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Institute of Multimedia Engineering

National Chiao Tung University

Abstract

MPEG Surround Audio Coding is _an: efficient compression standard of high-quality
multichannel sound. The compression, concept ‘uses down-mix and spatial parameters
calculation to reduce the channel number and achieve high compression rate. In decoder, an
upmixing module can reconstruct the -multichannel signals by using the output signal of
decorrelator and the spatial parameters. ‘After the signal is processed by decorrelator, the
transient property has been destroyed, affecting the perceptual listening quality. In order to
overcome the defect, MPS proposes Subband Domain Temporal Processing (STP) shaping
tool. However, the objective and subjective quality assessments still show negative results on
the STP-processed signals. This thesis modifies the current STP structure for improving the

results of the quality assessments.



Acknowledgement

In these years at NCTU, | would like to thank my advisors, Prof. Hsu-Feng Hsiao and Prof.
Chi-Min Liu, who gave me a lot of valuable suggestions making me able to break through on
my research, and they were very patient with me to teach any skills on research. Others,
such as lab members and friends, encouraged me to overcome any problem, especially Dr.
Han-Wen Hsu, Mr. Der-Pei Chen and Mr. Chun-Yu Pan, they gave me assistances when | was
helpless and cheered me up when | was discouraged. Because of them, | got the strength to
face the difficulties during my research. Without them | could not have completed my

research.

| want to express my most sincere gratitude to my lovely family and girlfriend for their
firm support that let me finish my master degree. Therefore, | would like to share this honor

with them.

%A

2010/10/31



Table of Contents

PR 3 2 FE B e e I
FA o1y - Lot AR TP U PP TOURTPPPTOPRINt v
FANel g Yo XV F=To Fq T o o 1T o | U PUR U Vv
L0 0 F=Y o3 (=Y g I [ oY e o 1¥ ot o o TSP SRRt 1
(O 0T o) (= g A - = Yol €= o] U T o U P U SSUt 3
2.1. Y oF LA E | IV U Lo o TN e I oY SR 3
2.2. IMPEG SUITOUNT ..ottt st sttt s e st e st e s e s meeesaneesaneeeanes 4
2.3. D LTolo] 4 ] =1 o] ST P PO TP PRTN 7
2.4, Subband Domain TemMpPoral ProCeSSING .....cuiiivccciiiieeei et e e esvvre e e e e e snvrane s 9
Chapter 3. Problem Definition .........uueiiii i e e e e e e e e e e e e e e e nnraaeeea s 14
Chapter 4.  Proposed MEethod...........ueiiiiii e e e et e e e e e e e nrraaeeeaeas 18
Chapter 5. EXperiments and RESUILS ......ccceiiiiiiie ettt ettt e e e e e e et ae e e e e e erannraeeeaeeeas 23
5.1. MPEG Surround Reference SOftwar€ RIMO...........cooeereeriiniiiiinieeieeieee e 23
5.2. QUALItY MEASUIEMENT ... .ttt i eierrsees st rdemeeeeeesartreeeeeeeessnssaaeeeessesssreaneeesessnnsenneaeesannns 23
5.3. TESTTIACKS 1. i e i b st BT ettt et sat e st e e me e e s e sr e sane e e smeeesaneesnnes 24
5.4. SPECEIUM COMPATISON L..iiiieiiueieireeeseatsntteneeeeeedaentraneeeeererereeeeeeeeeeeeeeereeeeaeeeeeeseeeeeeeeeeeseseeessenns 25
5.5. Scale Factors CoOmMPariSON . i . ettt et e e st e e e e e eeceere e e e e e s s estr e e e e e e ssnraareeeesseennnsennneeas 28
5.6. Results of Objective QUality IMIEASUIE ......ciiiiiiuiii ettt e eeree e e e e e aae e e e 29
5.7. Results of Subjective QUality MEASUIE .........ocicuiieeeiee ettt e e e et e e e aee e e e 31
5.8. L L a V=R o) UL =L TR UPRRRR 31
Chapter 6.  Conclusion and FULUre WOrK.........ueeei oot e e e e e e 36

Vi



Figure List

Figure 1 The concept of the MPEG Surround SyStem [1]...cccceecciiiiieeeeeiiciiiiieee e eccrrte e e e e e errreeee e e e eanns 1
Figure 2 Basic concept of the spatial audio cOdiNg [4]....ueeeeeee e e 4
Figure 3 MPS Encoder for 5151 and 5152 tree structures [6] ....cccceeeeeeeeciiiirieeee e ccirieee e e e ecerreree e e e e 5
Figure 4 MPS Encoder for 525 tree StruCtUre [B] ... iiiiiieieecciiiieee ettt e e e e e e e e earrae e e e e e e eannns 5
Figure 5 The concept of MPS decoder fOr 5151 [7] ..ciiiiieiieeciiiiieee et e e eecrree e e e e e e e e e e e e e eanes 6
Figure 6 The concept diagram of the decorrelator [8] ... ciiiee i 7
Figure 7 The block diagram Of STP [B]....ccce ittt e e e e e e e e e e e e e e s arrraeeeaeeeas 10
Figure 8 The spectrogram of the knock signal Wave ... 14
Figure 9 The spectrogram of the direct part of the knock wave.........ccoccoiiveiiiiicciiee e, 14
Figure 10 The spectrogram of the diffuse part of the knock wave.........cccoovveiiiiicciiice e, 15
Figure 11 Spectrogram of diffuse part of the knock wave with using STP .........ccoeeiiiiiiieeiiicciiieeeee, 15
Figure 12 Spectrogram of original unprocessed NEW_Si026.........ccevvuieiirririeeiiiieeeeniieeeenieeeessieee e 16
Figure 13 Spectrogram of new_si026 by the CODEC in'standard........cccccceeiviiieiiniieniinciieeceiee e, 16
Figure 14 Spectrogram of new_si026 by USING STP-.. ittt it e 16
Figure 15 The scale factors and the 5i02.wav sound signal USING STP .....cc.cevivviiiiiricii e, 17
Figure 16 The scale factors of es016 wave track by using shaping tool .........ccccccevviiiinivniiiciec e, 18
Figure 17 The modified STP without dOWNMIX PrOCESS........evvviviiiiiiiiie et e e 19
Figure 18 The signal of the KNOCK WaVe ..........uuiiiiiiiieee et e e e e arrae e e 20
Figure 19 The direct part signal of the KNoCK WaVve ...........ooeiiiiiiiie e 21
Figure 20 The diffuse part signal of the knock wave without using STP........ccccceeeciiiieeieee e, 21
Figure 21 The spectrum of the L channel of original New_Si026 ..........cccccuiiiiieiiieciiiiiee e 27

Figure 22 The spectrum of the L channel of new_si026 by CODEC in standard without shaping tool. 27

Figure 23 The spectrum of the L channel of new_si026 by using proposed method...........cccuvveeee... 27
Figure 24 The spectrum of the L channel of new_si026 by using STP ........ccccceeieeecciiiieee e 28
Figure 25 The scale factors of sm026 wave track by USiNg STP ......cevviiiiiciiiiiiee e 28
Figure 26 The scale factors of es016 wave track by using the proposed method..........ccccceeuvrrnnnnnin. 29
Figure 27 The scale factors of sm026 wave track by using proposed method...........cccccceeeviinrinnnnnnn. 29
Figure 28 The ODGs for MPEG surround sequences by using 5151 tree structure.......ccccceeecuvvveeeennnn. 30
Figure 29 The ODGs for stereo sequences by using 5151 tree structure .......ccccceeeccvvveeeeeeeccciveeee e, 30
Figure 30 MUSHRA test 0N StEre0 tracks .........uuiiiiiii ettt e e e e e e eraarae e e e e e 31

Vil



Figure 31 The KNOCK SIZNal WaVE.......uceii ittt e e e e e e et r e e e e e s esnarreeeeeaeeennns 32

Figure 32 The spectrum of the L channel of original kKnock ...........couveeiiiiiiiiiiiie e, 32
Figure 33 The spectrum of the L channel of knock by CODEC in standard without shaping tool......... 33
Figure 34 The spectrum of the L channel of knock by using proposed method...........cccccceveurvniennennn. 33
Figure 35 The ODGs for knock by using 5151 tree Structure ........cccueeeeeeieecciiiieee e, 33
Figure 36 The ODGs for knock_2 by using 5151 tree StruCture .......ccccveeeeeccviiieeee e, 34
Figure 37 The ODGs for knock_10 by using 5151 tree StruCtUre .....cccceevecvvieeeeeeeeccieieee e eeciireeee e 34

Vil



Table List

Table 1 The twelve stereo tracks recommended by MPEG [13]....ccviiiiiiiiiiiieeee e ee e

Table 2 The four surround tracks [14].............

Table 3 Detail information of the equipments



Chapter 1. Introduction

In early stage, the main application of audio signal processing is two-channel
stereophony, but people find that it cannot accurately reflect the real perceptual feeling in
3D position. Because of this disadvantage, the applications of multi-channels have become
the trend in recent years, especially in the area of movie industry, music industry and the
video games alike. Hence, ISO/IEC audio standardization group started to establish an
efficient and backward-compatible coding of high-quality multi-channel sound using
parametric coding techniques in 2004, and it is finalized in 2006, that was the birth of MPEG

Surround (MPS).
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Figure 1 The concept of the MPEG Surround system [1]

Figure 1 is the concept of the MPEG Surround which is to combine multichannel audio
signals, like 5.1 channels, to a less number of audio channels, as mono or stereo, with some
spatial parameters recording the relations of the signals and transmitted to decoder or the
existing compression method. The decoder would use the received parameters, such as
Inter-Channel Coherence (ICC) and Inter-Channel Level Difference (ICLD), and the downmixed
signals to reconstruct the surround sound signals. For transient signal, the envelope shape of
the direct and diffuse signals did not match after doing the decorrelator process, which

caused not only the parts of transient smearing but also differences on perceptual hearing.
1



Hence MPEG Surround provided Subband Domain Temporal Processing (STP) to solve this
problem. But we found that there were some unreasonable processes in STP and we also
could find that using STP was worse than without using STP by using objective listening test
or subjective listening test. This thesis directly aims at the unreasonable processes then
proposes some improvements to replace the original processes for a better quality of the

listening tests.

In addition, in MPEG encoder, the original processing of the downmix is direct
summation of the input signals that may cause the energy of the encoder output signal not
the same as that of the input signal. Because of this problem, this thesis uses a proposed

modified encoder [2] to solve this problem.

The following is the organizations of this thesis. Chapter 2 provides an overview of some
basic knowledge related to the _main issues of “this thesis in MPEG Surround and
demonstrates how the decorrelator works and:the original processing of STP in decoder. The
problem definition and the proposed improvement methods are presented in Chapter 3, and
the experiment results are showed in Chapter 4. Chapter 5 concludes the thesis and Chapter

6 is the future work of this thesis.



Chapter 2. Backgrounds

The technology of MPEG Surround is based on the spatial audio coding (SAC) principle,
therefore here introduces the concept of the SAC first and the MPEG Surround system as

well.

2.1. Spatial Audio Coding

The SAC is a technique to compress multi-channel audio signals with a high

compression ratio.

The concept of SAC encoder is to describe two or more audio channels by means of a
downmix processing, accompanying with parameters to model the spatial characteristics of
the original audio sound that are.lost by the downmix processing. Then the downmixed
signal and the parameters are the.input of the decoder. However those side information
capture the most salient perceptual aspects of the multi-channel sound, including
inter-channel level differences (ICLD), inter-channel time/phase differences (ICTD) and
inter-channel correlation/coherence (ICC) cues. The followings are the meanings of those

parameters:
ICLDs: the energy ratios between each two channels.
ICTDs: the time delays between each two channels.

ICCs: the correlations between each two channels.

For decoder receives the downmixed signal and side information, and then uses the
side information to upmix the downmixed signal to the original numbers of audio channels,

shown as Figure 2.



Finally, there are two advantages of SAC. One is that its impressive efficiency allows
multi-channel sound at total bitrates of only 64 kbit/s and lower. The other is the backward
compatibility of SAC to the existing compression systems. For the detailed information of the

SAC background is reported in reference [3].

SAC Encoder __ _SAC Decoder
s ot—pl o L : s % ()
x5 (n)o > own-Mix | Audio :_"' Spatial —> X5 (n)
: v Ly Coder L Synthesis : :
xy (n) © > ; : - 2y (1)
L Spatial

L_p| Parameter

I

I

: Farameter
Estimation and |! Spatial

I

:

Decoding

L Coding Parameter
___________________ Bitstream : |

Figure 2 Basic concept of the spatial audio coding [4]

2.2. MPEG Surround

MPEG Surround standard [5] is a new technology based on a principle of SAC. For MPS
encoder, typically, the downmix which is converted from a multi-channel input signal is a
mono or a stereo signal, but more downmixed channels are also supported (for instance,
MPS can convert a 7.1 input signal to a 5 downmix signal). By using the two-to-one (TTO)
elementary coding block, that is the basic operation for generating a downmixed signal of
two channels, MPS encoder can make the final downmixed signal and the spatial
parameters. Besides, there are two tree structures, 5151 and 5152 tree structures,
supporting a mono downmixed signal. Figure 3 shows the tree structures of 5151 (a) and

5152 (b) and six channels, left (L), right (R), center (C), left surround (Ls), right surround (Rs)

4



and low frequency enhancement (LFE) are fed into the TTO box pairwise to get the final

downmixed signal.
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Figure 3 MPS Encoder for 5151 and 5152 tree structures [6]

If we want to make a stereo donwmixed siginal, MPS supports 525 tree structure to
handle it with TTO and three-to-two (TTT) elementary coding block additionally. Figure 4

shows the 525 tree structure to output-a stereo downmixed signal and side information.
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Figure 4 MPS Encoder for 525 tree structure [6]



For each channel, the different characteristic can let us choice fitter tree structure for
encoding. As a consequence, we can use this downmixed signal with many characteristics

between two channels to get a better output signal.

For MPS decoder, a multi-channel upmixed signal is created by M1, M2 and
decorrelators from the transmitted downmixed signal and spatial side information. M1
matrix is used to make the available channels of the downmixed signal that input to the
decorrelators, and the M2 matrix is used to combine the direct signals and the decorrelated
signals. The decorrelator is described in detail in the next subsection. Figure 5 shows the
concept of MPS decoder for 5151, M,, is the output of M1 on QMF domain and the input of

decorrelators and M2.

) N e N )
MM
—
Pre- res, =1 ;
decorrelator mix * | Inverse
input —>{ T/F |- . — > matrix : —> output
matrix res, —>) M2 . T/F
M1 _ .
— D -
£ res. ==
> D, > —>
\ resﬁ—)
)\ / g /o y,

Figure 5 The concept of MPS decoder for 5151 [7]

The MPS decoder also introduces some tools that allow for complexity or quality
trade-off like residual coding, temporal shaping, enhance matrix mode, etc. For residual
coding, it is a way to reconstructs the multi-channel audio using the residual signal that is

calculated in the MPS encoder without decorrelated signal. For temporal shaping, MPS



supports two tools, Subband Domain Temporal Processing (STP) and Guided Envelope
Shaping (GES) to preserve the temporal structure in the output signal. For enhance matrix
mode, creating a multi-channel signal based on the downmixed signal without the side
information stream and all the required parameters are estimated from the downmixed

signal.

Finally, MPS provides several advantages, including compression efficiency, backward
compatibility and wide range of scalability because of the tree structure and the additional

tools.

2.3. Decorreletors

In MPEG Surround, the decorrelators are implemented in the QMF subband domain
by reverberation filters. The reverberation filters. are IIR lattice all-pass filters with
different filter coefficients for different order decorrelators, in order to get the orthogonal

signals. Figure 6 is the concept diagram of the decorrelator.

Decorrelated
signal

Input |

signal vk

Configuration
Data

Figure 6 The concept diagram of the decorrelator [8]

In the beginning, we define V;’k to be the input of decorrelator for every time-slots

n, every hybrid subband k and the decorrelator order X. For the different frequency

regions, the reverberation filters are implemented by different level delay and output the

on hybrid subband domain. Then d{*

x.delay are filtered as

nk
delayed samples d X delay

7



k N = o Ik

n, . , n-I, , n—I,

dy i = 20K be 'dx,de|ay_zax Ay i (1)
X \1=0 =

where L, is the length of the lattice coefficient vectors. And the filter coefficients a;‘(’k

and b}* are derived from the lattice coefficient vectors according to

ay =api) )
by = (o )
for 0<i< le , P= le , Where (a;1X 7i’k)* denotes the complex conjugate of a;x T ,and
aP(i) are the filter coefficients for a filter of order P, then
H,(z)=1 (4)
P-1 p-1
. .(2) bz oy (P=1=n)z"™"
HP—l(Z)_ P_l(z): gi? =2 Pl = BP—l(Z):Zi(Pil)A;—l( )' (5)
as a;kz_n ZaP 1(n)z_n
n=0 n=0
Ko+ Z—l( BPl(Z)]
HP(Z)Z BP(Z) - AP—l(z) _ kP—lAP—l(Z)+ ZilBPfl(Z) (6)
A ( BM(z)j A (2)+ky 2 By (2)
o ALE)

and let the HO(Z) be the all-pass filter of order zero, K., is a lattice coefficient.

However, we need to check the recursive relation holds B,(z)=2z"A:(z). From (5), the

nominator of HP(Z) can be represented as
k;—lAP—l(Z)+ Z_lBP—l(Z) = k;—lAP—l(z)"‘ Z_PA;-l(Z) ) (7)

and the of denominator HP(Z) is



AP—l(Z)+ kP—lzilBP—l(z) = AP—l(Z)+ kP—lzipA;—l(Z) ’ (8)

and the complex conjugate of the denominator is

(A (D) + ko 2 PR @] = AL (2)+ K0 2P AL (2), (©)
k;—lAP—l(z)+ ZiPA;l(Z) = ZiP[Aga(Z)"‘ kgflzPAP—l(Z)]’ (10)

hence the recursive relation is held. Finally, the filter coefficients are derived as following:

A(2)= AP—l(Z)+ kP—lzilBP—l(Z) = iap—l(n)zin + kP—lZP:a;—l(P - n)zin

P-1

= aP—l(O)+ Z(aP—l(n)+ kP—la;—l(P —n +l))z_n +kP—1a;—l(o)Z_p ’ (11)
-1
P1 X ,
=1+ Z(ap_l(n)+ Ko 0t (P =)z " +kp 12~
-1
1, n=0
= an)= e n=P . (12)

oy (n)+Kojap ,(P—n), 0<n<P

k)

After the all-pass filter processing, gains g”'”( with time-slots n and processing

band K(k) are calculated by the energy of Vy* and dy%,, for doing energy adjustment.
Finally, the outputs of decorrelator are constructed as:
dy*=g™" dif. (13)
2.4. Subband Domain Temporal Processing
In earlier standards of audio coding, Temporal Noise Shaping (TNS) [9] is applied to deal

with the issue of temporal shaping. Now in MPS, TNS is replaced by Subband Domain

Temporal Processing (STP) [10] to deal with the same problem.



STP is a tool that MPS provides to shape the envelope of the diffuse signal portion of
each output channel for matching the envelope of the direct signal portion. Figure 7 shows

the block diagram of STP:

ynk Direct Diffuse ik
direct.ch | signal signal & diffuse.ch
- Low frequency Splitter
Z;i’rzctch Z’{’k
2 Downmic: el Bandpass Bandpass diffuse,ch
Al Filter Filter
Zdzrect High
frequency
Envelope
Estimate
Shaping
|_Shaping éx
factors scale”,
Highpass
- Filter |
Z=* | Upmix

Figure 7 The block diagram of STP [6]

The STP operates on the diffuse signal_zjs .., and the direct signal zj\_ . for every

time-slots n, sub-band k and channel ch after the process of M2 mixing matrix. However, STP

just shapes the high band part of zj ., ., the splitter is used to separate the high band part

and the low band part for remixing zjy. . and zj:

: 3 nk 5 n,k
direct,ch Into Zdiffuse,ch and z

direct,ch

according to

Zdil’eCt ch = and Zdif"fuse ch = . (14)
| " ' nk
/ Zittusech 0 < K <64

>nk Z(?iyrkect,ch + Zgi’fl;use,ch '0 < k < 5 ~nk 0 ,0 < k < 5
S5<k<64

direct,ch
To avoid the delay alighment, the approximation of downmixed signal for the remixed

70k s defined as:

direct,ch

10



zn,k _ Zn,k
direct — direct ,ch,, / (15)
ch

where ch,, are the upmix channels according to the different tree structure configurations
with mono downmix. If the tree structure need stereo downmix, the approximate

downmixed signals are obtained as :

snk _ 5 n,k 5n,k _ 5 n,k
Zdirect = Z Zdirect .ch, and Zdirect r = z Zdirect ch, 7 (16)
ch, ch

where chjand ch, are the left and right upmix channels relatively.

After the downmix processing, the envelopes of the downmix and the diffuse signal are

estimated. For 5-1-5 tree structure, the energy of the diffuse signals is calculated as:

~ 2
Ec?i#use,ch = Zdnifyruse,ch = BPk y GFk (17)

7

where BP is a bandpass factors:and GF<is a spectral flattening factors. Then the energy for

each time-slot is computed as:
7 [ 24 ‘
n _ n, n,
Endiffuse,ch - 62 Ediffuse,ch + z Ediffuse,ch (18)
k=6 k=8 ’

where 6 =1 for the high quality MPS and 6 = 0.5 for the low-power MPS. The envelopes

of the diffuse signals are defined as:

n n-1 n
Envdiﬁuse,ch =a- Envdif‘fuse,ch + (1_ 0[)' Endif‘fuset .ch (29)

’

where o =0.95 and Envgg,. . is defined as the envelope value in the last time-slot of
the previous frame and initialized as 0. When n=31, EnvVgq. . records the value of

Envg to be the total envelope of the frame. And the normalized energy of the diffuse

iffuse

signals for every consecutive time-slot is computed as below:

11



n
n Endiﬁuse,ch

diffuse _norm,ch = (20)
Envdiffuse_hold ch T &€

where ¢ isa very small positive value. The procedures of direct signals are similar as (17) -
(20) after the downmix processing and the final normalized energy of the direct signal for

every consecutive time-slot and channel is computed as below:

Enj
n _ direct
Edirect_norm - Env e (21)
d .

direct _hol

The next part after envelope estimation is the scale factor calculation. For 5-1-5 tree

and E'

structures, E diffuse _ norm.c

n
direct_norm , are used to calculate the scale factor for each

time-slot as:

n

En
scale} = direct _norm , che{ch, } (22)

n
diffuse_norm,ch +&

For the stereo downmix tree structures, the scale factors are calculated as:

E;
Scalegh = - direct _norm_| ’ che {Chl} (23)
Ediffuse_norm,ch t+é ’
n
n _ Edirect_norm_r
Scalech = , Che {Chr} (24)

n
Ediffuse_ norm,ch +é&

The scale factor further undergoes the damping, limiting and smoothing processing to

restrict the value:

SCalecrilamp,ch = }‘1 + (1_ }“1) Scalegh (25)

scaley o = min(max(scalegamp'Ch ,1//12),/12) (26)

’

12



scale’

smooth,ch

= J, -scalef . + (L~ 4;)- scalel: (27)

smooth,ch
’

where 4, =0.1, 4,=282, 1,=0.45 and scale_. is defined as the scale value in the

smooth ,ch

last time-slot of the previous frame of the corresponding channel and initialized as 0.

Finally, STP checks the bsTempShapeEnableChannel(ch) bit received from encoder to

decide the final scale value as:

28
scale’ (28)

smooth ,ch

1 ,if bsTempShap eEnableChannel(ch)=0
scale o = :
' ,if bsTempShap eEnableChannel(ch)=1 .

The diffuse signal portion of each channel is processed by the applying scale factors and

mixing to the direct signal portion of each channel as below:

(29)

7. Jf 9<k <63-

5 nk 5 nk n k H
~nk | Zdirect.on T Zaiffuséyeh -scalegyy o« BP” if 0<k<8
YA

>n,k n
+ Zdiffuse,ch -scale

direct,ch apply,ch

If the channels are not using STP, the final processing just becomes to add the

unprocessed diffuse signal to the direct signal as following:

snk _ 5nk > nk H
Zch - Zdirect,ch + Zdiffuse,ch ’If O < k < 63 (30)
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Chapter 3. Problem Definition

Due to the decorrelator, the envelope shape of the diffuse signal does not match to
that of the direct signal. Here we use a simplest transient surround track called ‘knock’ to
represent this problem. Figure 31 shows the spectrogram of the original knock wave file.
Figure 9 and Figure 10 are the direct and the diffuse part of the knock wave file. We can find

that the unmatched problem of the diffuse is very clear.

Figure 8 The spectrogram of the knock signal wave

Figure 9 The spectrogram of the direct part of the knock wave



Figure 10 The spectrogram of the diffuse part of the knock wave

Because of this envelope unmatched problem causing obvious temporal smearing of
transient, MPS introduces the Subband Domain Temporal Processing (STP) shaping tool to
solve this envelope unmatched problem. But the results of quality measurements after using
STP are often worse than the ones without using STP. Hence, we point out some problems of
using STP as follow. For the knock'wave file) Figure 11 shows the modified diffuse part with

using STP. Using STP shaping tool, we can find that transient smearing problem still exists.

Figure 11 Spectrogram of diffuse part of the knock wave with using STP



Figure 12 Spectrogram of original unprocessed new_si026
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Figure 13 Spectrogram of new_si026 by the CODEC in standard
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Figure 14 Spectrogram of new_si026 by using STP
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From the spectrograms shown in Figure 12 - 14, the contents on each band are also
amplified obviously and the subjects of the subjective listening test would notice the

difference of the volume and give worse grades on the ones using STP.

The reason that causes the sound volume to be amplified is that the scale factors
calculated in STP are often larger than one. Figure 15 shows the si02.wav sound signal,
represented by the green component, and the scale factors, indicated by the orange line,

where the red horizontal line points out where the scale factor equals to 1.

Figure 15 The scale factors and the si02.wav sound signal using STP

In STP, the downmix processing that is used to make a downmix of the direct signal
after the M, matrix processing and the envelope estimation are the parts to affect the scale
factors. In STP, it uses the envelope estimation to calculate the scale factor for shaping
diffuse signal, but some scale factors overflow unusually after doing shaping tool. Figure 16
shows the es01 wave signal, represented by the green component, and the scale factors,

indicated by the blue line, are limited to 2.82 in the non-transient parts.
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Figure 16 The scale factors of es016 wave track by using shaping tool

Hence, this thesis proposes new procedures for shaping the diffuse signal with
modifying the downmix process that is the fundamental basis of the shaping adjustment of

the diffuse signal and the envelope estimation parts.

Chapter 4. Proposed Method

As shown is equation (15), the STP uses the downmix processing to directly sum the five
channels of the direct signals and calculates the approximate energy of the direct signal and
the scale factors. However, the meaning of this procedure is that STP adjusts the envelope of
the diffuse signals to match the downmixed signal of the direct signals. In addition, there are
some risks to downmix a signal like cancelling the contents of the signal. Because of the
above statements, that is unreasonable to do the downmix processing in STP, hence the

downmix processing must be removed. Figure 17 is the procedures of the modified STP.
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Modified STP

nk
Hybrid->QMF Hybrid->QMF Wigiuse
. , i
Synthesis Synthesis y;.fﬂiu o )
Splitter
¥
Lower part of Zgg,. 4 T -
Fnk pper partof Z%
Zdimct,ch dffsach
BP filter BP filter
Envelope
Estimate
HP filter Shaping
Figure 17 The modified STP without downmix process
So the energy calculation after doing band-pass filter is modified as:
k =nk K k|2
Ecri]irect,ch ¥ Zdr;rect,ch “BP-GET| (31)

where the BPX and GF* are the same factors as shown in (17) and the calculations in

following procedures are almost equal to the parts of the diffuse signal.

By removing the downmix process in STP, the fundamental basis of the shaping
adjustment of the diffuse signal is not the downmixed signal of the direct signal any more.
Each channel of the diffuse signal adjusts the shape to the relative channel of the direct
signal. As a consequence, we can avoid the risks of doing downmix process and reduce the

error of using downmixed signal of the direct signal to shape the diffuse signal.

19



As the problem mentioned in previous chapter, some scale factors in STP overflow
unusually after doing shaping tool as Figure 16. That may cause a very serious effect on the

final output sound track.

In STP, the envelope estimation is the main part of calculating the scale factors shown is
(17) - (22). STP uses the moving average to estimate the envelopes of the direct and diffuse
signals. But there exists a known risk issue like error propagation between every sample,
which would influence the calculation of the scale factors directly as Figure 16. In order to
avoid this kind of risk issue, we replace envelope estimation by energy estimation. From
Figure 18 — 20, the proposed method wants to fit the shape of the diffuse signal to that of
the direct signal based on the ratio between each sample. If we do not do the shaping
adjustment for the diffuse signal, the unprocessed diffuse signal will seriously destroy the

final output signal with the unmatched shape.

Figure 18 The signal of the knock wave
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Figure 19 The direct part signal of the knock wave
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Figure 20 The diffuse part signal of the knock wave without using STP

The following are the steps for doing energy estimation. In the beginning, we calculate

the energy of the direct and the diffuse signal after doing band-pass filter as:

24 24
n _ n,k n _ nk
Endirect,ch - Z Edirect,ch and Endiﬁuse,ch - Z Ediffuse,ch ’ (32)
k=0 k=0

where the symbols Egi’f‘f‘usevch is the same as (17). After we have the energy of the direct and

diffuse signals, there are two conditions based on the energy of diffuse signal. The first one
is that if the energy of the diffuse signal is equal to zero, we do not need any process and set

the scale factor to one shown as:

scalej, =1. (33)



The other is that if the energy of the diffuse signal does not equal to zero, we determine
whether the energy of the diffuse signal of the previous time slot is zero or not. If so, the
scale factor is set to one, and the energy of the direct and diffuse signal of the current time

slot are saved for the calculation of the next time slot as below:

n-1 n

Endirect,ch = Endirect,ch (34)
n-1 n

ENgituse.cn = ENitruse.ch (35)

If not, we would calculate the ratio of the energy of the direct signal between the previous

and current time slots as:

n

. En
ratio], = — et (36)
Endirect,ch +é&n

where ¢ isa very small positive-value. Then we used this ratio to calculate the scale factor

for modifying the current energy-of the diffuse signal as:

n-1 san
Scalenh — Endiffuse,ch X ratloch (37)
¢ Engiffuse,ch +é&

Finally, the energy of the direct is saved as (34) and the modified energy of the diffuse signal

of the current time slot are saved as below:

n-1 n n
Eny = ENgifye on x SCAlEY, . (38)

iffuse,ch

By using the two modified procedures, remove downmix and energy estimation, we
improve not only the accuracy of the scale factors but also the results of the objective quality
assessments. We represent all the results between using proposed method and the original method in

next chapter.
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Chapter 5. Experiments and Results

All the proposed methods in the previous chapter are implemented on the MPEG
Surround reference software. In this thesis, the objective quality experiments are evaluated
by EAQUAL (Evaluation of Audio Quality) which simulates the perception of human ears. In
this chapter, we introduce the MPEG Surround reference software, EAQUAL and what sound
tracks we use. Finally, we show the results of the objective quality experiments by using the
proposed methods and compare the differences between the original decoder and the

proposed methods.

5.1. MPEG Surround Reference Software RM0

The reference software RMO [11][12] is ‘provided by the MPEG Surround standard
committee. It was developed by Agere Systems; Coding Technologies, Fraunhofer IS, and
Philips and written in the C programming language for the codec ISO/IEC 23003-1. Due to
the MPEG Surround decoding processes are specifically defined, the reference software fully
implements according to the decoding processes. But the encoding reference software only

provides the simplest version that fits the required syntax on the specifications.

5.2. Quality Measurement

EAQUAL (Evaluation of Audio Quality) is a tool, which is the realization of BS.1387 for
the objective quality assessment. The Objective Difference Grade (ODG) is the main output
parameter from -4 to 0, -4 represents the worst case and O represents the best case, to

simulate the perception by human ears.

23



5.3. Test Tracks

For listening test, we use twelve stereo tracks and four surround tracks recommended

by MPEG and listed in Table 1 and Table 2.

Table 1 The twelve stereo tracks recommended by MPEG [13]

Signal Description
Tracks
Signals Mode Time (sec) Remark

1 | esO1 Vocal (Suzan Vega) stereo 10 (c)
2 | es02 German speech stereo 8 (c)
3 | es03 English speech stereo 7 (c)
4 | scO01 Trumpet solo and orchestra stereo 10 (b) (d)
5 | sc02 Orchestral piece stereo 12 (d)
6 | sc03 Contemporary pop:music stereo 11 (d)
7 | si0l Harpsichord stereo 7 (b)
8 | si02 Castanets stereo 7 (a)
9 | si03 pitch pipe stereo 27 (b)
10 | sm01 Bagpipes stereo 11 (b)
11 | sm02 Glockenspiel stereo 10 (a) (b)
12 | sm03 Plucked strings stereo 13 (a) (b)
Remark:

(a) Transients.
(b) Tonal/Harmonic structure.
(c) Natural vocal (critical combination of tonal parts and attacks).

(d) Complex sound.
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Table 2 The four surround tracks [14]

No. Name Category LFE
channel
1 Stomp movie sound yes
2 rock_concert music o
(back: ambience)
3 glock pathological & o
ambience
4 pops music (back: direct) o

To correspond to the structure of the MPS encoder, all the stereo sequences must be
extended to six-channels by padding zeros in the C, Ls, Rs, and LFE channels.’6’ is added

behind the name of every stereo tracks to be the new name of them.

Table 3 Detail information of the equipments

Equipments Information
CPU Intel(R) Core(TM)2 Duo CPU T8300 @ 2.40GHz
Memory 4GB
Laptop
Sound Card | Intel 82801H (ICH8 Family) HD Audio Controller
(0N Windows Vista
Headphone Grado Alessandro Music Pro Headphone

5.4. Spectrum Comparison

Before representing the spectrum results, we should introduce the modified encoder
and the two new surround sounds we made. Following are the details of the modified

encoder and the two new surround sounds.
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In MPS encoder, the original processing of the downmix is direct summation of the
input signals to make the downmixed signal. But the energy of the downmixed signal does
not equal the energy of input signal. To avoid the different energy of the downmixed signal
transmitted from encoder effects the energy calculation in the shaping tool, the downmixed
signal must be modified. So a proposed modified encoder [2] is used to solve this problem, it

can ensure that the energy of the downmixed signal equals that of the input signal.

For the two new surround sounds, first, we copy the L channel of the si02 to the other
four channels except the LFE channel. Second, we make the L channel has one sample delay,
the R channel has two samples delay, the Ls channel has three samples delay and the Rs
channel has four samples delay. After the above two steps, we can get a transient type
surround track called ‘new_si026.” We can. further make the other transient type surround
sound track by using the new_si026., To.avoid amplifying overflow, we make the dB of the
new_si026 to be the 0.6 times first. Second, we let the left side channels (L and Ls) to be the
0.7 times than the C channel and the right side channels (R and Rs) to be the 1.5 times than
the C channel. Finally, we can get’'the! other transient type surround sound track
‘new_si026_scale.” We use those two sequence to simulate the transient type surround

sound for the experiements.

Figure 21 — 24 show the spectrograms results of new si026 by using different

procedures in decoder.
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Figure 21 The spectrum of the L channel of original new_si026
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Figure 22 The spectrum of the L channel of new_si026 by CODEC in standard
without shaping tool
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Figure 23 The spectrum of the L channel of new_si026 by using proposed method
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Figure 24 The spectrum of the L channel of new_si026 by using STP

Without using any shaping tool, Figure 22 shows that the transient smearing problem is
in evidence. But if system uses STP shaping tool, the contents on each band are amplified
obviously. By using proposed method, the transient smearing problem and the amplifying

problem are solved efficiently.

5.5. Scale Factors Comparison

In section 3.3, Figure 16 shows‘the-other problem causing the scale factors to unusually

overflow. Figure 25 is the other case of the scale factors unusually overflow.
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Figure 25 The scale factors of sm026 wave track by using STP
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Figure 26 and Figure 27 are the two cases of scale factors by using the proposed
method. We can find that the scale factors are all in a reasonable range for the proposed

method processing.
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Figure 27 The scale factors of sm026 wave track by using proposed method

5.6. Results of Objective Quality Measure

Figure 28 and Figure 29 are the results of the stereo and surround tracks objective
quality assessments by EAQUAL where the nonSTP means the process without any shaping

tool.
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B proposed method

test sequences

nces by using 5151 tree structure

Figure 28 The ODGs for MPE

I proposed method

2A005 D10

test sequences

Figure 29 The ODGs for stereo sequences by using 5151 tree structure
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For the above objective assessment results, we can find that there are no any destroyed
effects for the non-transient type sequences with using proposed method. Furthermore, we
have an obvious quality improvement for the transient type surround tracks as new_si026

and new_si026_scale two wave files.

5.7. Results of Subjective Quality Measure

There are 10 subjects join this experiment and the results are shown in Figure 30. From
the results of the subjective quality measurement, we still have improvement for the

transient type sequences and without any destruction for the non-transient type sequences.

B nonSTP

Subjective Grade

B 5TP

¥ proposed.

test sequence

Figure 30 MUSHRA test on stereo tracks

5.8. Time-of-Usage

For transient smearing problem, using proposed method for shaping diffuse signal can
get an obvious improvement when the transient parts of two channels are very close in
particular. It means that if the correlations between the transient parts of two channels are
very high, the proposed method has the best quality. The followings are the experiments for

verifying the above statements.
31



We use the followings steps to make knock surround track for the following
experiments. First, we record the castanet with just one transient attack. Second, following
the same procedures of making new_si026 can get the knock surround track. Figure 31 is the

signal wave of knock.

knock signal wave

amplitude

sample w1g*

Figure 31 The knock signal wave

In this case, 1, 2, 3 and 4 delays between_ channels, the followings show the results of
the objective quality assessment and the spectrogram between using proposed method and

the process without any shaping tool.

Figure 32 The spectrum of the L channel of original knock
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Figure 33 The spectrum of the L channel of knock by CODEC in standard without
shaping tool

Figure 34 The spectrum of the L.channel of knock by using proposed method
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test sequence

Figure 35 The ODGs for knock by using 5151 tree structure

Figure 32 — 34 are the final time signal and the spectrum results of using different
processes and Figure 35 is the result of the objective quality assessment. Both of the results

show that proposed method makes better results.
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The second case has the same procedure as the first case expect the delay part. In this
case, we modify the delays between channels from 1, 2, 3 and 4 to 2, 4, 6 and 8 delays
respectively, and the outcome of the surround track based on this case is named as
'knock_2.' Figure 36 shows the result of the objective quality assessment. We can still get the
improvements from the objective quality assessment from this case. However, the range of

improvements is much smaller than the results of first case.

-0.5

=15 ~

= nonSTP

ODG Score

2 - m proposed method

2.5

3.5
test sequence

Figure 36 The ODGs for knock_2 by using 5151 tree structure

In the last case, we modify the delays between channels from 2, 4, 6 and 8 to 10, 20, 30
and 40 delays respectively, and the new outcome of the surround track is named as

'knock_10."

kN - M nonSTP

ODG Score

M proposed method

test sequence

Figure 37 The ODGs for knock_10 by using 5151 tree structure
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Figure 37 shows the result of the objective quality assessment. In this case, we can find that

there is no any benefit when using proposed method.

According to the verification the above experiments, using the proposed method for
shaping diffuse signal can get an obvious improvement when the transient parts of two

channels are very close.
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Chapter 6. Conclusion and Future Work

For MPS decoder, the envelope shape of the diffuse signal after doing decorrelator
process does not match the shape of the direct signal that causes the transient smearing
problem. STP is used to solve this problem, but we find that it cannot solve this problem
efficiently and it also causes destruction to the final output signal. This thesis has a
contribution for designing a new shaping tool to solve the unmatched problem efficiently.
Based on the results of the experiments, our proposed new shaping tool corrects the scale
factors with more precise calculation and improves the result of the objective quality

assessment.

However, we just use the objective quality assessment to verify but we still need to do
double verification through subjective listening test by MUSHRA [15][16] in the surround
environment. For the experiment, the surround test sequences we made are all artificial
with different delay. We should use the real surround sound recording system for recording
a real surround track with transient to make the experiment result with higher

completeness. Therefore, the above two issues are listed as future works.
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