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Transfer Function Adaptation Block
Initial TF set
(geometrically calculated)
Hp = [Hp(6,),, Hr(6y)]

l Initial TF set ( Hr)
TF set update . I
Hy = [He (01),, Hy (001~ Hp (6 fapmmr
l Estimated TF set (Hj)
Updated TF
Hi(0

Input TF estimation (Hg(9))
multi-channel == ,:i(mem )
Spectrum IXT\|Zm X |

Estimated TF I-f\_.{ TF update ‘
(H)

Hg(8) = (1 - a)Hg(6)) + aH’
[:snmaled direction (68')

Estimated TF set ( Hy)

Input (X)

Sound Source Localization
0’ = argmax (S, (He , X, 6))
)

i

Sound Source Separation

e direction (')

Estimated TF set ( Hy)

Y =W(Hg0) X
Robot Audition Function Block (Localization & Separation)

Sound source direction (6 ) Separated sound sources ( Y)

1: Proposed Framework for fully-online always-
adaptation of TFs with sound source localization and

separation
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a) main network

b) sub_localization network

2: Implemented HARK network
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# 1: List of HARK modules used in Fig. 2
[Module [Function ]

AudioStreamFormWav

Reading the multi-channel audio data,
dividing it into frames, and send them

MultiGain Gain normalization of the multi-channel
audio data

MultiFFT Frequency analysis for the multi-channel
audio data

GHDSS Sound source separation with GHDSS
(modified)

sub_localization Virtual node containing the network
in Fig. 2b)

LocalizeMUSIC Sound source localization with MUSIC
(modified)

SourceTracker Sound source tracking

Adjustment of sound source tracking
results

Display of sound source localization/

tracking results

SourcelntervalExtender!

DisplayLocalization

EstimateTF The proposed TF adaptation
(newly implemented)
PyCodeExecutor3 Module written with python3 to

communicate localization/tracking results
across frames
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Recording with this
microphone failed.

|y @6 Microphones) ™

v v

Microphones

a) Tamago (8ch) b) Hearbo (used 15ch)

3: Microphone arrays
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4: MSE in TF estimation
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Histogram-based Recursive Level Estimation (HRLE) [30]
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5: Sound source localization results: the upper
panel shows the average localization errors and the
lower panel shows localization results at the threshold
of -10dB.
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6: Sound source separation results
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