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AUDIO
1. Motivation LABS
"Classical” Linear Spatial Filtering:
t High amount of noise plus interference reduction
-+ Controllable tradeoff between speech distortion and noise reduction
+ Controllable tradeoff between different noise types
Not very robust w.r.t. estimation errors, position changes, etc.
— Relatively slow response time
Parametric Spatial Filtering:
+ Fast response time
t Relatively robust w.r.t. estimation errors, position changes, etc.
+ Possibility to manipulate parameters (e.g., virtual source displacement)
— Inherent tradeoff between speech distortion and noise reduction
— Model violations can introduce audible artifacts [Thiergart and Habets, 2012]
— Relatively poor interference reduction due to the tradeoff and model
violations
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2. Informed Spatial Filtering
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The main idea behind informed spatial filtering is
to incorporate relevant information about the specific problem into the
design of spatial filters and the estimation of required statistics.
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Figure: Informed spatial filtering approach.
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2. Informed Spatial Filtering

A selection of parameters that can be used (see Part 4):
® Signal-to-diffuse ratio (SDR):

D\ — Pdh(k,’ln,pi)
P(kﬂm7p1) - Pdiff(k,m) )

where Py, is the power of the direct component at position p; and Puaig is
the power of the diffuse component (assuming a spatially homogenous
sound field).

® Time and frequency dependent direction-of-arrival estimates.
® Time and frequency dependent interaural level differences.

® Time and frequency dependent interaural phase differences.
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B8 Examples

m Example A: Extracting Coherent Sound Sources

m Example B: Dereverberation in the SH Domain

m Example C: Directional Filtering

m Example D: Source Extraction
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3.1 Example A: Extracting Coherent Sound Sources

= Signal model: y(k,m) = x(k,m) + v(k,m).
® Assumption: Desired signals are strongly coherent across the array.

® Aim: Estimate X1(k, m) using a parametric multichannel Wiener filter
[Benesty et al., 2011]:

‘I’Jl(k, m)@x(k, m)
Ak, m) + tr {® " (k, m)®x(k,m)}

hpyvwr (K, m) = u;

-15 -10 -5 5 10 15

0
I (dB)
Figure: Mapping from the input signal-to-diffuse ratio to the tradeoff parameter A
[Taseska and Habets, 2012].
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Proposed Solution [Taseska and Habets, 2012]

y(k,m) Z(k,m)
> Parametric Multichannel Wiener Filter F——>
/Y A A
®,(k,m) | P[Hyly(k,m)] |
| - |
Estimate | ESStgiLe :
»| NoisePSD fe--4 P <« —— T(k,m)
Matrix resence
Probability :
A ]
Estimate
»| Signal-to-
Diffuse Ratio

Block diagram of the proposed system.
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Algorithm Summary
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High-level description of the proposed algorithm [Taseska and Habets, 2012]:

1. Compute signal-to-diffuse ratio (SDR) using [Thiergart et al., 2012].
2. Compute a priori speech presence probability (SPP) based on the SDR.
3. Compute multichannel a posteriori SPP [Souden et al., 2010].
4. Update noise PSD matrix using the a posteriori SPP.
5. Compute the tradeoff parameter for the parametric multichannel Wiener
filter (PMWF) based on the SDR:
- When the SDR is high, we decrease the amount of speech distortion.
- When the SDR is low, we increase the amount of noise reduction.
6. Compute and apply the parametric multichannel Wiener filter.
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Results (1)
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Figure: Performance evaluation: PESQ improvement for stationary diffuse noise (left)
and diffuse babble speech (right) [Taseska and Habets, 2012].
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Results (2)

—8—X=0 —e—Ai=1 -6 -k=I) - b -A=fI)+SPP

(o2}

SNR gain (dB)
N

N

0
-5 0 5 10 15 20 25 -5 0 5 10 15 20 25
input SNR (dB) input SNR (dB)

Figure: Performance evaluation: segmental SNR improvement for stationary diffuse
noise (left) and diffuse babble speech (right) [Taseska and Habets, 2012].
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Results (3)
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Figure: Examples obtained using M=4 microphone signals corrupted by sensor noise

and babble speech (input SNR = 10 dB).
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3.2 Example B: Dereverberation in the SH Domain
Assumed signal model with stacked spherical harmonic components:
plk,m) =%(k,m) + d(k,m)+V(k,m)
= y(k,m) Xoo(k,m) + u(k,m)

_ X(km) _ y(Qair) .
)Nfoo(k, m) Yoo (Qair) dir>

~(k,m)

where Yj is the zero-order spherical harmonic and Qgq;, is the DOA.

ote
HESTH
OHESEH®

Spherical Harmonics up to order 3
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Proposed Solution [Braun et al., 2013]

Desired signal: The direct signal component )N(oo(k, m) which
corresponds to the sound pressure measured at the center of the array in
the absence of the spherical microphone array.

Assumption: Direct, diffuse and noise components are mutually
uncorrelated.

Proposed solution: The (rank-1) MWF provides an MMSE estimate of
Xoo(k, m). For practical reasons, we split the MWF into an MVDR filter
followed by a single-channel Wiener filter:

¢)~(00(k7 m) @gl(k’ m) Y dir
¢)?00(ka m) ’y(I;l-Ilr (}f_,l(ka m) Y dir +1

hMWF (k’, m) =

1 -
q)ﬁ (k7 m) Ydir . ¢Xoo
T ~H e H -1 =
Yair Pa (K, M) Vair ¢)?00 + [’Ydir & (k,m) ’Ydir]
hyvpr (k,m) Hyy (k,m)
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Parameter-based PSD Matrix Estimation LABS
Required information: Diffuse PSD matrix estimation:
' Direction of arrival (DOA) — ~air B Assume model for diffuse sound

¥ Interference PSD matrix: component:

®a(k,m) = B3k, m) + Bo(k,m) Pa(kym) = o5,k M) L1412

B Calculate diffuse sound PSD using an
estimate of the diffuseness W:

& gk m) — by (k)

= (k,m) =
6 590 k: M) R
Qi —
O— -
Q | STFT SHT || (L+1)? hyvor —> Hw  B{STFT'>
00— -
P,
Diffuseness Py Residual
Estimation Interf. PSD
|
. o5
Diffuse PSD | "Poo | o 14 g
Estimation BDoo v
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Results
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Figure: Examples obtained using simulated signals [Jarrett et al., 2012] (source-array
distance is 2 m, SNR = 20 dB, Tp=400 ms).
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3.3 Example C: Directional Filtering LABS

® Flexible sound acquisition in noisy and reverberant environments with
rapidly changing acoustic scenes is a common problem in modern
communication systems.

® A spatial filter is proposed that provides an arbitrary spatial response for
J sources being simultaneously active per time and frequency.

¥ The proposed filter provides an optimal tradeoff between the white noise
gain (WNG) and the directivity index.

" The filter exploits instantaneous information on the spatial sound
(narrowband DOAs, diffuse-to-noise ratio) which allows a nearly
immediate adaption to changes in the acoustic scene.
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Problem Formulation

= Signal model: Based on a multi-wave sound field model, the M
microphone signals can be expressed as:

)= DXk m) 4 Atk m) 4 vlhm)

diffuse sound  sensor noise
J plane waves
= Aim: Capturing J plane waves (J < M) with desired arbitrary gain while
attenuating the sensor noise and reverberation.

The desired signal is given by: z :2 Lo
= [ H H . ERRE Y
) R e N
E G(k, ;) X, (k,m) 2 | :
[ SO :
—-20] -
-90 -45 0 45 90

DOA ¢ [
¥ The desired signal is estimated using an informed LCMV filter:
Z(k,m) = hitcuy (k,m) y (k,m)
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Proposed Solution (1)

The proposed informed LCMYV filer is given by:
hiLcmv = argmin hH [<I>d(k,m) + @v(k,m)] h
h

s.t. h'(k,m)a(k, ¢;) = G(k,¢;), j€{1,2,...,J}

where a(k, ¢;) denotes the steering vector for the jth plane wave at time
m and frequency k.

For the assumed signal model, we can alternatively minimize
h" [U(k,m)Ty(k) +1] h,
where U(k, m) denotes the instantaneous diffuse-to-noise ratio (DNR) and

T'4(k) denotes the spatial coherence matrix of the diffuse sound field.

The filter is updated for each time and frequency given the instantaneous
parametric information (DOAs, DNR).

The filter requires knowledge of the DNR, which can be estimated using
an auxiliary spatial filter (see poster session AASP-P8 on Friday or
[Thiergart and Habets, 2013]).
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Proposed Solution (2)

DNR W(k,m)
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Figure: Left: DOA ¢1(k, m) as a function of time and frequency. Right: Desired
response |G(k, p1)|? in dB for DOA 1 (k,m) as a function of time and frequency.
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Results (1)
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Figure: Top: True DNR in dB.

Estimated DNR in dB.
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Figure: Top: Directivity index (DI) in dB.
Bottom: White noise gain (WNG) in dB.
Wy, minimizes the noise power, wg
minimizes the diffuse power, w,q is the
proposed iLCMV filter that minimizes the
diffuse plus noise power [shown when the
sources are active (red solid line) and
silent (red dashed line)].
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Results (2) LABS

¥ The proposed spatial filter provides a high DI when the sound field is
diffuse and a high WNG when the sensor noise is dominant.

" Interfering sound can be strongly attenuated if desired.

B The proposed DNR estimator provides a sufficiently high accuracy and
temporal resolution to allow signal enhancement under adverse conditions
even in changing acoustic scenes.

SegSIR [dB] | SegSRR [dB] | SegSNR [dB] PESQ
* T (1) | =7 (=7 | 26 (26) | 1.5 (1.5
wa |21 (32) | -2 (-=3) |33 (31) |20 (17)
wa | 26 (35) 0 (-1) |22 (24) |21 (2.0)
Waa | 25 (35) 1 (-1) |28 (26) |21 (2.0)

Table: Performance of all spatial filters [* unprocessed, first
sub-column using true DOAs (of the sources), second
sub-column using estimated DOAs (of the plane waves)].
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3.4 Example D: Source Extraction

@ Scenario
® Multiple talkers
® Additive background noise
)) \_/
/ K\&
Applications

® Distributed sensor arrays

Spatial filter = Teleconferencing systems
B Automatic speech recognition
Estimate of desired source at = Spatial sound reproduction

microphone @
= Signal model: y(k,m) = x'“ (k,m) + > x(k,m) + v(k,m).
i#d
= Aim: Obtain an MMSE estimate of X% (k, m).
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Proposed Solution [Taseska and Habets, 2013] LABS
" Hypotheses:
Hv : y(k,m) = v(k,m) — speech absent
Hx : y(k,m) = x(k,m) + v(k, m) — speech present
HL y(k,m) = x9 (k,m) —I—ZX (k,m)+v(k,m) j=1,2,...,J

Gal

~0
" Recursive estimation of the PSD matrices:
&) (m) = p[HA |y (00 8L (m—1) + (1 - ) yy™)
+ (1= vl |y]) 89 (m - 1)
= Signal-to-diffuse ratio (I') and position (©) -based posterior probabilities:
LML [ y] = pIHL |y, Ha - p[Hx | ¥] 2 p[H | O, Ha] - p[Hx | 1',Y]
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Parameter-based PSD Matrix Estimation LABS
v
t | spp pHATy] | Noise PSD &
"| Estimation “| Estimation =
Parameter Q
Estimation L
y
B Posterior 1@ HIHI 3
o) P[HL1©, H,] A1) 3
> Probabilty ——— () SOUCEESD L T
Estimation
B The distribution p[© | Hx] is modelled as a Gaussian mixture (GM).
® GM parameters estimated by the Expectation-Maximization algorithm.
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Results (1)

Setup:
Three reverberant sources with approximately equal power, diffuse babble
speech (SNR=22 dB), and uncorrelated sensor noise (SNR =50 dB). The
reverberation time was T60 = 250 ms.
Two uniform circular arrays were used with three omnidirectional
microphones, a diameter 2.5 cm and an inter-array spacing of 1.5 m.

(a) Training during single-talk (b) Training during triple-talk

Output of the EM algorithm (3 iterations) and 4.5 s of noisy speech data.
The actual source positions are denoted by white squares. The array location is
marked by a plus symbol. The interior of each ellipse contains 85% probability mass of
the respective Gaussian.
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Results (2) LA
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Figure: Left: constant triple-talk scenario. Right: mainly single-talk scenario.
Audio files available at http://home.tiscali.nl/ehabets/publications/Taseska2013.html.
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Special thanks to Sebastian Braun, Maja Taseska,

Oliver Thiergart and Daniel Jarrett for their contributions.
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