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Goals

• Single microphone.
• Real-time capable.
• Adaptive to changes in noise/signal.
• Processing in frequency-domain.
• Unsupervised.
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Basics



Short-Time Fourier Transform
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(Weighted) Overlapp and Add
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Methods



Spectral Subtraction
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Open Questions:

• How to estimate noise?
• How to handle negative magnitude values after subtraction?

5/15



Spectral Subtraction: Results
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Issues

• Residual (musical) noise.
• Too much subtraction leads to speech distortion.
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Gain Function

y(t) = x(t) + d(t) where X[k] = A[k]ejα[k]
, Y[k] = R[k]ejϑ[k]

,
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Need to be estimated!
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Minimum Mean-Square Error Spectral Amplitude Estimator (MMSE)

Idea: Minimize

E
{(
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)2}

Solution: (Assumes Gaussian distribution)

Â[k] = E
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Minimum Mean-Square Error Log-Spectral Amplitude Estimator (log-MMSE)

Idea: Minimize

E
{(

log A[k] − log Â[k]
)2}

Solution: (Assumes Gaussian distribution)

Â[k] = expE
{
lnA[k] | Y[k]

}
= Glog-MMSE

(
ξ[k], γ[k]

)
· R[k]

Notes:

• MMSE with different penalization.
• Better measure for speech [Gray
et al. 1980].
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MMSE and log-MMSE: Results
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Spectral Subtraction
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Incorporating Signal Presence Uncertainty (OM-LSA) [Cohen and Berdugo 2001]

Idea: Two hypotheses
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p[k] := P
(
H[k]
1 | Y[k]

)
Solution:

G
(
ξ[k], γ[k]

)
= Gp

[k]

H1

(
ξ[k], γ[k]

)
· G1−p

[k]

min

Estimate pk via Gaussian model and

q[k] := P
(
H[k]
0

)

A Priori Speech
Absence Proba-
bility Estimation

Conditional Speech
Presence Proba-
bility Estimation

GH1

G

p̂[k]

q̂[k]

G[k]

ξ[k]

γ[k]

11/15



Estimating the a priori Speech Absence Probability q[k] [Cohen and Berdugo 2001]

ξ
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Estimating the a priori SNR ξ[k] [Cohen and Berdugo 2001; Ephraim and Malah 1984]

Maximum Likelihood:

γ̄[k,n] = αγ̄[k,n−1] + (1− α)
γ[k,n]

β
, 0 ≤ α ≤ 1, β ≥ 1

ξ̂[k,n] = max
{
γ̄[k,n] − 1, 0

}
Decision-Directed:

ξ̂[k,n] = αG2H1
(
ξ̂[k,n−1], γ[k,n−1]

)
· γ[k,n−1] + (1− α)max

{
γ[k,n] − 1, 0

}
Decision-directed approach usually has less musical noise.
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Adaptive and Robust Noise Estimation (λ
[k]
d ) [Cohen and Berdugo 2001]

Minima controlled recursive averaging (MCRA):
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Results
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Demonstration
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