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Algorithm 1 PDS-BSS

1: Input: X, w[1], y[1], μ1, μ2, α
2: Output: w[K+1]

3: for k = 1, . . . ,K do
4: w̃ = proxμ1I [ w

[k] − μ1μ2XHy[k] ]

5: z = y[k] +X(2w̃ −w[k])

6: ỹ = z− prox 1
μ2

P [ z ]

7: y[k+1] = αỹ + (1− α)y[k]

8: w[k+1] = αw̃ + (1− α)w[k]

9: end for
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[1]
1 , . . . ,y

[1]
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2: Output: w[K+1]

3: for k = 1, . . . ,K do
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(∑Q
q=1 y
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)
]

5: for q = 1, . . . , Q do

6: zq = y
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7: ỹq = zq − prox 1
μ2
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8: y
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q = αỹq + (1− α)y

[k]
q

9: end for
10: w[k+1] = αw̃ + (1− α)w[k]

11: end for

Algorithm 2

(RPCA) [10]

(HPSS) [11]

3.5

(9)

L ‖ · ‖s
μ1μ2‖L‖2s ≤ 1

[7] ‖L‖s = 1

μ1 = μ2 = 1

X

X̃ = X/(
√
Q ‖X‖s) (28)

1 2 C
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y

4.1 IVA auxIVA

[4] (5)

Laplace IVA

Minimize
w
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