
1 The work of A.Esquivel was supported by CONACYT

Adaptive Pre-whitening Based on Parametric NMF
Alfredo Esquivel Jaramillo1, Jesper Kjær Nielsen, and Mads Græsbøll Christensen

email: {aeja, jkn, mgc}@create.aau.dk

Introduction
WGN assumption in several speech processing methods
I This is mathematically convenient but can be quite unrealistic.
I Real noise types are typically coloured so performance of those meth-

ods is degraded (e.g. pitch subharmonic errors).
I A pre-processor which renders the coloured noise closer to white,

namely a pre-whitener, can alleviate the problem.
LPC pre-whitening filter
I Coloured noise z(n) as an AR(P) process implies that the linear filter

A(ω) = 1 +
P∑

i=1

az(i)e−jωi (1)

can be used to whiten the noise.
I P: prediction order and {az(i)}P

i=1 are the prediction coefficients.
I Given the noise PSD φz(k ), k = 1, ..., K , one can estimate the noise

autocovariance

rz(n) =
1
K

K−1∑
k=0

φz(k ) exp
(

j
2π
K

nk
)

, 0 ≤ n ≤ P, (2)

and then use the Levinson-Durbin recursion to find {az(i)}P
i=1.

Problem Formulation
Noise Statistics Estimation
I In practice, the noisy signal x(n) = s(n) + z(n) is observed, where s(n)

is the clean speech signal of interest.
I Therefore φz(k ) needs to be estimated from the periodogram φ(k ) (e.g.:

Min. Statistics or MMSE based on speech presence prob. (SPP) [1])
I However, performance of LPC pre-whitening based on those ap-

proaches is far from the oracle one in e.g., nonstationary noise [2].
MMSE-based noise PSD estimate

φz(k ) =
(

1
1 + ξ(k )

)
φ(k ) +

(
ξ(k )

1 + ξ(k )

)
λ2

z(k ). (3)

I ξ(k ) = λ2
S (k )
λ2

Z (k ) is the a priori SNR.
I λ2

S(k ) and λ2
Z (k ) are the PSDs of s(n) and z(n) at frequency bin k .

Model of sum of AR processes
I A noisy signal frame x = [x(0), ..., x(K − 1)]T is represented as a sum

of U = Us + Uz AR processes tu, i.e., [3]

x =
U∑

u=1

tu =
Us∑

u=1

tu +
U∑

u=Us+1

tu. (4)

I Instead of relying on SPP, now ξ(k ) is estimated from a parametric
NMF Φ ≈ DΣ, in which pre-trained spectral basis are contained in D.

I Even if the sum of two or more AR processes is not theoretically AR,
an AR approximation of the PSD is possible if a large P is used.

Noise PSD Estimate Based on Parametric NMF
1. From speech and noise codebooks trained on LSF coeff., build the

pre-trained spectral basis D = [DS DZ ] whose columns are given by

d̃u(k ) =
1∣∣∣1 +

∑P′

i=1 au(i) exp
(
− 2πjik

K

)∣∣∣2 , (5)

where {au(i)}P′

i=1 are the P ′ AR coefficients of the u-th spectral basis.
2. From φ(k ) = |X (k )|2 /N, k = 1, ..., K , estimate the activation coeffi-

cients vector (i.e., the excitation variances of each one of the U AR
processes)

σ̂ =
[
σ2

1 ... σ2
U
]T

= arg min
σ≥0

dIS (φ|Dσ) . (6)

This can be iteratively estimated by means of a MU rule

σ̂ ← σ̂ �
{

DT (Dσ̂)[−2] � φ
}
�
{

DT (Dσ̂)[−1]
}

, (7)

where � and � are element-wise product and division, respectively.
3. Estimate ξ(k ) = dSσS

dZσZ
which is used in (3).

4. For a more robust pre-whitener, which takes into account noise sam-
ples not well-represented in D, a last column of the envelope corre-
sponding to a noise tracker (e.g. MMSE-SPP [1]) can be added.

Experimental Settings and Results
I Speech codebook trained on sentences from CMU Artic database.

Noise codebook trained on Aurora DB (restaurant, street, car, airport).
I Testing on Keele database with added babble or exhibition noise.
I Training parameters: sampling frequency 8kHz, frame duration 32 ms,

frame overlap 50%, P ′ = 14, US = 32, UZ = 14 and 40 MU iterations.
I LPC pre-whitening based on other noise PSD estimates (e.g., MS,

MMSE [1], IMCRA) and the oracle were also applied.
I Spectral Flatness Measure defined as

SFM =
K
√∏K−1

k=0 φzw (k )
1
K

∑K−1
k=0 φzw (k )

(8)

Bounded between 0 (more coloured noise) and 1 (perfect white noise).
Higher SFM using P = 30 than P = 20. Before pre-whitening,
I mean SFM of babble noise: 0.07
I mean SFM of exhibition noise: 0.30
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Fig. 1: Mean and 95% confidence interval of the SFM after pre-whitening.

I NLS Pitch Estimation [4] which is statistically efficient under WGN
conditions. Raw pitch values estimated from [60,380] Hz, segments
of duration 30 ms with overlap of 20 ms between them. LPC pre-
whitening order P = 30, which does not modify f0.
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Fig. 2: Gross error rate of estimated pitches as a function of the iSNR.

I Speech enhancement based on a WGN assumption was applied on
the noisy pre-whitened signal, and then the pre-whitening was undone
applying the inverse filter. The enhancement algorithm is OM-LSA [5].
I E.g., at 4 dB with babble noise the segSNR improvement is:
? 2.63± 0.36 dB with conventional enhancement and
? 2.71± 0.33 dB from the enhancement of the pre-whitened signal.

I E.g., at 1 dB with babble noise the noisy speech PESQ is 1.77±0.12,
? the conventional enhanced signal has PESQ 1.95 ± 0.08 and
? the enhanced signal from the pre-whitened one has PESQ 1.97
± 0.07.

Conclusion
I Higher SFM compared to pre-whitening based on classical noise PSD

trackers. Therefore, we observed improved pitch estimation accuracy.
I Speech enhancement based on WGN assumption shows that the pre-

whitener preserves the signal of interest, i.e., does not ruin the signal.
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