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Problem
• Vocoders used in voice services do not handle mixed content well
• Audio codecs used in multimedia do not compress speech well

Notable Initiatives
• AMR-WB+, AAC-ELD, MPEG “Speech + Audio Explorations”, 

G.729.1, G.VBR, …

Applications: Data rich, 3G multimedia services 
– Broadcast, download, store and push, store and pull,
– Latency requirements are not stringent

Question: What can we do if we had “all the time” in the world?

Motivation
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Modeling Spectral Dynamics in Sub-bands
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Quality Evaluation

• MPEG Database for “Exploration of Speech and Audio Coding”
• Objective Evaluation: ITU-R BS.1387 PEAQ (27 files)
• LAME = mp3; AAC = aacPlus v1
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Quality Evaluation

• Subjective Evaluation: ITU-R BS-1534 MUSHRA (22 listeners)
• Content = 8 files (Music 4 files; Speech + Music 2 files; Speech 2 files)
• LAME = mp3; AAC = aacPlus v1
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Summary
Latency is not critical in many 3G multimedia services

Frequency Domain Linear Prediction
– Modeling temporal dynamics in sub-bands
– Unified approach for speech, audio and mixed content
– Resilient to dropouts (not discussed in this presentation)

Experiments
– MPEG Database for “Exploration of Speech and Audio Coding”
– Subjective Evaluation: ITU-R BS-1534 MUSHRA (22 listeners)
– Objective Evaluation: ITU-R BS.1387 PEAQ (27 files)

Results
– Audio quality (around 64 kbps) is similar to that of state of the art MPEG 

codecs
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