
Joint Estimation of RETF Vector and PSDs for Speech
Enhancement Based on Alternating Least Squares

Marvin Tammen? Ina Kodrasi† Simon Doclo?

? University of Oldenburg, Dept. Medical Physics and Acoustics and Cluster of Excellence Hearing4All, Germany
† Idiap Research Institute, Speech and Audio Processing Group, Switzerland

PROBLEM STATEMENT

microphone signals corrupted by reverberation, diffuse noise +
residual noise, e.g., sensor noise
multichannel Wiener filter (MWF) requires estimates of
relative early transfer functions (RETFs) of target source and
target, diffuse and residual power spectral densities (PSDs)

goal: develop an online joint estimator for RETFs and noise PSDs

SIGNAL MODEL

signal model in STFT-domain (frame index l):

y(l) = x(l) + d(l) + v(l)

x(l): direct and early speech component (target)
d(l): diffuse noise and late reverberation
v(l): residual noise (e.g., sensor noise)

assumptions:
x(l), d(l) and v(l) uncorrelated:
diffuse and residual noise:
stationary (known) spatial coherence and time-varying PSD

Φy(l) = E{y(l)yH(l)} = φx(l)a(l)aH(l) + φd(l)Γ + φv(l)Ψ

φx(l) = E{|X1(l)|2}: target PSD
φd(l), φv(l): diffuse and residual PSD
a(l): RETF vector (possibly time-varying)
Γ: diffuse coherence matrix, Ψ: residual coherence matrix
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target estimate: X̂1(l) = G(l)wH
MVDR(l)y(l)

requires estimates of RETFs a(l) and PSDs [φx(l), φd(l), φv(l)]T =: φ(l)

wMVDR(l) =
[φd(l)Γ + φv(l)Ψ]−1 a(l)

aH(l) [φd(l)Γ + φv(l)Ψ]−1 a(l)

G(l) =
ξ(l)

1 + ξ(l)
, with ξ(l) =

φx(l)
wH

MVDR(l) [φd(l)Γ + φv(l)Ψ] wMVDR(l)

PROPOSED METHOD

cost function to jointly estimate PSDs and RETFs:(
âALS, φ̂ALS

)
= argmin

a,φ

∥∥∥Φ̂y −
(
φxaaH + φdΓ + φvΨ

)∥∥∥2

F

no closed-form solution⇒ alternating least-squares (ALS) approach

(i) initialize RETFs â(0)
ALS (e.g., using DOA); set i = 1

(ii) estimate PSDs φ̂
(i)
ALS using (1), assuming a = â(i−1)

ALS

(iii) estimate RETFs â(i)
ALS using (2), assuming φ = φ̂

(i)
ALS; set i = i + 1

(iv) repeat steps (ii) — (iii) until convergence

PSDS AND RETFS ESTIMATION

PSDs
assume fixed a = â(i−1)

ALS
estimate PSDs as [1]

φ̂
(i)
ALS = argmin

φ

∥∥∥Φ̂y −
(
φ̂

(i)
x,ALSaaH + φ̂

(i)
d,ALSΓ + φ̂

(i)
v,ALSΨ

)∥∥∥2

F
= A−1b,

A =


(
aHa

)2 aHΓa aHΨa
aHΓa trace{ΓHΓ} trace{ΓHΨ}
aHΨa trace{ΨHΓ} trace{ΨHΨ}

 , b =

 Re
{

aHΦ̂ya
}

Re{trace{Φ̂yΓ
H}}

Re{trace{Φ̂yΨ
H}}


(1)

constrain PSDs to sensible range: eps ≤ {φ̂(i)
x,ALS, φ̂

(i)
d,ALS, φ̂

(i)
v,ALS} ≤ 1

MyHy
RETFs

assume fixed φ = φ̂
(i)
ALS

define Φ̂
(i)
x = Φ̂y −

(
φ̂

(i)
d,ALSΓ + φ̂

(i)
v,ALSΨ

)
⇒ â(i)

ALS = argmin
a

∥∥∥Φ̂(i)
x − φ̂

(i)
x,ALSaaH

∥∥∥2

F

∧
= rank-1 approximation of Φ̂

(i)
x

=

√
λ1

φ̂
(i)
x,ALS

u1, with λ1,u1 the principal eigenvalue/vector of Φ̂
(i)
x

(2)
scaling of RETFs affects PSDs estimate φ̂

(i)
ALS

after convergence: normalize with reference component (first mic.)

EXPERIMENTAL RESULTS

M = 6 microphones, T60 = 0.35 s

dynamic scenarios:
(i) slowly moving from 0 ◦ to 90 ◦

(ii) moving from 0 ◦ to 90 ◦, then stationary
(iii) moving between -15 ◦ and 15 ◦

STFT settings: fs =16 kHz, NFFT = 512
(frame length 32 ms), 75 % overlap,
Hamming window

pseudo-diffuse babble noise (SDR 10 dB)

90°

15°-15°
0°

1cm

2m

white noise at different diffuse-to-noise-ratios (DNRs)

Φ̂y obtained via recursive smoothing (≈ 20 ms smoothing constant)

spatial coherence matrices:
Γ: spherically diffuse based on microphone geometry + regularization
Ψ: identity matrix (matched condition)

DDA [2] to estimate a-priori SNR ξ for postfilter G

baseline methods:
ALS method ignoring residual noise (Ψ = 0 in model) (ALS2) [3]
state-of-the-art covariance whitening method [4] (CW)

objective performance vs. DNR
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consistent improvement compared to covariance whitening method
difference larger for lower DNRs

By considering noise with multiple spatial coher-
ence matrices, the proposed method has increased
modeling capacity, outperforming state-of-the-art
covariance whitening.
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