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| Contributions summary A
» We improve the performances of the DUET [1] algorithm using the synchrosqueezed STFT.
B » Our recursive implementation [2] allows a real-time implemation.
» The Levenberg-Marquardt algorithm makes our method adaptive using a damping parameter p.
\_ %
| The synchrosqueezed STFT A The Levenberg-Marquardt synchrosqueezing Recursive implementation
B For any time t and any angular frequency w, the STFT of a B Make the synchrosqueezing adjustable and adaptive using a dam- m Use a specific analysis window hy(t) = Tk’éz_ll)! e t/T U(t) (k >
signal x using a differentiable analysis window h is defined as : ping parameter L. 1 being the filter order, T the time spread of the window, and
, . This parameter could be locally matched to the signal content by U(t) the Heaviside step function). This allows to implement the
X(t,w) = [ x(u)h(t —u) e du (1) a voice activity det b ' ly /signal ise bi ' ive filteri '
. y detector or by a noise only/signal+noise binary STFT in terms of recursive filtering operations [3].
. 3 k—1 )
_ e—jwt/ x(t — u) h(u)* & du. (2) detector. Whenlfllters gi(t,w) = hi(t) et = Tkzk—l)! e’ U(t), with p =
R "_g(u’w) I T T e E T e e T o I e T e Jw —b—t, .are discretized under the impulse invariance assumption,
- e obtain :
The synchrosqueezed STFT can be defined by [3] : t(t £ 1 W
| ! (@M((t; c:}))) :<w>—(VtRf:(t,w) + ,uIz) R)’(’(t,w) (6) k—1 -
SX'(tw) = / X(t, ") e 05 (w — Oyea) d’  (3) S E b (tw) D biz
e | with Ri(e.) = (520 ) (7) Gz.0) = T2 {gi(t.w)) = — 20—, (10)
which provides a sharpened time-frequency representation (TFR) w — Wx(t,w) k B
|SX"(t,w)|? when an efficient local instantaneous frequency es- VIRt w) = (2Rt w) 2B:(¢ (8) 1+ Z iz
. : X\ 79 8t(’w) &u(’w) =1
timator is used such as [2] : X j
XDh(t,w) | dh I, being the 2 x 2 identity matrix and t, being the time reassi- with b, = mgk_u_i_lai, a = ells | = T/T.,
Ox(t,w) = w + Im (X”(t,w))’ with Dh(t) = E(t) (4) gnment operator comput;c)i as [2] : ZIF() = S F(nT,)z ", a = Axi(—a), T, being the
The main advantage of synchrosqueezing over the reassignment ?X(t,w) =t — Re (X g (t,w))) with Th(t) = t h(t). (9) samp-lmg [_)e”Od’ Bk’ St WS B Ty nurr;kbers anzinf\k”'.z?r;f
method [2], is that it admits a signal reconstruction formula : XA(t, w) the binomial coefficients. Hence, Xi[n, m] ~ X (_”T5> wr.) €
. oo can be computed from the sampled analyzed signal x[n] by a
x(t — tog) = /SXh(t,w)—. (5) The Levenberg-Marquardt synchrosqueezing transform is com- standard difference equation :
h(t())>I< R 27T . A . 3 A B
puted by replacing @, in Eq. ( ) by 0,,. k—1 k
Xi|n, m| = Zb,-x[n—i] —Za,-Xk[n—i, m] (11)
© recur. L-M synch. STFT (,=5.000) w00 recur. L-I\‘/I synch. STFT (4=1.000) w00 recur. L-I\‘/I Te.ym:h. 5T|‘=T‘(,L=o.300) ,:O i 1
£ —— . e A . e = where n € Z and m = 0,1,..., M — 1 are respectively the dis-
c g -E:'§= e s T “ﬁ' i & crete time and frequency indices. The z transform of the other
g e 5 : £ :_fi il specific impulse responses related to Dhy(t) and T hi(t), can
L T T T simply be expressed as functions of Gx(z,w) at different orders
| __ (c)p=5 (d) = 1 (€)= 0.3 as detailed in [3]. A matlab implementation of this technique is
— freely available at [4] :
() spectrogram | X(t. )P (b) synchrosqueezing [SX"(t, w)[? https://github.com/dfourer/ASTRES toolbox.
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A | Numerical results
Mixture model : Effect on W-disjoint orthogonality :
. . using DUET separation mask (best orthogonality: 1=0.060)
/ Two sources si, sy are said W-disjoint orthogonal if their T
xa(t) =) s(t) STFTs verify [1] : Sh(t,w)SH(t,w)=0. = "
=1 For a given separation mask M;, the W-disjoint orthogo-

nality of a source i present in a mixture can be measured

x(t) = Z aisi(t — ) (12) by [1] - Di(M;) = -

/ ‘/\ﬂi(t,<,u)5ih(t“,(,u)‘2 dtdw — / ’M,'(t,w) \/i(taw)‘2 dtdw —— STFT (Hann)
. ann

R2 - — recur. STFT
- — recur. synch. STFT
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averaged W-disjoint orthogonality

Mixing parameters estimation :

When a non-overlapping source is active at coordinates (t,w), and when Xi(t,w) # 0 / 1SPe)|? dtdw
(resp. Xo(t,w) # 0), we have : R2
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h (18) Approximated W-disjoint orthogonality
N X2 (t7 Cd) h . . .
ai(t,w) = XH(t. ) (13) where Y(t,w) = ZW%/ Sj (t,w) denotes the sum of all ~ using different TFRs, as a function of .
i ’ xh the other sources present in the analyzed mixture. Results are averaged over 10 mixtures of 4
Fi(t,w) = —=arg ( Qh(t’w)> . Yw #0. (14) sources from the Bachl0 dataset.
W X{(t,w) Experiment description :
An histogram H(a, 7) is thus computed from whole time-frequency plane and the source We use the Bach10 research dataset freely available at : http://music.cs.northwestern.edu/data/
parameters can be deduced from detected peaks. Bach10.html , which contains 10 musical pieces made of 4 sources (pitched instruments). We generate

random mixtures through Eq. (12). Comparative results assume that mixing parameters are known and

Sources estimation : . . . . .
identical for all the methods, in order to focus on the separation capability of each TFR.

Each time-frequency coordinate allocated to the histogram H(a,7) can be associated to

the prominent source using its corresponding mixing parameters (3, 7x) such as : Results :
. A h ( ) X h ( ) | Source separation quality (u=0.001) Source separation quality (1=0.060) Source separation quality (u=10.000)
: e X (t w) — X)(t,w | = o STET 7 R 7 | = e
J(t,w) = arg mk'n <| 1;3/% ’ (15) i - - iy - T iy e
which allows the computation of the binary separation mask M; of each source computed ” . HQ 30 . HH . - H |
as . 7 g20 @H ‘ l gzo @H | l gzo @H | H |
1if J(t,w) =i Lo P S A : T o
Mi(tvw):< .7 : (16) mTEH HwTHH HmT R R N S A
|0 otherwise QQE QQH EHE QQB QQE QEH QQEQ QQHQ Pl EHEH
Finally, the TFR of each source is simply recovered by : Lo A L N Pl b
h A . ~ h RQF SIR SDR SAR RQF SDR SIR SAR RQF SDR SIR SAR
:S\"I-(t w) =M, XP(t,w) + a e X (t, w) (]_7) (f) » = 0.001 (g) OPTIMAL value ¢ = 0.06 (h) =10
| 14 &

Comparative source separation results measured in terms of Bss Eval [5], provided by the proposed methods
and classical STFT applied on the Bachl0 dataset. The results are obtained with different values of the
damping parameter 1 used by the recursive Levenberg-Marquardt synchrosqueezed STFT (other TFRs
are not affected by p).

for which the waveform is reconstructed using the corresponding synthesis formula (i.e. Eq.

(5) when the synchrosqueezed STFT is used).
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