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The presented performance comparisons between the advanced DSR FE and a network-based speech recognition using AMR are not acceptable for inclusion in a TR for the following reasons:

· The advanced front-end processor in the DSR architecture is optimized for “microphone” signals, that is, signals that are not transcoded by any sophisticated speech coder. The background noise in such signals can be quite non-stationary (i.e. the statistical properties are varying over time and are therefore more difficult to predict and encode). It is known that a noise reduction scheme in a DSR front-end processor can be tuned quite aggressively in order to cope with high level and non-stationary background noises. On the other hand, AMR encoding is optimized for speech; the signal characteristics of any background noise at the output of the AMR decoder are thus more stationary than they were at the input, before the AMR encoder (see Figure). Since the signal characteristics are different, using the same FE processor naturally will yield different results, thus rendering the performance comparison especially for noisy speech material invalid. The FE processor used in the AMR configuration would need to be “tuned” to statistical characteristics of the background noise at the output of the AMR decoder in order to deliver results that can be compared.
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· The advanced FE processor includes already a noise reduction scheme. This is not the case for the AMR codec, i.e. usage of noise reduction before the AMR encoder is not mandated by the standard. However, many manufacturers include such noise reduction in their products; taking into consideration such a feature could significantly alter the simulation results for the AMR configuration. Therefore, we believe the comparison of both configurations as currently defined is not fair. However, since there is no noise reduction standard available for AMR speech transcoding, a fair comparison of the advanced DSR approach with an AMR system can be conducted only on low noise or clean speech material. An alternative would be a comparison of two individually optimized systems.

· All simulations have been done with clear transmission channels. Comparing the performance of the 4.75 kbps AMR mode under error-free transmission conditions does not make sense since this mode would only be used in channels with very high bit error rates. This is the whole idea of “adaptive”-multi-rate coding.

· It is yet unproven that the 12.2 kbps mode of AMR provides the best recognition results. 10.2 kbps AMR mode had been developed within the AMR development process, 12.2 kbps AMR mode however is almost equivalent to the somewhat older GSM EFR codec. Our own investigations with the 10.2 kbps AMR mode reveal a slightly better recognition performance with the Spanish language than the 12.2 kbps mode. 














































