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1. SUMMARY

O Independent low-rank matrix analysis (ILRMA)

3. PROPOSED METHOD

O Introduce the beamformer-based regularizer into

O Supervisor w; ,, based on null beamformer (NBF)

® From previous studies, NBF-based supervisor is effective.

® A novel blind audio source separation method [Kitamura+ 2016] ILRMA ® We use AuxICA [Ono+ 2010] and k~-means clustering
Source Observation Estimated Source To =T+ 3 Mallwin — @;n? w; ¢ beamformer-based supervisor techniques to estimate the direction of sources.
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® How to estimate @ from W;:

Mixing System Separation filter

® Due to the linear terms w!,w;, > cannot apply IP!

Estimated DoA:
(-34.61°, 18.07°)

O Problem: block permutation problem (misalignment
iIn the low- and high-frequency bands) especially In
speech/speech separation

® By introducing cofactor expansion of W, , we can
optimize Jr with VCD (IP-like optimization method)

Concept of VCD (same as IP)
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Calculate the null direction from w; ,, *

) ] ] % the null direction is different Make a histogram and
O Proposal: spatial-model-based regularization W, = W, =— W, —=— in each frequency bin k-means clustering
th d f ILRMA .th || b -F d l i update‘ | Ww; 1 fixed ‘ I w; 4 fixed ‘
method for with null beamformer and new T : —
L . . . [ wh. fixed [| __, |[ wl update|| | __, [[_wh fixed | 4. EXPERIMENT
optimization algorithm (vectorwise coordinate - = :
descent: VCD) | iy fixed | | wiy fixed | | wliy update] O Experimental conditions

f—‘ update T3,, V, ‘4—' (1) ldentity matrix

Impulse response E2A Initial value of W (2)(3) NBF

O Result: proposed approach can improve the
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separation accuracy and stability in speech/speech O Derivation of VCD Speech ' i ‘ Speech e
separation. , , Source 1 ¢ Q. source 2 Spatial regularization
P ® B, = (b1,...,b;n): adjugate matrix of W; P (3)On
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Spatial model (IVA) Low-rank source model (NMF) 8JR/8w;‘m = 0 can be transformed as a following O Result: Average SDR improvement [dB]
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Update demixing matrix so that estimated
signals are mutually independent and have
low-rank structure in time-frequency domain

O Conventional update rule for demixing filters w;

Time

[ : integral index of NMF basis Tin = u'{'nﬁi,nui,n, _ _ _ ] ] _
| O Comparison of normalized calculation time per an iteration
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. : : : wi, AuxIVA MNMF t-MNMF ILRMA Proposed
Iiterative pFOJECtIOn (IP) [Ono 2011] — + Uy (if 7., = 0) [Ono 2011] [Sawada+ 2013] [K. Kitamura+ 2016] [D. Kitamura+ 2016] ILRMA
u; e, . unit vector L
u@',n — D?,—?i W?:_len, w@"n < Gl (nth element Wi n A (’FZ n 4?ai n R 0-69 61 .99 71 .95 1 .OO 1 -61
’ \/u'-" D; . u; ., s unity) 5 — | =1+ /14 =5 | Win+ U;n (otherwise) : : -
S Tim 7in] Spatially regularized ILRMA can improve the
® |P can be applied to only w;', D; ,,w; , — log | det W} speech/speech separation quality efficiently!
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