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1. Introduction
This document provides a high-level description of Panasonic candidate codec algorithm submitted for the EVS Qualification test. An overview of the codec main features, encoder and decoder descriptions are provided in the following sections. 

2. Overview of the Panasonic codec algorithm
The codec operates on 20ms frame basis, and it is designed to process narrowband (NB) signals sampled at 8 kHz, wideband (WB) signals sampled at 16 kHz, super wideband (SWB) signals sampled at 32 kHz and full band (FB) signals sampled at 48 kHz. Similarly, the codec output can be NB, WB, SWB or FB based on the mode of operation and it supports various bits rates from 7.2 kbps to 128kbps. 
The codec comprises of 2 main modes; Algebraic Code-Excited Linear Prediction (ACELP) mode and Modified Discrete Cosine Transform (MDCT) mode. Mode selection is done by analyzing the characteristic of input signal on frame by frame basis.The ACELP mode is designed to encode speech dominant NB, WB, SWB and FB signal with high efficiency accompanied with the Bandwidth Extension (BWE) module. The BWE module extends the bandwidth from WB to SWB or FB. Similarly MDCT mode is used for music dominant signal. In addition to the above modes and depending on the mode of selection, FEC algorithm is invoked in order to be robust for frame erasures. 
3. Encoder description
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	Figure 1: Block diagram of the encoder.


Block diagram of the proposed encoder is shown in Figure 1. Prior to encoding, the input signal is high-pass filtered with 50 Hz as cut off frequency and the filtered signal is pre-emphasized to attenuate low frequencies. By analyzing the characteristics of input signal on frame by frame basis, either one of the two modes ACELP mode or MDCT mode is selected. Mode decision information is sent to Multiplexer to incorporate into the bitstream. The ACELP mode is designed for speech-dominant signal, and the signal is mainly modeled using Linear Prediction (LP) coding which is based on the multi-mode ACELP frame-work used in G.718. For music dominant signal mainly MDCT coding mode is used. MDCT encoder is designed based on a pulse based vector quantizer similar to G.718 AVQ/FPC algorithm. 
Depending on the input signal bandwidth and mode decision, a BWE model which is similar to G.718 Annex B is used. Encoding parameters produced by ACELP mode or MDCT mode are multiplexed with signalling on switching information to generate bitstream. 
 4. Decoder description
Block diagram of the decoder is shown in Figure 2.
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	Figure 2: Block diagram of the decoder.


Figure 2 shows the block diagram of the decoder. In each 20ms frame, the decoder can receive any of the supported bit rates. The input bit stream at the decoder is de-multiplexed to generate signalling information. The encoding parameters are passed to ACELP mode or MDCT mode depending on the signalling information. 

In ACELP mode, excitation signal is reconstructed by decoding the required parameters. The synthesized signal is then de-emphasized, resampled to desired sampling rate.
In MDCT mode, de-quantization is performed to generate the decoded MDCT coefficients. The decoded MDCT coefficients are transformed to time-domain by Inverse MDCT. The overlap and add processing is applied to the synthesis signal in order to maintain the signal continuity at the frame boundaries. The synthesis signal is de-emphasized. 
When a frame erasure occurs, a frame error concealment algorithm is invoked in order to be robust for frame erasure conditions. 
Finally, the post-processing is performed to reduce audible noise and enhance the sound quality. 
5. Conclusion

In this document, a high-level description of the Panasonic EVS codec algorithm was presented. This is served as one of the Qualification Deliverables.
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