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Abstract: - VLSI implementation of code compression technique 

using ADPCM that can be used for Bio signal processors with 

reduced storage. This processor design is improved Code density 

and it reduces scarce resource memory and also improves 

processor performance in important design parameters like 

power consumption and performance. Code compression also 

improves the portability and it used for compressing of neural 

signals like (EEG), (ECG), and (EMG). Due to this ADPCM 

technique we achieved the utilization of power, time, and areas 

then the memory was saved when implemented in VLSI 

technology and then power consumption also reduced. 
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I. INTRODUCTION 

he advent of new anatomical methods, it is now possible 

to collect vast amounts of data from the living human 

brain, hearts and muscles. It has thus become very important 

to extract the essential features of these signals and process 

them to allow an easier representation and interpretation of 

their properties [1]. Recent studies show that, from a hardware 

standpoint EEG is the most difficult electrogram measurement 

to acquire. The frequency range of the brain signals produce 

the range from 0.5 to 100 Hz and their characteristics are 

highly dependent on the degree of activity of the cerebral 

cortex. It becomes necessary to design a hardware that 

efficiently processes the EEG signal with reduced area, power 

and improved speed. Here is the method that concentrates on 

reducing the area required for the memory of the Bio signal 

processor [2]. Since the cost of an integrated circuit is closely 

related to the die size, and the memory chip dominates a large 

part in the chip area, a reduction of the cost can be achieved 

by reducing the memory size [3]. This can be done by using 

code compression which can also reduce the power 

consumption. VLSI integration of the Neural signal processor 

with compression schemes results in very high performance 

Bio signal processors. Moreover, these systems can be 

interfaced to external real world analog signals using A/D 

converters [4].  

 

 

Fig 1: Neural Signal Processor with proposed  

Compressor 

The architecture of bio signal processor that uses 

dictionary based EEG compression scheme to improve its 

performance for very demanding processing applications. In 

this design phase, the original program instructions are 

compressed and then stored along with decoding tables. Fig1. 

Shows the resulting block diagram of the bio signal processor 

which describes the processing of EEG signal using efficient 

compression technique [5]. 

II. COMPRESSION ALGORITHM 

The compression algorithms used for bio medical signal 

have been categorized broadly in two categories. They are 

lossy and lossless algorithms. The systems that work on bio 

medical signals, we need the lossless compression technique 

to avoid the possibility of losing important information. The 

traditional compression schemes which concentrate on 

reduction of storage area of the data, it also involves power 

optimization [6]. The implementation of bio signal processor 

mainly depends on the performance and behavior of the 

algorithm.Table1. Shows the compression ratio achieved for 

various algorithms. 

Table 1: Shows the compression ratio achieved for various 

algorithms. 

T 
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Biomedical 

signal Prediction Entropy Coding    CR 

EEG(16-bit) ADPCM  Huffman 2.8 

EEG(16-bit) 

Auto regression 

filter  

Conditional 

Coding Huffman  

2.16 

(aprox) 

ECG(16-bit) 

Auto regression 

filter  Arithmetic  

3.14 

(aprox) 

ECG(16-bit) 

Short term 

prediction Golomb-Rice 

3.49 

(aprox) 

III. PROCESSOR ARCHITECTURE 

EEG WAVES: Among various bio medical signals, EEG 

signal is taken as a reference here. The analysis of brain 

waves plays an important role in helping to determine the 

status of a person and this data is used in variety of 

applications like brain monitoring systems. The EEG 

electrodes are attached to the surface of scalp and then signals 

are taken and amplified hundreds or thousands of times. The 

alpha waves have the frequency spectrum of 8-13 Hz and can 

be measured from the occipital region in an awake person 

when the eyes are closed. Fig2. Shows all of the above 

mentioned EEG waves. 

 

Fig 2: Various EEG waves 

The frequency band of the beta waves is 13-30 Hz; these 

are detectable over the parietal and frontal lobes. The 

frequency range of delta waves is 0.5-4 Hz and the detectable 

in infants and sleeping adults [7]. The theta waves have the 

frequency range of 4-8 Hz and are obtained from children and 

sleeping adults. 

IV. DPCM COMPRESSION TECHNIQUE 

It is the procedure of converting analog into digital signal. 

Analog sample and after actual sample value and predictor 

value difference between, quantized and the encode to form 

digital value. It depends on the prediction techniques [8]. It 

leads to good compression rates. Variance is reduced; the 

predictor can predict the next symbol based on past symbol 

[9].The disadvantage is here we subtract adjacent samples and 

code the differences; however this method is inefficient since 

they do not adapt themselves to varying magnitudes of audio 

stream, and so better results are obtained using ADPCM. 

V. ADPCM BASED ON ENCODES AND DECODES 

CODE COMPRESSION TECHNIQUE 

Adaptive differential pulse code modulation (ADPCM) is 

a method used to convert analog signals to binary signals. The 

technique converts the analog signals by taking frequent 

samples of the sound and representing the value of the 

sampled modulation in binary form. It is a very efficient 

digital coding of waveforms. In telecommunication, the main 

field application is speech compression because it makes it 

possible to reduce the bit flow, while maintaining an 

acceptable quality. It used to send sound on fiber optic long 

distance lines as well as to store sound along with text, 

images, and code on a CD-ROM. 

 The principle of ADPCM is to use your knowledge of 

the signal in the past time to predict it in the future, the 

resulting signal being the error of this prediction. It uses the 

previous samples to predict the current sample. Then it 

computes the difference between the current sample and its 

predictions and quantizes the difference. An advantage of 

ADPCM is it used to vary the step size and comparable small 

computation effort required while delivering very good speech 

quality. 

VI. GENERATING THE COMPRESSED AND 

DECOMPRESSED CODE OF ADPCM 

To Both the encoder and decoder update their internal 

variables based on only the generated ADPCM value. This 

ensures that the encoder and decoder operate in 

synchronization without the need to send any additional or 

sideband data. A full decoder is embedded within the encoder 

to ensure that all variables are updated based on the same data 

[10]. In the receiving decoder as well as the decoder 

embedded in the encoder, the transmitted ADPCM value is 

used to update the inverse adaptive quantizer, which produces 

a dequantized version of the difference signal. This 

dequantized value is added to the value generated by the 

adaptive predictor to produce the reconstructed speech 

sample. This value is the output of the decoder. 

 

Fig 3: Encoder Block Diagram for ADPCM 

In the ADPCM encoder is shown in Fig.3 it converts here 

64bits into 32bits.It used to compress the input sample signals 

and give to the decoder output signal. The ADPCM decoder is 

shown in Fig.4 the core of the decoder is the same as the 

decoder embedded within the encoder, so most of the decoder 

is described in the previous encoder sections. The major 
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difference is that the decoder routines are called with different 

variables. The decoder filter update and trigger routines are 

the same as for the encoder, but because they use variable 

names within this code, it is more efficient to have separate 

routines rather than have the encoder and decoder call the 

same routines. The adaptive predictor computes a weighted 

average of the last six dequantized difference values and the 

last two predicted values. The coefficients of the filter are 

updated based on their previous values, the current difference 

value, and other derived values. 

 

Fig 4: Decoder Block Diagram for ADPCM 

VII. SIMULATION & HARDWARE IMPLEMENTATION 

 

Fig 5: ADPCM Decoder RTL View of  

Proposed Compressor 

 

Fig 6: ADPCM Encoder RTL View of  

Proposed Compressor 

The proposed algorithm is simulated and implemented 

using Cadence. The design summary is shown in Fig 5, 6. 

VIII. EXPERIMENTS AND RESULTS 

The input has 64 bits the compressed data is having 32 

bits. So 28% of storage area has been saved using this 

compression technique for this particular digital data. While 

the input data varies the percentage of saved area will also 

vary. While comparing NSP performance that includes 

compression and decompression techniques, with NSP 

(Neural signal processor) without compression and 

decompression techniques, we can find that, first one occupies 

less storage area and consumes low power than the latter. In 

this Fig.7 shows that the cells and area utilization summary 

and in Fig.8 shows that the power utilization summary and 

finally Fig.9 shows that the timing utilization summary that 

was shown below for both encoder and decoder.  

 

Fig 7: Cells and Areas Utilization Summary for Encoder and Decoder 

 

Fig 8: Power Utilization Summary for Encoder and Decoder 

 

Fig 9: Timing Utilization summary for Encoder and Decoder 
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IX. CONCLUSION 

We have presented a novel approach as a key to efficient 

code density neural signal processor using ADPCM 

compression in conjunction dictionary based compression 

schemes. ADPCM is better than DPCM because it utilizes the 

area, power and time. When other schemes do not work well it 

is very useful and powerful i.e., when the number of unique 

instruction words is large compared to all instruction words. 

The given input 28% of storage area has been saved using this 

approach. This is a noticeable improvement over previous 

approaches. The memory used is small a significant amount of 

power can also be reduced in this project.  
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