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1. Introduction

Ideas of the Research:
Á Use sparse signal representation based on the matching pursuit (MP);

Á Wavelet packet (WP) based dictionary;

Á Dictionary adaptation using human auditory system properties;

Á Psychoacousticallymotivated parameters selection;

Application of the Research:

Á Scalable audio/speech coding algorithm development;

Á Single transform domain regardless of the nature of the input signal;

Á High quality with low bitrates;

Á Universality for all known types of audio content;

Á Real-time processing.



2. MP using WP Dictionary

Common MP1 Procedure:

WP Based Dictionaryof Time-Frequency Functions:

1 S. Mallat, Z. ZangΣ άaŀǘŎƘƛƴƎ tǳǊǎǳƛǘǎ ǿƛǘƘ ¢ƛƳŜ-CǊŜǉǳŜƴŎȅ 5ƛŎǘƛƻƴŀǊƛŜǎέΣ L999 ¢ǊŀƴǎŀŎǘƛƻƴǎ ƻƴ ǎƛƎƴŀƭ ǇǊƻŎŜǎǎƛƴƎΣ ǾƻƭΦ пмΣ ǇǇΦ оофт-3415 (1993 December). 

Ὣ ᶰὈȟ ὰȟὲȟὯWP-based dictionary

Ὁᶰ ὰȟὲȡπ ὰ ὒȟπ ὲ ςWP tree structure

where ὰςWP tree level number, ὲςWP tree node number, Ὧςcoefficient index

Initialization: 
r1(n) = x(n), m = 0

find:
gg Í  D with

max|àrm , gg  ð|

atom weight:
am ҥ |àrm , gg  ð|

residue forming:
rm+1 = rm - amgg

iteration counter:
m = m + 1

stop 
criterion?

yes

no

End

Begin



3. Adaptive WP analysis

WP Decomposition (WPD) Tree Growth Algorithm:

Adaptation Cost Functions:

PEl,n

WTEE

ὡὝὉ

ᶪ ȟ ᶰ

ὢȟȟ

Вᶅ ȟ ᶰ ὢȟȟ
ÌÎ

ὢȟȟ

Вᶅ ȟ ᶰ ὢȟȟ
Wavelet Time Entropy

ὖὉȟ

ȟ

ÌÏÇςὲὭὲὸ ϳȿὢȟȟȿɝȟ ρPerceptual Entropy

initialization:
l = 0, n = 0

Xl,n,k = x(i), j = 0

decomposition:
Xl,n,k with Ej+1

Begin
estimation:

WTE for Ej and Ej+1

new tree:
Ej = Ej + 1,
j = j + 1

estimation:
PE for every (l,n)

split:
(l,n)

do not split:
(l,n)

End

yes

no

PEl,n җ PEl+1, 2n + 
+ PEl+1, 2n+1?

WTEEj  җ WTEEj+1

and
Ej+1 Җ ECB?

yes

no



4. MP procedure with Optimized Dictionary
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Dictionary optimized with psychoacoustic model.



5. Excitation Scalogram
Masking thresholds3Ὕȟ and temporal maskers4Ὂȟ are used for excitation scalogramestimation.

3 A. Petrovsky, D. Krahe, A.A. PetrovskyΣ άwŜŀƭ-Time Wavelet Packet-ōŀǎŜŘ [ƻǿ .ƛǘ wŀǘŜ !ǳŘƛƻ /ƻŘƛƴƎ ƻƴ ŀ 5ȅƴŀƳƛŎ wŜŎƻƴŦƛƎǳǊŀōƭŜ {ȅǎǘŜƳέΣ ǇǊŜǎŜƴǘŜŘ ŀǘ ǘƘŜ !9{ ммпǘƘ /ƻƴǾention, Amsterdam, The Netherlands, 2003 
March 22-25.
4 Al. Petrovsky, E. Azarov, A., PetrovskyΣ άIȅōǊƛŘ ǎƛƎƴŀƭ ŘŜŎƻƳǇƻǎƛǘƛƻƴ ōŀǎŜŘ ƻƴ ƛƴǎǘŀƴǘŀƴŜƻǳǎ ƘŀǊƳƻƴƛŎ ǇŀǊŀƳŜǘŜǊǎ ŀƴŘ ǇŜǊŎŜǇǘǳŀƭƭȅ ƳƻǘƛǾŀǘŜŘ ǿŀǾŜƭŜǘ ǇŀŎƪŜǘǎ ŦƻǊ ǎŎŀƭablŜ ŀǳŘƛƻ ŎƻŘƛƴƎέΣ Elsiver, Signal Processing, 
{ǇŜŎƛŀƭ LǎǎǳŜ άCƻǳǊƛŜǊ wŜƭŀǘŜŘ ¢ǊŀƴǎŦƻǊƳǎ ŦƻǊ bƻƴ-{ǘŀǘƛƻƴŀǊȅ {ƛƎƴŀƭǎέΣ ǾƻƭΦ фмΣ ǇǇΦ мпуф-1504 (2011, June).
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Xl,n,k/Dl,n > 1 ?

Begin

initialization:
Xl,n, Dl,n,

k = 0, m = 0  

X*
l,n,m = Xl,n,k k = k + 1

End

m = m + 1

no

no

yes

yes

k < Kl,n ?

6. Time-Frequency (T-F) Plan Adaptation

ὢȟȟ
ᶻ , ὓȟ for ὖὉestimation tuning

Procedure output

ÁὯςis an index and ὑȟςis a number of WP coefficients, 

Áά πȣ ὓȟ ρςis an index and ὓȟςis a number  of the chosen coefficients ὢȟȟ
ᶻ ,

Áɝȟ ρςẗ ϳὝȟ ὑȟςquantization step:

Å Ὕȟ - is the masking threshold

Calibrated WP tree



7. T-F Plan Adaptation 
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8. Speech and Audio MP Coding Scheme

Encoder Structure:

Decoder Structure:

Adaptive WPD

WPD

Entropy

Tree 
reconfiguration 

parameters

Masking 
thresholds

Perceptual 
entropy

Matching 
pursuit

WPD-1

Quantization & 
Coding

Bit allocation

WP tree structure 
coding

M
U

X

+
Input 
signal

Output
data

-

Parameters 
selection

Parameters 
recovery

Reconstruction 
tree coefficients 

allocation

Signal 
reconstruction

Input
data

Output
signal



9. Parameters Quantization & Coding

Parameter Quantization & Coding:

Áήὒȟȟ encoded using Huffman algorithm.

Áὄȟ ὦȟȟὦȟȟὦȟȟȣȟὦȟ ȟὦȟᶰπȟρȟὮ ρȟύ .

ήὒȟȟ ςὲὭὲὸ
ὢȟȟ
ᶻ

ɝȟ
ρQuantized parameter

# Previous structure Ei-1 Code New structure Ei

1
00

no changes

2
01

delete

3
10

grow

4 0000 11

Bl,mqLl,m

Codebooks

p(Bl,m) = p(qLl,m)

1

2

...

k1

1

2

...

k8

...QParameter

WP Tree Coding:

(l,n)

(l+1,2n) (l+1,2n)

(l,n)

(l+1,2n) (l+1,2n)

(l,n)

(l+1,2n) (l+1,2n)

(l,n)

(l,n)

(l+1,2n) (l+1,2n)

(l,n)



10. An Objective Assessment of the Sound Quality

5 R. Huber, B. KollmeierΣ άt9ah-Q ς! bŜǿ aŜǘƘƻŘ ŦƻǊ hōƧŜŎǘƛǾŜ !ǳŘƛƻ vǳŀƭƛǘȅ !ǎǎŜǎǎƳŜƴǘ ¦ǎƛƴƎ ŀ aƻŘŜƭ ƻŦ !ǳŘƛǘƻǊȅ tŜǊŎŜǇǘƛƻƴέΣ L999 ¢ǊŀƴǎŀŎǘƛƻƴǎ ƻƴ ŀǳŘƛo, speech, and language processing, vol. 14, pp. 1902-1911 
(2006 November).

Ѕ Test item Description
1 es01 Vocal (Suzan Vega)
2 es02 German speech
3 es03 English speech
4 sc01 Trumpet solo and orchestra
5 sc02 Orchestra piece
6 sc03 Contemporary pop music
7 si01 Harpsichord
8 si02 Castanets
9 si03 Pitch pipe
10 sm01 Bagpipes
12 sm02 Plucked strings

Impairment description ODG
Imperceptible 0.0
Perceptible, but not annoying -1.0
Slightly annoying -2.0
Annoying -3.0
Very annoying -4.0

For the objective quality assessment PEMO-Q5 model was used.

Test sequence: mono, 44.1 kHzsampling rate, 16-bit resolution



11. Overall quality comparison

ODG improvement =
= MP coding scheme with T-F adaptation-
- MP coding scheme



12. MP Coding Scheme Results

es03 sc01 si02 sm01


