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samplesN=1024 1024كل منهـا blocksكتل 

samples،[1,2])٢ (

(MDCT )،
(N/2 sample)

(overlap))٣(

  :-

N - 1
(m,k) =  x(n) . h(n)
cos24n(2k+1)(2n+1)+(2k+1)4….(1)

n = 0
where  :

N = block size of 1024 samples

m = block number

k = frequency index (0……N/2-1)

x(n) = amplitude of the input sample

h(n) = analysis windows defined by:-
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h(n) = 2 sin [(n+1/2) / N ] , n = 0….N – 1

n : sample  index

inverse transform

x(n)[1,4]كما يلي:-N – 1

Xr(m,n)  = (m,k) . cos 2/4N(2k+1)(2n+1)+(2k+1)/4
……………..(2)

n = 0

n =  0,…………..,N – 1

.
٢.١.٢-Masking Threshold Computation

(human ear) ،

) (
Movie

Picture Expert Group (MPEG)،
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[5,8]،
:-M –

1S(m,k) = B(vk – vi) Y2(m, i)  i = 0

Y(1)

vk ,vik , i يةBark

(1 Bark = 100 HZ)

M = N/2 =512
)٤ (B(v)

:-

ΘdB -1/2 <= v <= ½ Bark

B(v) =

ΘdB – 10(v – ½)                     v > ½ Bark

ΘdB + 27(v+1/2)                v < -1/2 Bark

Θsignal –to-mask ratio(SMR)

[1].
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F(a) =(a +k)  mod  26                      ……………………….(3)
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:Abstract

In this paper we introduce Algorithm to encode and hid
un information within high quality digital audio signals . first, The
digital audio signals are compression  and encoded based on
MDCT (Modified Discrete Cosine Transform ) Algorithm , to
investigate the masked coefficients of the spectrum that are
assumed to be not transmitted in the basic access of broadband
network ,the proposed algorithm  introduced the most significant
concepts in high-quality digital audio encoding or compression in
MPEG systems. It involves computers masking curve s(v) of high
quality digital audio signals which are experimentally recorded at
32 KHZ sampling rate and quantization of 16 bit/sample to
generate blocks , each with size of 1024 samples (32 msec
duration).

Second the information of text are scanned in file to encoding
it into encode text file ,this file are encoded into(0,1)bit using
many sub-programes to intered it  with audio file codes in the
recever the decoding program.
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