
Introduction
MPEG-4 SLS (Scalable to Lossless Coding) is a flexible, lightweight audio coding
tool that delivers state-of-the-art lossless compression for high-resolution audio
while achieving fine-grain bitrate scalability and backward compatibility to MPEG-
4 AAC. As a ‘bridge’ from lossy to lossless audio coding, SLS offers a universal
solution for applications ranging from mobile music players, professional audio
archiving, network audio streaming and music download services

Main features of SLS
¥ Single universal format allows music to be ‘encoded once, deployed many

times’
¥ Supports high sampling rates up to 192kHz/24-bit
¥ Bitstreams are embedded and scalable to fine granularity of 0.4 kbits/s
¥ Strong resilience to streaming packet loss ensures consistent QoS
¥ Highly adaptive to a wide range of audio use cases

SLS QuickTime components
Anchoring on Quicktime’s open and cross-platform and multimedia architecture,
a set of MPEG-4 SLS for QuickTime components (QTSLS) has been developed,
allowing QuickTime users to benefit from the advantages of SLS. Some of the
functionalities supported in QTSLS components include:

! encoding, transcoding and decoding of SLS bitstreams,
! dynamic bitrate allocation for lossy transfers, and
! packetizing and re-assembling SLS bitstreams for RTP streaming

As the present research focuses on perceptual quality improvement of SLS at
intermediate bitrates and effective RTP streaming techniques, QuickTime also
offers an ideal platform and interface for these new ideas to be introduced and
tested in the real world.

An objective differential grade (ODG) is computed by a PEAQ system for various truncated SLS
bitrates.An ODG value of 0, -1, -2, -3, -4 means ‘indistinguishable’, peceptible but not annoying’, ‘slightly
annoying’, ‘annoying’ and ‘very annoying’ respectively.
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Operation
SLS operates on an AAC core layer by adding scalable to lossless enhancement
(LLE) layers that can be dynamically adjusted depending on the disc storage and
network bandwidth constraints. Alternatively, it can also function in non-core mode
if an AAC core is not required.

Leverage on Quicktime Framework
! Quicktime (QT) standardizes and enables cross-platform SLS deployment

on both Mac OS and Windows
! New QT components can be developed with existing SLS codec APIs

without any major code re-writes. They are modular and can be updated
without affecting the rest of the QT application framework

! New streaming algorithms developed from current research may be
implemented as ‘plug-in’ components in QT for a quick proof of concept and
evaluation under realistic conditions

! QT Streaming Server’s capability in monitoring network bandwidth and
adapting to the prevalent traffic conditions provides an uninterrupted
listening experience online while streaming SLS content
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ODG vs Bitrate

RTP-based SLS streaming  

0 1 2 NÉ 0 1 2 NÉ 0 1 2 NÉ 0 1 2 NÉ 0 1 2 NÉ 0 1 2 NÉÉ ..

0 0 0 0

packet 0

É ..É00 1 1 1 1

packet 1

É11 2 2 2 2

packet 2

É22 N N N N

packet N

ÉNN

frame 0 frame 1 frame 2 frame 3 frame 4 frame M

SLS encoding/ decoding   

bitplane coding   
 

É  
MSB

LSB
sfb 1 sfb 4sfb 3sfb 2 sfb n-1 sfb n

1st scanned plane
2nd scanned plane
3rd scanned plane
4th scanned plane

frequency

SLS Decoder  
(non-core)  

SLS Encoder  
(non-core)  

BPGC
Encoder

Low Energy 
Mode 

Encoder

IntMDCT

Original
PCM

BPGC
Decoder

Low Energy 
Mode 

Decoder

Inverse
IntMDCT

Output 
PCM

SLS
Bitstream

The design and structure for SLS has been presented and successfully developed
into a set of Quicktime components for audio format conversion and RTP streaming.
This allows SLS content to be created, streamed or played back on both Quicktime
Player and iTunes. Preliminary research has also been carried out to improve the
perceptual quality of SLS at intermediate bitrates and resilience to streaming packet
loss. Such SLS-based algorithms have been implemented in Quicktime to enable
testing and evaluation under realistic conditions. So far, good results have been
obtained using SLS non-core mode and it is envisaged that in the next 6 months,
the project will focus on the integration of an AAC core with SLS and the code
optimization of the whole audio conversion process. Lastly, we anticipate that the
versatility of SLS will make it the technology of choice for many Quicktime and
iTunes applications in future.

Processing Complexity

Processing Complexity on Macbook 2GHz CoreDuo  
(in terms of real-time spee d )  
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AAC64  non-core  AAC64  non-core  AAC64  non-core  

SLS encoder 2 6 X  2 8 X  8.7X  9.4X  4.4X  4.7X  

SLS decoder 2 4 X  2 5 X  8 X  8.4X  4 X  4.2X  
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An objective differential grade (ODG) is computed by a PEAQ system for various truncated SLS bitrates.
An ODG value of 0, -1, -2, -3, -4 means ‘indistinguishable’, peceptible but not annoying’, ‘slightly
annoying’, ‘annoying’ and ‘very annoying’ respectively. New research algorithms developed are
implemented in SLS ‘enhanced non-core’ mode with ODG scores close to that of a typical AAC codec.


