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ABSTRACT to predict the loudness and the amount of forward mask-

. : _ing. Next, we combine the forward masking model and
This paper presents a new forward masking model for per the frequency masking model in the MPEG layer Ill audio

ceptual audio coding. This model exploits adaptation of the coding scheme [3] by constructing a masking plane in the

eripheral sensory and neural elements in the auditory sys- . :
perip Y y sy frequency-time space. Therefore, more accurate masking

tem, which is often deemed as the cause of forward maSk-effect can be modeled and the optimal bit allocation can be
ing. Nonlinearity of the ear is modeled by a nonlinear ana- achieved under fixed bit rates Igoth subiective and obiec-
log circuit with difference equations. We incorporate this ' ) )

model in the MPEG Layer Il audio coding scheme and con- tive measurements of.sound. quality are performed i'n our
struct a masking plane in the frequency-time space. With e;( pzrlme;tz. Udn.der. f|xe|d' bg ratesh thehsour:cd hquall'ty. Ofl
some extra computations, the new audio coding scheme ca|I\ e decoded audio signal is better than that of the origina
improve the sound quality of the decoded audio signals. MPEG-Layer lll scheme.

In our experiments, subjective and objective sound quality

measurements show that, to achieve the same reconstructed 2. FORWARD MASKING MODEL
sound quality, the new scheme requires 12% to 23% less o .
bits than the original MPEG Layer Il scheme. The amount of forward masking is strongly influenced by

the signals in the previous frames. Energy of the previous
frames may remain in the basilar membrane of the cochlea.
This is often regarded as the cause of forward masking in
psychoacoustics. Furthermore, the amount of the remain-
ing energy in the basilar membrane is related to the for-

ward masking level. As a result, the forward masking level

changes with masker duration in such a way that masking
level decreases more rapidly for shorter masker impulses
and more slowly for longer masker impulses. The masker-
dependent forward masking effect reveals the fact that the
auditory system is not a linear system with simple time con-

stants.

We now propose a perceptual audio scheme thatincludes
the forward masking effect, as shown in Figure 1. This
masking model depends not only on the present signal frame
but also on the previous frames. To determine the final
mmasking level for encoding, one computes the maximum of

[4] and spiking phenomenon of the neural elements in the he f i he f Ki foll
ears [5]. Because the RC circuits are time-dependent, the);[ e frequency masking and the forward masking as follows

are often used to model the tempor.al effects in psychoa-j7 (¢, f) = maz{M(t, f), M(t—At, f)-exp 2/ (TN}

coustics. As a result, forward masking effect can also be

modeled by an electronic circuit. where M (¢, f) is the final masking level for coding con-
In this paper, we first adopt a psychoacoustic model straints. M(t, f) is the masking level computed from the

to formulate the forward masking of the human auditory frequency masking modelAt is the time difference be-

system. We use an analog circuit model proposed in [7] tween frames.(f) are the maximum decaying time con-

1. INTRODUCTION

Audio signal compression has found application in many
systems, such as multimedia signal coding and high qual-
ity audio transmission and storage. Because of the limited
bandwidth of transmission or storage, encoding the audio
signal with the minimum perceived loss of sound quality at
a limited and fixed bit rate becomes an important issue. As
a result, several perceptual audio coding algorithms exploit
the masking effects of the auditory system to reduce the bit
rate by keeping the quantization error below the just-notice
distortion (JND) [1]. The AC-3 audio coding scheme fur-
ther includes forward masking effect by adaptively adjust-
ing the filter banks [2]. Besides, many RC circuit models



stants of different critical bands [6]V is the total loud-  when the remaining energy saturates in the basilar mem-
ness level in psychoacoustics, which has close relation tobrane. Consequently, the time constant in each critical band
the masker duration and decaying time constant in forwardis maximum. The values of the resistors and capacitors are
masking [7]. NV is limited between 1 and 0. WheN is 1, designed to match the phenomena that the forward masking
the energy in the basilar membrane saturates and each baneffect saturates when the masker signal is longer than 200
has maximum decaying constant. WhEns 0, thereisno  ms [7][8].

signal energy from the previous frames and thus no forward
masking effect.

To model the nonlinearity of the auditory system, we

use the analog circuit in Figure 2 to estimate the amountthe computation complexity of the forward masking model

of forward masking. V is the sum of the output specific 5 |ower than that of the frequency masking model. The
loudnessV, in each critical band, which is the output of the - -, tation complexity of each function in the psychoa-
analog circuit in Figure 2. The inpw¥, of the circuitisthe .4 ,stic model is listed in Table 1. Itis clear that the compu-
specific Ioudngss of the.present frame, which is calculated;;tinn overhead of the forward masking process is quite lim-
from the following equation [4] ited and almost negligible. This table does not include the
computations of the MDCT, bit allocation algorithm, scalar

quantization and Huffman coding. If they are included, the
computation overhead of the forward masking effect will be
even smaller.

3. COMPUTATION COMPLEXITY

N, = 0.08(E7/Ep)*?*[(0.5 + 0.5 E/Er)®?* —1].

We can get excitation levell by convolving the spectrum
energy with the spreading function. This equation trans-
forms the external physical energy values to the internal
loudness values [4]. The non-linear RC circuitin Figure 2 is 4. SUBJECTIVE AND OBJECTIVE SOUND
used to find the output specific loudné€sin each critical QUALITY MEASUREMENTS
band. To use the model in a digital system, we convert the
differential equations to the difference equations as follows. We collected ten mono audio items, which are listed in Ta-
ble 2, from the compact discs with 44.1 kHz sampling rate
I N, — N,* and 16-bit resolution. The ten audio items are coded and
" R,, '’ decoded by the MPEG Layer Il coding scheme with and
without the forward masking model. To rate the quality in

whereR,,, is on resistance of diode1. different bit rates, we used 80, 64, 56, 48, 40, and 32 kbps

If I, <0.0, as defined in MPEG layer Ill standard.
I, =0.0. We conducted the mean opinion score (MOS) listening
If N* > V* test as subjective assessment of sound quality. Ten subjects
listened to random listed sound segments using headphones
N I, +C2-V*/(At+C2-R2)+ C1- N, /At in a quiet office environment and gave a 5-point MOS rating
° 1/R1+ C2/(At+C2-R2)+ C1/At for each segment.
Moreover, we used the perceptual audio quality mea-
and surement (PAQM) in [9] as the objective assessment of the

sound quality. This method measures the quality of an audio
codec by mapping the input and output of the audio codec
from the physical signal representation onto a psychoacous-
I, + (C1+C2) - V*/At tic representation. This .mapping enables .quantification of
R+ (C1+ CD/AL pgrceptua} degradathn mtrodyced by audio godecs. From
this mapping, the subject quality can be predicted to a cer-
whereV* andN,* are the respective voltages of the previ- tain extent. This method can measure the sound quality in
ous frame with frame time differencest. In the RC circuit, different time points of each sound segment. More nega-
the increase in masker duration corresponds to storing mordive value of noise disturbance in PAQM means better sound
charges into the capacitors through a diode and a resistorquality. Figure 3 shows the noise disturbance variation of
Therefore, if the capacitors are charged with a longer im- the signals encoded in 48 kbps bit rate. The result shows
pulse, the output specific loudness will be larger. Then,  that the signal encoded with the forward masking model has
the decaying time constant will become larger. On the con-better sound quality than that encoded without the forward
trary, if the impulse is short, the output of the circuit will be masking model.
smaller. Then, the decaying constant will be smaller. The  The maximum of the frequency and the forward mask-
diode here is used to limit the charges into the capacitorsing level is utilized as the masking threshold for encoding.

V = N,*-At/(At+R2-C2)+V*-C2-R2/(At+C2-R2),

else
V=N,=




An interesting issue is to examine which of these two is
the more dominant effect. Supposed a sound segment as
shown in Figure 4 (a) is encoded using the proposed mask-
ing scheme. In Figure 4 (b), the white areas correspond to
dominance of the forward masking and the black areas cor-
respond to dominance of the frequency masking. One sees
that the forward masking makes up a significant portion of
the whole frequency-time space, which explains why the
proposed scheme is effective in reducing bit rate and im-
proving sound quality. The final results of the MOS scale
and the mean PAQM measurements are depicted in Figure
5 (a) and (b). The same audio quality can be maintained
with 12% and 23% less bits in subjective and objective mea-
surements respectively when the forward masking model is
included in the MPEG Layer Il audio coding scheme.

5. CONCLUSION
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. ] Table 1. Computation complexity of the psychoacoustic
In this paper, a forward masking model was proposed andmqdel: First eight functions are frequency masking com-

incorporated into the standard perceptual audio coding SCheBlﬁations. Last three functions are forward masking com-
This model exploits the forward masking effect with dy- putations.

namic adaptation of the auditory system. The sound qual-

ity measurements of subjective MOS and objective PAQM

show that the decoded audio segments have better sour

quality than the original audio coding scheme. Further-
more, the overhead in computation complexity is almost

negligible. Therefore, we believe that the new audio cod-

ing scheme forms a solid foundation for future audio coding
technology.
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Figure 1: Block diagram of the MPEG layer |1l audio coder

with the forward masking model.
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Figure 2: Circuit model of the forward masking effect.

'08 T T T T
R layer Il =—
layer Il with Forward Masking +-

o -1.2

=

©-14

2

2-16 7

2

[a] :

o181

o -2.0 A\

= e !
22t + 3 A 4
2.4 | | | | | |

0 10 20 30 40 50 60
Frames

30000

20000
‘ |
b
[ ‘
0 \|‘.M|'m||\||||‘ h!li!'l |1| .\||‘|| wi||!. IH I!Hilh“illli'llil I \“HW \ ‘ ” |‘|
| |
e [ T ORI
-20000
-30000 | | | | |
0 20000 40000 60000 80000 100000
(sample)
(@)

It 1, "‘

g Wl““l :Ml‘

Critical band

,il. :ﬁ.::i!,%ﬁy "H!| i |

0 20000 400

I m

i
I'HJ.] ‘lﬁ'%ulin'\; ‘nh'l" "”ﬂ

60000

’ M

80000 100000
(sample)

(b)

Figure 4: (a) the original sound, and (b) the dominance pat-
tern in the frequency-time space: frequency masking effect
(black) and forward masking effect (white).
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Figure 3: Noise disturbance of decoded audio signals using

the MPEG layer 1l standard with and without the forward Figure 5: (a) MOS score vs.

masking model.

bance vs. bit rate.
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