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ABSTRACT

This article deals with blind audio watermarking sys-
tems dedicated to data transmission applications, where
high embedded information bitrates are prospected. We
present an original way to improve the robustness of
such systems to perturbations yielded by acoustic convo-
lutive channels. The proposed method, using the anal-
ogy between watermarking and digital communication,
relies on 1) a channel estimation stage based on an orig-
inal adaptation of the trained RICE algorithm to water-
mark inaudibility constraint and 2) a dedicated equal-
izer, built to invert the convolutive channel effects before
data extraction. The efficiency of the proposed method
is evaluated through simulations conducted for various
real acoustic channels and audio signals. It is shown
that the system bit error rate can be decreased from 0.2
to 9.10−4 thanks to our contribution when the bitrate
transmission is 100 bps and the channel is the acoustic
one.

1. INTRODUCTION

Audio watermarking permits to embed inaudible infor-
mation into audio digital content. Practical implemen-
tations fall into two categories:

1. those oriented toward the copyright and intellectual
property protection, pursuing watermark robustness
and security to pirate attacks, that is, preventing
the watermark to be erased or even estimated by
pirates [1];

2. those related to data transmission, that aim at em-
bedding high-capacity information with purpose to
adding value to digital contents. Their design is
subject to standard constraints, namely embedding
transparency and system robustness to classical au-
dio manipulations (like low-pass filtering or lossy
compressions [2]), but no more to pirate attacks.

The proposed contribution stands on this second range
of applications and tackles the issue of watermarking
system robustness when the watermarked audio sig-
nal is emitted with a loudspeaker and recorded by a
microphone. Several distortions that deeply impact
the decoder performance have to be considered, includ-
ing [3], [4]:

∙ desynchronization, both due to the signal prop-
agation delay between the emitter and the receiver
and to (time or frequency) stretching effects;

∙ acoustic channel effects, that significantly modify
the signal frequency response and is usually modeled

by a convolutive filter with finite impulse response
(FIR).

Regarding desynchronization, various efficient solu-
tions have already been proposed in the literature: the
ones [4] achieve system insensibility to delays or stretch-
ing by embedding symbols no more on single embedding
locations but on larger time-frequency blocks repeat-
ing them over several MCLT1 coefficients; the decod-
ing can then be processed anywhere in the neighbor-
hood of the central symbol locations. Others [5] em-
bed equally-spaced synchronization patterns and profit
from the periodical structure exhibited by the autocor-
relation spectrum of the watermarked signal to estimate
the desynchronization parameters and invert its effects
before decoding.

On the contrary, no watermarking study proposes
specific solutions to the acoustic channel problem,
whereas it represents a major challenge regarding wa-
termarking system robustness: systems proposed by
[6, 7, 8] address the camcorder piracy, but their designs
assume the watermark is sufficiently repeated to be ro-
bust to acoustic channel effects; the achieved useful bi-
trates (around 5 bit per second (bps)) are therefore too
low for high-capacity watermarking applications.

Therefore, the proposed contribution aims at im-
proving audio watermarking system robustness to acous-
tic convolutive channels. Thus, synchronization will be
considered as perfectly carried out in order to focus on
the acoustic convolution. What is more, acoustic con-
volutive channels will be assumed non time-selective be-
tween two consecutive channel estimations, that is to say
over around 5 seconds. An original strategy is proposed
to compensate acoustic channel effects: it first involves
an acoustic channel estimation step based on embedded
training data and then a dedicated equalizer, built to
inverse acoustic channel effects before watermark decod-
ing. The proposed strategy is integrated into a State-
Of-The-Art audio watermarking system with purpose to
evaluate its performance through simulations with true
audio signals.

This article is organized as follows. Section 2
presents the design principles of the considered audio
watermarking system and details the acoustic chan-
nel effects. Section 3 describes the acoustic channel
compensation strategy, detailing the channel estimation
module and the equalization method. Simulation results
in terms of channel estimation efficiency and system ro-
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bustness to acoustic channels are given in section 4. Fi-
nally, section 5 draws conclusions and tackles ways of
improvement for future works.

2. AUDIO WATERMARKING SYSTEM
FACING ACOUSTIC CHANNELS

2.1 Watermarking system principles

The considered audio watermarking scheme, presently
an additive Spread-Spectrum (SS) system for digital sig-
nals sampled at frequency Fs as proposed in [2], is pre-
sented in figure 1.

At the embedder, the modulation interface maps the
emitted binary sequence {bl} (with length Lb) into the
modulated signal v(n) thanks to a SS waveform d(n)
with duration Nb and unit power. v(n) can then be
expressed during the l-th bit interval as:

∀n ∈ [(l − 1)Nb; lNb − 1], v(n) = (2bl − 1)d(n). (1)

To satisfy the inaudibility constraint, the watermark sig-
nal t(n) is constructed by filtering v(n) with an adaptive
perceptual shaping filter H(f). H(f) is designed ac-
cording to a PsychoAcoustical Model (PAM)2 to make
the watermark Power Spectral Density (PSD) equal to
the masking threshold of the audio signal x(n). The wa-
termark power is then maximized under the inaudibility
constraint. The watermarked audio signal y(n) is finally
obtained by adding the watermark t(n) and the audio
signal x(n).

The receiver, a.k.a the extractor, first filters the re-
ceived watermarked signal ŷ(n) by a zero-forcing filter

1/Ĥ(f), aiming at compensating the perceptual shaping
filter H(f). Since the original audio signal x(n) is not
available at the receiver, H(f) is estimated according to
the masking properties of the received watermarked sig-
nal ŷ(n). A second filtering stage, involving a non-causal
Wiener filter W (f) that minimizes the mean square er-
ror MSE = E[v2(n)], is then performed, yielding the
estimated modulated signal v̂(n). Finally, the decoder
exploits a correlation demodulator, comparing v̂(n) and
the SS waveform d(n) on each l-th bit interval; the sign

of the obtained correlation decides the received bit b̂l.
System performance is therefore related to the Bit

Error Rate (BER) with respect to the embedding rate
R = Fs/Nb and is mainly dependent on the watermark
to signal ratio at the receiver.

2.2 Problem formulation including acoustic
channel effects

Supposing that resynchronization has already been per-
formed, the considered acoustic channel can be modeled
by a convolutive filter C(f) with impulse response c(n),
assumed to be time-invariant. The watermarked signal
y(n) is then distorted in such a way that:

ŷ(n) = c(n) ★ y(n) = c(n) ★ (ℎ(n) ★ v(n) + x(n)) , (2)

where ★ denotes the convolution product.
In such a context, achieving the system robustness

to acoustic channels deals with maintaining the BER

2derived [5] from the classical model used in the MPEG 1 Layer
1 codec

obtained by the system when acoustic channel perturbs
the decoding to the value obtained when the system is
free from perturbation.

The receiver (zero-forcing and Wiener filters) must
now include an additional stage, aiming at inverting the
effects of the convolutive acoustic channel C(f). Since
this channel is unknown from the receiver, the proposed
solution depicted in figure 2 is based on the following
two-steps strategy:

∙ first, a channel estimation stage;
∙ second, an additional equalization, preliminary to
the two reception filters and the correlation demod-
ulator.

3. COMPENSATING ACOUSTIC CHANNEL
EFFECTS WITH CHANNEL ESTIMATION

AND EQUALIZATION PROCEDURES

The proposed strategy for compensating acoustic chan-
nel consists in a training stage based on an adaptation
of the training RICE3 algorithm aiming at estimating
the acoustic channel under the watermark inaudibility
constraint, then a dedicated equalization, with purpose
to improve the decoding performance. These two steps
are detailed bellow.

3.1 Acoustic channel estimation

3.1.1 The RICE algorithm

Standard channel estimation methods are mainly split
into blind estimation techniques and trained ones. Blind
estimation methods could be very attractive for high-
capacity watermarking applications since the channel is
directly estimated using the received signal without bi-
trate increase. Nevertheless the estimation efficiency is
directly linked to the number of recorded observations
obtained with several microphones. Since the consid-
ered application supposes an unique recorded version of
the watermarked audio signal, trained methods are then
more suitable.

Among State-Of-The-Art trained techniques, we fo-
cus on the RICE algorithm [9], since this technique is
specifically designed to estimate the frequency response
of the acoustic channel C(f) for audio dereverberation.
A periodic SS training pattern p(n) (with duration Np)
is added to the audio signal before the loudspeaker emis-
sion. At the receiver, the received signal x(n) + p(n)
is averaged over the set of the Lp periods to get the
convolved version of the pattern c(n) ★ p(n) while de-
creasing audio interference. The pattern transparency
is controlled by maintaining the average power of the
training data relatively low in comparison to the audio
signal power. Unfortunately, it does not prevent from
introducing local audible distortions. Thus, we propose
to adapt the RICE algorithm to the watermarking sce-
nario, paying much attention to the inaudibility con-
straint by introducing the perceptual filtering stage.

3.1.2 RICE adaptation to the watermarking system

At the training embedder, the SS training pattern p(n)
is still intended to be periodically added into Lp train-

3Reduced Interference Channel Estimation
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Figure 1: Principles of the considered audio watermarking system.

Embedder
{bl}

C(f)
y(n)

1
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Figure 2: The proposed strategy for compensating acoustic channels: CI=Coherent Integration, LS=Least Square.

ing interval with duration Np. For each l-th training-
interval, we propose to shape p(n) according to the
perceptual shaping filter Hl(f) derived from the au-
dio signal PAM (as any watermark information in sec-
tion 2.1). Thus, the training pattern PSD matches the
audio masking threshold, having the maximized autho-
rized power under local inaudibility constraint. The
watermarked audio signal during the training stage is
finally :

∀n ∈ [(l−1)Np; lNp−1], yl(n) = xl(n)+ℎl(n)★p(n), (3)

where ℎl(n) is the impulse response of Hl(f).
At the receiver, the channel estimation module re-

ceives the convolved watermarked audio signal:

ŷl(n) = c(n) ★ xl(n) + c(n) ★ ℎl(n) ★ p(n) (4)

As in section 2.1, the perceptual shaping is first in-

verted using an estimated version ℎ̂−1
l (n) of ℎl(n) com-

puted by applying the PAM to the received watermarked
audio signal ŷl(n). The psychoacoustical properties of
ŷ(n) can be assumed to be equal to those of x(n) and
to be independent of the acoustic channel c(n), so that:

ẑl(n) = ℎ−1
l (n) ★ ŷl(n) ≃ c(n) ★ p(n) + al(n), (5)

swapping c(n) and ℎ̂−1
l (n), considering ℎ̂l(n) equals

ℎl(n) and introducing al(n) = ℎ−1
l (n) ★ c(n) ★ xl(n)

the residual audio contribution. Since the frequency re-
sponse Ĥ(f) (matching the audio masking threshold)
is close to the audio PSD envelope, al(n) is a partially
whitened version of the audio signal.

The original RICE estimation procedure [9] is fi-
nally carried on: the Coherent Integration over training-

intervals is performed, yielding in time:

z(n) = c(n) ★ p(n) + a(n), with a(n) =

Np
∑

l=1

al(n)

Np

(6)

then in frequency (without any edge effect due to the
periodicity of the pilot emission):

Z(f) = C(f)P (f) +A(f), (7)

where Z(f) (resp. P (f), A(f)) is the Discrete Fourier
Transform (DFT) of z(n) (resp. p(n), a(n)) and f varies
from 0 to Np/2 − 1. Denoting by ∗ the conjugate op-
erator, the estimated acoustic channel impulse response
with length Nc is finally given by:

ĉ(n) = ℜ
(

DFT−1{Ĉ(f)}
)

with Ĉ(f) =
Z(f)P ∗(f)

∣P (f)∣2 + �
,

(8)
following a Least Square method in the frequency do-
main and introducing the regularization factor �, that
prevents noise enhancement in weak frequency compo-
nents.

3.2 Acoustic Channel Equalization

Considering the acoustic channel has been estimated as
ĉ(n), we now aim at designing a dedicated equalizer,
integrated in the watermarking chain before the hid-
den information extraction to invert the channel effects
and make the system performance invariant to acoustic
channels.

Since acoustic channels are often non-minimum
phase, they are difficult to equalize with stable filters.
Thus, the proposed solution is a zero-forcing linear
equalizer with Finite Impulse Response (FIR) ĉ−1(n).
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ĉ−1(n) is designed to be the non-causal least-square op-

timal estimation of the inverse filter 1/Ĉ(f) that sup-
presses the Inter-Symbol Interference (ISI) due to the
acoustic channel effects. Suppressing the ISI requires to
have:

ĉ(n) ★ ĉ−1(n) = �(n) (9)

with �(n) the unit impulse. Let N ′

c be the length of
ĉ−1(n). The former equation can then be rewritten with
the following matrix form:

Ĉ

⎡

⎢

⎣

ĉ−1(0)
...

ĉ−1(N ′

c − 1)

⎤

⎥

⎦
= d (10)

with Ĉ the (N ′

c + Nc) × N ′

c Toeplitz matrix built from
the estimated acoustic channel response ĉ(n) and d =

[ 0 ⋅ ⋅ ⋅ 0 1 0 ⋅ ⋅ ⋅ 0 ]
t
is the vectorial represen-

tation of the unit impulse delayed by N ′

c/2 + 1.
The least-square solution of this problem is finally

given by:

⎡

⎢

⎣

ĉ−1(0)
...

ĉ−1(N ′

c − 1)

⎤

⎥

⎦
=

(

ĈtĈ
)

−1

Ĉtd (11)

4. SIMULATION RESULTS

4.1 Test plan and parameters choice

The proposed acoustic channel compensation method
has been tested on five different acoustic channels.
Their impulse responses were first recorded with Nc =
300 samples in a room environment for five different
loudspeaker-microphone dispositions detailed in table 1;
they have then been applied to the watermarking system
to simulate the acoustic channel attack on watermarked
signal.

Channel Speaker/Microphone
distance angle

1 1 m 0∘

2 1 m 45∘

3 15 cm 0∘

4 20 cm 45∘

5 50 cm 0∘

Table 1: Parameters of the tested acoustic channels.

The compensation module parameters were chosen
as follows: the training sequence length is Nb = 1024
samples (taking into account that PAM is applied on
frames shorter than 20 ms), the lengths of the impulse
responses are Nc = 300 and N ′

c = 200 samples.
The proposed method performance is evaluated

through the BER measurement over a set of 10 audio
signals, sampled at Fs = 44.1 kHz, with various styles
(jazz, man voice, classical music). 2000 bits are wa-
termarked into each music, so that the obtained BER
reliability is around 5.10−4.
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Figure 3: Normalized correlation between real and es-
timated acoustic channels with respect to the patterns
number.

4.2 Acoustic channel estimation performance

The performance of the proposed acoustic channel es-
timation procedure is evaluated through a normalized
correlation criterion. It is computed as the normalized
correlation between the impulse response c(n) of the pre-
recorded acoustic channel and the estimated one ĉ(n),

that is:  =
⟨c, ĉ⟩

∥c∥ ∥ĉ∥
, with ⟨c, ĉ⟩ =

Nc−1
∑

n=0

c(n)ĉ(n), with

ĉ(n) is padded with zeros so that c(n) and ĉ(n) have the

same length, ∥c∥ =
√

⟨c, c⟩ and ∥ĉ∥ =
√

⟨ĉ, ĉ⟩. The
higher  is, the more similar c(n) and ĉ(n) are.

The obtained normalized correlations for the five
considered acoustic channels are presented in figure 3
with respect to the number Lp of embedded patterns
involved in the training procedure.

The obtained results show that the estimation per-
formance strongly depends on the acoustic channel,
since for instance channel 2 is well estimated (with
 = 0.9) when the number of training patterns is high,
whereas the estimation of channel 5 is acceptable with
 = 0.77. Note that no relation between the distance
or the angle between the loudspeaker and the micro-
phone and the estimation performance is displayed. The
estimation procedure exhibits a systematic error, since
the normalized correlation metric stagnates with high
training pilot number. This bias comes mainly from
the fact that the convolutive channel introduces slight
differences between the perceptual shaping filter at the
embedder H(f) and at the receiver Ĥ(f) so that the

approximation Ĥ(f) ≈ H(f) no more holds; thus, the
frequency shaping inversion makes the estimation of the
channel-convoluted pilot imperfect.
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Figure 4: Averaged BER with respect to the useful bi-
trate R with 4 configurations: (1) the compensation
module is turned off and (a) the channel is free from
perturbation then (b) acoustic channels are applied;
(2) acoustic channels are applied and the compensation
module is turned on using, for equalization, (c) the real
acoustic channel then (d) the estimated acoustic chan-
nel.

4.3 Acoustic channel equalization performance

The acoustic channel equalization efficiency is evaluated
through the whole system performance in terms of BER:
the mean BERs, obtained with the five considered chan-
nels, are presented in figure 4 with respect to the use-
ful transmission bitrate R (in bps). The acoustic chan-
nel compensation module is turned on with Lp = 100
patterns, yielding a decrease of the transmission bitrate
from 10%.

The obtained results are compared to performance
of the reference system (without the acoustic channel
equalization stage) when: 1) the channel is free from
perturbations and 2) the channel is one of the five con-
sidered acoustic channels, but also when the equaliza-
tion procedure uses the known acoustic channel C(f)

instead of the estimated one Ĉ(f).
These results prove the equalization procedure effi-

ciency. System performance strongly decreases when no
dedicated equalization is performed, but are quite equal
to the BERs obtained with a free-from-perturbation
channel when the real acoustic channel C(f) is used
in the dedicated equalization stage. BERs obtained
with the estimated channel Ĉ(f) are slightly higher than
those with the real channel, since the channel estima-
tion is imperfect; but the system transparency to acous-
tic channels is almost achieved, since for instance at
R = 100 bps the transmission achieves a BER equal
to 9.10−4 with the proposed acoustic channel compen-
sation module (compared to 5.10−4 when the channel is
free from perturbation).

5. CONCLUSION

In this article, we have introduced a new method to face
performance degradations of audio watermarking sys-
tem in presence of acoustic channel perturbations. Our
method is based on a two-stage procedure, including
an estimation module and an equalization block added
in amount of the system extractor. Simulations have
shown the contribution efficiency with a decrease of the
BER from 0.2 to 9.10−4 when the transmission bitrate is
100 bps bitrate whereas the acoustic channel estimation
is biased and imperfect.

Future work will focus on reducing the estimation
bias and on the acoustic channel time variability: the
estimation stage could be replaced with a joint estima-
tion/equalization one and be made adaptive so that the
channel estimation is regularly updated with regards to
the acoustic environment variations.
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