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Acoustic signal enhancement

THE UNIVERSITY OF
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» When do we need acoustic signal enhancement?
Recording a dialogue in a noisy public space
Sending intelligible speech for hand-free calls
Improving speech recognition accuracy

Extracting a melody of an instrument for
transcription

vV vV VvV Vv

etc. etc.

http://www.nec.co.jp/press/en/0703/0501.html

s

http://www.btas.com.au/products/main/polycomvsx7000e.shtml https://en.wikipedia.org/wiki/Orchestra 4
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acoustic signal enhancement

Statistical method /

Machine learning
» Independent Component
Analysis
* Neural Network

Spectral

Manipulation
» Wiener postfilter
» Spectral subtraction
* Nonnegative Matrix

Factorisation

Hardware
« Shotgun

e Parabola
e Cardioid

Microphone Arrays

* Fixed beamforming ” |
Software » Adaptive beamforming Ef‘i?e )

: (digital signal processing) |


http://www.ring-g.co.jp/gazo/KM-3583-s.jpg
http://www.ring-g.co.jp/gazo/KM-3583-s.jpg
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Reality of practical problems

» Limitation on hardware
» Deviation of devices’ performance
» Size/space

» Harsh acoustical environments
» Variety of noise types
» Reverberation
» Extremely high noise level

4

P RAC TICA L LY E F F ECTIV E http://techon.nikkeibp.co.jp/article/HONSHI/20060730/119674/
Acoustic signal enhancement
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Better performance by combination

Statistical method /

Machine learning

» Independent Component
Analysis

» Neural Network

Spectral

Manipulation
» Wiener postfilter
 Spectral subtraction
* Nonnegative Matrix
Factorisation

" '!!_"-"'*r R

Hardware
« Shotgun

e Parabola
e Cardioid
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|
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e
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Microphone Arrays
: * Fixed beamforming
. Software  Adaptive beamforming

r,
SN
N

'l

. (digital signal processing)


http://www.ring-g.co.jp/gazo/KM-3583-s.jpg
http://www.ring-g.co.jp/gazo/KM-3583-s.jpg

DSP techniques - Pros & Cons
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Tecmique —pros e

Microphone .

Linear processing

May be sensitive to errors in

Arrays e Calculation cost is practical environment
relatively low causing significant
performance degradation
Spectral * Robust to errors in * May suffer from musical

manipulation

practical environment
Low calculation cost

noise
Spectral information of
signal/noise is required

Statistical
method

Very high performance if
the model fits the actual
problem

High calculation cost

Often sensitive to errors in
practical environment

May require training process

Because of its robustness to errors Spectral Manipulation
(s often used in combination with Microphone Arrays for
practical applications.



» Combination of Microphone Arrays & Spectral
Manipulation

» Pros & Cons
(+) Robust and high performance in practical environment
(-) Power spectral density (PSD) of target sound and noise needs to

be estimated

noise

Bea'f”’ DFT Wiener IDFT }—>
&) forming postfilter
PSDs of Ps(w)
Target source 50
target & noise P02+ ()
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BF with Wiener postfilter (cnt’d)

» Originally developed for compensating the beamforming
being less effective for reducing (spatially) incoherent
noise, including microphones’ internal noise and ambient

noise of the environment

» Conventional PSD estimation for microphone arrays
» Spatially incoherent noise (Zelinski 88)

» Diffuse noise (McCowan 03)

» Question: Can the technique be extended for reducing
other signals e.g. coherent noise?

Coherent
\ Pary
n0|se Y

DFT Wiener IDFT —>
postfilter

Beam-
N .
& _ 11| forming
Internal/
Target source ambient noise

Yes if you can estimate

source PSDs ... 10
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Problem (simplest case)

Estimate PSD of

* N coherent sound sources located in different angles;
e using an M-sensors microphone array;
(in order to calculate the Wiener post-filter).

Transfer function

Source n —_ S (o) I / from source n to microphone m
n \\\\
A\nﬁn (CO) N

Input signal of microphone m
M-sensors / X (@) = Z:l:lAnﬁn (0)S, ()

microphone array

X (o)
;> ‘: Assumption
N coherent > !
O ' All sound sources are
sound sources '
\ , mutually uncorrelated
\\\ é /,’/ *
& - E[S,(@)S; (@) |=

12
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Beamforming

» Assume a beamforming is applied to the microphone
array observation.
Output of beamformer

S,(0) B o
(0)) - ZWm (CO) Xm (C())
. 'A\n,en (@) mNTl
Q? =ZZWm (W) A, 4, (@), (@)
0° > 2| Beam- | Y (@) = 2w (@)a, ()8, (@)
OO . _s| former n
° X () =>.D, (®)S, (@)
§ — n
& . directivity to 6,

<
a, (@) =[A, (@  A,@] qp
W, (@) =[Wy(@) - W, (@)]

13
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PSD of beamformer’s outpt

» PSD of a beamformer’s output can be approximated by
simple additive model: Z(directivity gain x source PSD)

PSD of beamformer output Output of a beamformer
X Y(®) =)D, (0)S,()
¢ (@) =E[Y (0)Y (@)] \ n

=YD, (@) E[[s(@)

+I;§(Dﬁn (©)D;, (@)E[S,(@)S;.(@) ]+ D,, (@)D, (@)E[S,,(@)S; () )

=X P, ( “E[[s (@) ] N

Ypuefe) _—
SN to ome

Directivity gain Source PSD

14



» Applying L (2N) different beamformers will introduce L

different combination of directivity gains applied to
source PSDs.

Beamformer 1

N g:é+©+c

Beamformer 2

o= B+ O s
ﬁl D oo ::

Beam-
former L

—>

i

Beamformer L
C8 = & + O+J

15



» Relation between beamformers’ outputs and source PSDs
can be described by a simultaneous equation.

4 )

g a+4§>+¢ (F 3 %a

D, (0) [ D(®) O (o)

psD of 7 ) A N

b f "outputs  Directivity gains PSD of sound
eamformers’ outputs YJd sources

» Source PSDs can be estimated by solving the equation

using e.g. least squares method Used to calculate 4. ()
: iener fil
Estimated source PSDs Wiener filter 2., (@)

O (0) =D (@)D, (@)

16
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Extension for noisy environment

» Diffuse noise can also be included in the model (like
many existing studies did).

» PSD of diffuse noise can be separately estimated by
adding another column in the gain matrix D(w)

¢ (@)
%, (@)

4, (@)

Oy ()

Q

‘Dle (a))‘

‘Dz,el (a))‘

= _‘ DL,el (a))‘2

‘ D1,92 (a))‘ ‘ Dl,eN (a))‘

' ‘DL,QN (6‘))‘2 \

Squared
directivity
for diffuse

noise

¢ (o)
¢52 (@)

¢sN (w)

D{a))

jl 05 (o)

PSD of diffuse noise

» Directivity to diffuse noise is modelled using isotropic

power distribution of diffuse noise

[Hioka et al., IWAENC2014] 17
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Analysing “D(w)” matrix

» Performance of the PSD estimation depends on if the
directivity gain matrix D(w) is "well-conditioned” or not.

» Despite the size of D(w) being determined by L and N,
the condition of D(w) is determined by:

» the number of microphones in the array (M) and,;
» the shape of directivity pattern of the beamformers.

‘ # of sources (M)

(@] | Pa@ @ @) | o)
# of bf's @ @ 4@
(0 ' | .
%ﬁf@ _\le(w)\ ‘DLﬂN(w)‘__césta)))J
vie S e @ (@

18
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under-determined problems

» Maximum number of separable sources (MNSS) can be
analytically derived by looking into the rank of D(w),
which is bounded by M(M-1)+1 (M: # of microphones).

> May be applied to under-determined problems
[Hioka et al. IEEE TASLP2013]

maximum N for M = 4 (square) j maximum N for M = 5 (regular pentagon)

maximum N for M = 6 (reg. hexagon)

/ s
207177 T T T T — =
P I [SRCELE S !
Lo [JRCE I
e | M-
: l P
|
|
]

AbSIR [dB]
=

L

______________
' |

gl

__________________________________

__________________________________

. Moo M A LN e 0]
| L SN ;

9 16 19 21 25
Number of sound sources (N)
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AbSIR [dB]

___________________________________________________

—&— Proposed
—8— GSC (LCMV)

—£— Delay&Sum

—fe— Zelinski

—3¢— MecCowan

Number of sound sources (N)

Source separation performance of the Wiener filter designed by using the estimated PSDs for different
number of sources. Left: Simulation results for M = 4-6, Right: Experimental results for M=3

19
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Beamformer design

» Beamformers need to be carefully designed in order to
avoid causing rank deficiency of D(w).

4 )
Cases causing rank deficiency /,._,\ 0.98 1.0 1.0 n ﬂ 1.00.5 1.0 f*\ﬂf\ 0.51.005

casel: broad directivity in low frequency — = o100 « il 051005 A\ 081004
case2: spatial aliasing in high frequency ——— LY“MH

case3: ill combinations of source angles il *000% [, 100510 Ay 021008

\ casel case2 case3

J

» Attempts to specify a recommended beamformer design:
» Make D(w) (i.e. inverse of D(w)) to be an M-matrix
[Niwa et al.,, IWAENC2016] Poster Session I-27

» MNSS of 2M-1 is guaranteed if a delay-sum beamformer on a
cylindrical array is utilised.

[Hioka et al., IEEE WASPAA2013]
» Optimum design of beamformers is still an open problem.

20
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Modelling by nonlinear mapping

» Modelling by linear combination requires approximation.

» More accurate relationship between ®, and ®. may be
described by a nonlinear mapping.

approximation

|Dl,61(a))|2 |D1,€2(a))|2 |D1,€N (w)r_ [ ) (" )l
o @@ ) ||:> vl FY e
|DL,91 (w)|2 |DL,€N (w)r_
— D(o) N~—— - I\ Bl@) -
. . . . Dy () . o 05
Mapping by linear combination Nonlinear mapping

» Attempts to describe the nonlinear mapping by a neural
network (NN).
» Wiener filter estimation using deep NN [Niwa et al., ICASSP2016]

» PSD estimation in beamspace using NN

[Kawase et al., IWAENC2016] Poster Session I-26
21



111. Applications using the
estimated PSD

Directional sound source separation

Distance distinguishing microphone
“Zooming” microphone array

UAV recording

Blind acoustic characterisation -DRR estimation-

ol gh BN
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1. Directional sound separation

» Most straightforward application of the estimated PSD is
directional sound separation.

» A source located in particular angle is emphasised by the
Wiener filter.

| ENGINEERING

LA

Audio interface

23
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1. Directional sound separation

» Demonstration video

24
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Application to a voice conference system

loudspeake
» Key features el

» 4 mic + 1 loudspeaker
» RRP: JPY 108,000 (=USD 1,000)

» Can be connected to various communi-
cation devices, e.g. PC, mobile, landline, etc. \/\

microphones
} Key m eC h a n | S m (http://www.ntt-at.co.jp/page.jsp?id=17938&content_id=902)

» Each of four angular regions can be muted separately
» Directional mic + Wiener filter by PSD estimation in beamspace

\ .
ngular Regionl £
c%o_»o. 3] Microphone- S (gé 0—" 3
o—ell3] selector § 9%’
Speech s é’
PSD . : > 5>
_:> Source PSD > Wiener Filter S %
3] estimation —>| Calculation # cuoibay Jenbuy
Noise

PSD [Hioka et al. IEEE TCE2012] 25
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2. Distance distinguishing microphone

» Most of existing sound source separation techniques are
only capable of distinguishing sources located in different
directions but NOT at different distances

Noise in different direction Noise in the same direction

ﬁj k =*‘35_? £ ?ﬁ ﬁg
. @ P
Ggp @ Yes b5y @ No

Distance-distinguishing microphone

=) A sound source located in a particular area
(distance & direction) can be extracted

26
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2. Distance distinguishing microphone

» Aim: Emphasise sources in two-dimensional area

» Assumptions:
More than one microphone arrays are utilised.
Microphone arrays can be located apart.

» Solution:

Extend PSD estimation in beamspace to Microphone Arrays
2D scenario by setting areas by combination of
angles from each of microphone arrays.

Target Area 27
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PSD estimation in beamspace [EEEE | cvcmecune
for 2D scenario

1. Define two-dimensional area by combination
of angles looking from each array

2. Introduce beamformers whose directivity
patterns are mutually different (e.g. mainlobe
pointing in different direction)

3. Estimate PSD of each area from PSD of

y \l( multiple beamformers’ output
! I ! I , N f N N
Beam- Beam- A1 Dpys =777 Diing #s
former former 22 ! KN ! M1
I N
ST el NSNS
PSD estimation Pro ' Yo |
of each area K4E | Dr3 s ====- Drans | ne)
¢S\l: \l: """ \l: Pn1-NX e \ \
Wiener Postfilter PSD of directivity gain  area-wise
beamformer’s output for each area PSD

28
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2. Distance distinguishing microphone

» Demonstration video

On Air in 2009 by TV Tokyo 29
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3. Zooming microphone array

Beamforming ,
>
T with diffused p VeneT -—»C;‘grﬁ’;t
L sensing merng
PSD estimation in _I
- b
L eamspace

User control

4

Music =~ Speaker 1 Speaker 2
(loudspeaker) (walking) Speaker 3

[NIWA et al. IEEE TASLP2016] 30
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Aside: Optimal microphone array design

» A design paradigm of microphone array structure

Problem: Specify microphone array design that maximises
the mutual information between s and x: /(s;x) max{l (s;x)}=Ilog, det(aﬁNR + I)

e’
Source signals Transfer functions

Observed signals — o -
s(w, 1) A(w) X(w,7) f o 1_‘1'2 Ce o FLM
Target a,(w) )
source(#1) t )i) DM, R AAH F2,1 0-2 .o FZ,M
Interference a,(w) b_,(Mic'#z) o o : > c. :
noise(#2) > » . : 5 s
a, (o) 2
Interference K I I s O
noise(#K) t )77 e b > | " M1 M,2 1
Background noise N(@, 7)

Spatial correlation matrix

Solution: Design an array that reduces cross-correlation of the transmission
paths between microphones (i.e. off-diagonal of R).

2 ] Off-diagonal of R
o2 This cogld bg rea!lsed in a dlffused
R — sound field, i.e. diffused sensing.
. [NIWA et al. IEEE TASLP2013]
O o’ Fi,j—sinc(MJeo if o, —p;| >0
- - ¢ ¢ ) 31
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3. Zooming microphone arry

» Demonstration video

BBC News Oct 2014
32


http://www.bbc.co.uk/programmes/p029l3hj
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4. UAV recording

» Recently UAVs have been utilised in filming industry but
only for video but NOT audio because of huge amount of

rotor noise.
» The presenter was a member in one of the six finalist

teams of C-Prize, a competition organised by a
governmental institute in NZ.

» The developed UAV carried multiple microphones with
speech enhancement algorithm based on PSD estimation
In beamspace.

Next generation UAV technology
for the screen industry

rowerep v Gallaghaninnovatior

http://www.cprize.nz/

% NEW ZEALAND ‘ ENGINEERING
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4. UAV recording

o ()
e Xo(® —.
0§ 42 ; L) 2
= : MVDR o(®) (®)| &
: — ! ° (X 7 |—e
— 5 Beamformer 0 l o
2 | &
=t
D) Z X(o) - Square Law H(w)
R
: Yn(m) I g :
7 g NEd =l
1|88 | E 12 [ ~| Wiener
o o < a 5 : : filter
b E o = > = :
' I = ~ S = : .
- = || = @] ' o
! = // [ = H / o
I = I
=l N T 00T o, ()
PSD estimation in beamspace
®
024 P
Py
@Pao
&
X Position of
sound sources ® Paa o
O Position for impulse . P00 P
L

response measurement ®~. - _® P270

[Hioka et al. IWAENC2016] Poster Session I-28 34
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4. UAV recording

» Demonstration video

Also available on YouTube
35


https://www.youtube.com/watch?v=X0Rvs7Xoff4
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» Estimated PSD can be used for various applications other
than acoustic signal enhancement.

» Blind acoustic characterisation is an emerging topic that
alms to estimate various acoustic parameters, e.g.
reverberation time (T.,) and direct-to-reverberation ratio
(DRR), without measuring a room impulse response.

» ACE (acoustic characterisation of environment)
Challenge was held in 2015 where participants
competed with others on estimation accuracy of T, and
DRR.

I+
/1 /"= ACE Challenge

http://www.ee.ic.ac.uk/naylor/ACEweb/index.html
36
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Direct to reverberation ratio (DRR)

» Energy ratio of direct sound and reverberation measured
at a position in a reverberant room.

» Calculated from a measured room impulse response.

Zw|HD(a))| J dB

Energy of direct sound

DRR = =10log,,
Energy of reverberant sound

H(w) Hp () Hr (o)
= +
“ ‘ (TN NI TH T - H ‘ (TN TH T
time time time
Received Signal Direct Sound Reverberation

37
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Why estimating DRR?

» DRR can be used for various purposes. For example
source distance can be calculated from the estimated

DRR.
' Theoretical DRR in perfectly

diffuse sound field

Sa
DRR [dB] = 10log,, (167:7)

d : distance to source
S : surface area of wall
o. absorption coefficient

.

DRR —m>

example:
DRR curve in diffuse sound field

ol | (4x6x25[m], o = 0.15)

Qi i
“7 10 30 50 100 150 200 250 300 350 400

d : distance to source from miC —>

38
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Calculating DRR from PSD

» DRR can be approximated by the ratio of the PSD of the
direct sound and reverberation.

2 Ho(@)f
DRR [dB]:=10log,, Zle 7
R,Q
> Py () > P (@)
~10log < =101log @
I 2] Pral@)de REDIAD
source ~ Assumed sound propagation model
\@ & » Direct sound arrives to a microphone
direct without being reflected or diffracted by
\/ reve;beration rigid materials (a)
o \;«\if»} * Reverberation arrives from every angle
oPmicrophone /;’(""RQ\ with unolform power distribution, i.e.
array Isotropic (b)

(a) (b) \« )
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PSD estimation

» Use TWO beamformers which have different directivity
patterns for PSD estimation in beamspace.

» Assuming the reverberation being spatially diffuse, same
model as that for diffuse noise can be set.

{ Par 1 (a))} _Gl,QD (@) JQ G o (a))dQ_ {PD (a))}

Pee2(@)] |G, (@) [ G,a(@)dq | P(@)
PBFY(a)) - Gzrw) RER
Beamformers
N PSD of direct sound and
y pirget Sound reverberation are estimated.
VAN NG- .. ,
Reverberation Q L PS (a)) — G (a)) I:)BF (a))

40
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Evaluation using ACE Challenge corpus

» Performance evaluated using the ACE Challenge corpus
recorded by a triangular microphone array (Mobile).

» Direction of arrival (DOA) of the direct sound was
estimated by the steered beamformer based method with

a delay-and-sum beamformer.
» Voice activity detection (VAD) was applied for extracting

frames with reasonable amount of speech components
used for the PSD estimation.

Sampling rate 16,000 Hz Type Delay & Sum
Beamformer for YT Q=6 0}
' PSD estimation ainiobe 1= Pp
Frame size 512 samples angle Q,={6,+11/3.05}
: : L. Azimuth: /72
Frame shift 256 samples Resolution of DOA estimation Zenith: 1/60

[Hioka et al. ACE Challenge Workshop 2015] 41
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Evaluation using ACE Challenge corpus

» Estimation accuracy and distribution across rooms

(a) Ambient

LgwSNR: -1 dB MediumSNR: 12 dB High.SMR: 18 dB
15 i 1 = 15 i T 15 i T
R i R R
1 H 1 1
10 : 1 : 101 :I 101 : b
- I 171
1 1 i 1 1 H _
5 by i 1 IR RS
=) | P H ) 1 = 12
k1 |’:| H = S |
S of-3-1 =1{ 8 S o
| 1Ly 5 g | i
HENEN 5 5 |-
S _s) | 1 i1 F=1 S sl
iaH : :
g (Lp o s |- = L
w T 1 w H wi i
—10p--i-1 i —10}- i i ~10[--
I T I o
1 1 i 1 1 1 1+
—15} : R —15f : ———————— —— ~15}- : S
R R i R -
i i [ [
-20 -20 - -20 ——
P i W0 P i W Bl P vicap MBI
Method Method Method
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1 o P
1 ; 1 R
I I 10— g--b
1 |
) i1 @ @ [
RSB 2 )-iol
= T 1 = s -1
9 of e [ [<) 1
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! : !
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b b
1
[ i [
20—t - -20 TR -20 ek
P Wi W 0 P w0 P w0
Method Method Method

(b) Fan
Medjum.SNR: 12 dB High.SNR: 18 dB
15 I 154‘9—|7I

P 1!
1 ! I
10] 1 i 10 1
171 I
i - 1
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DRR estimation performance in
different rooms

10 Proposed method without calibration Previous method [4]
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Summary

» For realising practically effective acoustic signal
enhancement, spectral manipulation using Wiener filter

has been focused.

» PSD estimation in beamspace was developed for
calculating the PSD of each sound source located in

different angles/locations.

» Various applications that utilise PSD estimation in
beamspace are introduced:
Directional sound source separation
Distance distinguishing microphone
"Zooming"” microphone array

UAV recording
Blind acoustic characterisation — DRR estimation —
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