Noise Reduction Preprocessing for the Adaptive Multi-Rate Wideband (AMR-WB) Speech Codec

-- Abstract --

Christophe Beaugeant (1), Imre Varga (1), Thomas Lotter (2), Peter Jax (3), Peter Vary (3)
(1) Siemens AG, COM, Munich, Germany

(2) Siemens Audiologische Technik, Erlangen, Germany (note the author worked on the subject of the paper at RWTH Aachen, IND)
(3) RWTH Aachen, IND

This contribution describes development, implementation and optimization of a single-channel noise suppression algorithm as a preprocessing module for the Adaptive Multi-Rate Wideband (AMR-WB) speech codec.  
The system operates together with the AMR-WB speech encoder as depicted in Fig. 1.  The most important performance requirements for the noise suppression algorithm are:

· Significant reduction of acoustic background noise,

· No annoying artifacts in the residual noise, and

· Good speech quality, especially no “clipping” and no degradations for clean input speech.
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Fig. 1: Noise suppression preprocessing for the AMR-WB speech codec.

The proposed algorithm is based on frequency domain processing using a non-linear soft-decision noise suppression rule and continuous noise power spectrum adaptation by an advanced minimum statistics approach. The advanced algorithm for noise power estimation enables an improved subjective speech quality. More specifically, the tracking performance for instationary noise and the subjective quality of the residual noise during speech pauses are greatly enhanced. Special care has been spent to adapt the scheme to the increased demands arising from the wideband processing.

Subjective informal listening tests indicate the excellent performance of our noise suppression method.

