3GPPSA4-EVS SWG Conference Call #4

AHEVS-032
March 10, 2011

Source:
Qualcomm Incorporated
Title:
Algorithmic Delay of the EVS Coder
Document for:
Approval 

Agenda Item:
3
1.
Background
According to 3GPP 22.813, the EVS codec is expected to provide conversational services with very high audio quality, including enhanced voice and mixed content quality. For conversational services, it is desirable to keep the algorithmic delay of the codec as low as possible to avoid degradation in user experience during voice calls. Moreover, the reply LS from RAN2 recognized algorithmic delay as an important factor for system capacity and preferred keeping it as low so that the RAN delay budget is not affected. 

TR 22.813 also recommends that the codec delay requirement for the EVS codec be flexible within certain limits to accomodate coding of larger bandwidth (superwideband and full band) and other audio signals besides speech. 

2.
Proposal
The EVS codec should represent the advancement of the state of the art in audio coding technology into the next generation by achieving the highest attainable audio coding quality with the smallest possible increase in algorithmic delay, thus meeting the expectations expressed in TR 22.813. The source believes that it is possible to achieve the said goals by allowing a flexibility of no more than 2 msec on top of the AMR-WB delay.
Referring to the current version of the EVS Design Constraints in S4-110183, we therefore propose to adopt the constraint as 
The algorithmic delay for the non-interoperable modes of EVS shall be atmost 28 msec. 







