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Abstract. In this paper, we propose an efficient blind audio watermark-
ing detection method for spread spectrum watermarking system. The
proposed method considers the detection problem of the watermark as a
matter of Blind Source Separation (BSS) between the audio signal and
the watermark one. Thus, we aim to improve detection step by employing
Independent Subspace Analysis (ISA) and Empirical Mode Decomposi-
tion (EMD) theories. The resulting technique called UISA (Underdeter-
mined Independent Subspace Analysis) permits extracting the embedded
watermark with low binary error rate and high bit rate.

1 Introduction

Audio watermarking is a process of embedding into a host signal, a perceptually
transparent digital watermark [4]. Initially, directed towards copyright protec-
tion, the problem can be seen as a data hiding transmission [12]. The audio signal
is considered as a noise whereas the watermark signal is considered as data to be
recovered [3]. The watermark signal carrying the information, is characterized
by a low power compared to the audio signal, whose properties are very different
to white gaussian noise.

Several audio watermarking methods proposed in the literature are based on
spread spectrum technique [1] [3] [4] [11]. This is due to potential reliability, in-
audibility, and robustness of the technique. In [3], authors present new informed
embedding strategies that ensure the local inaudibility constraint and maximizes
the robustness of the transmission to channel disturbances. In [4], effective em-
bedding and extracting mechanisms based on direct spread spectrum techniques
are discussed. Moreover, various efforts on spread spectrum watermarking have
dealt with detecting procedures using filters at the reception. In [11], authors
propose an improved technique for detecting audio watermark by introducing
spectral envelope filter. The watermarking system proposed in [1], uses wiener
equalizer in order to improve the detection of the watermark at the reception.

Nevertheless, the low power of the watermark signal and its non-stationary na-
ture constitute a great issue to conventional filter approaches [12]. BSS methods
would be a good solution to overcome equalization problems. Until now, an anal-
ysis about BSS performance has not been provided sufficiently in watermarking
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Fig. 1. Generic spread spectrum watermarking system

context [14] [13]. In this study, we restrict our attention on BSS techniques to
improve the effectiveness of detecting in audio. We focus on designing a blind
detector using a new BSS technique called UISA [7]. This technique comes from
two existing methods used in a context different to watermarking : EMD [8]
and Independent Subspace Analysis (ISA) [6]. The proposed algorithm allows
to recover two sources (the host signal and the watermark signal) from only one
signal, the watermarked one.

After analyzing the generic spread spectrum watermarking scheme in the next
section, we introduce the new watermark extraction based on UISA technique in
section III. Experimental and various test results discussed in section IV, allow
us to evaluate the performances of the new approach. Finally, the conclusion
ends this paper.

2 Generic Spread Spectrum Watermarking Scheme

In this section, we will present a brief overview of the generic spread spectrum
watermarking scheme depicted in Fig. 1. The watermarking system is seen as
a very particular communication chain, where the noisy channel is considered
as the host signal. The emitter has to insert the watermark in the audio signal
under the inaudibility constraint. At the reception, the hidden information will
be extracted from only the watermarked audio signal.

2.1 Embedding Process

A spread spectrum watermark signal v(n) is obtained by modulating a water-
mark sequence of M bits bm ∈ {0, 1} with a spreading signal u(n) composed of
Nb samples (u(0), u(1), . . . , u(Nb − 1))

v(n) =

M−1∑

m=0

amu(n−mNb) (1)

where am is a symbol in {−1, 1} given by am = 2bm − 1.
The modulated signal v(n) can’t be embedded directly into the audio signal.

Indeed, the power of the modulated signal σ2
v is very small compared to the host

signal power. For this, a shaping filter H(f) is designed by a Psychoacoustic
Auditory Model (PAM) in order to increase the Signal-to-noise ratio (SNR) of
the watermark, and make it as inaudible as possible [12].
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2.2 Equalization Techniques

In the generic scheme depicted in Fig. 1, the watermark detection step is consid-
ered as a blind equalization problem which aims to improve the detection perfor-
mance in terms of bit error rate. In the first time, we introduce the zero-forcing
equalizer, then, we present the prediction filter. Note that the generic scheme
that includes predicting filter, after the zero forcing equalizer, will be considered
as the improved generic system. The generic system and the improved one will
be compared to the proposed approach (presented in the next section) in terms
of detection reliability.

Zero-Forcing Equalizer. The zero-forcing equalizer cancels the inter-symbol
interference by filtering the watermarked signal with the inverse of the channel
[3]. However, since the audio signal x(n) used to derive H(f) is not available at
the receiver, an estimate 1

Ĥ(f)
is computed by psychoacoustic modeling of the

watermarked signal y(n) .

Prediction Filter. The predictor filter P (z) is equivalent to whitening filter of
the signal z(n) [12] and it is written as :

P (z) =
1

β0
(1 + αp(1)z

−1 + . . .+ αp(M)z−M ) (2)

where β0 =
√
σ2
e and the power of the prediction error is given by :

σ2
e =

M∑

i=0

αp(i)rz(i). (3)

and rz = [rz(1), . . . , rz(M)]t is the autocorrelation vector and αp are the optimal
coefficients.

3 The Proposed Watermark Extraction Method

Hereafter, we try to substitute, in the detection step, the equalizer procedures by
the BSS ones. Firstly, we have adapted two BSS methods to the audio watermark-
ing context : blindaudio sources separationusingmodal decomposition (BASSMD)
[5] and independent subspace analysis (ISA) technique [6]. The performances of
these two techniques will be compared with those of the proposed one.

Indeed, classical BSS techniques aim at estimating N original source signals
from P observations of their mixture. In our case we have two sources (x(n)
and w(n)) and only one observation : the watermarked one y(n). Recovering
the sources with less sensors than mixtures seems a much harder problem es-
pecially when very few knowledge about the sources and the mixture process
are available. To overcome this difficulty, the idea is to use the EMD decom-
position to exploit a large number of IMFs which leads us to transit from an
under-determined case to an above-determined1 case.
1 There is now more sensors rather than one represented by the watermarked signal.
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As audio signals are mostly non-stationary, then EMD is used here as a suit-
able tool for its decomposition. Moreover, EMD uses only a single mixture to
extract IMFs components. So, the resulting mixed signal y(n) is passed through
EMD technique to attain the resulting IMFs. This allows us to switch from an
observation y(n) to a set of observations which are IMFs of y(n). Then, the
resulting temporal matrix of IMFs is used to derive a set of independent ba-
sis vectors by applying a ISA technique [6] [7]. The proposed UISA extraction
proceeds as follows :

1. Initially, the watermarked signal y(n) is converted to a time-imfs representa-
tion by applying EMD decomposition of y(n), which build the observation
matrix IMF :

IMF = [IMF1(n), IMF2(n), . . . , IMFM (n)] (4)

where M is the number of IMFs. The dimensionality of IMFm(n) is 1×L
where L is the length of data.

2. Apply PCA algorithm by employing SVD [6] [7] according to the following
equation:

IMF = UΣVT (5)

where U and V are the orthogonal matrices with orthogonal columns with
respectively L × L and M × M , and Σ is the matrix which contains M
singular values.

3. Use a reduced set of ρ basis vectors selected from U, i.e UL×ρ =
[uL×1, uL×2, . . . , uL×ρ] by using the first ρ singular values defined by the
information contained in the nonzero singular values [9].

4. Apply ICA to express the observation vector (set of bases derived by PCA)
UL×ρ as the product of mixing matrix Q and statistically independent
vector s :

UL×ρ = Qs (6)

where Q is a ρ × P (pseudo-) invertible matrix with orthogonal columns, s
is a random vector of P source components.

5. Build the independent subspaces using the equations below:

Y = Au = AQs (7)

Z = vΣA (8)

6. Construct an imf matrix of an independent subspace (sources) obtained from:

IMFj = yjz
T
j (9)

where yj ∈ Y and zj ∈ Z.
7. Implement a reversible process of EMD decomposition, so that the time

domain signal can be calculated from the simple summation of IMFs, for
each IMFs matrix, IMFj, of an independent subspace.

8. Clustering of components to sources resulting from the k-means algorithm.
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4 Performance Evaluation of the Proposed Method

In this section, we present various test results in order to point out the assets
of the proposed extraction technique. The performances of this method will be
compared, firstly with the generic scheme and thereafter with two existing BSS
methods : blind audio sources separation using modal decomposition (BASSMD)
independent subspace analysis (ISA).

4.1 Experimental Protocol

The most important requirement for audio watermarking schemes is the inaudi-
bility of the embedded watermark. Then, the detection performance are evaluated
in terms of bit error rate (BER) resulting from 30 Monte-Carlo simulation runs,
performed on detection of random binary sequences. The error probability detec-
tion can be estimated by the BER with a precision p =

√
BER(1−BER)/B

with B is the full number of emitted bits. It is noticed that the performances of
the system depend also on the host audio signal types, so we selected a set of 5 dig-
ital audio signals sampled at Fs = 44.1kHz of various styles (instrumental music,
sung voice and speech). The watermarks are modulated at 1 bit/symbol.

Hereafter, we consider some disturbances among the more adapted to our
context, namely MPEG compression, performed by an MPEG 1 Layer III for
audio signals, at bit rates of 96 kbits/s and 64 kbits/s, an operation of linear
quantization with 12 bits, the effect of white additive noise with SNR = 30dB,
a high-pass filtering operation with cutoff frequency 8Khz.

4.2 Test Results

All test results presented below represent the mean value over the set of the
audio signals. Listening tests evaluate the transparency of the watermark that
are performed on a set of three listeners. They confirm for the watermarking
system that the watermark is imperceptible due to the use of the spread spectrum
modulation at the emitter [3].

After evaluating the inaudibility of the embedded watermark into the audio
signal, it is necessary to measure the performances of the new method in terms
of detection reliability. Fig. 2 shows the gain provided by the proposed UISA
technique, compared to the generic detection using only zero-forcing equalizer.
We can also notice that the performance of the two underterminated source
separation (BASSMD and ISA) are not much improved compared to using only
the generic detection.

The insufficiencies of the generic system in terms of BER make us to achieve
a cascade realization of zero forcing equalizer and predicting filter (improved
generic system) [12]. Fig. 3 shows that the results are very similar between
improved generic system and UISA technique. In order to decrease more the
BER we combine the prediction filter with the UISA technique and we remark
then that the detection reliability is improved.
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Fig. 2. Detection performance comparison between generic system and BSS techniques
in the case of zero-forcing equalizer
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Fig. 3. Detection performance comparison between improved generic system and UISA
techniques in two cases : zero-forcing equalizer and adding prediction filter
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Fig. 4. Robusteness of the UISA technique with respect to channel disturbances. Dis-
turbances are numbered as follows: 1: high-pass filtering, 2: quantization with 12 bits,
3: white noise adding with SNR=30 dB, 4 : MPEG 1 Layer III 64 kbits/s, 5 : MPEG
1 Layer III 64 kbits/s.
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Watermarking system robustness against disturbances is exhibited in Fig. 4.
The various non-desynchronizing disturbances give the obtained BER when the
watermark bit rate is fixed at 100 bit/s, 300 bit/s and 500 bit/s. The results are
satisfying and the system prove its robustness against various disturbances.

In order to measure the distortion between the original watermark signal and
the estimated one, we use the normalized mean squares estimation errors (NMSE)
[5] and the improvement of signal-to-noise ratio (ISNR) [15] as the quantitative
measure of separation performance. The results of applying the algorithms to
the watermarked signal (the mixture) are shown in Table 1 in terms of NMSE
and ISNR.

Table 1. Experimental separation results (in terms of NMSE and ISNR of the water-
mark signal ) of the proposed sources separation algorithms

Performances ISA BASSMD UISA

NMSE (dB) −3.0645 −12.1627 −19.1373

ISNR (dB) 4.3886 6.4508 12.4839

5 Conclusion

This paper presents a new approach of BSS techniques in spread spectrum water-
marking scheme viewed as a hidden data transmission system. The great problem
is to improve detection reliability in terms of BER. The proposed UISA method
overcomes the generic system and the two BSS techniques considered in this
paper. The new method improves considerably the data transmission reliability
in the audio channel at lower as at higher bit rates.
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