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ABSTRACT

A fully scalable audio coding structure based on a novel com-
bination of the non-core MPEG-4 scalable lossless audio cod-
ing (SLS), the state-of-the-art psychoacoustic model, joint stereo
coding and the perceptually prioritized bit-plane coding is
presented in this paper. The psychoacoustic information is
implicitly embedded in the scalable bitstream with negligi-
ble amount of side information and trivial modi cation to the
standardized SLS decoder. Results of extensive evaluation
show that the subjective quality of scalable audio is improved
signi cantly.

Index Terms— Audio coding, Joint stereo coding, Bit-
plane coding.

1. INTRODUCTION

Scalable audio coding allows an encoder to compress data at a
high/lossless bitrate and a receiver to decode the compressed
signal at different delity levels according to the speci c ap-
plications and user context requirements as well as available
device capabilities. This scalability is very important for the
co- and inter-operability of today’s myriad of multimedia ap-
plications spanning across various media platforms includ-
ing cell phone networks, computer networks and broadcasting
networks where each one generally requires a different range
of coding bitrate.
MPEG-4 scalable lossless (SLS) coding was released as a

standard audio coding tool in June 2006. It allows the scaling
up of a perceptually coded representation such as MPEG-4
advanced audio coding (AAC) [1] to a lossless representation
with a wide range of intermediate bitrate representations. For
some cases where full scalability or near-full scalability are
desired, a non-core mode of SLS is available where only the
enhancement layers are presented. The general structure of
non-core SLS encoder is shown in Fig. 1. The input audio
in integer PCM format is losslessly transformed into the fre-
quency domain by using the integer modi ed discrete cosine
transform (IntMDCT) [2]. The spectrum is then coded using
bit-plane golomb code (BPGC) [3] combined with context-
based arithmetic coding (CBAC) and low energy mode coding
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Fig. 1. Structure of SLS non-core encoder and decoder.

(LEMC) [4] to generate the scalable bitstream. More details
of the SLS can be found in [5][6].
Due to the lack of perceptual coder, the audio quality

delivered by non-core SLS at common lossy bitrate is far
worse than the quality delivered by the state-of-the-art per-
ceptual audio coders (such as AAC) at the same bitrate. A
low-complexity enhancement design on the bit-plane coding
of non-core SLS is proposed in [7]. By using as little as one
bit per frame of the side information, the bit-plane coding or-
der is switched according the energy distribution in different
regions of the spectrum. Besides the signal energy, no ac-
tual “perceptual information” such as the state-of-the-art psy-
choacoustic mask is applied in the enhancement. The results
show that this method has successfully enhanced the percep-
tual quality for most of the test sequences by different lev-
els. The advantages of this design include the extremely low
complexity and waiver of signi cant change on the bitstream
structure. However, the quality enhancement is thus limited
without adopting the psychoacoustic information.
In this paper, a more complicated enhancement scheme

with psychoacoustic model is proposed. An important fea-
ture of this structure is that the added complexity only dis-
tributes to the encoder side, where the extra side information
amount and the decoder structure remain the same as the pre-
vious scheme in [7]. This is achieved by implicitly embed-
ding the psychoacoustic information in the scalable coding
process. The detailed proposed structure is described in the
next section, with the elaboration on the two main compo-
nents: the bitrate allocation to the stereo channels and the
spectrum division for bit-plane coding. The performance of
the truncated audio at different bitrates are evaluated in Sec-
tion 3 and in Section 4 the conclusions are given accordingly.
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Fig. 2. Structure of enhanced SLS non-core encoder and decoder with embedded psychoacoustic model.

2. SLS NON-CORE STRUCTUREWITH EMBEDDED
PSYCHOACOUSTIC MODEL

The proposed SLS non-core structure with embedded psy-
choacoustic model is depicted in Fig. 2, with the newly added
blocks highlighted with bold borders. Based on the signal to
mask ratio (SMR) calculated from the psychoacoustic model,
the bits available for each frame are allocated to the two chan-
nels, either M/S or L/R. Subsequently, the different regions of
the spectrum are sorted with perceptual priorities according to
the SMR. The bit-plane coding starts from the region with the
highest priority, followed by the regions with succeeding pri-
orities until the bits available are used up or the all the regions
are coded. The coding sequence of the spectrum regions are
coded as side info in the bitstream for the corresponding de-
coding process. The detailed procedures are elaborated in the
following two subsections.

2.1. Bitrate Allocation for Stereo Channels

As one of the most popular joint stereo encoding techniques,
mid/side (M/S) stereo coding is widely used in many audio
codecs such as MPEG-1 Layer 3 (MP3) [8] and MPEG-4 ad-
vanced audio coding (AAC) [1]. M/S coding transforms the
left (L) and right (R) channels into a mid (M) channel and a
side (S) channel. In SLS [6], M and S channels are computed
by an integer operation using Givens rotation

[
M
S

]
=

[
cos α − sin α
sin α cos α

] [
L
R

]

where α = −π/4. The Givens rotation can be factorized
using a lifting scheme [9] as shown in Fig. 3, where r is
de ned as a rounding operation r : R → Z. Re-arranging the
data into M and S channels usually results in a situation where
the M channel has much larger value than the S channel if the
L and R channels are highly correlated. In this case, the S
channel can then be accurately encoded using fewer bits and
more resources can then be employed ef ciently on the M
channel.
In the proposed structure, the algorithm in informative en-

coder of MPEG-4 AAC [1] is adopted to decide if M/S coding
is switched on. the masking thresholds of L and R channels
are rstly calculated using the psychoacoustic model. The
masking thresholds of M and S channels are then calculated
based on the basic thresholds of M/S which can be obtained
using the same model of L/R, together with masking level dif-
ference (MLD) [10]. By quantizing the channel coef cients
according to the thresholds, the M/S coding is switched on if
the number of bits actually required to code M/S is less than
the number of bits required to code L/R.
For each frame, the bits are evenly distributed to the L

and R channels if M/S coding is not switched on. Otherwise,
the bits are allocated to the M channel is computed propor-
tional to the perceptual weight (PW) which is similar as the
perceptual entropy [11]. Speci cally, the PW for a channel is
de ned as

PW =
I−1∑
i=0

[(
10 log10

Ei

Ti

)
· (Oi+1 − Oi)

]
(1)

where I is the total number of scalefactor bands (sfb) and Oi

is the offset spectrum line of the sfb i. Ei and T i are the signal
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Fig. 3. (a) Integer M/S (b) Inverse integer M/S.
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Fig. 4. Spectrum plot for one frame from haffner.wav.

energy and the masking threshold of sfb i, respectively. The
bits allocated to M channel is computed as

BM = B · PWM

PWM + PWS
(2)

where B is the total bits for the frame and BM is the bits
allocated to M channel. PWM and PWS are the PW of M
and S channels, respectively. The remaining bits of th e frame
are then allocated to the S channel.

2.2. Prioritized Bit-plane Coding

The concept of prioritized bit-plane coding implies a com-
bination of two procedures. Firstly, the different spectrum
regions of bit-planes are prioritized according to a certain cri-
teria. It is followed by a coding process that the priorities are
applied (to the non-lazy [3] bit-planes in SLS). The major dif-
ference between the structure proposed in this paper and the
previous one in [7] is that instead of considering the energy
distribution as the only criteria, the masking threshold is ap-
plied as well. The division algorithm of the regions is also
modi ed.
Fig. 4 shows the spectrum plot of one frame from an

audio sequence named “haffner” (48kHz/16bit). The mask-
ing threshold is computed using the psychoacoustic model in
MPEG-4 AAC reference encoder. In [7] it is shown that for
a spectrum with 49 sfbs, the last 5 sfbs (44 - 48) are always

assigned with the lowest priority as the coef cients in this re-
gion always fall into LEMC coding. This is also applied in
the current structure. The remaining sfbs from 0 - 43 are then
divided into N regions

R = {R0,R1, ...,Rn, ...,RN−1}, 2 ≤ N ≤ 44 (3)

where each regionRn contains sfbs start from Ôn to Ôn+1−1
with Ôn indicating the offset sfb of the region. The PWn for
Rn can be computed as

PWn =
Ôn+1−1∑

i=Ôn

[(
10 log10

Ei

Ti

)
· (Oi+1 − Oi)

]
(4)

R is then sorted according to the perceptual weights of the
regions by

P (Rn) > P (Rm) if
{

PWn > PWm, or
PWn = PWm & n < m

(5)

where P (Rn) indicates the perceptual priority of the region.
The bit-plane coding can then start from the region with the
highest priority, followed by the regions with the subsequent
priorities. A side information of �log2(N !)� bits/frame is
transmitted to indicate the sequence of decoding.
With the above general de nition, a simpler design is adopted

in the proposed structure. The N regions are further divided
into two groups

G0 = {R0,R1, ...,RK}, (6)
G1 = {RK+1,RK+2, ...,RN−1} (7)

where

PWK > 0,
N−1∑

n=K+1

PWn = 0 (8)

The bit-plane coding then takes the sequence that

1. The coding starts from the rst maximum bit plane (MSB)
till all the non-lazy bit-planes in R0 are nished. It
is then followed by R1,...,RK till all the non-lazy bit-
planes of regions in G0 are coded.

2. Apply the same coding manner as in 1 to G1.

3. Code the lazy bit-planes in G0, followed by G1.

4. Code the region of the last 5 sfbs by LEMC.

In this way, the side information to be coded is then reduced to
�log2 N� bits/frame. Another important issue of this design
is choosing the values for parameters including N and the
boundary position of each region. Through the training of
a large database of audio sequences, the optimized value of
N is xed at 4 and the region boundaries are xed at Ô1 =
18, Ô2 = 24 and Ô3 = 31 in our implementation.
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Table 1. Test items for MPEG-4 SLS (48kHz/16bit stereo)
no. Items (.wav) no. Items (.wav) no. Items (.wav)
1 avemaria 6 cymbal 11 haffner
2 blackandtan 7 dcymbals 12 mfv
3 broadway 8 etude 13 unfo
4 cherokee 9 ute 14 violin
5 clarinet 10 fouronsix 15 waltz

64 96 128 192 256
Very Annoyiing 1

Annoying 2

Slightly Annoying 3

Perceptible but not Annoying 4

Imperceptible 5

Bitrate (kbps)

AAC LC

Enhanced SLS non−core

SLS non−core

Fig. 5. Subjective test results of enhanced SLS non-core with
comparison of SLS non-core and AAC LC at variable lossy
bitrates.

3. PERFORMANCE

The proposed structure is denoted by ESLS (for enhanced
SLS). The perceptual quality of lossy audio reconstruction by
ESLS is evaluated based on the subjective test ITU-R BS.1116
[12] and compared with the results from original non-core
SLS and MPEG-4 AAC LC reference codecs (informative
version, not optimized). The test sequences are listed in Table
1.
The summarized results are plotted in Fig. 5, with the

grading scale ranges from 1 (“Very Annoying”) to 5 (“Im-
perceptible”). It can be observed that for the bitrate ranges
from 64 to 256 kbps which are most commonly used bitrates
for lossy audio coding, the performance of ESLS is almost
comparable to that of the AAC LC. In addition, as only one
bit/frame is added (as another bit can be implemented by the
reserved bit in SLS structure) compared to the original SLS
bitstream, the lossless compression performance is not af-
fected.

4. CONCLUSIONS

Due to the lack of perceptual core, the perceived quality of
audio coded by non-core mode of SLS at common lossy bi-
trates are usually not as good as the quality obtained by the
state-of-the-art perceptual audio coders. An enhanced SLS

non-core structure with an implicitly embedded psychoacous-
tic model is proposed in this paper. With trivial modi cation
to the standardized decoder structure, the quality performance
of non-core SLS at common lossy bitrates is comparable to
that of the AAC LC reference codecs.
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