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Automatic Speech Recognition (ASR) systems are not efficient under noisy speech. In the Multi-Stream (MS) 

approach, commonly used to reinforce ASR robustness, each stream feeds one recognizer generating estimates 

which are combined through a fusion process. As some streams are optimal for transmission of some phonemes 

[1,3], it is then interesting to over weight the best stream during the feature extraction and/or the fusion process 

[1,2]. Contrary to this forward weighting strategy we propose a new one based on a feedback loop from 

recognition to signal. The key idea is to use the current recognition to construct an Acoustic Image (α) which is 

compared to the input signal in order to calculate Estimates Accuracy (ρ). Therefore, for each frame t, ρ(t) is 

the correlation between the input signal Power Spectrum Density PSD(X(t)), and PSD(α(t)) which is the sum of  

E(PSD(K)), the average PSD of phoneme k (over the labelled 300,000 frames of the training set), weighted by 

the phoneme posteriors P(qk|X(t)). 

Therefore   PSD(α(t)) = Σk [ P(qk|X(t)) . E(PSD(K)) ]       and       ρ(t) = Corr[ PSD(X(t)) , PSD(α(t)) ] 
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FOUR DIFFERENT MS  STRATEGIES: 
A Scene Analysis system can use forward SNR 
estimation. Then path 1 is like a Wiener filter for 
feature extraction [1], or path 2 controls fusion 
of estimates [1,2]. In another case, path 3, 
signal AND current estimates can feed a Scene 
Prediction system; this uses static mapping of 
posteriors and signal reliability for the fusion 
process as in the PBP model [3]. Or as in this 
paper, it dynamically builds an Acoustic Image 
in each stream and verifies its correlation with 
the input signal, giving information to path 3. 
One may reiterate the loop using path 4 to 
reinforce this Pro-Active system. 

Tests are done on 200 utterances of the free continuous digits Numbers95 data base with added Gaussian White 

noise at 0 dB SNR. Frames are 128 ms and PSD are 16 bins long. The 27 phoneme estimates are produced by 

ANN [1,3]. As expected, ρ and Kullback-Leibler distance D (between the estimates and the target distribution) 

are negatively-correlated : corr(ρ,D)=-0.68 for the full spectrum, corr(ρ,D)=-0.57 for the low frequencies. Then 

we use a non linear function of ρ to exponentially weight the posteriors of each stream: 

P’(qk|X(t))=P(qk|X(t))^(ρ(t)^5), so that, after normalisation of P’, small values of ρ flatten out wrong 

distributions. Preliminary word recognition tests, using the full stream ASR, show a significant Word Error Rate 

reduction of the JRASTA baseline from 34.4% to 31.4% WER. This architecture can be seen as a very simple 

illustration of a sensory map system [4] which gives useful information to MS-ASR.  
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