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ABSTRACT 

 
Emerging trends in digital audio applications for network, 
wireless, and multimedia computing systems made renaissance in 
communication   such as reduced channel bandwidth, limited 
storage capacity, and low cost. These new applications have 
created a demand for high-quality digital audio delivery at low bit 
rates1. Responses to this, there are several methods to achieve low 
bitrates in different coder design for signal compression. This 
paper review s Audio signal process by wavelet transform. It 
accommodates variety of source signals (speech signal) with 
different sampling rates and analyzes audio signal response for 
wavelet decompositions in different levels with different 
thresholding values. The decomposed signal is reconstructed by 
inverse wavelet transform we may able to analyze the audio 
compression and also denoising by through wavelet transform. 
This is one of the lossless compression method gives us a good 
compression ratio, MSE, PSNR and low encode/decode delay. 

 
Keywords: Audio compression technique, DWT (discrete wavelet 
transform), wavelet thresholding technique, MSE (mean square 
error), PSNR(peak signal to noise ratio). 

 
INTRODUCTION 

 
 The advancement in computer 
technology in data processing led attention 
of designers to demand good quality in 
audio data's. Uncompressed signal 
transmission through the channels become 

more substantial and it takes more time. 
Transmission of these signal In modem 
required one mechanism to overcome all 
these drawbacks, that mechanism is 
"compression". In digital computing system 
the signals transmission and errors in data 
are measured through 'bitrates' (i.e product 
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of sampling rate and number of bits in a 
sample) and 'redundancy'(difference of 
information rate and bitrates).compression is 
a method to reduce the redundancy of the 
signal and getting good fidelity in signal[2]. 
There are several algorithms and technique 
to compress the audio signals with better 
responses. 
 
AUDIO COMPRESSION TECHNIQUES 
 
a. Lossless compression Technique 
 
 This technique is Ideal compression 
technique and affordable method. This 
method copy the actual shape of analog 
signal and quantize the each samples, It 
gives approximate waveforms with large 
bitrates. Other lossless techniques have been 
used to compress audio signals, mainly by 
finding redundancy and removing it or by 
optimizing the quantization process 
(hoffuman coding)3. 
 

   A popular waveform coding 
technique, that is considered uncompressed 
audio format, is the pulse code modulation 
(PCM), which is used by the Compact Disc 
Digital Audio (or simply CD). The quality of 
CD audio signals is referred to as a standard 
for hi-fidelity. CD audio signals are sampled 
at 44.1 kHz and quantized using 16 
bits/sample Pulse Code Modulation (PCM) 
resulting in a very high bit rate of 705 kbps. 
Human perception of sound is affected by 
SNR, because adding noise to a signal is not 
as noticeable if the signal energy is large 
enough. When digitalize an audio signal, 
ideally SNR could to be constant for al 
quantization levels, which requires a step 
size proportional to the signal value. This 
kind of quantization can be done using a 

logarithmic compander (compressor-
expander). Using this technique it is possible 
to reduce the dynamic range of the signal, 
thus increasing the coding efficiency, by 
using fewer bits. The two most common 
standards are the µ-law and the A-law, 
widely used in telephony3. 
 This method provides good platform 
for input data streams but it suffers from low 
compression ratio, inaccurate output and 
versatile coding is not possible here. 
 
b. Lossy compression Technique 
 
  This method reduces the perceptual 
redundancy by removing nearer irrelevant 
information which are not able to perceive 
by intended recipient. In order to mask 
perceptual effectively we go for scaling of 
frequency domain by using sub band coding.  
 

    Using the properties of the auditory 
system we can eliminate frequencies that 
cannot be perceived by the human ear, i.e. 
frequencies that are too low or too high are 
eliminated, as well as soft sounds that are 
drowned out by loud sounds. In order to 
determine what information in an audio 
signal is perceptual irrelevant, most lossy 
compression algorithms use transforms such 
as the Modified Discrete Cosine Transform 
(MDCT) to convert time domain sampled 
waveforms into a frequency domain. Once 
transformed into the frequency domain, 
frequencies component can be digitally 
allocated according to how audible they are 
(i.e. the number of bits can be determined by 
the SNR).Audibility of spectral components 
is determined by first calculating a masking 
threshold, below which it is estimated that 
sounds will be beyond the limits of human 
perception3. 
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 It gives good compression ratio, 
bitrates reduction, high fidelity , versatile 
and low cost but quality loss. 
 
MASKING PROPERTY OF AUDIO 
SIGNAL 
 
 It is an important for perceptual 
audio coding to have a precise description of 
all masking phenomena to calculate a 

masking threshold that can be used to 
compress a digital signal. Using this, it is 
possible to reduce the SNR and number of 
bits. A complete masking threshold should 
be calculated using the principles of 
simultaneous masking and temporal masking 
and the frequency response of the ear. In the 
perceptual audio coding schemes, these 
masking models are often called 
psychoacoustic models. 

 

 
 

Figure 1. An example that shows how the auditory properties can be used to compress an 
digital audio signal. Source:3 

 
WAVELET TRANSFORM 
 
 The wavelets are playing a key role 
in application oriented signal processing. 
The wavelet transform is similar to the 

Fourier transform in that it breaks a signal 
down into components parts. Instead of 
using infinite-length sinusoids and assuming 
constant periodicity, the wavelet transform 
breaks the signal down into a set of scaled 
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and shifted mother wavelets that vary in 
time. Each wavelet transform is based on a 
given mother wavelet of finite length. The 
single element of wavelet is acts as mother 
wavelet with constant periodicity undergoes 
some wavelet processes. Wavelet analysis 
provides optimistic tool and technique for 
analyzing the 1 dimensional and 2 dimensio-
nal signal. With Wavelet Transform gaining 
popularity in the last two decades various 
algorithms for compression in wavelet 
domain were introduced. The focus was 
shifted from the Spatial and Fourier domain 
to the Wavelet transform domain4.   
 
The discrete wavelet transforms (DWT)  
 
 The discrete wavelet transform 
(DWT) provides sufficient information for 
both analysis and synthesis of original signal 
with a significant reduction in computation 
time. The DWT is considerably easy to 
implement compared to CWT. 
           The Discrete wavelet transform 
representation of a signal f (t) is given by the 
equation, 
 

          ∞ ∞ 
f(t) = ∑ ∑  d(k, l) * 2-k/2 * φ(2-k t-1)      (1) 
        -∞ -∞  
 

           The two dimensional sequence d(k, l) 
is referred to as the Discrete wavelet 
transform of the signal f(t).comparing the 
above equation with the equation  for 
continuous wavelet transform we can 
observe that the translation and the dilation 
parameters are discredited, i.e., dilation 
parameter, b=2k* l, where k and l are 
constants5. 
            As we can see the scaling and 
translation parameters a and b are not 
continuous but take values, which are 

integral powers of 2.This process is referred 
to as the dyadic sampling. This reduces a lot 
of data being calculated as in case of CWT. 
Since our algorithm is to be based on 
discrete wavelet transform, so we will 
discuss only the concepts of DWT. 
Two commonly used processes are DWT 
and IDWT 
 

(DWT)Discrete Wavelet transform: It is the 
Transformation of sampled data, e.g. 
transformation of values in an array, into 
wavelet coefficients. 
 

(IDWT)Inverse Discrete wavelet transform: 
procedure converts wavelet coefficients into 
the original sampled data. 
 

Wavelet Decomposition   
 

 The approximations A are defined 
as the high scale, low frequency components 
of the signal. The details D are defined as 
the low scale, high frequency components. 
Suppose we start with 1000 samples. After 
decomposition we get 1000 A components 
and 1000 D components. These signals A 
and D are interesting, but we get 2000 
values instead of the 1000 we had. To avoid 
this, we use down sampling in which, we 
keep only one point out of two in each of the 
two 2000-length samples to get the complete 
information. We produce two sequences 
called cA and cD10. 
 

 
 

Figure 2: Wavelet Decomposition. 
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 The process on the right, which 
includes down sampling, produces DWT 
coefficients. The detail coefficients cD are 
small and consists mainly of a high-
frequency noise, while the approximation 
coefficients cA contains much less noise 
than does the original signal. 
 

 When we begin fitting the wavelets 
to time series, we can select the number of 
different frequencies that will be fitted and 
what those frequencies will be. For practical 
reasons the frequencies selected are always 
powers of two. For example, if we have a 
signal of 256 samples in time span of 1s, the 
highest frequency within the signal is 128 
Hz. This is the first fitting frequency, the 
next are 64, 32, 16, 8, 4, 2. We have to down 
sample the signal after each fitting to save 
CPU time. After the fit of 128 Hz we apply 
anti-aliasing filter and sample down by a 
factor of two. We now have only 128 
samples on which the 64 Hz wavelet will be 
applied and so on. We define the number of 
frequencies (that are power of two) that will 
be fitted with the parameter called 
decomposition level. 
 

 
 

Figure 2.1: Wavelet Reconstruction. 

Signal Reconstruction (Synthesis)  
 
 This is the process of assembling the 
components back into the original signal 
without loss of information. The 
mathematical manipulation to achieve this is 
called the inverse discrete wavelet transform 
(IDWT). 
 
Wavelet Packets  
 
 The decomposition of both 
approximations and details generates a 
wavelet packet. This results in a balanced 
binary tree structure. The bottom leaves 
contain detailed information for each 
frequency. The wavelet packet analysis 
offers much better frequency resolution than 
the simple wavelet analysis. We know that 
in simple wavelet analysis the DFT would 
produce 128 frequency lines from a signal 
with 256 samples and simple wavelet 
analysis would give only 8 lines (Level 1: 
128Hz, Level 2: 64Hz,Level 3: 32Hz,level4: 
16Hz level5: : 8Hz, Level 6: 4Hz,Level 7: 
2Hz,Level 8: 1Hz). Wavelet packet analysis 
can produce all the frequencies as the DFT. 
To perform partial packet analysis, you can 
save one of the wavelet details to file and 
then perform wavelet decomposition on that 
detail. The second option is to simply 
perform FFT on the detail, when sufficient 
depth (level) has been reached. It should be 
noted that wavelets have sacrificed some 
frequency resolution and physical 
interpretation to get better time resolution. In 
wavelet analysis, for an n level decompose-
tion, there are n+1 possible ways to 
decompose or encode the signal7-8. 
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Figure 3: Wavelet Analysis 
 
In wavelet packet analysis, the details as 
well as the approximations can be split. This 
yields more than 2̂2��� different ways to 
encode the signal. 
 

 
 

Figure 3.1:Wavelet Packet Decomposition Tree. 
 
 Wavelet packet analysis allows the 
signal S to be represented as A1 + AAD3 + 
DAD3 + DD2. This is an example of a 
representation that is not possible with 
ordinary wavelet analysis. 
 
THRESHOLDING TECHNIQUE 
   

 Thresholding is an important step in 
denoising and compression. The main 
intension of thresholding is to eliminate the 
weak detailed coefficients in the signal and 
create energized detailed coefficients using 
approximate coefficients. During the process 
of decomposition the detail coefficients hold 
the signal information when the wavelet 
basis selected is well matched to signal 

characteristics, while the effect of noise on 
the signal is the same over all the 
coefficients at each scale. Note that the 
approximation coefficients that do not 
contain signal energy often do not reside at 
or near zero, as do their parent detail 
coefficients. Hence, thresholding schemes 
will be applied to detail coefficients. 

 

 The thresholding of wavelet 
coefficients can be divided in to two steps9 

 
a. Policy choice(by threshold function T) 
b. Choice of threshold. 
 
There is two standard thresholds are there  
 
a. Hard threshold: Hard thresholding zeroes 

out, or shrink, the coefficient that have 
magnitudes below the threshold, and 
leaves the rest of the coefficients 
uncharged 

 
Thard (d,⋋)=d 1(|d|>⋋)                      (2) 
 
b. Soft thresholding: extends hard 

thresholding by shrinking the magnitude 
of the remaining coefficients by T, 
producing a smooth rather than abrupt 
transition to zero. 

 
Tsoft(d,⋋)=(d-sgn(d)⋋)d1(|d|>⋋)                (3) 
 
Donoho and jonstone(1993) proposed an 
another method called universal threshold 
 
⋋

u =√ 2log n                              (4) 
 
there are several thresholding techniques to 
analyze the signals but in this paper we use 
soft and hard thresholding for good 
performance9.  
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PROPOSED METHOD 
  
   In this method we divide input wave 
signals in to frames, and assign frames in 
wavelets representation then decompose and 

compress the signal, at the same time mask 
the signals by psychoacoustic model in 
encoder and reconstruct the signal in 
decoder as a compressed audio output. 

 

 
 

Figure 4-block diagram of proposed method 
 
The process flow of  main blocks  are 
 
ENCODER:(analysis) 
 
Step1: Input the audio signal into encoder, It 
divides input signals into small frames. 
 
Step2: divided signals considered as wavelet 
coefficients and get decomposed for defined 
levels and compressed by using (DWT) 
Discrete wavelet transform. 
 
Step3: some audio signals needs masking 
(tone and noise) and gets quantized with 
compressed signals allotted by suitable 
header.  

DECODER: (synthesis) 
 
Step4: encoder output fed to decoder with 
header files and reconstructed by applying 
the (IDWT) Inverse Discrete wavelet 
transform and audio signal is outputted 
through the decoder. 
 finally the compressed output will 
be obtained by decoder 
 
RESULTS 
 
 There are several parameters used to 
measure the performance of the 
compression, but in this paper we used 
measure only MSE,PSNR and compression 
ratio. 
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1. Mean square error(.MSE) 
It is calculated by using following equation 
 
                    Σ[I1(m,n)-I2(m,n)]2 
MSE=  M, N-----------------------           (4) 
       M*N 
where M and N are row and columns. 
 
2. Peak signal to noise ratio(PSNR) 
one of the significant performance 
measurement calculated by equation. 

PSNR=10log10 (R
2/MSE)                   (5) 

     
R=maximum fluctuation in input data(255) 
 
3. Compression ratio 
 
It is ratio of input and compressed signal 
 
CR=length[x(n)]/length[cx(n)] 
 
cx(n)=length of compressed signal vector. 

 
 

Table 1: MSE, PSNR response of audio signals. 
 
 

 
Audio signals 

Decompo
sition 
level 

Type of 
threshold 

Threshol
d value 

 
MSE 

 
PSNR 

Kdt_070.wav 2 HARD 12.45 5.0944 41.0599 
3 SOFT 12.45 7.7648 39.2295 
4 SOFT 14 16.0751 36.0693 

Kdt_215.wav 2 HARD 12.45 3.6381 42.5220 
3 SOFT 12.45 9.1401 38.5213 
4 SOFT 14 24.7536 34.1944 
6 SOFT 16 46.3561 31.4697 

S1ofbw.wav 2 HADR 12.45 3.4185 42.7925 
3 SOFT 12.45 8.2536 38.9643 
4 SOFT 14 47.0499 31.4052 
6 SOFT 16 132.1245 26.1245 

S2ofbw.wav 2 HARD 12.45 16.7558 35.8892 
3 SOFT 12.45 23.9259 34.3421 
4 SOFT 14 49.1902 31.2120 
6 SOFT 16 139.8339 26.6747 

 
 

Table  2: compression score for audio signals. 
 

Audio signals Compression score 
Kdt_070.wave 0.64 
Kdt_215.wave 0.52 
S1ofbw.wave 1 
S2ofbw.wave 0.76 
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OUTPUT WAVEFORMS 
 

 
Fig 5.1: Reconstructed signal with respect to original signal of kdt_070 wave input file 

 
 

 
Fig 5.2: Reconstructed signal with respect to original signal of kdt_215 wave input file 
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CONCLUSION 
  
  This method gives us a good PSNR 
values and compression ratio(since We 
know that by increasing PSNR compression 
rate also increases) for the audio signal 
compared to any other compression 
technique like any other adaptive filter 
methodes,LPC method etc.,  
 
We observed following performances  
 
• By increasing threshold values for low 

level decomposition gives good PSNR. 
• But increasing number of levels reduces 

PSNR. 
•  
 This method is simulated and 
analyze only on MATLAB software platform. 
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