Research of Speech Amplitude Distribution
Based on Hadamard Transformation

1(B<)

Jingxue Tu', Jingyun Xu'®®, and Xiaoqun Zhao”

! School of Engineering, Huzhou University, Huzhou 313000, China
happy_865709718@qq. com, xujingyunsh@gmail. com
2 School of Electronic and Information Engineering,

Tongji University, Shanghai 201804, China
Zhao_Xiaoqun@tongji.edu. cn

Abstract. In view of PCM (Pulse Code Modulation) of speech signal, this
paper puts forward a method of speech processing based on hadamard matrix
transformation to change the amplitude distribution of speech signal, which can
reduce the standard deviation of speech signal. Experiments show that the
hadamard matrix transformation algorithm can obviously reduce the amplitude
range of speech signal. Speech signal standard deviation is reduced by 20% after
the transformation. At the same time, speech quality after decoding is not
decreased according to listening experimenter. The algorithm reduces amplitude
range and standard deviation of the speech signal, which can code the speech
signal with less bits, and compression efficiency can be further improved.
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1 Introduction

Speech are transmitted and processed in analogy manner in early stage of research.
Since the PCM method has been proposed, Speech can be stored and transmitted as a
digital data. However, A huge amount of data is a big issue, therefore it is necessary to
compress speech signal. From the original 64 KB/s standard PCM waveform encoder to
the at or below 4 KB/s parameter coding vocoder now, speech compression coding is
gaining steam rapidly for decades. Speech coding and compression are extensively used
in many applicants such as GSM system and IP telephone system [1-4]. GSM mobile
communication use wireless channel transmission, since the frequency of the wireless
channel resources are limited, the utilization rate of channel using speech compression
technology is improved. Telephone system usually adopts linear PCM, which is sample
rate of 8 kHz and quantization number is 11 bit, Coding rate reaches up to 88 kbit/s if
using 8 bit non-uniform quantization, the coding rate reaches up to 64 kbit/s [5].

The most important business is speech business in mobile communication, precious
wireless spectrum resources requires each user to take up the narrow spectrum as soon
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as possible. The size of the spectrum is directly related in the compression ratio of
speech. We need to compress the speech signal in order to save storage media. The
purpose of the speech compression coding is to meet the demand of the narrowband
channel low bit rate transmission and realize speech storage efficiently on the premise
of guarantee the quality of speech [5].

At the same time, due to the special nature and construction method of hadamard
matrix, which has a wide range of USES in communication [6, 7]. Thus, the paper puts
forward a method of speech processing based on hadamard matrix transformation to
change the amplitude distribution of speech signal, which can reduce the standard
deviation of speech signal. Experiments show that speech compression efficiency can
be further improved by the hadamard matrix transformation algorithm.

2 Speech Signal Amplitude Distribution

Suppose that the sample size of speech signals is K = M x N point, denoted as matrix
X =(X;, X5, ..., Xk), among K, M, N is a positive integer. The matrix form of the data
points can be expressed as

X, o Xy
Xnxm = : RN (1)

Xn—ixM+1 0 XnxMm

The duration of speech signal is 10 min, the sampling rate of speech signal is
8 kHz, the quantitation precision and range is 8 bit and between 128 ~ 128 respectively
in the experiment.

The most part of speech signal sample data points fall within the scope of the
(0.2~0.2) from Fig. 1, so we make the scope of the (0.2~0.2) as the benchmark for
comparisons in this paper. The experimental results show that the probability of data
point fall within the scope is 91.78%.
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Fig. 1. Amplitude distribution of speech
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Speech signal is non-uniform and has significant correlation from the time domain.
Speech signal has strong unevenness and certain redundancy from the power spectral
density. Due to the special nature and construction of hadamard matrix, We can take
advantage of the hadamard matrix of speech signal to eliminate the correlation oper-
ation, which reduces the dynamic range of speech signal and improve the coding
efficiency.

3 Hadamard Matrix and Its Properties

Hadamard matrix [4] is made up of element +1 and 1 and nonsingular N order phalanx,
2 order hadamard matrix can be defined as

Hz—[} _11}N><N )

4 order hadamard matrix can be defined as:
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The general equation for hadamard matrix:

_ |Hy Hy
= I @)

Where Hy is a hadamard matrix of size N x N, Hadamard matrix (H matrix) and its
main properties:

(A) any two rows (columns) of the matrix are orthogonal.

(B) the square sum of all the elements in any row (column) is equal to the squares of
order number.

(C) the hadamard matrix order number is 2 or 4 multiples.

4 Speech Signal Distribution Transformed

4.1 Mixed Speech Signal Distribution

We can get the matrix of speech X, N x M order. The matrix X is transformed by
hadamard method to the mixed matrix Y:
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| X e Xy
Y=HxX=|: "~ |x : L (5)

L =1 XN—1xM+1 0 Xwxm

The experimental results show that the probability of the mixed matrix Y data point
fall within the scope is 94.11% (Fig. 2).
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Fig. 2. Mixed speech signal distribution

4.2 Speech Signal Distribution Transposed

In order to further eliminate the correlation of speech signal among the samples, the
speech signals are divided into a set of N samples, and carries on the hadamard
transformation, the resulting speech signal is equivalent to transpose for mixed speech
signals, so called transposed speech signal. The matrix form of the speech signal F is
expressed as:

X, e Xy
Fyxy = : R (6)

XM-1xN+1 - XMxn

The correlation of speech signal mainly embodied in the (Xi, X5, ... Xn), ---»
(XM-N + 1, XM-N + 2> --- XMm), in order to take advantage of the nature of the hadamard
matrix to remove the correlation of speech signal, to transpose for F, we can get F' are
expressed as

X1 o XMo1xN4+1
FN><M = (7)
XN oo XMmxn
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N order hadamard matrix H multiply matrix X', We can get the transposed matrix Z:

1 .1 X, co Xy
Z=HX'=|: " : RO (8)

Lo =10 | Xv-oms1r o Xwm
The dynamic range of speech signal are compressed and the coding bits is reduced

by the method, The experimental results show that the probability of the transposed
matrix Z data point fall within the scope is 95.78% (Fig. 3).
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Fig. 3. Speech signal amplitude distribution transposed

5 Order Selection of Hadamard Matrix

The speech signal is transformed by using different order hadamard matrix and is to do
its statistics of amplitude distribution with the increase of hadamard matrix of order, the
speech signal compression ratio is higher from the simulation results. However, when
the hadamard matrix has achieved a certain order, signal compression rate no longer
increase, if we further increase the order number of hadamard matrix, compression
effect decreases instead.

The experiments shows that N = 256 order of hadamard matrix has the optimal
compression effect. So, this paper uses the hadamard matrix of 256 order.
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6 Result and Analysis

The matrix of original speech signal X, the hadamard matrix H, the matrix Y is the
results of transformation, Y is expressed as

Y=HxX (9)

In order to restore the original speech signal X, do the following operation for Y:
1 / 1 , 1
—xH xY=—-xH xHxX==-xNxX=X (10)
N N N

The original signal can be restored after the above operation, Fig. 4 shows the
original speech and speech after two kinds of inverse transformation of time domain
waveform, it can be seen that speech waveform recovered is no distortion.

1 L l I
T T

Fig. 4. Time domain waveform of speech signal: (a) original speech; (b) mixed speech;
(c) transposed speech

The simulation data as shown in Table 1. The standard deviation is defined as the
overall standard units with the square root of the arithmetic average of the mean square
deviation. It reflects the degree of discrete between individuals in the group. In the
experiment, the standard deviation is normalized, the results are shown in Table 2.

Table 1. Original signal standard deviation

Original | Mixed | Transposed
Standard deviation | 0.9178 |0.9411 |0.9578
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Table 2. Signal standard deviation before DC eliminated

Original | Mixed | Transposed
Standard deviation | 1.00 0.974 |0.952

Table 3. Signal standard deviation after DC eliminated

Original | Mixed | Transposed
Standard deviation | 1.00 0.862 | 0.805

After the original speech is eliminated the dc to, the standard deviation of the
original signal and signal transformed are calculated, the result as shown in Table 3.
From Table 3, the standard deviation of mixed signal is reduced by 14%, and standard
deviation of the transposed signal is reduced by 20% relative to the original signal.

7 Conclusion

This paper first analyzes the correlation of speech signals between adjacent samples
using hadamard transformation, the experimental results show that this method can
significantly reduce the speech signal dynamic range, which can improve the com-
pression ratio, at the same time greatly reduce the standard deviation of speech signals.
The method in speech coding and wireless communication has certain reference value.
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