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Abstract—this  paper presents the speech analysis,
compression which is provided to speech using adaptive
Huffman coding. Firstly recording of speech is done than
converted into data format i.e. speech to text conversion later
that text is adaptively encoded using adaptive Huffman
coding. Now the speech signal is compressed and ready for
the transmission. At the receiver section the data is decoded
and converted to speech signal which produces speech data.
The paper has an advantage of speech compression. The input
data is a speech signal which is first converted to text where
the size of code is 128 bits or 256 bits, so the compression of
the data done by adaptive Huffman coding is done. In adaptive
Huffman coding compression is done by reducing the average
number of bits which were required to represent the symbol.
Adaptive Huffman coding stands out in terms of
magnificence, and effectiveness, with the help of this work
can be done efficiently.

Index Terms— adaptive Huffman coding, Speech compression.

I. INTRODUCTION

There are so many techniques for the transmission of speech
with proper compression but the idea is to transfer the data
over perfect lossless compression at minimum time. Encoding
transforms speech data into another format using a scheme that
is publicly available without any key so that it can easily be
reversed. Transmitting the resulting speech data is not easy at
any rate because they are basically random, so no algorithm is
able to effectively compress them. The best method is to
compress the speech data first, then transmit them. The speech
is recognized as data then it is encoded with adaptive Huffman
coding where the result is encoded using Vitter algorithm
according to probability.[1]

Il. GENERAL BLOCK DIAGRAM

The input speech is converted to text by MFCC and DTW
techniques where that text to be transmitted can be characters
or numerical values. The input characters are divided in to sub
groups and that group of data is encoded by using adaptive
Huffman coding and final range is encoded to hexadecimal or
to binary numbers.[2] That data is encoded and transmitted
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through wired or wireless. At the receiving end the encoded
data is decoded by using adaptive Huffman coding technique
and the data is retrieved as speech.
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Fig 1: block diagram of speech compression

11l. BLOCK DESCRIPTION

A. Speech Recognition

Speech analysis consists of the process to convert a speech
waveform into features that are useful for further processing.
There are many algorithms and techniques are used. It depends
on features capability to capture time frequency and energy
into set of coefficients for cepstrum analysis. The objective is
to determine what speaker presents based on the features of the
speech. Several techniques have been proposed for reducing
the mismatch between the testing and training environments.

Many of these methods operate either in spectral, or in
cepstral domain. Firstly, human voice is converted into digital
signal, where the digital signal produces digital data
representing each level of signal for every discrete time. The
digitized speech samples are then processed using MFCC to
produce voice features.[3] After that, the coefficient of voice
features can go through DTW to select the pattern that matches
the database and input frame in order to minimize the resulting
error between them. The popularly used cepstrum based
methods to compare the pattern to find their similarity are the
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MFCC and DTW. The MFCC and DTW features techniques Fig 2: block diagram of adaptive Huffman coding
can be implemented using MATLAB. . L
B. Adaptive Huffman Coding (Vitter algorithm) 1. Increase weight for current node, if this is not the root

Adaptive Huffman coding also called Dynamic Huffman node go to parent node then go to step

coding is similar to Huffman coding based on adaptive
technique. There need not to be any initial knowledge on
source distribution which allows one-pass encoding and

2. If this is the root, end.

adaptation which changes the conditions in data. Encoding is Swapping ) nodes means swapping weights and
done in real time, which is the benefit of one-pass procedure, corresponding symbols, but not the numbers.

this encoding should be careful since just a single loss of a bit

ruins the whole code. [6] IV. PROPOSED ALGORITHM

Vitter algorithm is used for this adaptive technique. A tree
structure is considered for representing every code, in which
each node has a concerned weights and a unique numbers.
Numbers go from up to down, and from right to left. Tree

[ Speech Recording ]

weights should satisfy the sibling property. Sibling property 1l
says there must be order of decreasing in weights with every Speech To Data
node adjacent to its sibling. Thus if 1 is the parent node of 2
and 3 is a child of 2. [7] !
Speech To Data Sequence
W(1)>W(2)>W(3)
The weight is the count of symbols transmitted; codes are 1L
associated with children of that node. Same weights with set of [ Speech Data Quantization ]
nodes with make a block. The code for every node will be
obtained by the Traverse of all the path from the root to the ) 1
node, for a binary tree, writing down as shown in figure 2, if Speech Data To Binary
we go to the right its node land if we go to the left its node 2. L
There is some general method to transmit symbols that are "not . 1 \
yet transmitted” (NYT). Transmission of binary numbers for Speech Data Adaptive
every symbol in alphabet can be used[6] Huffman encoding
Process starts with root node by encoder and decoder |, P I <
which has the maximum bits. In the beginning it is initial NYT Speech Data Adaptive
node. When NYT symbol is transmitted, transmit the code for Huffman encoding
the NYT node, then for its generic code. Only transmit code for - /
leaf node and for every symbol it is already in tree. The ) 4
transmitter and receiver execute the update procedure for every Speech Data To Binary
symbol transmitted: Add two child nodes to NYT node, If L
current symbol is NYT. First one will be a new NYT node the J

other one is a leaf node for our symbol. Increase weight for the
new leaf node and the old NYT and go to previous step. Go to
symbol's leaf node if current symbol is not NYT. Swapping is U
done with the node of highest number, except if that node is its
parent, and that node should not have the highest number in a
block 00

o
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U
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Fig 3: Flow chart for adaptive Huffman coding
NYT 252  b253 NYT 252 a253
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V. RESULTS

Firstly a speech signal is recorded with a random speech and
where this audio can be played by simple command. Random
input speech sequence data is calculated and the sequence is
generated where the absolute value of the sequence is taken
and then quantized. The quantized values are converted to
binary that binary data is used for encoding. [4]After the
sequence is generated, it is encoded using adaptive Huffman
coding which are shown as encoded sequence in the graph. The
code is decoded using adaptive Huffman coding to produce
original sequence called de-sequence where the de-sequence is
later de-quantized and we produce de-quantized data where this
data can be converted back to speech. So in military
applications we can use this technique and in security purpose
we can use this technique for transmission. All detailed plots
and tables are shown below.[5]

The speech signal recorded with an input speech is done by
MATLAB using audiorecorder function where a male voice is
considered with age factor of 30 and 4 words are spoken Hl,
HOW, ARE, YOU the recorded speech is plotted with respect
to the frequency component on y axis and time component on x
axis
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Now the recorded speech is converted to data that is where
the sequence of data is calculated by matlab command and the
plot of the data sequence is given as
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The spectrum of the speech data can be calculated by
considering nfft. Hamming window and sampling is done at
10000 hzZ  frequency. The  spectrum  plot is
given

The transpose of a spectrum can be calculated and plotted
as
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The speech sequence can be encoded by adaptive Huffman
coding but before we need to quantize. After the quantization
the quantized values are converted to binary format as

1000111001 1001101100 1001100000 1001101000
1001100001 1001100100 1001100100 1001100100
1001100101 1001100100 1001100100 1001100100
1001100101 1001100100 1001100100 1001100100
1001100101 1001100100 1001100100 1001100100
1001100101 1001100100 1001100100 1001100100
1001100101 1001100100 1001100100 1001100100
1001100101 1001100100 1001100100 1001100100
1001100101 1001100100 1001100100 1001100100
1001100101 1001100100 1001100100 1001100100
1001100101 1001100100 1001100100 1001100100
1001100101 1001100100 1001100100 1001100100
1001100101 1001100100 1001100100 1001100100
1001100101 1001100100 1001100100 1001100100
1001100101 1001100100 1001100100 1001100100
1001100101 1001100100 1001100100 1001100100
1001100101 1001100100 1001100100 1001100100
1001100101 1001100100 1001100100 1001100100
1001100101 1001100100 1001100100 1001100100
1001100101 1001100100 1001100100 1001100100
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The adaptive Huffman coding is the main aim in which the
data can be compressed so by using Vitter coding. The reverse
process is done with the adaptive Huffman decoding and
finally the speech signal is retrieved where a very small part of
distortion which depends on considering different band
systems either narrow band or wide band.
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