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PRELIMINARIES

Motivation
• Spatial filtering techniques depend on microphone

array parameters: source RTF, source PSDs, late
reverberation PSDs and ambient noise PSDs.

• Existing estimators either assume some of these
parameters known or suffer from high computa-
tional cost.

• A joint estimator at a low complexity is in demand.
Signal model

• For a single source reverberant and noisy scenario
(STFT domain),

y (l, k)=a (l, k)s (l, k) + r (l, k) + v (l, k) .

• The noisy covariance matrix (omitting frequency
bin index):

Φy (l) = ϕs (l) aaH + ϕγ (l)Γ︸ ︷︷ ︸
Late reverb

+ ϕv (l)Ψ.︸ ︷︷ ︸
Ambient noise

• a is constant for N sequential time frames, Γ and
Ψ are time-invariant known spatial coherence ma-
trices.

• Goal: estimate a, ϕs (l), ϕγ (l) and ϕv (l) using
Φ̂y (l), given Γ and Ψ for l = 1, · · · , N .

JALS

Minimize the model mismatch error using the sum of Frobenius norms:

arg min
a,ϕs(l),ϕγ(l),ϕv(l)

N∑
l=1

∥∥∥P̂y (l) − ϕs (l) aaH − ϕγ (l) Γ̂ − ϕv (l) Ψ̂
∥∥∥2

F
.

Reparameterization to avoid ambiguous issue: ã = a√
aHa

and ϕ̃s(l) = ϕs(l)aHa.
Alternating estimation
For given ã, estimate the PSDs ϕ̃ =

{
ϕ̃s(l), ϕ̃γ(l), ϕ̃v(l)

}
by ϕ̃ (l) = Φ̃−1

ã b̃ (l), with

Φ̃ã =


1 ˆ̃aHΓ̂ˆ̃a ˆ̃aHΨ̂ˆ̃a

ˆ̃aHΓ̂ˆ̃a tr
{

Γ̂HΓ̂
}

tr
{

Γ̂HΨ̂
}

ˆ̃aHΨ̂ˆ̃a tr
{

Γ̂HΨ̂
}

tr
{

Ψ̂HΨ̂
}

 , b̃ (l) =


ˆ̃aHP̂y (l)ˆ̃a

tr
{

Γ̂HP̂y (l)
}

tr
{

Ψ̂HP̂y (l)
}

 .

For given ϕ̃, ˆ̃a = principal eigenvector of
N∑

l=1

ˆ̃ϕs (l)
[
P̂y (l) − ϕ̂γ (l) Γ̂ − ϕ̂v (l) Ψ̂

]
.

Robust PSDs constraints
Upper bounds:

ϕ̃s (l) ≤ min
m

{
P̂ym,m

(l)∣∣ˆ̃am

∣∣2

}
, ϕγ (l) ≤ min

m

{
P̂ym,m

(l)
Γ̂m,m

}
, ϕv (l) ≤ min

m

{
P̂ym,m

(l)
Ψ̂m,m

}
.

Lower bounds (avoid negative estimates):
e.g. if ϕ̂γ (l) > 0 while ˆ̃ϕs (t) ≤ 0, we lower bound ϕ̃s (l) by

ϕ̂γ (l) min
t=1,··· ,l

ˆ̃ϕs (t)
ϕ̂γ (t)

≤ ϕ̃s (l) .

Experiments

Ea = 1
L(K/2+1)

L∑
l=1

K/2+1∑
k=1

acos
(

|aH(l,k)â(l,k)|
∥aH(l,k)∥2∥â(l,k)∥2

)
(rad), Ei = 10log10

(
ϕi/ϕ̂i

) method SCFA[1] ALS[2] MALS JMLE JALS
Normalized run time 154.65 6.27 5.7 1.66 1
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