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Abstract

Speech and audio codecs have been developed based on different type of coding technologies since they have different
characteristics of signal and applications. In harmony with a convergence between broadcasting and telecommunication
system, international organizations for standardization such as 3GPP and ISO/IEC MPEG have tried to compress and
transmit multimedia signals using unified codecs. MPEG recently initiated an activity to standardize the USAC (Unified
speech and audio coding). However, USAC RM (Reference model) software has been problematic since it has a complex
hierarchy, many useless source codes and poor quality of the encoder. To solve these problems, this paper introduces a
new RM software designed with an open source paradigm. It was presented at the MPEG meeting in April, 2010 and the
source code was released in June.
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Fig. 2. USAC Decoder.
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2. SBR table
Table 2. SBR table.

FDsird eSBR
| & = (kHz) o & (kHz)

12kbps mono 38 12
16kbps mono 3825 135
20kbps mono 425 16
24kbps mono 53 16
16kbps stereo 3825 135
20kbps stereo 425 1526
24kbps stereo 56 16
32kbps stereo 65 175
64kbps stereo 975 22125
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