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This report introduces recent noise robust

speech   recognition systems and   proposes new 

advanced speech analysis techniques named MSC

(Modulation Spectrum Control)/DRA (Dynamic Range 

Adjustment).  

 

 

Some robust speech recognition methods have been 

already developed under additive noises [1]-[7]. Among 

them, a spectral subtraction has been widely applied in 

some circumstances. In addition, a robust method for 

convolute noises, a Cepstrum Mean Subtraction (CMS) 

has been developed. In CMS, an estimated noise 

spectrum on the log spectrum domain is eliminated from 

an observed log spectra where a convolute noise can be 

represented as an additive component in the log spectrum. 

In addition to the above conventional methods, we 

have already developed other noise robust technique 

[8]-[10]. This method is based on FIR filtering which is 

used in running spectrum domain. It was called as a RSF 

method. Using this method, we can realize high noise 

robust speech recognition compared with any other 

conventional methods. In particular, under low SNR 

circumstances, its performance is recognized as higher 

than others.  

In this report, our developed noise robust speech 

recognition methods have been explained first. In 

addition, some current and new results are presented in 

this report. For example, it is shown that the result of 

recognition rate is around 90% in case of high speed 

running car noise with 0dB SNR. 

  In addition, we have developed a new LSI suitable for 

the propose system.  This designed LSI can realize low 

power consumption and the real time processing for 

speech recognition simultaneously.  
 

II. Noise Robust Phase-Based Speech Recognition 

  In this report, the automatic speech recognition (ASR) 

system suitable for the isolated words and short phrases is 

introduced.  In particular, Fig.1 shows its important 

specifications in our designed ASR. The system can 

accept any distance (a few cm – 5 m) between a 

microphone and a sound source. In addition, under many 

and various noise circumstances, the ASR system can 

recognize its target words correctly.  

 The ASR system consists of 3 main blocks. These 

blocks are described in Fig.2. The block of “Automatic 

Speech Detection” can detect a part of speech sound and 

eliminates the other parts, i.e., non-speech and only noise 

signals. 

 
Fig.1 Specification of a Designed ASR System 

 

 
Fig.2 The Functions Used in the Designed ASR System 

 

Using this block, a user does not need to mention its 

start and end point of its speech sound. The block of 

“ASR” recognizes a given input speech by using noise 

robust feature estimation methods and HMM. In noise 

robust feature estimation methods, RSF which is an 

algorithm as MSC and DRA are implemented [8],[9].  

The block of “Automatic Speech Rejection” can select 

target keywords. In this system, some target keywords up 

to 1,000 phrases are registered in ASR blocks.  However, 

we assume any inputted speech sound can be given to this 

system.  In other words, when an given speech is out of 

target phrases, it should be rejected from the final 

recognition result. Since the block of automatic speech 

recognition cannot realize such rejection mechanism, the 

new block of automatic speech rejection is designed and 

added to this total system.  This block consists of the 

evaluation of likelihoods in all HMMs and the decision 

algorithm based on GMM criterions.  

The total system has been implemented by 0.25micron 

CMOS LSI technology. Fig.3 shows its total gates. In this 

hardware design, the HMM calculation is implemented in 

parallel/pipelined form.  If the number of parallel 

processing increases, its calculation time becomes short.  

However, we need many gates for its design. 
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Fig.3 Total Gate Number of Standard Cell LSI Design 

 

 
Fig.4 Block Diagram of ASR System LSI Hardware 

 

Fig.4 shows the block diagram of the designed ASR LSI. 

The LSI can recognize 1,000 word/phrase in real time. In 

order to execute its processing in real time, the system in 

which 8 parallel processing in HMM with 10 MHz clock 

rate is used. At that condition, its power consumption is 

estimated lower than 100mW. The HMM training data are 

memorized into the SRAM which is attached from the 

outside.  This system can be controlled by a 

master-slave mechanism.  In other words, if we have 

several ASR systems, one of them can be master mode 

and others should be slave mode.  Using these modes, 

all processing can be executed in parallel. If we have 5 

chips, the total system can recognize 5,000 word/phrase 

simultaneously. 

 

 
Fig.5 ASR System Board with 55mm×44mm size 

 

The system has been also implemented into a small board 

shown in Fig.4. The board implements 16 bits AD/DA 

interface and a serial port connecting to any other 

peripheral. 

  Some experiments in real fields can show the high 

performance of its ASR system shown in Fig.6. 

 

 
Fig.6 Speech Recognition Accuracy in Real Fields 

 

 

  In this report, the ASR LSI system has been introduced. 

In our designed system, noise robust speech recognition 

mechanism is implemented.  In addition, its LSI can 

realize real time processing and low power consumption. 
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