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ABSTRACT Original non stationary audio

This paper presents an analysis of the perceptual watermark- x, il
ing impact on the stationarity of audio signals. Indeed, the
H

embedded watermark is piecewise stationary, so it modifies
the stationarity of the original audio signal. This study is y

based on stationarity indices, which represent a measure of » x ,@ ',
variations in spectral characteristics of signals, using time Stationary Stationary

frequency representations. Simulation results with two kinds signature watemark

of signals, test signals and audio signals (speech and music) )

are presented. Stationarity indices comparison between wa- Fig. 1. Perceptual watermarking scheme
termarked and original audio signals show a significant sta-

tionarity_enhancement of the watermarked signal, especially p o <o on time frequency representations (TFR’s) computed
for transient attacks. in case of original and watermarked audio are compared.
The paper is organized as follows: we introduce in sec-
1. INTRODUCTION tion 2 the considered watermarking scheme and the sta-
tionarity indices based onW{lback and Bhattacharyya dis-
The non stationarity of audio signals is a problem encoun- tances. In section 3, we present simulation results obtained
tered in various signal processing fields, such as noise re-with test signals, music and speech, and we make first con-
duction, acoustic echo cancellation, and audio coding. This clusions on the watermarking influence on the stationarity
study is related to previous works on robustness enhance-0f audio signals.
ment of an adaptive echo canceller driven by the water-
marked speech instead of the original [1, 2]. In this paper, 2. WATERMARKING AND STATIONARITY
we propose an analysis of the watermarking influence on
the stationarity of audio signals. 2.1. The perceptual watermarking scheme
The considered time domain watermarking scheme is
shown on figure 1. The embedded watermark signais
synthesized by spectral shaping of the stationary random
sequence,,, which represents the signature in the water-
marking context. This is done through an autoregressive
filter H;, using perceptual properties of the human ear. The
watermarkt,, is then embedded in the original non station-
ary audio signat,, to obtain the watermarked audjq .
Since the watermark, is piecewise stationary, how does
it modify the stationarity (or the non stationarity) of the
original audio signal? And precisely, is the watermarked
signal, as expected, "more” stationary than the original?
In this paper, we address non stationarities which con-
sist in abrupt changes over short durations in the spectral
characteristics of audio signals. Stationarity indices (SI's)  !In this paper we use the AMN of MPEG.
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We consider here the perceptual watermarking scheme [3]
of figure 1. To ensure inaudibility, the embedded watermark
signalt,, is obtained by spectral shaping of the stationary
and white random sequeneg through an autoregressive
filter H; of orderP. The frequency response module/df
matches with the masking threshold over the blgaf NV
xn-samples.

Two kinds of signals are considered here: music and
speech. In case of watermarking music signals, a masking
thresholdS,, (f) is computed by an auditory modelAM)
and is updated every 16 ms, corresponding to N-samples
blocks. Besides, speech signals can be considered as au-
toregressive to ordeP and stationary over durations of 20
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TFR The Bhattacharyya distance:
frequeticy
p +oo
\ SIy,(n) = —Log (’ / / VNI (n; 7, f).NIxy(n; 7, f)) df dr
=0 —oo
(4)
o If the signal characteristics present no changes at ingtant
P _ the distancé) is near zero and it peaks otherwise.
tim e - Note that the parametgrdelimits the considered analy-
sis time at each instantand it allows the sensitivity control
Fig. 2. Subimaged, and1: of the global TFR of the SI's: highep values lead to smoother SI’s.
) 3. WATERMARKING INFLUENCE ON THE
ms. They can be modeled as the output of an allpole fil- STATIONARITY OF AUDIO SIGNALS
ter with transfer functiori/A(z). As in perceptual speech
coders, we use a perceptual autoregressive filtgrgiven  |n this section, we show that adding a stationary watermark

by 1/A(%), wherey €]0, 1] is a weighting factor, to shape ¢, in the time domain modifies the non stationarity charac-
the white sequence, spectrally in order to ensure inaudi-  teristics of the original audio signal.

b|||ty In both cases (mUSiC and SpeeCh), the coefficients of Ast, is stationary oveN-Samp|es blocks, we focus our

H; are updated over each blogkthus the watermark, study on the watermarking influence over blocks of samples
can be considered as piecewise stationary over each block.presenting short duration transients. Indeed, music can be
considered as a succession of periods of relative stability,
in spite of the presence of transient attacks, such as percus-
sion, inducing high frequency noise [5]. Speech is rather a
Several non stationarities detection methods based on aufapid succession of noise periods, such as unvoiced conso-
toregressive spectral modelling seem to be inefficient in casenants, periods of relative stability as vowels, and periods of
of short duration transients. The method we choose to de-sjlence.

tect non stationarities in audio signals, proposed in [4], IS |n the following, we begin with presenting simulation
based on distance measures between different TFR'S of theegyts using test signals, which correspond to artificial tran-
signal. The TFR’s are computed over the audio signal dura-
tion. At each analysis instant, two subimageg; (n; 7, f)
andI>(n; T, f) with equal duratiorp are extracted from the
global TFR on both sides of the instamtas illustrated on
figure 2, where:

2.2. Stationarity indices [4]

sients, and their watermarked version. This is done in order
to display the behaviour of the Sl's in this particular context
and to set the right values for the sensitivity paramgter

3.1. Artificial transients

Li(n;7,f) =TFR(n—p+r,f)

I(n;7, f) = TFR(n+ 1, f) @) The test signal has been generated with a sampling frequency
fe = 10 kHz and is512 samples long. The correspond-

In this paper, we use the spectrogram with a Hamming ing watermark signal has been synthesized, as depicted on

smoothing window of lengtiv, . figure 1, using a perceptual spectral shaping filter of order
The parametep is the duration of each subimage and P = 10 with a perceptual factoy = 0.8.
7 € [0, p]. Both subimages are then normalized as follows: The test signal: presents two kinds of transients oc-
curing at sample$00 and230. The first transient segment
NIi(n;7, f) = — +|i’“("; 7 f)l k=12 (2 consists in short duration frequency and amplitude changes
ro J2oo Hk(n;, )| dfdr and the second one consists in a smaller frequency change

but with the same amplitude variation as the first transient.
During each segment, the signais composed from only
one tone. We define in the following a finite duration tone as
z(a, f,[n1 : n2]), wherea is the amplitudef the normalized
frequency andr; : n.] the time duration. The test signal is

P +oo then given by (cf. figure 3a):

and compared by computing a distance meagureThe
stationarity indices (SI's) used in this paper are based on the
following distances:
The Kullback distance:

STty (n) = / / (NIi(n;T, f) — NIx(n; T, f)) — stationary zonest(1, 0.1, [1:100]), z(1, 0.1, [131 : 230]),
720 oo z(1, 0.1, [331 : 512]),
NIi(n;T, f) — first transientz:(10, 0.35, [101 : 130]),
-log <N[2 (7, f) dfdr G — second transient:(10, 0.125, [231 : 330]).
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Fig. 3. Simulation results for test signal Fig. 4. Kullback SI's of the voiced and unvoiced segments.
Simulation settingsp = 10, N}, = 31, P = 10, = 0.8. Simulation settingsp = 20, N}, = 61, P = 20,y = 0.8.

We denote respectivelyl, andS1, the SI's of the original  and 4b respectively). We notice neither significant enhance-
signalz and the one of the watermarked sigpat « + ¢. ment nor degradation of the stationarity. Indeed, bathitiéick
Figure 3b shows the power spectral densities (PSD’s) of thepageq SI's,SI, andS1,, are approximately the same and
signal z (full line) and of the corresponding watermatk  they have small values. That is because noise like unvoiced
(dotted line) with the squared frequency response module segments and harmonic voiced segments can be considered
of the perceptual filter (thick line). We compare then the a5 stationary. On figure 5a, we consider a segment of the
computed Killback and Bhattacharyya Sl's efand those  gyjjaple”sai” to analyse the unvoiced/voiced transition. As

of its watermarked version on figures 3c and 3d respec- expected, thes I, value at the transition area (about=
tively. As expected, the SI's peak at both transients bound- 920) has been significantly reduced.

aries and are near zero elsewhere. On both figures, the Slin |, the following section, we analyse music signals. We
the watermarked case has been significantly decreased (i see that the stationarity enhancement by watermark-
about 50%) at the transient boundaries. We notice that the ing is more important. Indeed, attack transients are more
SI's react better (with higher peaks) in case of greater fre- present in music.

quency jumpsA f. Indeed, in the first transiedt f = 0.25

and in the second f = 0.025.

The factorp should not be greater thakt/2, whereAt is . =
the duration between successive transient boundaries, other —s,
wise successive Sl peaks will overlap and make inaccurate™
the detection of each transient instant. :
The thick line in figures 3c and 3d corresponds to the Sl of . "
the watermark, computed withp = 10 and Ny, = 127. As
expected, the stationarity index is near zero.

-2000|
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-s000|

3.2. Speech signals
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In case of speech signals, we consider transitions between
unvoiced to voiced zones as transients. We start with analysifigf- 5. Unvoiced/voiced transition and Kiback distance (right).
20 ms voiced and unvoiced segments separately (figures 4a  Simulation settingsp = 20, N, = 61, P = 20,y = 0.8.
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Fig. 7. Indian zyther attack
Simulation settingsp = 20, N, = 61, P = 20.

Fig. 6. Percussion attack and consonpriMichel Jonasz).
Simulation settingsp = 20, N}, = 61, P = 20.

3.3. Music signals non stationarity measure we used is based on TFR's and sta-

. o tionarity indices. Simulation results with two kinds of sig-
Music attacks correspond to the beginning of notes pro- 5|5 test and audio signals, show a significant stationarity

duced by an instrument. They are areas of short durationenhancement of short segments presenting transient attacks.
energy (about a few ms) with rapid variations of the sound This enhancement is limited to transient areas and is more

signal. Particularly, attacks are accompagned by an abruptimportant in case of music, since attacks are more present

short time energy increase distributed on the whole spec-in those signals. Perceptual watermarking can be viewed as
trum and noticeable in the high frequencies, since energy isa preprocessing step thattationnarizesaudio signals.

usually concentrated in the low ones [5].
We analyse in the following two transients over dura-
tions of 16 ms, extracted frotrucille of Michel Jonasz (fig-
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pled at32 kHz. The first transient corresponds to a per-
cussion attack accompanied by the consotyaint We note
on figure 6b the high frequency noise caused by the per-
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