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( A Perception Based Active Matrix Decoder with Virtual Source
Location Information )
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Abstract

In this paper, a new matrix decoding system using vector based Virtual Source Location Information (VSLD is

proposed as an alternative to the conventional Dolby Pro logic I/lIx system for reconstructing multi-channel output
signals from matrix encoded two channel signals, Lt/Rt. This new matrix decoding system is composed of passive
decoding part and active part. The passive part makes crude multi-channel signals using linear combination of the two
encoded signals(Lt/Rt) and the active part enhances each channel regarding to the virtual source which is emergent in
each inter channel. Since the virtual sources are related to the perceptual sound images in virtual sound field, the
reconstructed multi-channel sound results in good dynamic perception and stable image localization. Moreover, the good

channel separation is maintained with nonlinear trigonometric enhancing function.

Keywords : Multichannel audio, Matrix decoder, Active, VSLI

I. Introduction

Dolby Pro Logic I/Mx"™ is the most popular
system to decode the matrix encoded stereo signals
into multi-channel signals. Circle Surround” and
Neo-6* are the alternative systems to Pro Logic
I/lIx. All of these matrix decoding systems utilize
the active decoding concept in which the gains of the
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multi-channel output signals are seamlessly updated
during the decoding procedure to improve the
inter-channel signal separation of decoded output
signals.

In this paper, a new matrix decoding system
equipped with vector based Virtual Source Location
Information (VSLI) is proposed as an alternative to
the conventional matrix decoding systems for
reconstructing multi-channel output signals from
matrix encoded two channel  signals. The proposed
matrix decoding system makes use of virtual sources
the enhance the

perceived by listener to
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multi-channel ~ output  signals. The  azimuth
information of virtual sources is estimated by means
of inverse power panning law and the power of the
virtual sources are evaluated by the vector projection
method. Estimating the angle information of the
virtual sources and the power of the virtual sources,
each virtual source can be represented in the vector
form. Then, the global vector which represents the
global sound image on the multi-channel layout can
be evaluated by simple vector manipulation of the
Using the wvirtual source
vectors and the global source vector, logic for

channel enhancing system has been devised.

virtual source vectors.

The logic of channel enhancing system consists of
two steps. The first step modifies channel powers to
improve the degree of inter channel separation in
passive decoded signals. The second step enhances
the localization of the perceived global sound image
by redistributing channel powers on the basis of
global vector. The channels close to global vector
position are enhanced by means of a sound image
enhancing function and the channels far from global
vector position are reduced. Using the two steps, the
global

Therefore, the listener can get a good perception of

sound image is localized more clearly.
the dynamic effects of moving source. Also adequate
inter channel separation is maintained with the

proposed method.

II.

= =

1. Virtual Source Location Information

Estimation

The VSLI is azimuth information which represents
the geometric spatial information between power
The cue (VSLD) is extracted under the
assumption that the playback layout of multi-channel
is fixed as illustrated in Fig. 1.
Inter-channel power vectors form a spatial audio
image between adjacent speakers. There are five
possible number of the existing spatial sound image
denoted as vsl, -, vsd in Fig. 1. One spatial image

vectors.

loudspeakers
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Fig. 1.
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Playback loudspeaker layout.

can be represented by one azimuth information and
one power information of corresponding spatial sound
Image.

To evaluate the angle information of a spatial

image, the power panning law> 8

is employed. To
evaluate the level information, well-known vector
manipulation method is employed.

For example, the level mformation L,i at time k in

channel ¢ and L;™! at time k in channel i+ 1 are

derived from windowed representation of audio input
signal as shown in Fig. 2. To estimate the power
vector of a spatial sound image between channels,
not only the level information, but also the angle
The
angle estimation with these two level information

between adjacent channels is indispensable.
{Li, L}*"} of two adjacent channels is performed

with the help of power pamming law.

Channel i A

Channel i+1

»
>

Signal Level

Signal Level

= > —>
Time Index (k) Time Index (k)
a3l 2. AlZH koM Limt LiTlel 3 e
Fig. 2. Level information Z; and L;*' at time index

k.
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To apply the power panning law inversely, the
level information of channel i and channel i+ 1 need
to be normalized.
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Then, the power panning law is applied inversely
to the normalized adjacent channel gains at time

i+ 1

{gk, 9i" '} for azimuth information.

02“‘1 (3)

= arccos (g})

i+1

i+ 1 .
0:' "' = arcsin(g},

4

The evaluated azimuth information (3) or (4) is a
relative angle gauged from channel ¢ or channel
i-+1. Therefore, the location information (angle) of
virtual source between channel i and channel i+ 1
is evaluated by applying the angle coordinates of
and chammel i+4+1 to the azimuth
3 (4). The proper
information is estimated by the following equation
(5). 8, means the angle coordinate of channel i and

8,4, means that of channel i 4 1.

channel ¢

mformation or location

8,, =@+ x %)x 0,,,-6,)+86, 5)
The estimated angle value is found to be valid for
just one frame k between channel 7 and channel
i+ 1. Therefore, angle values must be updated in a
_time index with 512 samples.

2. Virtual Source Location Information
Estimation based Matrix Decoding System

A. System overview

Fig. 3 shows VSLI based matrix decoding system
block diagram. The proposed matrix decoding system
is composed of 4 discrete blocks. The first block,

Mg 89 AX| Y2E 0|8% 58 HEHA )3H
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Fig. 3. VSLI based matrix decoding system block
diagram.

“Passive Matrix Decoder” block, performs pseudo
inverse matrixing to extract crude multi-channel
outputs from the matrix encoded stereo inputs.
Section 2B covers more detail scheme about.

The second block, “Global power vector evaluator”
decides the global vector which is related to the
perceived main sound source image. This block is
composed of “Channel power vector evaluator” and
“Virtual source power vector estimator”.

The first sub-block, “Channel
evaluator”, makes multi-channel
corresponding to playback layout using every channel
level information at certain time interval and the
angular information of the layout and the second
sub-block, “Virtual source power vector estimator”
estimates inter-channel virtual source power vector.
For the estimation channel power vectors are used as
the input information and VSLI introduced in section
1 is used as the evaluation tool. Section 2.C covers
more detailed description about this block set.

The third block, “Channel selector for enhancing &
reducing”, decides channels to be enhanced or to be
reduced by the location information (angle) of global
power vector.

The forth block, “Logic for channel power
re~distribution”, adjusts the whole charnmel powers
based on the angle difference between global vector
and a specific channel power vector. This block also

power vector
power vectors

increases the channel separation ratio by filtering
each channel output with nonlinear function.
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B. Passive Matrix Decoding

The M,
multi-channel audio signals to stereo (Lt/Rt) signals
can be expressed by equation (6). Theoretically, the
decoding matrix, N, to upmix the matrix-encoded
stereo signals to multi-channel audio signals is the
inverse of equation (6). Since the encoding matrix,
M, is under determined system, the inverse of the
encoding matrix, A4, is usually not specified by
Therefore, the
inverse of encoding matrix should be evaluated by

Moore-Penrose generalized inverse!”

encoding matrix, to  down-mix

normal matrix inversion process.

. It can be
expressed by equation (7). However, the inversed
matrix is not an optimal version of decoding solution.
This matrix should be refined by input stream
dependent channel power enhancing algorithm to
enhance the output channel separation and to give
listeners better multi-channel sound images.

L
L , R
[Rt}z [2122 23 24 Zs} | C
t 1Y2 V3 Yq Y5 SL (6)
SR
_ | %t a3 04 G4
- bl 62 b3 b4 ‘65
N=MTxMxMH ' =mM"" ™
C. Global vector estimation
In proposed matrix decoding system, channel
power enhancing logic and channel power

re—distribution logic are devised not only for the
better channel separation but also for guaranteeing
good moving source effect. To utilize these two
logics, global vector which can be approximated to
the main perceived sound source vector should be
evaluated. The global vector is evaluated by vector
manipulation of the virtual source vectors as
illustrated in Fig. 4. As explained in section 2, the
virtual source vectors can be determined by inverse
power panning law. The equation for global vector
estimation is as follows.

(5100
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Fig. 4. Virual source vector & Global vector estimation.
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Therefore, the power information of perceived main
sound source can be represented by equation (9) and
the location information (angle) of perceived main
sound source can be represented by equation (10).

As explained above, the global vector can be
assumed to be an approximation of the perceived
sound source vector® &%, The power of global vector
can be thought as the power (loudness) of perceived
sound image and the angle of global vector can be
considered as the absolute location of perceived sound
image on the playback layout system.

N
|Gol=1|Y vs; 9)
i=1
N
L Gu= LY us; (10)

i=1

D. Channel power enhancing

Estimating the power and the angle of global
vector, channels for enhancing or reducing are
determined to adjust the whole channel power
according to the global vector in a each time
window. For example, if the estimated global vector

lies in the region between center channel and left
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channel as depicted in Fig. 4, the channel power
re-distribution function, f(#), re-distribute overall
gains of the whole channels with respect to the angle
difference between a specific channel and global
vector to enhance the level of center channel and left
channel and to reduce the levels of surround
channels. The channel power re-distribution function
is defined by nonlinear combination of trigonometrical
functions (11).

f(0,)=a ¢ cos™,+b e+ sin™,, an

-

O =4 Gv— £ Chf (12)

In equation (11), @ is defined by the angular
difference between a specific channel (Ch;) and
global vector (Gv) as shown in eguation (12). Ch,
means position vector of each channel such as
RG=1), L(Gi=2), cCG=3), SLii=4),
SR(i=5) on the standard ITU-R recommendation

BS.775-1"%, Therefore, < Ch, returns % as shown

in fig. 4. The constants, a, b, n, and m, are integer
values which are chosen to stabilize the perceived
sound images. To guarantee a good channel
separation, each channel power is stretched by
nonlinear equation (13). In eguation (13), the constant
k is a positive integer vale. Both ¢ and d are
values between 0 and 1. P is the sum of the whole
channel power,

z ek ) (¢« P<z?)
_ 10« (5—d)
gla)=1, . p" P (de P<z*<cs P)
x (z2<d- P)

(13)

By combining equation (11) and equation (13),
channel power enhancing logic i3 determined as
shown in equation (14).

Enhanced_Ch, = f(0 Oh,-) » glabs(Ch,)) (14)

With this signal adaptive method, 5 channel signals
are updated in every 512 sample.

HI. Experiment

To evaluate objective performance of the proposed
method, the channel separation rate was measured by
matrix encoded stream which is composed of sine
singal in left channel and zeros in other channels
with following coefficients. a=1, b=0, ¢=0.3, d=0.2, k=2,
n=3, m=0. As shown in Table 1, minimum channel
separation rate is 36dB which is betier than that of
prologic II/Ilx. Most sound images evaluated by (8)
are concentrated in frontal sound stage. This means
that the enhancing function (14) enhances front
channels better than rear channels. This is the reason
why the rear channel separation rate is not improved
even though the center channel separation rate is
improved.

Subjective assessment was performed to evaluate
the preference of the listeners. For the subjective
assessment, down-mixed muiti-channel sound track
contents from 5 DVD titles in Table 2 were used as
the test materials.

The blind triple-stimulus test™! was adopted as a
perceptual preference test to grade the perceived
quality difference. .

The test materials decoded by proposed method
and those decoded by prologic II/Iix were labeled
“T1” and “T2” respectively. The listening panels

E 1. DPLISH Y Be2lE dRE
Table 1. Channel separation rate comparison with DPLII.
Proposed Prologic II/1Ix
R o 0
C 36dB 32dB
Ls 44dB 46dB
Rs o o)
B 2 H2g 33
Table 2. Test materials.
A Gladiator
B Matrix
C Pearl Harbor
D Star Wars
E Saving Private Ryan
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Subjective asseesment result

Grade

Average

g 5 FHEI 2
Fg. 5. Subjective assessment result.

were requested to choose one of the seven grades
{(+3 to -3) from the point of the perceived
multi-channel moving sound effect.

As shown in Fig. 5, the proposed method induced
a better moving sound effect for the listeners than
prologic I/IIx. The average mean of the five test
sequences was 1.98 and the standard deviation of all
test sequences was 0.64.

IV. Conclusion

The proposed matrix decoder in this paper is
devised based on sound image perception
multi-channel layout. The dominant sound image

in

perceived by listeners in multi-channel layout is
estimated by global vector which is formed by virtual
source vectors. With the power information and the
angle information of this dominant global vector,
every channel power is re-distributed to enhance the
dominant sound images. The enhanced dominant
sound source gives listeners better sound images
specially in case of moving source. To ephance
channel rate, nonlinear filter with
trigonometric function is used for the all channels. By
combining  these

separation

nonlinear fiter and channel
re-distribution function with pre-defined up-mixer,
both channel separation rate and moving sound

perception are improved.

(512}
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