
Phase re
onstru
tion of spe
trogramswith linearunwrapping: appli
ation to audio signal restorationPaul MAGRON, Roland BADEAU, Bertrand DAVIDInstitut Mines-Télé
om - Télé
om ParisTe
h - CNRS/LTCI - Paris, Fran
eIntrodu
tionProblemMany audio signal pro
essing te
hniques a
t on spe
trogram-likerepresentations in the Time-Frequen
y (TF) domain.
• The phase information is often dis
arded, lost or partially missing.
•We need to re
onstru
t the phase to re-synthesize time-domain signals.Our approa
hExpli
it STFT phase 
al
ulation of mixtures of sinusoids:
→ Horizontal unwrapping over time frames (temporal 
oheren
e).Similar 
al
ulation on impulse signals:
→ Verti
al unwrapping over frequen
y 
hannels (spe
tral 
oheren
e).Dynami
 estimation of instantaneous frequen
ies:
→ Non-stationary signals (
ellos and spee
h).Horizontal phase re
onstru
tionSinusoidal modelingSTFT of a 
omplex sinusoid (A, f0, φ0), ∀(k, t) ∈ [0, F − 1]× [0, T − 1]:

X(k, t) = Ae2iπf0St+iφ0W

(

k

F
− f0

)

,with:
• S the time shift between su

essive frames,
• W the dis
rete time Fourier transform of the analysis window w.Phase relationshipRelationship between phases of adja
ent bins:

φ(k, t) = φ(k, t− 1) + 2πSf0(t), where φ(k, t) = 6 X(k, t).Instantaneous frequen
y estimation at ea
h time frame makes repre-senting variable frequen
y signals (vibratos) possible.
f0 estimationQuadrati
 Interpolated FFT (QIFFT) and de
omposition of the fre-quen
y range in regions of in�uen
e [1℄. For the p-th peak of magnitude
Ap in 
hannel kp:

Ip =

[

Apkp−1 +Ap−1kp

Ap +Ap−1
;
Apkp+1 +Ap+1kp

Ap +Ap+1

]

.The greater Ap is relatively to Ap−1 and Ap+1, the wider Ip is.
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Onset phase re
onstru
tionImpulse modelSTFT of an impulse signal 
entered at time n0:
X(k, t) = Aw(n0 − St)e−2iπ k

F
(n0−St).Relationship between the phases of two su

essive frequen
y 
hannels:

φ(k, t) = φ(k − 1, t)−
2π

F
(n0(k)− St).

n0 estimationThe shape of |X | is similar to that of w:
• Least square estimation method : n0-LS.
• Alternatively, quadrati
 interpolation over time frames : n0-QI.

Experimental resultsHorizontal phase re
onstru
tion
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phase vocoder
QIFFT

• Frequen
y error between phase vo
oder and QIFFT estimates.
• Phase retrieval with the Gri�n Lim (GL) algorithm [2℄ or with theproposed Phase Unwrapping (PU) method.
• Signal re
onstru
tion quality measured with the SDR (in dB).Dataset IF Error (%) GL PUPiano notes 0.38 −6.9 2.5Piano pie
es 0.36 −12.6 1.7String quartets 0.41 −9.7 5.3Spee
h ex
erpts 0.52 −0.4 0.5Onset phase re
onstru
tionTest on piano signals with several strategies: impulse model-based n0 es-timation, random phases (Rand), zero-phases (0) and alternating partialphases between 0 and π (Alt).Method GL n0-LS n0-QI Rand 0 AltSDR (dB) −7.9 −4.0 −2.6 −4.3 −4.7 −3.5

n0-estimation with QI: best result, neat per
ussive atta
k.Audio restorationTemporal signals are 
orrupted with 
li
ks.Restoration in the TF domain: linear interpolation of the log-magnitude:
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Below, phase restoration with the PU method or the GL algorithm.Alternatively: traditional method (AR) or High Resolution NMF(HRNMF)[3℄. Dataset AR HRNMF GL PUPiano notes 11.4 16.9 8.6 11.7Piano pie
es 4.3 10.9 5.9 7.1String quartets 8.2 10.6 6.6 7.1Spee
h ex
erpts 8.3 10.9 8.9 9.4

• PU performs better than AR and GL.
• HRNMF: best performan
e, but this method is not blind: the modelis learned on the non-
orrupted data.Future resear
h
• Improve onset phase estimation (transient modeling).
• Exploit observed phase data for inferring missing bins.
• Use time-invariant parameters (phase o�set between partials).
• Sour
e separation framework: mixture phase 
an be exploited.Referen
es:[1℄ J. Laro
he and M. Dolson, Improved phase vo
oder time-s
ale modi�
ation ofaudio, IEEE Trans. on SAP, 1999.[2℄ D. Gri�n and J. S. Lim, Signal estimation from modi�ed short-time Fouriertransform, IEEE Trans. on ASSP, 1984.[3℄ R. Badeau and M. D. Plumbley, Multi
hannel high resolution NMF for mod-elling 
onvolutive mixtures of non-stationary signals in the time-frequen
y do-main, IEEE Trans. on ASLP, 2014.


