
                                            International Research Based Journal 

  www.irbjonline.in                                                                  Vol(4)-Issue(2), July,29, 2016,ISSN 2348-1943  

 

Page | 5  

 

Review of Multiple Language Classification Using 

Deep Neural Networks 
Parampreet Kaur Mander* 

Department of Computer Science & Engineering 

Sri Guru Granth Sahib World University 

 Fatehgarh Sahib 

 
 

Abstract— The log-energy parameter, generally derived from a 

full-band spectrum, could be a essential feature unremarkably 

employed in automatic speech recognition (ASR) systems. However, 

log-energy is tough to estimate faithfully within the presence of 

background. This paper discuss regarding 2 techniques of speech 

recognition that ar sturdy log-energy estimation and its dynamic 

change enhancement for in-car speech recognition and recognition 

of speech in additive and convolutional noise supported adherent 

spectral process. robust Log-Energy Estimation and its Dynamic 

change enhancement for In-car Speech Recognition is more 

practical than the opposite. 
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I. INTRODUCTION 

 
Speech recognition is also known as automatic speech 

recognition or computer speech recognition which means 
accepting voice of the processor and doing any required task or 
the capability to match a tone of voice beside a provided or 
acquired glossary. The task is to getting a computer to 
understand spoken language. By “understand” we mean to 
react appropriately and convert the input speech into another 
medium e.g. text. Speech recognition is therefore sometimes 
referred to as speech-to-text (STT). A speech recognition 
system consists of a microphone, for the person to speak into; 
speech recognition software; a computer to take and interpret 
the speech; a good quality soundcard for input and/or output; a 
proper and good pronunciation. The process of speech 
recognition is as follows [1]: 

Sound waves capture by electro-acoustic transducer – 
regenerate to electrical signal- regenerate to digital kind (to 
build them comprehendible by the speech system) – regenerate 
to separate sequence  of feature vectors (contain solely the 
relevant info regarding given auditory communication i.e. vital 
for proper recognition)-recognition part finds the simplest 
match within the knowledge domain for the incoming options 
vectors. 

Feature extraction suppresses the inapplicable info e.g. 
harmonic, characteristic of electro-acoustic transducer. 
Automatic Speech Recognition may be outlined because the 
freelance laptop driven transcription of speech into 
decipherable text or turn out a synthesized speech for a 

distorted speech input. the final word goal of ASR analysis is 
to permit a laptop to acknowledge in real time, with one 
hundred accuracy, all words that square measure 
understandably spoken by somebody, freelance of vocabulary 
size, noise, speaker characteristics or accent 

Impact on Background Noise 

According to the proverbial reality, human sensory system 
is incredibly sensitive to any changes within the speech input. 
Any variation within the spectral distinction will cause turn out 
distortions within the recognition method. within the presence 
of background signal, the dynamic changes within the speech 
signals square measure found to be reduced thanks to increase 
within the spectral distinction. These serious reductions within 
the dynamic changes create the method of recognition by the 
perceiver to be cumbersome. It ends up in unreliable 
segmentation of the input speech signals, creating the method 
of analysing the speech signals by the perceiver tougher. In 
most of the sensible applications of Automatic Speech 
Recognition (ASR), the input speech is contaminated by a 
background signal. This powerfully degrades the performance 
of speech recognizers. The reduction of the accuracy may 
create unpractical the employment of ASR technology in 
applications that has got to add real conditions, wherever the 
input speech is typically tormented by noise. For this reason, 
strong speech recognition has become a crucial focus space of 
speech analysis.  

The effective data is obtained from the input speech signal 
within the feature choice and extraction stage. The aim of 
feature choice and extraction is to cut back the scale of 
extraction vector and represent the speech signal with fewer 
dimensions [2].  

 For ASR, wide used front ends like Mel Frequency 
Cepstral Coefficients (MFCCs) square measure extracted from 
the short time spectral energies in an exceedingly compressed 
domain. . the standard technique of mistreatment MFCC for 
physics observations yields sensible results however MFCCs 
square measure liable to noise [3]. maybe, MFCCs square 
measure extracted from log scaled mel-filter bank (MFB) 
outputs [4]. 
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II. LITERATURE REVIEWS 

Li et.Al, (2013) [5], proposed a new MFCC front end 
through bettering the dynamic alterations in the log MFB 
outputs with subsequent two dimensional smoothing utilizing 
an average smoothing filter with an order of 5. 

The scheme proposed in [5] has been conducted as follows: 

• Log-power estimation by averaging the 10 log MFB 
outputs with the most important relative alterations.  

• considering that, the proposed log-vigor is still noisy 
so it's further post processed by way of Dynamic exchange 
Enhancement (DCE).  

• finally, to lessen the excessive frequency components 
involving spike noise mean smoothing has been performed 
utilising an average filter of order 5.  

The experiments had been carried out on two datasets (in-
vehicle CENSREC-2 and Aurora-2) for evaluation functions. 
Unique noise eventualities were considered throughout the 
experiments. The outcome expose enough performance of the 
proposed scheme for stationary noise, for instance, in a vehicle, 
however no longer for non-stationary noise, for illustration, in a 
subway or an Exhibition.  

Hermansky et.Al, (1993) [6], in “ attention of Speech in 
Additive and Convolutional Noise situated on RASTA spectral 
processing” , have certain the Relative Spectra (J-RASTA) 
which was initially developed to minimize the sensitivity of 
recognizers to any historical past noise. RASTA performs this 
undertaking by using passing the logarithmic parameters of 
speech via band move filters. For each and every certain SNR 
case in the experiment information, there is an most 
appropriate price of J. Smaller value of J is desired for noisy 
speech. The logarithm or the absolute values are 
mathematically convenient nonlinearities. These nonlinearities 
are most useful for the processing of average signals as speech.  

Hermansky et.Al,(1994) [7] in “ RASTA processing of 
speech”, have awarded the applying of RASTA manner to 
speech enhancement. This linguistic message is coded into 
actions of vocal tract. The speech sign reflects these 
movements. The fee of trade of non-linguistic components in 
speech often lies external the usual cost of exchange of vocal 
tract form. The RASTA method takes advantage of this fact. 
The process used in this paper suppresses the spectral 
accessories that modify more slowly or speedily than average 
range of exchange of speech. RASTA system can be utilized 
for enhancement of noisy speech. Lin-log RASTA processing 
is applied for speech indicators in logarithmic spectrum or 
cepstrum area as applying the usual RASTA method to speech 
signals in logarithmic area diminishes spectral accessories 
which might be additive in the logarithmic spectral domain.  

Burton,(1998) [8], in “RASTA-PLP”, has explained find 
out how to compute features utilizing ASR methods. Human 
listening to is insensitive to slowly various stimuli. The basic 
concept of RASTA filtering is to milk these phenomena by 
suppressing consistent and slowly varying elements in each 

spectral component of brief-term auditory-like spectrum prior 
to computation of linear prediction coefficients. J-RASTA 
filtering is a noise discount method. It makes use of the 
nonlinear mapping functions alternatively of logarithmic and 
exponential transformations. It uses a band move filter to work 
within the linear domain on additive noise dominated 
constituents of the sign and in the log area on speech 
dominated ingredients of the signal.  

Torre et.Al, (2007) [9] “Speech consciousness beneath 
Noise potent conditions”, provided that the outcome of noise 
will depend on the speech representation and the sort and stage 
of noise. Discovering Discrete Cosine transform (DCT), the 
filter bank outputs (FBO) are converted into cepstral 
coefficients. Cepstral mean Normalization (CMN) or imply 
Variance Normalization (MVN) supplies some compensation 
of the noise independently of the noise procedure and 
independently of the illustration area the place they are applied. 

III. ROBUST LOG-ENERGY ESTIMATION AND ITS 

DYNAMIC CHANGE ENHANCEMENT FOR IN-CAR 

SPEECH RECOGNITION 

Authors had theoretically confirmed that history noise 
affects the trajectories of not most effective the “conventional” 
log-vigour, but additionally its delta parameters. This results in 
a bad estimation of the precise log-vigor and its delta 
parameters, which not describe the speech sign. They thus 
proposed a new procedure to estimate log-vigour from a sub-
band spectrum, adopted by using dynamic trade enhancement 
and mean smoothing. They demonstrated the effectiveness of 
the proposed log-energy estimation and its submit-processing 
steps by means of speech recognition experiments carried out 
on the in-car CENSREC-2 database. The proposed log-power 
(along side its corresponding delta parameters) yields an 
natural improvement of 32.8% when compared with the 
baseline entrance-ends. In addition, it is usually proven that 
additional development will also be executed by incorporating 
the brand new Mel-Frequency Cepstral Coefficients (MFCCs) 
bought with the aid of non-linear spectral distinction stretching. 

IV. RECOGNITION OF SPEECH IN ADDITIVE AND 

CONVOLUTIONAL NOISE BASED ON RASTA 

SPECTRAL PROCESSING 

RASTA speech processing was once in the beginning 
developed to minimize the sensitivity of recognizers to 
frequency traits of an working atmosphere (i.E., to 
convolutional noise). RASTA does this by using band-pam 
filtering time trajectories of logarithmic parameters of speech 
(e.G., logarithmic spectral energies or cepstra). In present paper 
they studied RASTA processing in an substitute spectral area 
which is linear-like for small spectral values and logarithmic-
like for huge spectral values. They confirmed on experiments 
with a recognizer expert on the smooth speech and scan data 
degraded by way of both convolutional and additive noise that 
doing RASTA processing in the new domain yields outcome 
related to results acquired by training the recognizer on 
recognized noise. 
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A. Advantages 

• Speech is an awfully common strategy to have 
interaction, and it isn't fundamental to sit at a keyboard or work 
with a far flung manipulate. 

• No training required for users! 

B. Disadvantages 

• Even the satisfactory speech recognition techniques 
many times make error. If there may be noise or every other 
sound in the room (e.G. The tv or a kettle boiling), the quantity 
of error will broaden. 

• Speech attention works fine if the microphone is close 
to the consumer (e.G. In a cellphone, or if the user is wearing a 
microphone). Extra distant microphones (e.G. On a table or 
wall) will are inclined to increase the quantity of error. 

Task 
Hours of 
Training 

DNN-HMM 

(word error 
rate) 

GMM-
HMM 

(word error 
rate) 

Bing Voice 
Search 

24 30.4 36.2 

Google 
Voice input 

5,870 12.3 - 

Youtube 1,400 47.6 52.3 

 

Table 1: Comparison of Word Error Rate for GMM-HMM 
and DNN-HMM based System after ‘n’ hours of training with 

different datasets [11] 

V. CONCLUSION 

The log-power parameter, regularly derived from a full-
band spectrum, is a significant characteristic traditionally 
utilized in automated speech cognizance (ASR) methods. 
Nonetheless, log-power is intricate to estimate reliably within 
the presence of historical past noise. We had regarded two 
speech awareness, particularly strong Log-vigour Estimation 
and its Dynamic change Enhancement for In-auto Speech 
recognition and consciousness of speech in additive and 
convolutional noise headquartered on RASTA spectral 
processing. In potent Log-energy Estimation and its Dynamic 
change Enhancement they theoretically analyzed the affect of 
history noise on the trajectories of the conventional log-vigour 
and its delta parameters. Founded on this, they proposed a 
robust log-energy parameter estimation algorithm, which 
tremendously reduces the mismatch between clean speech and 
noisy speech. In consciousness and awareness of speech in 
additive and convolutional noise centered on RASTA spectral 
when such processing used to be utilized in a recognizer expert 
on clean speech, then, with none express abilities of the noise 

within the scan knowledge, outcome have been comparable 
with these from the equal recognizer educated on noisy data. 
Powerful Log-vigour Estimation and its Dynamic trade 
Enhancement for In-car Speech attention speak about about 
effectiveness of the proposed log-vigour and its corresponding 
delta parameters was once established on the CENSREC-2 
continuous digit recognition project in real in-automobile 
environments. 
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