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1
Introduction

This document presents the principles of the AMR Noise Suppression candidate solution submitted by Ericsson to the AMR NS selection test.

2 Principles of the Noise Suppression algorithm

The Noise Suppression algorithm is implemented as a separate pre-processing module to the AMR speech encoder, operating on the input speech frame of length 160 samples. The output of the noise suppression algorithm is a frame of 160 speech samples. A simplified block diagram of the complete system is given in Figure 1.

The Noise Suppression algorithm is based on spectral subtraction techniques using the Wiener filtering methodology. A desired noise suppressing filter characteristic is computed as a function of an estimated short term spectrum of the speech frame,
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where the attenuation 
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 for any frequency is limited to 10 dB. 

The short term spectrum estimate, 
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, is computed from a 10th order AR model of the input signal, using the 160 samples from the current frame and an overlap of 80 samples from the previous frame. The spectrum of the background noise is computed from a non-parametric spectrum estimate, based on the 160 samples of the current frame and an overlap of 80 samples from the previous frame, using a Discrete Fourier Transform. Based on a voice activity detection (VAD) computed from the internal state of the VAD option 1 of the AMR Speech Encoder, the estimated background noise spectrum,
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, is updated by averaging the squared norm of the DFT of the extended frame. 

The output of the Noise Suppression module is computed by applying a realization of the desired filter frequency response,
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, to the 160 samples of the current frame, resulting in an output frame of 160 samples in which the background noise has been suppressed.
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 Figure 1: Block diagram of the AMR speech coder and the Noise Suppression module.
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