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Codecs used in FM-replacement
digital audio broadcasting systems
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Transmission irrelevant
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Take-away point

Same general target codec > same audio
processing and optmization techniques




Perceptual coding
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Closer look at the codecs used
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Closer look at the codecs used
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Closer look at the codecs used
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Closer look at the codecs used
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Closer look at the codecs used
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Closer look at the codecs used
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Closer look at the codecs used

44.1 kHz, 16 bit, stereo
= 1411 kbps

Data reductior>
192 kbps
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Closer look at the codecs used — AAC family
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Closer look at the codecs used - HE-AAC
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Closer look at the codecs used - HE-AAC
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Closer look at perceptual coding

MPEG Layer Il 256 kbps
AAC LC 128 kbps
HE-AAC Never




Closer look at the codecs used

Recommended codec

AAC LC

Bitrate

296 kbps
AAC LC, HE-AAC
64 kbps
48 kbps
32 kbps
24 kbps

HE-AAC

HE-AAC

HE-AAC, HE-AAC v2
HE-AAC v2

HE-AAC v2, HE-AAC mono




Processing requirements
DAB vs [FIM




Differences between requirements for analog
broadcasting (FM) and digital audio broadcasting

1. Preemphasis

2. Audio bandwidth

3. Final peak control




Preemphasis

HANDLE WITH CARE
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Final limiting
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Pre-Codec: 2kHz With Clipping




Final limiting

M20.0ms A Chl S 1.00V

N 16 Jan 2007
i10.00 % 11:10:56

Post-Codec: 2kHz With Clipping




Final limiting
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Omnia processors for digital radio broadcasting

> Omnia11 FMHD

> Omnia9HD1/2/3

> Omnia One Multicast

Omicr




> L4-band audio processing for coded

transmission systems
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Omnia 11 EFM

> WB AGC, 5-band AGC and 6-band limiter
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Processor output: 400 Hz and 11 kHz




LolMD
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Post-Codec: 400 Hz and 11 kHz




Sensus
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(G» Remove negative colorations

with very low bitrate codecs




Codec-induced artifacts reduction

> Static functions:

> Use of look-ahead in final limiting
> Static bandwidth control (LPF)




Sensus (o e e =)

> Dynamic algorithm modification

> Self-modifies topology and functionality
upon signal conditions

Filtering: Sound Field Peak Control:
Dependent upon Parameters: IMD reduction
spectral density Stereo/Mono/Phasing (LoIMD) limiting







Omnia9 HD1/2/3

Up to 7-bands of dedicated audio processing

Declipper

Undo (program-dependent expander)

Up to 3 individual radio programs




Omnia 9 - pre-procesing
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Omnia 9 — up to 3 indepednet audio services
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Omnia 9 - declipper
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Omnia 9 - Undo
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Optimizing audio for digital radio broadcasting

> clean source audio




Optimizing audio for digital radio broadcasting

> cascading codecs

Data reduction Data reducti>




Optimizing audio for digital radio broadcasting

> level consistency
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Optimizing audio for digital radio broadcasting

> spectral balance shaping/consistency
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Optimizing audio for digital radio broadcasting

> stereo width control
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Optimizing audio for digital radio broadcasting

> high frequency filtering
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Optimizing audio for digital radio broadcasting

> look-ahead limiting for final peak control
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Optimizing audio for digital radio broadcasting

> low IMD dynamic stages (limiters)
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Optimizing audio for digital radio broadcasting

> avoid agressive (dense) audio processing
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Optimizing audio for digital radio broadcasting

> codec overshoot
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