the quality of their product or services. It also 

very useful for decision makers or policy makers of the country since it is impossible for the policy makers to interact to 

the mass and collect their opinions effectively. It is true that via these media citizens can  
express their desires, problems, emotions and feelings and the experts can make use of it by properly extracting and 

analyzing it. 

 

II PROBLEM DEFINITION 

 
The system that collects the user feedback should be easy to interact with. The average count of feedbacks 

provided is directly proportional to the fact on how simple the user interaction system is. The input feedback can be 

received in number of ways, whereas, the formal way is to collect as a form of texture which may feel like a time taking 

job to the users. And this may lead to reduction in rate of feedbacks received. 
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Taking this fact under consideration, we can introduce a system that collects the feedback in the form of audio 

files. Again the challenge arises in processing the audio file and extracting knowledge from it. Speech recognition is a 

technology which enables a device to recognize and understand the spoken words by digitizing. It is the Inter disciplinary 

sub-field of computational linguistics that develops technologies which translates spoken language into text by computer. 

Signal processing analyses the frequency of the entering audio. Phoneme recognition is defined as the comparison of the 

spectrum patterns with the phoneme patterns of the language which is being recognized. Word recognition involves the 

comparison of likely phonemes against the words and patterns of the words specified by the active grammars. Providing 

the information about the words that has been deleted from the entering audio. In opinion mining the other people’s 

view has always been an important thought for the users during the decision making process. But still processing the 

same under such an enormous unstructured data is still a challenge 

 

III LITERATURE SURVEY 

 

E Cambria, B Schuller, Y Xia, C Havasi[1] proposed the new avenues in opinion mining and sentiment analysis. The 

web has valuable and more information about public opinion. Others opinions are very crucial especially when we buy a 

product in online. Till now, the main source of information is from friends or relatives. Recently media has established a 

new tool for sharing each other’s view in worldwide web. Blogs play an important role in sharing information. This is 

unstructured as its from human conception but not for machine process. Sentiment is explored for detecting polarity 

experience from different natural language is difficult because the meaning of word changes in each situation so it is a 

very challenging task. 

 

Gillies Degottex, John Kane, Thomas Drugman, Tuomo Raitio, Stefan Scherer[2] proposed the algorithm for a 

collaborative voice analysis repository for speech technologies. It is an open source of advanced speech processing 

algorithms. This aims at more reproducible research, increase the availability and impact of speech processing algorithms 

and how it participates and the feedback it gives. It has a scope of having any speech signal processing algorithms. It also 

has a scope in speech analysis, conversion, transformation, and speech quality and voice quality analysis. Its periodicity 

depends on polarity detection, voice detection extraction and detection of closure instances. 

 

Walla Medhat, Ahmed Hussain, Hoda Korashy[3] proposed the algorithm for sentimental analysis and application. 

Sentimental analysis transfers learning, emotion and detection. This paper contributes the categorization of a large 

number of recent articles and the illustration of the recent trend of research in sentimental analysis. 

 

Arti Rawat,Pawan Kumar Mishra [4] proposed the emotion recognition through speech using neural network. This is 

a recent research area in the field of human machine interaction and speech processing. The aim is to develop interaction 

between human & machine. This is a purposeful approach to recognize the users emotional state by analyzing signal of 

human speech to achieve group extraction. The signal uses the High Pass Filter (HPF) to reduce noise. This paper uses 

neural network to differentiate happy, sad, etc. By using high pass filter the capability should increase. 

 

K. kesav Raj, G. Sujitha, R.Karthikayean and C. Kishore Kumar [5] proposed the survey of methods in sentiment 

and emotional analysis. Sentiment analysis research is distinguishing itself as a separate field. Spotting keyword is weak in 

two essential areas: it cannot reliably recognize affect negated words, and it relies on surface features. It relies on the 

presence of affected words. The statistical method includes Bayesian inference that are being installed in phone so that 

users can give it in written-language. Kesav Raj sound some information but that was not an automatic speech 

recognition. Internet has been changing from read only to read-write. This made users share more through social media. 

 
Erik Cambria[6] proposed the affective computing and sentiment analysis. Estimating the exact meaning of unknown 

multi-word expressions is key for concept-level sentimental analysis. It is built by means of random projection. This 

model generalizes the concepts and allows clustering to take place. 
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It doesn’t depend on explicit analogies, but only an implicit analogies polarity is conveyed by multi -word 

expressions. By depending on huge semantic knowledge bases, sech step away blind use of keywords. Anju Bisen, 

Krishna Hirpara, Madhu, Roshani Rathore[7] proposed the algorithm for speech recognition using e-speaking a review. 

This paper presents how speech is recognized and how it has been working till now. Speech recognition is just a 

communication between human and machine. The ultimate goal is to produce an accuracy of speech spoken in any 

language we take human voice as input and convert it into the keyboard or mouse. 

 

IV PROPOSED SYSTEM 

 

In order to record and transmit the speech data to the applet a local process is responsible. For this both TCP/IP 

sockets are used. One of the socket is responsible for web browsing and for transmitting the data that are used for web 

browsing. The other socket serves as a connection between the applet and the speech recognition server. The speech 

recognition server must have the same IP address as the web server for security need. 

 

A. Speech recognition for user-driven reviews 
 

For speech recognition users, the java applet acts as an interface which is used to transmit the data to the server and it is 

also used to display the text to the users. As the server is not aware of where the speech data ends, the applet has to tell 

the server how much is been transmitted. It is also responsible for invoking the speech recognizer after all the speech 

data has been received. And then it stores it in the server’s hard disk. In java, a small vocabulary, digit recognition task 

and an isolated word recognition is used in the speech recognition system. 

 

Semantic Orientation (SO) is a measure of subjectivity and opinion in text. It usually captures an evaluative factor 

(positive or negative) towards a topic, person or idea. When it is used in the analysis of public opinion, like the 

interpretation of online product reviews, semantic orientation can be extremely helpful in marketing, measures of 

popularity and compiling reviews. In our proposed system, we have implemented speech to recognition module. In our 

application user, can provide their opinions in the form of speech. The reviews will be processed in a lexicon approach. 

 

B. Pre-processing of user reviews 
 

 Stop word removal
 Stemming
 Part of speech tagging (POS tagging)


The user reviews crawled from social media is already stored in the database in the form of text file. These reviews are 

given as input in order to remove the stop words using stop word removal technique. For easy analyses of reviews the 

stop words like “this, that, is, a, it, is” and meaningless words are removed. The stop words are listed in the alphabetical 

order and it is considered as a single array for quick accessing. These words are filtered out prior to, or after, processing 

of natural language data (text). In parts of speech tagging we use a tagger software for tagging each word. In part of 

speech tagging we will tag each opinion word as noun, verb, adverb and adjective. Tagging is done so that we can easily 

classify the features of the given product.


Stop words are words which are filtered out before or after processing the data (text). In some search engines, stop 

words are some short function words such as which, the, is, at and on. In such cases, problems occur while searching for 

phrases that include them, particularly in names such as “The who” or “Take that”. It removes some of the lexical 

words, such as “want” from a query in order to improve the performance.
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A stemming algorithm is a process of linguistic normalization, in which the various forms of words are reduced to a  
common form,  
Connection  
Connections  
Connective ----> Connect  
Connected  
Connecting 

 

The process of assigning one of the parts of speech to the given word is called parts of speech tagging. It is also known 

as POS tagging. Parts of speech include noun, verb, adverb, adjective, pronoun, conjunction and their sub-categories. 

Note that some words can have more than one tag associated with. For example, chair can either be noun or verb 

depending on the context. 

 
C. Unigram and Bigram Detection 

 
This module helps in classification of words as both dependent and independent. A single word is known as unigram 

and the combination of unigram is called as bigram. In this we will consider only the adjective since it expresses the 

attitude and feeling of the opinion holder. In the formation of unigram, we will consider each word and in bigram 

formation we will combine two words. The formation of bigram is used to classify the polarity of words correctly. For 

example, “good” will give a positive polarity but when it is combined with some other like not, for example “not good” 

it will give a negative polarity, so it is necessary to form the unigram and bigram. 

 

D. Identification of positive and negative words 
 

In this module, the review is being clustered into the positive, negative and neutral words. For this module, we have 

integrated Stanford parser to identify the positive, negative and neutral words. 

 
E. Assigning Weightage Using Machine Learning Language 

 
For assigning weightage to the identified positive, negative and neutral words we have implemented sentiwordnet. 

Sentiwordnet is a lexical resource for opinion mining. Sentiwordnet (synsets) is associated with two numerical values 

ranging from 0 to 1, each indicating the systems the positive and negative bias. 

 

F. Graph Generation 
 

It is frequently required to verify that all graphs in a given class satisfy a desired property. The graphs are generated based 

on the values obtained from the analysis of the reviews using the sentimental approach. The graphs are generated based 

on the derived positive, negative and neutral words. 
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Figure 1. Flow of the Data 
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VI ALGORITHMS 

 

A.  Hidden Markov Model (Hmm): 
 

A hidden Markov model (HMM) is a statistical Markov model in which the system being modeled is assumed to be a 

Markov process with unobserved (hidden) states. An HMM can be presented as the simplest dynamic Bayesian network. 

The mathematics behind the HMM were developed by L. E. Baum and coworkers. It is closely related to an earlier work 

on the optimal nonlinear filtering problem by Ruslan L. Stratonovich, who was the first to describe the forward-

backward procedure 

 

In simpler Markov models (like a Markov chain), the state is directly visible to the observer, and therefore the state 

transition probabilities are the only parameters. In a hidden Markov model, the state is not directly visible, but the 

output, dependent on the state, is visible. Each state has a probability distribution over the possible output tokens. 

Therefore, the sequence of tokens generated by an HMM gives some information about the sequence of states. The 

adjective 'hidden' refers to the state sequence through which the model passes, not to the parameters of the model; the 

model is still referred to as a 'hidden' Markov model even if these parameters are known exactly. 

 

Hidden Markov models are especially known for their application in temporal pattern
 recognition such  

as speech, handwriting, gesture recognition, part-of-speech tagging, musical score following, partial  
dischargesand bioinformatics. 

 

A hidden Markov model can be considered a generalization of a mixture model where the hidden variables (or latent 

variables), which control the mixture component to be selected for each observation, are related through a Markov 

process rather than independent of each other. Recently, hidden Markov models have been generalized to pairwise 

Markov models and triplet Markov models which allow consideration of more complex data structures [10][11] and the 

modelling of nonstationary data. 

 

Speech recognition (SR) is the inter-disciplinary sub-field of computational linguistics that develops methodologies and 

technologies that enables the recognition and translation of spoken language into text by computers. It is also known as 

"automatic speech recognition" (ASR), "computer speech recognition", or just "speech to text" (STT). It incorporates 

knowledge and research in the linguistics, computer science, and electrical engineering fields. 

 
Some SR systems use "training" (also called "enrollment") where an individual speaker reads text or isolated vocabulary 

into the system. The system analyzes the person's specific voice and uses it to fine-tune the recognition of that person's 

speech, resulting in increased accuracy. Systems that do not use training are called "speaker independent"[1]systems. 

Systems that use training are called "speaker dependent". 
 

Speech recognition applications include voice user interfaces such as voice dialing (e.g. "Call home"), call routing (e.g. "I 

would like to make a collect call"), domotic appliance control, search (e.g. find a podcast where particular words were 

spoken), simple data entry (e.g., entering a credit card number), preparation of structured documents (e.g. a radiology 

report), speech-to-text processing (e.g., word processors or emails), and aircraft (usually termed Direct Voice Input). 

 

The term voice recognitionor speaker identification refers to identifying the speaker, rather than what they are saying. 

Recognizing the speaker can simplify the task of translating speech in systems that have been trained on a specific 

person's voice or it can be used to authenticate or verify the identity of a speaker as part of a security process. 
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From the technology perspective, speech recognition has a long history with several waves of major innovations. Most 

recently, the field has benefited from advances in deep learning and big data. The advances are evidenced not only by the 

surge of academic papers published in the field, but more importantly by the worldwide industry adoption of a variety of 

deep learning methods in designing and deploying speech recognition systems. These speech industry players include 

Google, Microsoft, IBM, Baidu, Apple, Amazon, Nuance, SoundHound, IflyTek, CDAC many of which have publicized 

the core technology in their speech recognition systems as being based on deep learning. 

 
Modern general-purpose speech recognition systems are based on Hidden Markov Models. These are statistical models that 

output a sequence of symbols or quantities. HMMs are used in speech recognition because a speech signal can be viewed as a 

piecewise stationary signal or a short-time stationary signal. In a short time-scale (e.g., 10 milliseconds), speech can be 

approximated as a stationary process. Speech can be thought of as a Markov model for many stochastic purposes. 

 
Another reason why HMMs are popular is because they can be trained automatically and are simple and computationally 

feasible to use. In speech recognition, the hidden Markov model would output a sequence of n-dimensional real-valued 

vectors (with n being a small integer, such as 10), outputting one of every 10 milliseconds. The vectors would consist of 

cepstral coefficients, which are obtained by taking a Fourier transform of a short time window of speech and 

decorrelating the spectrum using a cosine transform, then taking the first (most significant) coefficients. The hidden 

Markov model will tend to have in each state a statistical distribution that is a mixture of diagonal covariance Gaussians, 

which will give a likelihood for each observed vector. Each word, or (for more general speech recognition systems), each 

phoneme, will have a different output distribution; a hidden Markov model for a sequence of words or phonemes is 

made by concatenating the individual trained hidden Markov models for the separate words and phonemes. 

 
Described above are the core elements of the most common, HMM-based approach to speech recognition. Modern 

speech recognition systems use various combinations of a number of standard techniques in order to improve results 

over the basic approach described above. A typical large-vocabulary system would need context dependency for the 

phonemes (so phonemes with different left and right context have different realizations as HMM states); it would use 

cepstral normalization to normalize for different speaker and recording conditions; for further speaker normalization it 

might use vocal tract length normalization (VTLN) for male-female normalization and maximum likelihood linear 

regression (MLLR) for more general speaker adaptation. The features would have so-called delta and delta-delta 

coefficients to capture speech dynamics and in addition might use heteroscedastic linear discriminant analysis (HLDA); 

or might skip the delta and delta-delta coefficients and use splicing and an LDA-based projection followed perhaps by 

heteroscedastic linear discriminant analysis or a global semi-tied co variance transform (also known as maximum 

likelihood linear transform, or MLLT). Many systems use so-called discriminative training techniques that dispense with 

a purely statistical approach to HMM parameter estimation and instead optimize some classification-related measure of 

the training data. Examples are maximum mutual information (MMI), minimum classification error (MCE) and 

minimum phone error (MPE). 

 

Decoding of the speech (the term for what happens when the system is presented with a new utterance and must 

compute the most likely source sentence) would probably use the Viterbi algorithm to find the best path, and here there 

is a choice between dynamically creating a combination hidden Markov model, which includes both the acoustic and 

language model information, and combining it statically beforehand (the finite state transducer, or FST, approach). 

 

A possible improvement to decoding is to keep a set of good candidates instead of just keeping the best candidate, and 

to use a better scoring function (re scoring) to rate these good candidates so that we may pick the best one according to 

this refined score. The set of candidates can be kept either as a list (the N-best list approach) or as a subset of the models 

(a lattice). Re scoring is usually done by trying to minimize the Bayes risk (or an approximation thereof): Instead of 

taking the source sentence with maximal probability, we try to take the sentence that minimizes the expectancy of a 

given loss function with regards to all possible transcriptions (i.e., we take the sentence that minimizes the average 

distance to other possible sentences weighted by their estimated probability). 
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The loss function is usually the Levenshtein distance, though it can be different distances for specific tasks; the set of 

possible transcriptions is, of course, pruned to maintain tractability. Efficient algorithms have been devised to re score 

lattices represented as weighted finite state transducers with edit distances represented themselves as a finite state 

transducer verifying certain assumptions. 

 
Speech recognition system can be divided into several blocks: feature extraction, acoustic model’s database which is built 

based on the training data, dictionary, language model and the speech recognition algorithm. Analog speech signal must 

first be sampled on time and amplitude axes, or digitized. Samples of speech signal are analysed in even intervals. Speech 

recognition system can be divided into several blocks: feature extraction, acoustic model’s database which is built based 

on the training data, dictionary, language model and the speech recognition algorithm. Analog speech signal must first be 

sampled on time and amplitude axes, or digitized. Samples of speech signal are analysed in even intervals. Continuous 

speech or word for isolated words recognition. Dictionary is used to connect acoustic models with vocabulary words. 

Language model reduces the number of acceptable word combinations based on the rules of language and statistical 

information from different texts. Speech recognition systems, based on hidden Markov models are today most widely 

applied in modern technologies. They use the word or phoneme as a unit for modelling. 

 
B. Fuzzy Logic Algorithm  

Fuzzy logic is an approach to computing based on "degrees of truth" rather than the usual "true or false" (1 or 0) 

Boolean logic on which the modern computer is based. Fuzzy logic is an approach to computing based on "degrees of 

truth" rather than the usual "true or false" (1 or 0) Boolean logic on which the modern computer is based. It is thus 

superset of conventional (Boolean) logic that has been extended to handle the concept of partial truth values between 

"completely true" and "completely false". Fuzzy logic is used for classifying the positive, negative and neutral words with 

the trained datasets. In this project, we are planning to develop 12,000 trained datasets for training. 

 

A fuzzy logic system (FLS) can be defined as the nonlinear mapping of an input data set to a scalar output data. A FLS 

consists of four main parts: fuzzifier, rules, inference engine, and defuzzifier. A Fuzzy Logic System. The process of 

fuzzy logic is explained in Algorithm. Firstly, a crisp set of input data are gathered and converted to a fuzzy set using 

fuzzy linguistic variables, fuzzy linguistic terms and membership functions. This step is known as fuzzification. 

Afterwards, an inference is made based on a set of rules. Lastly, the resulting fuzzy output is mapped to a crisp output 

using the membership functions, in the defuzzification step. In order to exemplify the usage of a FLS, consider an air 

conditioner system controlled by a FLS. The system adjusts the temperature of the room according to the current 

temperature of the room and the target value. The fuzzy engine periodically compares the room temperature and the 

target temperature, and produces a command to heat or cool the room. The Fuzzy logic algorithm are: 

 

a) Define the linguistic variables and terms (initialization)  
b) Construct the membership functions (initialization)  
c) Construct the rule base (initialization)  
d) Convert crisp input data to fuzzy values using the membership functions  
e) Evaluate the rules in the rule base (inference)  
f) Combine the results of each rule (inference)  
g) Convert the output data to non-fuzzy values (defuzzification) 

 
Linguistic variables are the input or output variables of the system whose values are words or sentences from a natural 

language, instead of numerical values. A linguistic variable is generally decomposed into a set of linguistic terms. 

Example: Consider the air conditioner in. Let temperature (t) is the linguistic variable which represents the temperature 

of a room. To qualify the temperature, terms such as “hot” and “cold” are used in real life. These are the linguistic values 

of the temperature. Then, T(t) = {too-cold, cold, warm, hot, too-hot} can be the set of decompositions for the linguistic 

variable temperature. Each member of this decomposition is called a linguistic term and can cover a portion of the 

overall values of the temperature. 
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Membership functions are used in the fuzzification and defuzzification steps of a FLS, to map the non-fuzzy input 

values to fuzzy linguistic terms and vice versa. A membership function is used to quantify a linguistic term. Note that, an 

important characteristic of fuzzy logic is that a numerical value does not have to be fuzzified using only one membership 

function. In other words, a value can belong to multiple sets at the same time. For example, a temperature value can be 

considered as “cold” and “too-cold” at the same time, with different degree of memberships. The most common types 

of membership functions are triangular, trapezoidal, and Gaussian shapes. The type of the membership function can be 

context dependent and it is generally chosen arbitrarily according to the user experience. Fuzzy Rules In a FLS, a rule 

base is constructed to control the output variable. A fuzzy rule is a simple IF-THEN rule with a condition and a 

conclusion. Row captions in the matrix contain the values that current room temperature can take, column captions 

contain the values for target temperature, and each cell is the resulting command when the input variables take the values 

in that row and column. 
 

The Fuzzy Rules are:  
1. IF (temperature is cold OR too-cold) AND (target is warm) THEN command is heat  
2. IF (temperature is hot OR too-hot) AND (target is warm) THEN command is cool  
3. IF (temperature is warm) AND (target is warm) THEN command is no-change. 

 
The mostly used operations for OR and AND operators are max and min, respectively. After the inference step, the 

overall result is a fuzzy value. This result should be defuzzified to obtain a final crisp output. This is the purpose of the 

defuzzifier component of a FLS. Defuzzification is performed according to the membership function of the output 

variable. For instance, assume that we have the result at the end of the inference. The purpose is to obtain a crisp value, 

represented with a dot in the figure, from this fuzzy result. There are different algorithms for defuzzification too. 

 

VII PERFORMANCE METRICS 

 

The following are the common words that are rarely used in the reviews and their sentimental values found using fuzzy 

logic approach are shown in the table: 

Word Positive Weight age Negative Weight age 

Very bad 0.00 -1.8476 

bad 0.00 -1.3461 

ok 0.093 -0.625 

good 1.094 0.00 

Very good 1.635 0.00 

Table 1. The reviews and their sentimental values  
The following graph represents the comparison of the methods in sentimental analysis. The methods are compared with 

their accuracy percentage. The accuracy of a particular method is evaluated using true positive, true negative, false 

positive, false negative values. 

METHOD ACCURACY 

Lexicon based approach 73.5% 

Supervised machine learning 85% 

Regression model 80% 

Fuzzy logic approach 93% 

Table 2. The comparison of the methods in sentimental analysis 
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Graph 1. Comparison Table 
 

 

VIII CONCLUSION 

 

The presented survey paper enhanced the updates and researches in sentiment analysis. After the analyzation made, it is 

understood that enhancements in the field are wide open. Online products from various online shopping sites are 

selected and sentiment analysis is made by converting the speech to text format. The user driven reviews are stored in 

the cloud and third party checks the reviews and upload in the application. In order to avoid the data breach, we have 

implemented wrapping attack prevention techniques. Finally, a graph is generated based on the user driven reviews. 
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