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Abstract: This document introduces a new FS_SMARTER use case on Low-delay speech coding
Current 3GPP speech services use codecs whose coding delay is 20-40 ms. They cannot be used in a virtual or augmented reality environment where the one-way delay has to be at most 10 ms. A new codec needs to be developed, or adopted from elsewhere.
---------- Use Case template ----------
x.1
Low-delay speech coding

x.1.1
Description

Current speech codecs have an inherent coding delay of 20-40 ms. Such a coding delay is not a problem during a phone call because even a 400 ms one-way delay between speakers does not seriously impair an interactive discussion. Moreover, most systems, at least if the speakers are not on different continents, offer a relatively short transmission delay between speakers. The advantage with a higher coding delay (i.e., 20-40 ms) is that it makes it easier to compress the speech signal, either to reduce the bandwidth or to transmit a higher-quality signal.

When voice is used in a highly interactive environment, e.g., a multiplayer game or a virtual reality meeting, the requirements on the speech coding delay become tougher to meet, and current coding delays are too high. To support interactivity, the one-way delay for speech should be 10 ms (or lower).

x.1.2
Potential Service Requirements

The 3GPP system shall support speech with very low one-way service latency [10 ms]
x.1.3
Potential Operational Requirements

None
