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Abstract— Advancement in software and hardware has 

provided lots of opportunities in Human-Machine 

interaction (HMI) particularly in Speech based Human-

Machine interaction (HMI). Though there have been 

considerable achievements in this field but there are 

challenges like improvement in speech recognition, speech 

processing techniques, architecture for speech based HMI 

algorithms for learning and modeling. This review covers 

literature related to Human-Machine interaction, study of 

speech recognition, its techniques and overview of basic 

speech recognition model. In this paper we have also 

reviewed recent developments and ongoing work in this 

field which includes study of speech recognition by various 

models like Hidden Markov Model (HMM), Gaussian 

Mixture Model (GMM) and proposed model like Fused 

cross-correlation Model (FCCM) and study of various 

architecture for Speech based HMI like NIMTEK, 

PRESENCE. 
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I. INTRODUCTION 

Today machines are very much part of human life similar to 

that of  body parts and so Human-Machine interaction 

(HMI) which defines the way human interacts or uses these 

machine / devices, have gain lots of attention in last few 

decades.  A good computing device can be very useful for 

productivity, comfort and convince, it can have application 

in many areas but can only be realized with proper human–

machine communication [1]. As Speech is the most natural 

way of interaction or communication in man-man 

interaction, speech based HMI can revolutionize the way we 

use machine or electronic devices and have wide range of 

applications in all possible areas and many renowned 

institutions and companies are concentrating their researches 

in this field.  

Human-Machine interaction can be achieved by 

technologies based on touch, motion, Optic i.e. light, Sound, 

or bionic [2].  

1) Touch or motion technologies uses sensors for 

human and machine interaction. 

2) Optic based technologies are computer vision i.e. 

using camera, LASERS or LEDS for human and 

machine interaction. 

3) Sound based technology may use human speech or 

some other voice for interaction between man and 

machine. 

4) Bionic based technologies uses biological factors to 

interact with machines e.g. Brain-computer 

interface.  

Among all these methods, human speech based 

HMI system is the most natural methodology as ultimate 

target of any HMI system is to make man-machine 

interaction similar to that of man-man interaction and 

speech is the most natural way of interaction or 

communication in man-man interaction [4]. 

Speech recognition is prime factor in the Speech 

based human-machine interaction system which is to make 

machine understand human voice and its commands. Speech 

recognizer is the part of system which carries out the 

function of speech recognition that basically works in four 

stages i.e. analysis, feature extraction, modeling, and pattern 

matching [2]. Lots of research has been done in past few 

decades to achieve better speech recognition techniques and 

now engineers are making efforts to use these improved 

techniques to build speech based human machine interaction 

systems [3]. Though natural and intellectual speech 

interaction with machine is yet to be achieved but 

researchers and engineers all over the world are trying to 

achieve speech based HMI systems that can be implemented 

for real world applications such that human can operate or 

communicate with machines as they interact with each 

other.  

II. SPEECH RECOGNITION 

Speech recognition is the process of finding an 

interpretation of a spoken utterance by a computer or 

computing device typically, this means finding the sequence 

of words that were spoken. The main goal of speech 

recognition system is to convert an input speech signal into 

its corresponding textual form using some algorithm as a 

computer program so that a computing device can 

understand the input speech commands [5]. 

A. Classifications of Speech Recognition System  

1) Based on speaker: 

 Speaker dependent systems are trained by the individual 

who will be using the system. These systems are 

capable of achieving a high command count and high 

accuracy for word recognition. The drawback to this 

approach is that the system only responds accurately 

only to the individual who trained the system. 

 Speaker independent is a system trained to respond to a 

word regardless of who speaks. Therefore the system 

must respond to a large variety of speech patterns, 

inflections and enunciation's of the target word. The 

command word count is usually lower than the speaker 

dependent however high accuracy can still be maintain 

within processing limits. 

2) Based on speech: 

 Isolated speech recognition systems can just handle 

words that are spoken separately. This is the most 

common speech recognition systems available today. 

The user must pause between each word or command 

spoken. The speech recognition circuit is set up to 

identify isolated words of .96 second lengths. 

 Connected is a half way point between isolated word 

and continuous speech recognition. Allows users to 

speak multiple words. The HM2007 can be set up to 
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identify words or phrases 1.92 seconds in length. This 

reduces the word recognition vocabulary number to 20. 

 Continuous is the natural conversational speech we are 

use to in everyday life. It is extremely difficult for a 

recognizer to shift through the text as the words tend to 

merge together. For instance, "Hi, how are you doing?" 

sounds like "Hi,howyadoin" Continuous speech 

recognition systems are on the market and are under 

continual development. 

3) Based on vocabulary size: 

The size of the vocabulary small vocabulary, medium 

vocabulary, large vocabulary etc. also affects the 

performance of a speech recognition system. Depending on 

the size it can increase the complexity and processing 

requirement of a system. 

B. Challenges in Speech recognition system  

1) Differences in the loudness of spoken words; No two 

persons speak with the same loudness. Even if the same 

person speaks the same word on two different instants, 

there is no guarantee that he will speak the word with 

the same loudness at the different instants. This 

problem of difference is reflected in the amplitude of 

the generated digital signal [6]. 

2) Difference in the time; Even if the same person speaks 

the same word at two different instants of time, there is 

no guarantee that he will speak exactly similarly on 

both the occasions. If there is a problem of difference in 

time i.e. there is a problem of difference in indirectly 

frequency. 

3) Environmental Noise: While a speaker is speaking then 

there might be various unwanted information that is 

added with the original signal. That unwanted 

information is known as the noise. 

4) Speaker Variability: Human speaks differently not only 

between different speakers but within one specific 

speaker. 

5) Speaking style: All speakers speak differently according 

to their way of speaking style. All have different way to 

pronounce word. 

6) Speaker Sex: Male and female have different voice 

qualities. Female have shorter vocal tract than male. 

C. Basic Speech Recognition Model 

Speech recognition is a kind of pattern recognition system, 

including three basic units such as feature extraction, pattern 

matching, and reference model library [5]. 

 
Fig.1. Basic Speech Recognition Model 

1) Analysis stage:  

 The input speech from the speaker, which may be a 

single word, an entire sentence or even several 

sentences needs to covert the voice to an analog signal. 

The microphone basically converts voice input into its 

analog form. 

2) Feature Extraction stage: 

 The shape of the speech signal depends on the speed 

with which it was spoken and the mood of the speaker. 

But shape of input speech signal can be affected by 

environmental noise so before extracting features, 

preprocessing required to done on the original speech 

signal to reduce noise. 

 These features could be excitation features like pitch or 

variation in pitch, duration, Spectral features like band 

energies, spectrum etc.  

 The output of this stage is the feature vector i.e. 

representation the features. This stage actually provides 

the acoustic analysis as they provide the acoustic 

observations 

 There are many different techniques for feature 

extraction, but the widely used methods are Mel-

Frequency Cepstral Coefficients (MFCC) and Linear 

Predictive Coding. 

3) Modeling stage:  

There are basically two models; 

 Acoustic Model: this model creates a statistical 

representation of the sound for each word from the 

input speech signal.  Each of this statistical 

representation is assigned a label called a phoneme i.e. 

Acoustic Model associates sound with symbols. 

 Language Model: this model tries to capture the 

properties of a language and to predict the next word in 

a speech sequence. Language Model actually defines 

which word will follow previously recognized word and 

tries to restrict the matching process stripping words 

that are not probable. 

 Phonetic Dictionary: Phonetic dictionary contains 

mapping between words to its corresponding phoneme 

list. Mapping can also be done by using some complex 

machine learning algorithm. 

4) Searching and Matching stage:  

This stage makes use of the knowledge of modeling stage. 

The acoustic model, language model and the phoneme 

dictionary contribute in the final decision of matching a 

word that is being uttered by speaker. 

Speech input is received by microphone which 

converts the speech signal and converts it into electrical 

signal, this signal is then analyzed to produce a 

representation consisting of salient features of the speech. 

The most prevalent feature of speech is derived from its 

short-time spectrum, measured successively over short-time 

windows of length 20–30 milliseconds overlapping at 

intervals of 10–20ms. Each short-time spectrum is 

transformed into a feature vector, and the temporal sequence 

of such feature vectors thus forms a speech pattern. The 

speech pattern is then compared to a stored database of 

phoneme patterns or models i.e. phonemic dictionary. 
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III. LITERATURE REVIEW 

HMI systems based on sound specifically human speech 

came into existence around 1950 and researchers at Bell 

Labs were the pioneers in development speech recognition 

technologies. Decades after that were concentrated for 

research and development in speech recognition 

technologies to make it better and better and during these 

years, lots of techniques for better feature extraction, various 

modeling techniques, and pattern matching algorithms were 

developed while still many researches are going for better 

speech recognition. 

There have been considerable achievements in 

speech recognition which make speech based HMI systems 

now applicable in real world. Speech based Human-

computer interface (HCI), which is similar to that of HMI 

systems, are being used in smartphones and computers. 

Apple’s Siri is widely used speech based assistance 

application in iphones, Microsoft windows 7 also provide 

speech recognition based computer operation, there are 

other such various options among which Microsoft windows 

8.1 ―cortana‖ application developed recently is one of the 

very efficient HCI. Open source JARVIS project is one of 

the effective HCI too and these programs are accurate 

enough to be employable for real world applications  

With the development of such speech based 

human-computer interfaces which are getting better and 

better indicates that now it is possible to develop speech 

based HMI systems which are employable for real world 

applications. Though there are numbers of programs 

available for speech based HCI but very less efforts are 

being made regarding development of a good speech based 

HMI system which is accurate enough to operate various 

devices. Kinect is one of the machines available developed 

by Microsoft Corporation which function as a device to 

interact with interact with computers, kiosks, and other 

motion-controlled device 

Now DSP processors are also being developed 

whose whole and sole function is to recognize voice, they 

are popularly called as ―Voice Recognition Chips‖ like HM 

2007 which provides high accuracy and these processors can 

be used by interfacing with suitable Microcontroller, it is 

very easy and convenient to develop speech based HMI 

systems using such Voice Recognition Chips [3]. But HMI 

systems develop with these chips have limitations as these 

voice recognition chips very limited memory therefore such 

HMI systems can recognize only limited words and also 

user have to speak in a particular manner to operate such 

HMI systems.  

The ultimate target of speech based HMI system is 

to communicate or interact with machines around us in 

similar way we interact intellectually with human around us 

i.e. to have a dialogue based communication [13]. Available 

techniques, researches and studies are in adequate to attain 

this target so lots of research and development is going on 

and various studies are being carried out in various 

directions considering various aspects. From recent studies 

researchers realized the importance of considering 

psychological and emotional factors in speech recognition 

and for developing intellectual speech based HMI system 

[12], [14]. 

James Cannan et al [1] presented a literature survey 

of published papers in the area of Human Machine 

Interaction (HMI). They kept focus of this survey on state of 

the art technology that has or will have a major influence on 

the future direction of HMI. From their study they 

concluded that advanced HMI technologies will converge 

and combine functionality, to bring intelligent machines and 

robots more close to humans.  

Karray et al [2] presented a paper which provides 

an overview of Human-Computer Interaction which 

includes the basic definitions and terminology, a survey of 

existing technologies and recent advances in the field, 

common architectures used in the design of HCI systems 

which includes uni-modal and multimodal configurations, 

and the applications of HCI.  

Youhao Yu et al [4] present a paper which explains 

the speech recognition system and the main techniques of 

speech recognition, and its application in various fields. 

M. A. Anusuya et al [3] presents a brief survey on 

Automatic Speech Recognition and discusses the major 

themes and advances  made  in  the  past 60 years of  

research .They have  summarize and compare some of the 

well known methods used in various stages of speech 

recognition system and also discussed the concern that even 

after years of research and development the accuracy of 

automatic speech recognition remains one of the important 

research challenges (e.g. variations of the context, speakers, 

and environment). 

Saptarshi Boruah et al [5] in their paper they 

discussed the basic overview of speech recognition system, 

the different variations, basic building blocks of this system, 

the algorithm behind the success of this system and the 

performance evaluation of the system. They gave a basic 

overview of HMM based speech recognition system, how 

does it actually work.  

Biing-Hwang Juang et al [6] in their work 

summarize the development of the spoken language 

technology from both a vertical (the chronology) and a 

horizontal (the spectrum of technical approaches) 

perspective. In their work they have specifically introduced 

statical methods as solution for language-related problems 

of spoken language processing are greatly influenced by 

these methods. They have also analyzed successful 

applications, discussed limitations and challenges in this 

technology. 

Ankita N. Chadha et al [7] presented a comparative 

study of various vocoders analysis-synthesis techniques like 

Linear Predictive Coder (LPC), Cepstral Coder (CC), 

Harmonic Noise Model (HNM) based coder and Mel-

Cepstrum Envelope (MCE) with Mel Log Spectral 

Approximation. To evaluate the quality and naturalness of 

the resynthesized speech with respect to original speech, 

they carried out comparative performance using different 

objective measures and subjective measures. They 

concluded that Mel cepstrum envelope is more robust but it 

loses pitch and phase of the speech signal, and Mel cepstrum 

envelope have less computational complexity than LPC 

vocoder which have less computational complexity than 

Cepstral Coder and the widely used HNM vocoder works 

well for highly periodic signals but at higher sampling rates 

degradation in speech quality is observed. 

Georgios Galatas et al [8] their work describe a 

framework for audiovisual human computer interaction 

using a PC and architecture of their system is based on 
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recognized speech from both audio and visual information, 

and a dialog system that is capable of deriving the user’s 

intentions, taking into account contextual information. They 

claim that their experimental results are promising, attaining 

high recognition accuracy for the user’s intentions even 

under adverse audio and visual conditions, simulating a 

variety of real life scenarios. 

IBM have been carrying out research in the field of 

speech technology and Gerasimos Potamianos et al [10] in 

their paper, overviewed IBM’s recent study in developing 

state-of-the-art speech technology in smart spaces and main 

objective of their work is to allow far-field conversational 

interaction in smart spaces based on dialog management and 

natural language understanding of user requests.. 

Particularly they have mentioned acoustic scene analysis, 

speech activity detection, speaker diarization, and speech 

recognition, emphasizing multi-sensory or multi-modal 

processing.  

R. K. Aggarwal et al [9] presents an approach for 

modeling and designing of a Hindi speech recognition 

System in which Gaussian evaluations consumes less time 

by observing the empirical fitness of mixture components. 

For feature extraction and statistical pattern classification 

they used Perceptual Linear Prediction (PLPRASTA) and 

Gaussian Mixture Model (GMM) respectively.  

Lakshmi Saheer et al [11] they have included 

emotional parameters in audio to create an expressive 

speech for Human computer interaction. They have worked 

to develop automatic staging of audio with emotions which 

is also title of their work and their effort is to make human 

computer interactions as natural as possible. 

Psychological factors are important parameters in 

creating natural dialogue agents; Wen-Li We et al [13] 

developed a fusion approach to recognize Interaction Style 

(IS) in spoken conversation based on these factors. Their 

proposed Fused Cross-Correlation Model (FCCM) can 

model the relationship between psychological factors of 

emotion, transient, personality trait, and history which 

provides more efficient recognition accuracy. 

To achieve naturalness in human-machine 

interaction, Bogdan Vlasenko et al [14] have developed a 

project named ―NIMITEK PROJECT‖ where ―Neuro-

biologically Inspired, Multimodal Intention Recognition for 

Technical Communication Systems‖ stands for NIMITEK in 

which emotions plays a key role in HMI. They have 

concentrated their work on designing and implementing user 

behavior models in dialog systems which results in better 

HMI systems. 

Moore et al [12] their work is developed from the 

results of recent study of neurobiology of living systems. 

Title of this research is ―PRESENCE: A Human-Inspired 

Architecture for Speech- Based Human-Machine 

Interaction‖ and PRESENCE means PREdictive 

SENsorimotor Control and Emulation, in which they present 

an architecture for speech based HMI where system 

understands user’s need and intensions and vice versa. This 

work is being considered as very important for further study 

and development of speech science for technology and for 

development of various models for HMI which includes 

psychological and human spoken language behavior. 

Thakur et al [15] developed a project of wireless home 

automation based on Zigbee communication technology 

which is controlled voice commands. For voice command 

recognition they have basically used a voice recognition 

chip (HM2007) with microcontroller and such HMI systems 

are mostly speaker dependent i.e. it works effectively for 

single speaker. 

IV. CONCLUSION 

The new architectures and models are considering 

psychological factors for development of intellectual speech 

recognition systems. These intellectual speech recognition 

systems and research for better speech recognition accuracy 

will result in the development of better Speech based HMI 

system. This study shows that  recent research and 

development in this field have brought Speech based HMI 

system close to reality which would change the way use and 

interact with machines in our everyday life. 

REFERENCES 

[1] James Cannan and Huosheng Hu, ―Human-Machine 

Interaction (HMI): A Survey,‖ a Technical Report. 

[2] Fakhreddine Karray, Milad Alemzadeh, Jamil Abou 

Saleh and Mo Nours, ―Human-Computer Interaction: 

Overview on State of the Art,‖ International Journal on 

Smart Sensing and Intelligent Systems, Vol. 1, No. 1, 

pp.-137-159, March 2008 

[3] M.A.Anusuya and S.K.Katti, ―Speech Recognition by 

Machine: A Review,‖ International Journal of 

Computer Science and Information Security, Vol. 6, 

No. 3, pp.-181-205, 2009. 

[4] Youhao Yu, ―Research on Speech Recognition 

Technology and Its Application,‖ International 

Conference on Computer Science and Electronics 

Engineering, in Proc. IEEE computer society, pp.-306-

309, 2012. 

[5] Saptarshi Boruah, Subhash Basishtha, ―A Study on 

HMM based Speech Recognition System,‖ in IEEE 

International Conference on Computational Intelligence 

and Computing Research, 2013. 

[6] Biing-Hwang Juang and Sadaoki Furui, ―Automatic 

Recognition and Understanding of Spoken Language—

A First Step Toward Natural Human–Machine 

Communication,‖ in Proc. IEEE, VOL. 88, NO. 8, pp.-

1142- 1165 AUGUST 2000 

[7] Ankita N. Chadha, Jagannath H. Nirmal, and Pramod 

Kachare, ―A Comparative Performance of Various 

Speech Analysis-Synthesis Techniques,‖ in 

International Journal of Signal Processing Systems Vol. 

2, No. 1 June 2014  

[8] Georgios Galatas, Fillia Makedon, ―A Framework for 

Audiovisual Dialog-based Human Computer 

Interaction,‖ Journal of Multimedia Theory and 

Applications, Volume 2, Issue 1, pp.- 45-49, 2014. 

[9] R. K. Aggarwal and M. Dave, ―Fitness Evaluation of 

Gaussian Mixtures in Hindi Speech Recognition 

System,‖ in First International Conference on Integrated 

Intelligent Computing, proc. IEEE computer society, 

pp.-177-183, 2010 

[10] Gerasimos Potamianos,  Jing Huang,  Etienne 

Marcheret,  Vit Libal, Rajesh Balchandran, Mark 

Epstein,  Ladislav Seredi, Martin Labsky,  Lubos Ures, 

Matthew Black, Patrick Lucey, ―Far-Field Multimodal 



A Review on Speech based Human-Machine Interaction Systems 

 (IJSRD/Vol. 3/Issue 05/2015/058) 

 

 All rights reserved by www.ijsrd.com 249 

Speech Processing and Conversational Interaction in 

Smart Spaces,‖ in HSCMA 2008, Proc. IEEE pp.-119-

123, 2008. 

[11] Lakshmi Saheer, Milos Cernak, ―Automatic Staging of 

Audio with Emotions,‖ in Humaine Association 

Conference on Affective Computing and Intelligent 

Interaction, proc. IEEE, pp.705-706, 2013. 

[12] Roger K. Moore, ―PRESENCE: A Human-Inspired 

Architecture for Speech-Based Human-Machine 

Interaction,‖ IEEE Transactions on Computers, Vol. 56, 

No. 9, pp.-1176- 1187, September 2007. 

[13] Wen-Li Wei, Chung-Hsien Wu, Jen-Chun Lin, 

―Exploiting Psychological Factors for Interaction Style 

Recognition in Spoken Conversation‖, IEEE/ACM 

Transactions On Audio, Speech, And Language 

Processing, Vol. 22, No. 3, Pp 659-671, March 2014. 

[14] Bogdan Vlasenko, Andreas Wendemuth, ―Heading 

Toward To The Naturalway Of Human-Machine 

Interaction: The Nimitek Project,‖ ICME 2009, in Proc. 

IEEE pp.-950-953, 2009. 

[15] Dhawan S. Thakur and Aditi Sharma, ―Voice 

Recognition Wireless Home Automation System Based 

On Zigbee,‖ Journal of Electronics and Communication 

Engineering, Vol. 6, Issue 1, pp.- 65-75, May. - Jun. 

2013  


