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Abstract - When applying the Dolby AC-3 coder 
for the stereo music compression, the coupling scheme 
that combines the two channels stereo audio signals in 
high frequency into one channel is the key technology 
for the Dolby AC-3 to achieve the bit rates lower than 
96x2 kbitdsec while preserving high stereo audio 
quality. This paper proposes four coupling methods 
for the AC-3 encoder. These four methods vary with 
the complexity and performance. These four methods 
are compared through both subjective and objective 
tests. These four coupling methods are also combined 
with the dithering scheme and examined through 
subjective and objective tests. The result shows that 
the dithering scheme can effectively ease the coupling 
artifacts and enhance the audio quality. 

1. INTRODUCTION 

HE coupling scheme, which applies the low 
perceptual sensitivity of the stereo signals in high 

frequency to audio compression, is the key technology to 
achieve near transparent quality at the bit rates below 
96x2 kbitslsec. The principle of the coupling scheme is 
derived from the stereo irrelevancy from the auditory 
systems. The stereo irrelevancy expresses that the ability 
of the human auditory system to resolve the exact location 
of audio sources decreases with frequency. As stated in 
[2] and [3], the localization of the stereophonic image for 
the frequencies above 2 kHz is determined by the signal 
envelope instead of the signal fine structures. Following 
the stereo irrelevancy, the AC-3 coder has developed the 
coupling scheme to achieve efficient compression. 
However, the standard draft [ 1 ] illustrates the decoupling 
process for the decoder and leaves unmentioned the 
coupling process for the encoder. This paper proposes 
and compares four coupling methods for the coupling 
process of the AC-3 encoder. 

Fig. 1 illustrates the block diagram for the coupling 

process in the Dolby AC-3. The audio sequences in 
stereo signal pairs are individually transformed into 
spectral lines and grouped into vectors referred to as the 
coupling bands. Fig. 1 shows the coupling process for 
one band corresponding to the same frequency range in a 
stereo signal pair. The bands from the left and the right 
channels are coupled through the coupling block in Fig. 1. 
The coupling process produces four outputs: the coupling 
vector or band Cband, the two coordinate values (SL, s d  
and a phase flag p .  The coupling band Cband is 
quantized and packed into the AC-3 bit stream. In this 
manner, the bands from the left and the right channels 
have been reduced into one band to achieve data reduction. 
The decoder multiplies the left coordinate (or the right 
coordinate with negative if the phase flag is on) with the 
coupling band to reconstruct the left band (or right band). 
For the coupling process, the design criterion for the 
encoder is to provide appropriately the four coupling 
information such that the stereo signal bands can be 
reconstructed with good listening quality. 

I 
L r 

I 
Fig. 1 Block diagram of the coupling process in a coupling band 
of the Dolby AC-3 codec 

As mentioned above, the sensitivity of the stereophonic 
image for the frequencies above 2 kHz is determined by 
the signal envelope instead of the signal fine structures. 
The coupling scheme in AC-3 keeps the audio contents 
through the coupling band Cband, and preserves the 
envelope through the two coordinates (SL, SR). Since the 
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two bands have been reduced to one coupling band, it is 
impossible to reconstruct without loss the original two 
bands from the single band. Hence the design objective of 
the coupling is to keep envelope of the two bands through 
the coupling coordinates and minimizes the loss of the 
audio content through the coupling band. The coupling 
scheme is similar to the intensity coding in MPEG-112 
audio coding. We have applied the Karhuner-Loeve 
transform to the intensity scheme to achieve the above 
objective [4]. The AC-3 has a higher potential to achieve 
a better performance than the intensity stereo in MPEG 
because of the two additional options: the phase flag and 
the dithering scheme. On these potential, this paper 
proposes four coupling methods for the AC-3. Section 
I11 gives the subjective and objective comparison for these 
four methods. 

II. FOUR PROPOSED COUPLING METHODS 

We developed four methods for the coupling scheme. 
These four methods differ in the complexity and the 
associated fidelity concepts as illustrated in Fig. 2-Fig. 5.  
Considering the SUM algorithm in Fig. 2, the coupling 
vector Cband is evaluated by summing the band signals 
Rband and Lband in the left and the right channels. For 
energy preservation, the two coordinate values (SL, sR) are 
calculated from the square root of the energy ratio for the 
Rband and Cband, and the ratio Lband and Cband. The 
phase flag P is fixed to be 0 in this method. The detailed 
algorithm of the SUM algorithm is illustrated as follows: 

Encoding process for the SUM algorithm 
1. The phase Jag evaluation process 

Pband'O. 
2. The summation process 

Cband"L band+Rband 
3. The coordinates evaluation process 

~L=Energy(Lband, O. 5/Energy(Cband,o. 
sR=Energy(Rband,O. 5/Energv(Cband)o* 

where 
Energy ( s,,,~, = C SE," 

hm in hmd 

(1) 

For the NORM-SUM algorithm in Fig. 3, the coupling 
vector Cband is calculated by summing the energy- 
normalized signals Rband/Energy(Rband,0.5, Lband 
E ~ ~ e r g y ( L b a n d ) ~ . ~ .  The two coordinate values (SL, sR) 
and the phase flag p are decided in the same way as the 
SUM algorithm. The NOM-SUM algorithm indicates 
that the larger value of L or R will not dominate during the 
summation process as the SUM algorithm. The detailed 
algorithm of the NORIv-SUM algorithm is illustrated as 
follows: 

Encoding process for the NOM-SUM algorithm 
1. The phase Jag evaluation process 

2. The summation process 
Pband' 0. 

Cband' 
LbandEnerD(Lband, O. +RbandEnerdRband O. 

~L=Energy(Lband,O. 5/Energy(Cb~nd, O. 
~R=Energy(Rband) O. 5/Energy(Cband) O. 
where Energy(Sband, is deJned in (1). 

3. The coordinates evaluation process 

The KLT-MSE algorithm in Fig. 4 directly applies the 
Karhuner-Loeve (KL) transform to the coupling process in 
AC-3. The KL transform and the inverse KLT for N=2 
can be viewed as the rotation matrix 

(2) 

where L and R are signals of the left and right channels, 
and I and E are transformed intensity and error channel. 
The rotation angle a for the KL transform can be 
evaluated from 

(3) 

where CII and C,, are the autocorrelation coefficients of the 
left and the right channels. C,, is the cross-correlation 
coefficient of the left and the right channels. In least 
mean square error sense between decoded signals and 
input signals, the error channel is ignored and the KLT 
matrix becomes 

(4) 
From (4), the coordinates of left and right channels for the 
KLT-MSE algorithm are cosa and sina, and the coupling 
vector can be obtained by LbandCOSa + RbandSindc. In 
order to embed into the AC-3, the coordinates in AC-3 
allow only positive values. Thus, by the phase modifier 
flag p ,  the coordinates of left and right channels and the 
coupling vector are changed to cosa, sina(-Iy and 
LbandCOS a+Rbandsin a(- l)p.  From above, the 
KLT-MSE algorithm ensures the least mean square error 
of the original coupling vector and decoded coupling 
vector even the signals of the left and the right channels 
are negatively correlated. The detailed KLT-MSE 
algorithm is demonstrated as follows: 
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Encoding process for the KLTMSE algorithm 
I .  The rotation angle evaluation process 

The rotation angle U is defined in (2). 
2. The phase Jag evaluation process 

P={ 0 otherwise 
3. The summation process 

Cband'LbandCOSa+RbandSin~(-I)P. 
4. The coordinotes evaluation process 

I if sin(@ < 0 

sL=cosa 
SR=SinU(-I)P. 

For the KLT-ENG algorithm in Fig. 5 ,  a compromise 
between the SUM and K L T M S E  algorithm is considered. 
The two coordinate values (SL, sR) are decided from the 
square root of the energy ratio for the and cband, 
and the energy ratio for Lband and Cband. The detailed 
algorithm of the KLT-ENG algorithm is shown as 
follows: 

Encoding process for the KLT ENG algorithm 
I^ - - 

The rotation angle evaluation process 
The rotation angle U is defined in (2). 
The phase Jag evaluation process 

P={ 0 otherwise 
The summation process 
Cband=LbandCoSU+RbandSina(-I)P. 
The coordinates evaluation process 
sL=Energy(Lb,d)O. 5/EnergY(Cband)o. 
sR =Energy(Rband) O. 5/,%ergy(Cband) o. 
where Energy(Sband) is defined in (1). 

1 if sin( a) < 0 

Among them, the methods in Fig. 4 and Fig. 5 are 
developed based on the KL transform. The KLT can 
minimize the square-errors during the coupling of two 
bands into one band. However, the KLT also leads to 
higher complexity than the other two methods. 

i I Cband= b a n d  + Rband 1 

0 .;.e. .) 
I _ _ _ _ _ _ _ _ _ _ _ _ - _ _ - _ _ _ _ _ _ _ _ )  

Fig. 2 The SUM algorithm for the coupling process 

I I I  
I 

I _ _ - _ _ _ _ _ _ _ _ _ _ - _ _ _ - _ _ _ _ _ _ f  

Fig. 3 The NOM-SUM algorithm for the coupling process 

SR=Energy(Rband)0.5 
/Energ~(C,,,d)~.~ 

Fig. 5 The KET-ENG algorithm for the coupling process 

111. EXPERIMENTS ON THE COUPLING 
METHODS 

The performances of the four coupling methods are 
compared through objective tests and subjective tests. A 
total of nine 20 sec stereo audio songs including vocal, 
symphony, piano and so on are taken as the materials for 
testing. The detailed descriptions of the test materials are 
listed in Table I .  The objective measure is verified by the 
segmental noise-to-masking ratio (NMR) value defined by 
averaging the NMR values in each coupling band in each 
frame as 

1 1  
NMRTe,, = ,c(gcsmf,h -Smt ,h  

f h  

where the SMR stands for the signal-to-masking ratio in 
dB, the SNR for the signal-to-noise ratio in dB, F for the 
total audio frames, f for  the frame number, B for the total 
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coupling bands, and b for the coupling band number. 
Negative values of the NMRsgg indicate that the noise of 
the coded signal is inaudible, and larger negative values of 
NMRSeg indicate the noise may be more inaudible. The 
coupling scheme is performed in the range of 3.14 KHz to 
12.45 KHz. The coupling methods are performed under 
high bit rate and the exponents are transmitted with D15 
mode for six times in a frame. Table 2 illustrates the 
testing results. The results indicate that the KLT-MSE 
and KLT-ENG algorithm can have better NMRseg values 
than the SUM and NORM-SUM algorithm. The SUM 
and NORM-SUM algorithms cause coupling artifacts and 
poor NMRSeg values due to signal cancellation when 
Lband and Rband are negatively correlated. We further 
consider the encoding for the bit rate at 128 kbitsls and the 
exponents strategy D15 is transmitted once per frame. 
The test results are summarized in Table 3 which indicates 
the order of the performance being the KLT-MSE, 
KLT-ENG, SUM and NORM-SUM algorithm. 

In the subjective test under the critical bit rate at 128 
kbitds, the same test materials in Table 1 are evaluated. 
The results of the listening test show the order of the 
quality performance of the four coupling methods is the 
KLT-ENG, SUM, NOM-SUM, KLT-MSE algorithm. 
Although the excellent performance of the objective test, 
the KLT-MSE algorithm gives poor subjective 
performance due to some ringing noise. The noise may 
be due to the discontinuous coordinates across different 
bands in the KLT-MSE algorithm. To sum up, the 
KLT-ENG algorithm gives high performances on both 
objective and subjective tests because it takes the 
advantages from the KLT-MSE algorithm on the signal 
preservation and the SUM algorithm on the energy 
preservation. 

IV. DITHERING ON THE COUPLING BANDS 

In AC-3, dithering scheme is to add white noise to the 
coded bands in the decoding process. For low bit rate 
audio coding, quantization leads to the noises which are 
correlated with signals. Such a correlation is very 
sensitive for the human hearing systems. Especially, the 
coupling scheme can also lead to the artifacts as 
mentioned in last section. Dithering can reduce the 
artifacts from either the quantization or the coupling 
process. The four coupling methods presented in last 
section are examined through subjective tests when the 
dithering in AC-3 is applied. In our subjective listening 
test for the SUM and NORM-SUM algorithm, the 
dithering can significantly reduce the coupling noise. As 
a result, the quality from the KLT-ENG, SUM, and 
NORM-SUM algorithm become indistinguishable when 
the dithering is applied. 

V. CONCLUDING REMARKS 

In this paper, four coupling methods for the AC-3 
encoder have been introduced. These four methods vary 
with the complexity and performance. Both subjective and 
objective tests have been conducted and demonstrated the 
performance of the KLT-ENG algorithm is better than 
other algorithms. We have also demonstrated that the 
dithering scheme gives great improvement on the quality 
of the coupling methods. With the dithering scheme, the 
performance of the four coupling methods is similar and 
the algorithm with low complexity will be more essential. 
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Test song !Description 
Svmuhonv 1The Choral svmuhonv Choral uart) I 

IPiano IPure and clear piano I 
Violin 
Flute h e a r  flute sound I ]Violin playing from low to high frequency 

lwoman lpure woman vocal sona I 
IPure pipe sound I 

man lMan vocal song; country music song 
Violoncello bfioloncello sound in low freauencv I 

rDGmp IPure DiPe sound 8, sudden and loud drum I 
~~ 

Table 1 Testing audio segments and their descriptions 

rithms 1 SUM ]NORM-SUM IKLT-MSE (KLT-ENG 
]left (rightlleft ]right lleft Irightlleft (right 

Table 2 NMRSeg values for the four proposed coupling methods 
under high bit rate with D15 mode 6 times per frame 
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Table 3 NMRSeg values for the four proposed coupling methods 
under the bit rate of 128 kbits/sec with D15 mode once per frame 
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