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Introduction
 Speech understanding in highly adverse listening environments remains a major
challenge for hearing aid wearers
 In natural conversations, talkers move around freely. In addition to hearing aid
microphones, there are microphones on other devices such as smartphones
 With wireless connectivity, it is possible to utilize not only hearing aid microphones, but also other wirelessly connected microphones to improve speech understanding in such an adverse listening environment
 Goal
 Preliminary illustration of the benefits using a distributed microphone processing algorithm
 Discuss the challenges in deploying such an algorithm in real-world

Experiment Design
Starkey distribute microphone database [2]
 Assumptions
 All microphones are wirelessly connected
 Wireless transmission is perfect
 Sampling rates match perfectly




Several distributed microphone processing algorithms already exist [1]
 Linearly constrained minimum variance (LCMV) algorithm [3] is chosen to illustrate the potential benefits of distributed microphone processing
Denote in the short-term Fourier transform domain,
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 The acoustic transfer functions for interferences as
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The LCMV filter is given by
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Talker #4
Talker #3

Interferences
Talker #4
Talker #3
Talker #2, Talker #4

Natural movement of speakers
 When talker movements are small, the LCMV algorithm performance is robust
 When talker movements are significant, an adaptive algorithm is needed to
track the movements [4]
Sampling rate variations
 Difference in sampling rates across multiple hearing aids/devices can significantly reduce performance
 Can be mitigated by
 Clock synchronization
 Blind sampling rate estimation [5]
Imperfect wireless transmission
 Wireless data transmission in real-world is imperfect
 The algorithm design shall take this into account and handle it gracefully

Conclusions
 LCMV algorithm is promising to achieve more significant improvement in speech
understanding in noise than traditional approaches. More comprehensive evaluation of such algorithm is needed
 Future research shall address significant practical issues before real-world deployment
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The LCMV algorithm is evaluated
according to the following table





Microphones
 4 microphones on talker #1
 4 microphones near the table center
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Challenges for Real-World Deployment

is the spatial correlation matrix of the observed signal

The LCMV output is given by
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