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1 Introduction
Huawei EVS candidate codec supports NB/WB/SWB/FB mono inputs and the coding bandwidth is up to 20kHz for FB inputs. Huawei EVS candidate codec also supports all the mandatory bitrates (7.2, 8, 9.6, 13.2, 16.4, 24.4, 32, 48, 64, 96, 128kbps) including 5.9kbps VBR. The candidate codec operates with a frame size of 20 ms with 5ms lookahead. VAD/DTX/CNG is provided by Huawei codec for all bitrates. Packet loss concealment and jitter buffer management are equipped to support VoIP applications such as VoLTE.
The proposed EVS candidate codec supports AMR-WB Interoperable mode for all AMR-WB bitrates.

2 High level description of Huawei EVS encoder
Figure 1 illustrates the framework of Huawei EVS encoder. The input signal is fed into the Sound Activity Detection (SAD) module and the open loop mode selection module. The output of the SAD is to enable the DTX functionality to save bandwidth, while the output of the open loop mode decision is to enable the time domain encoding or the frequency domain encoding according to the characteristics of the input signal. Basically the speech-like inputs go to the time domain encoding and the music-like inputs go to the frequency domain encoding.
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Figure 1. The framework of Huawei EVS encoder.

The Discrete Fourier Transform (DFT) is used to perform the spectral analysis and spectral energy estimation. The SAD utilizes segmental SNR over sub-bands to distinguish between active and inactive frames. The open loop mode decision module outputs the mode decision flag by analyzing a number of time domain and frequency domain feature parameters.
Time domain coding is based on the Code-Excited Linear Prediction (CELP) technology where the speech signal is modelled by an excitation signal passed through a linear prediction (LP) synthesis filter representing the spectral envelope. Each 20ms frame is divided by sub-frames. The open-loop (OL) pitch analysis is performed by a pitch-tracking algorithm. Open-loop pitch analysis is performed 3 times per frame and to find two estimates of the pitch lag. Linear prediction (LP) analysis using the autocorrelation approach determines the coefficients of the synthesis filter of the CELP model. The autocorrelation of windowed speech is converted to the LP coefficients using the Levinson-Durbin algorithm. Then the LP coefficients are transformed to the Line Spectral Pairs (LSP) and consequently to Line Spectral Frequencies (LSF) for quantization and interpolation purposes. The LSF quantizer is based on Multi-Stage Vector Quantization (MSVQ) structure. The interpolated quantized and un-quantized coefficients are converted back to the LP domain to construct the synthesis and weighting filters for each sub-frame. 
Frequency domain coding is based on the MDCT with the adaptive bit allocation and entropy coding. Different coding modes are classified to adapt the different inputs. The MDCT coefficients are grouped into bands of unequal lengths. The scaling factor of each band is estimated and the resulting spectral envelope consisting of the scaling factors of all bands is quantized and encoded. The coefficients are then scaled by the quantized scaling factors. 
Bandwidth extension technology is employed to improve the coding efficiency for both time domain encoding and frequency domain encoding at lower bitrates. It is adaptive to different input signals, different bitrates and different core coding methodology.

The reduction of the transmission rate during inactive periods is achieved by coding the energy parameters. These parameters are used at the decoder to regenerate the background noise as well as possible.
3 High level description of Huawei EVS decoder
The decoder is the inverse processing of the encoder. Figure 2 shows the framework of Huawei EVS decoder.  Several post-processors are used to improve the quality at the decoder side especially for the lower bitrates.
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Figure 2. The framework of Huawei EVS decoder.

When the decoder is in the DTX/CNG operation, a procedure to synthesize comfort noise signal is applied.
In case of frame erasures, the concealment is based on the core decoding modes and the signal classification. It provides the robustness to packet losses.
JBM is supported in the decoder side conforming to the requirements in TS 26.114. It optimizes the buffering time to minimize the end to end delay. 

4 Frequency response of Huawei EVS codec
The frequency response is measured with the ITU-T STL2009 tool [1]. The measurement is on the NB@13.2kbps, WB@13.2kbps and SWB@24.4kbps.
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Figure 3. The frequency response for NB@13.2kbps
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Figure 4. The frequency response for WB@13.2kbps
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Figure 5. The frequency response for SWB@24.4kbps
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