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Abstract- This paper gives two lossless speech compression schemes Hamming correction codes compressor (HCCC) and 
Systematic Linear Block Code Compressor (SLBC) based on error correcting Hamming code and systematic linear block 
codes respectively. Hamming codes are a family of linear error- correcting codes that can detect up to two-bit errors or correct 
one-bit errors. Systematic linear block code is any error - correcting code in which the input data is embedded in the encoded 
output. Systematic codes have the advantage that the parity data can simply be appended to the source block, and receivers do 
not need to recover the original source symbols if received correctly. The performance of the HCCC (Hamming correction code 
compressor) has been analyzed for different parity numbers of 3, 4, 5. Also the HCCC compressor performance is compared 
with Systematic Linear Block Code compressor (SLBC). 
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I. INTRODUCTION 
 
Speech compression can be considered the most 
diverse aspect in data compression discipline. This is 
due to the diversity of its domains, data representation 
methods and the paradox of increasing quality and 
lowering data rates, not to forget the consideration of 
complexity constrains over any algorithm proposed. 
 
The basic form of any signal is acquired after 
quantization, after which digital compression 
algorithms are applied. Since the Linear Prediction 
coding is a lossy compression approach, quality 
verification has to be carried out with any new 
proposal. However, many systems cannot tolerate 
losses easily, such as biomedical application, high 
definition music and speech retrieval systems. In these 
cases, it is recommended to use lossless approaches.  
    
The entropy coding methods as in Huffman coding 
which is one of the most efficient lossless compression 
techniques widely being used in compressing 
speech/audio and other kind of signals. The 
generation of codes in compression depends on the 
frequency of occurrence of signal's symbols. For audio 
signals, the compression starts with the construction 
of Huffman tables based on non adaptive Huffman 
coding model. The number of Huffman tables 
constructed depends on the number of frequency 
bands. However, the implementation of lossless 
entropy coding signals is not very efficient, due   to   
the long time required for finding correlations and the 
wide range of value transmitted over the channel. This 
makes it very challenging and impractical in 
implementing efficient Huffman compression with 
audio signals. 
In this paper, a lossless compression algorithm based 
on the Hamming Correction Code Compression 

(HCCC) will be used in compressing Speech Signals 
in its PCM form directly.  Wideband speech samples 
will be used for experiments. The compression 
algorithm used in this paper  is  applied directly to the 
signal, unlike other entropy compression algorithms 
that go either by calculating pitch periods prior to 
compression, or investigate the symbols frequency 
needed in constructing the compression codes. The 
compression technique exploited in this paper will be 
very easy to implement in hardware. 
 
II. COMPRESSION AND DECOMPRESSION 

TECHNIQUES 
 
In this paper two compression techniques HCCC and 
SLBC are employed. In both the algorithms the 
compression phase is the same but in the 
decompression phase, Hamming codes are generated 
for HCCC and Systematic Linear Block codes are 
generated for SLBC. Hamming Correction Code 
Compression (HCCC) is based on the Hamming 
correction code and Systematic Linear Block codes 
Compressor ( SLBC) are based on Systematic Linear 
Block codes. In Hamming codes, the data and the 
parity bits are located at particular locations in the 
codeword. The parity bits are located at positions 20, 
21, 22, . . . , 2p−1 in the sequence, which has at most 
2p−1 − 1 positions. The remaining positions are 
reserved for the data bits. Assume a set of bits (b0, b1, 
b2, b3, b4, b5, b6), having its hamming parity 
information as (p0, p1, d0, p2, d1, d2, d3).For this set, 
the number of parity bits is three for a word of 7 bits 
length as shown in fig.1(a).Each parity bit forces the 
parity of some collection of data bits, including itself, 
to be even (or odd), where each parity is computed on 
different subsets of the data bits. The bits of the 
codeword are numbered consecutively, starting with 
bit 1 at the left end, bit 2 to its immediate right, and so 
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on. For a codeword of n bits, there are 2n possible code 
words having values from 0 to 2n − 1 of which only 2d 
of them are valid code words and 2n − 2d are 
non-valid code words. 
 
The speech signal to be compressed is sampled, 
quantized and PCM coded to get the binary string of 
data bit. This string is then divided into blocks of 'n' bit 
length. Each block is now tested for validity of that 
particular block. Assuming it to be a Hamming coded 
block/systematic linear coded block. In general, 
Hamming codes have parity bits positioned at 
20,21,22.......2p-1 and data bits in remaining 
positions. Systematic linear block code have parity bits 
positioned at first  n-k bit positions and remaining 
consecutive k bits are data bits.  The bits in data bits 
positions are extracted and Hamming/Systematic 
linear block code parity bits are computed. If the 
calculated parity bits matches the actual bits in the 
parity positions then the block is called a valid block, 
else it is invalid block. For compression, binary bits in 
data bit positions is taken and stored in the 
compressed file, neglecting the bits in the parity 
positions as they can be recomputed during 
decompression. But the invalid codewords are stored 
in their present form. Fig. 1(b) and Fig.2(b) show 
three arbitrarily chosen blocks b1, b2, b3. out of three 
blocks, b1 and b3 are valid blocks and b2 is an invalid 
block as shown in  fig.1(c) and fig.2(c). In order to 
distinguish in decompression phase whether we take 
the word as is or calculate parity and append to the 
word; we add 1 for the valid words, 0 to invalid ones, 
this occurs at compression phase to guide the 
decompression phase 

 

 

 
 

 
Fig. 1:Hamming Code Generation 

 

 

 

 
Fig. 2: Systematic Linear Block Code Generation 

 

 
 
4.  If not end of data go to step 2  
******************************** 
 

 
 
4.  If not end of data go to step 2  
*********************************** 
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III. COMPRESSION RATIO 
COMPUTATION  

 
In this section, we define and compute Compression  
Ratio 'C' as a function of two parameters: the block 
size (n) and the fraction of valid blocks (r). The 
original binary file is divided into b blocks of n-bit 
length. These b blocks are either valid or non-valid 
blocks, therefore, we can say  

 
 
IV. RESULTS  
 
Three speech samples are compressed using both 
HCCC and SLBC algorithms.  Sample1 corresponds 
to voice of baby, which is sampled at a sampling 
frequency of 48K. Sample 2 and Sample3  corresponds 
to  female  and  male voices respectively,  which are  
sampled at a sampling frequency of 16K. Table below 
show some cases achieved with HCCC and SLBC. 
Compression Ratio 'C' is computed by equation (6).  
  
Table1: compression ration achieved using HCCC and 

SLBC algorithms for different samples. 

 

 

 
 

 
Fig 5: Comparison between HCCC and SLBC compression for 

Sample 3 
 
CONCLUSION 
 
The compression ratio (C) that can be achieved by 
both HCCC algorithm and SLBC algorithm depends 
on block length 'n' and the ratio of the valid blocks to 
the whole blocks in the file ‘r’. The value of C is 
directly proportional to r, and inversely proportional 
to n. The maximum value for C is achieved when all 
blocks are valid code words (r = 1,  = b,  = 0). 
Comparison between the compression ratio achieved 
by HCCC algorithm and that achieved by SLBC 
algorithm reveals that SLBC algorithm provides equal 
compression as of HCCC algorithm most of the times 
even better than HCCC algorithm.   
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