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Abstract

The main purpose of this paper is to embed data in the
transform domain of audio signals. Data embedding is
similar to Quantization Index Modulation (QIM) approach.
But the embedding process is performed in a novel
transformation named PPG (Point to Point Graph) which
converts the audio signal to a set of points in the Cartesian
Coordinates. Two watermarking schemes are proposed in
this paper. The first approach uses the QIM method on the
radius of the PPG points while the second approach employs
the logical operand for this aim. Simulation results show
that these two methods have great robustness against the
common attack (such as White Gaussian noise, echo and
filtering). Subjective evaluation confirms transparency of
the watermarked audio signals.

Index Terms: Audio Watermarking, Quantization
Index Modulation, Logical Operand

1. INTRODUCTION
With the proliferation of internet applications and easier
access to the multimedia signals, the need of copyright
protection technology is becoming more essential. One of
the most useful copyright protection methods is digital
watermarking, which has become a hot research topic in
recent years.
Watermarking is a technique, which copyright
information (watermark signal) embeds imperceptibly in
the host signal in a way that does not interfere with
normal usage. The watermark signal must be readily
extracted from the composite signal to characterize the
copyright owner completely. Several important issues
that should be considered in watermarking systems are:
perceptual transparency, robustness against the attacks,
and data rate.
The trade-off between the capacity of the watermark
data and the robustness against watermark attack is
necessary. It is not possible to attain a high robustness
against the attacks while having a high data rate of
embedded watermark at the same time. Furthermore,
there are two kinds of detections in watermarking system.
Blind detection which has no knowledge of the original
signal and informed or non-blind detection, which uses
the original signal for extracting the watermark signal.
Blind detection is beneficial when the original signal is
not easily accessible.
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There are several watermarking schemes which have
been proposed up to now. Quantization index modulation
(QIM) which was introduced by Chen-Wornell is one of
the important contributions [1]. Some advantages of this
method are good rate-distortion-robustness trade-offs and
low complexity of the encoder and decoder
implementation. In addition, some other watermarking
methods have been proposed based on the QIM
algorithm. In [2], QIM using the E8 lattice has been
proposed. The use of QIM to embed data between
frequencies of sinusoids of the audio signal is
investigated in [3]. Moreover, for image watermarking,
QIM in the transform domain such as DCT and wavelet
has been investigated in [4] and [5].
In this paper, after converting the audio signal to a
set of 2-D points at Cartesian Coordinates, two
watermarking approaches have been proposed, which are
based on the QIM method. In the first approach, Chenwornel's dither algorithm [1] is used and in the second
one, a novel method, based on the logical operation is
applied for embedding data in the host signal.
The paper is organized as follows. In section 2, two
transform methods that convert 1-D audio signal into 2-D
are defined. Two Watermark embedding and dewatermarking procedures are described in section 3,
while simulation results and conclusion are presented in
sections 4 and 5.
2.

PRELIMINARY

Before explaining the proposed methods, we should
define some concepts used in our approaches. These
definitions are about the two transforms which are used to
convert 1-D audio signal into 2-D and operations on 2-D
signals.
Definition. 1: Point to Point Graph (PPG)
Transformation): This transformation is based on
putting N samples of the signal together in a specific
order to convert a one dimensional signal to its Ndimensional counterpart. For example, in the case N=2,
this transformation is in such a way that sample one and
sample k+± , sample two and sample k+2,..., sample k
and sample 2k are formed in pairs. After that, this process
is performed on the 2k later samples which in this paper,
k is named index of PPG transformation. By using this
method, a one dimensional signal can be converted to a 2D one. It is worthwhile to mention that index of PPG
transformation (k) can be chosen arbitrary depending on
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the desired characteristics. For example, in a case which
has smaller k, two components of each PPG point are
close to each other because of the correlation among
audio signal samples. Thus, the PPG points, as shown in
Figure (1-a), are formed an approximate ellipse which is
inclined to the line y=x. The direction along the line y=x
is caused by its inherently low pass property and this is
why each sample can not have significant variation
against its adjacent samples. On the other hand, choosing
greater k causes to have more dispersion in PPG points
and it is caused by the less correlation among the
samples. In an extreme case, when k tends to infinite
value, two components of each point will be uncorrolated
and therefore, they form an approximate filled circle
instead of an approximate filled ellipse.
Definition 2: Since the audio signal is a lowpass signal,
there are correlations among signal coefficients. Thus, as
mentioned above, the PPG points of the audio signal can
form an approximately rotated ellipse in which its major
diameter is follows the line y=x. This ellipse (the PPG
points) could be rotated 450 using a rotation matrix R(O)
to create a horizontal ellipse. With a simple
transformation, the horizontal ellipse can be changed to a
circle. For simplicity, the set of points obtained after
these processes are named REC points and this
transformation is called REC transform, i.e. Rotated
Ellipse to Circle transform. The following relations show
the calculation procedure of the REC points of PPG set
for a signal S:

(cos(O)
R(O)
R

sin(S)

=

F

IES,

(2)

HE,

=

= YHE .(a)
L~~~
where R(O) is the rotation matrix, PPGi is the ith PPG
point of signal S, HEi is the PPGi rotated by 450, a is
the biggest diagonal of the ellipse and b is the smallest
diagonal of the inclined ellipse. Figure (1-b) shows the
REC points of a typical 30000 length audio signal.

l YIES

::

SLPC POINTS

06 04
33

.tR

32

-H .0O 0420

U2 D4

EC

4

fl

068E

34

1 , k ' ! , , k S t~~~~.,

-1.5

-1

-0.5

....,

0

0.

1

1.5

Figure 2-PPG points ofwatermarked signal
3.

THE PROPOSED WATERMARKING METHODS

With the above definitions, two watermarking approaches
are suggested. In both cases, the audio signal is split into
L frames with NIL components where N is the length of
the audio signal. The watermarking message m, is
embedded in the low pass part of each frame where m,
can be either zero or one. In the other words, after
embedding the message in the low pass part of the signal,
the high pass one is added to it. It causes more
transparency of the watermarking process. It is obvious
that the dewatermarking process is only done on the low
pass part of the received signal. In the following, we use
this method in both of the proposed algorithms; however,
we do not repeatedly mention this in the explanations.

(1)

sin(O) cos(O))
HEi = R(45 ) PPGi
-

1.t

3.1.QIM method

This procedure is based on the QIM method described by
Chen-Wornel[1]. Based on the watermark message, two
sequences with the same length as the host signal are
selected; d(md) i=O or 1. A pseudorandom sequence is
chosen with a uniform distribution over [-A/2,A/2] for

d(mo).

For d(m1): d(m1)= - d(mo).
where A is the distance between two adjacent

quantization circles.
The embedding procedure of watermarking process is
described as follows:
Stepi: The REC points of the host signal S are obtained.
Step2: (r,,O,), the ith REC point, is changed
to (q(r, + d (m)) - d (mi ),0, ) The d(md) sequence is
selected according to the above procedure considering the
type of embedded message. The quantization levels are
the semi-center circles with the distance of A from each
other.
Step3: After embedding the watermark message in REC
points of the host signal, by applying the inverse of REC
and PPG transforms, the watermarked signal Sw can be
obtained.
The extraction algorithm is blind. The steps of dewatermarking algorithm are explained as follows:
Stepi: The REC points of the watermarked signal Sw are
obtained.
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Figurel-a)PPGpoints of a typical 30000 length speech signal
b) REC points ofa typical 30000 length speech signal
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Step2: The procedure of the embedding watermark
message in Sw is repeated.
By taking the inverse of the REC and PPG transforms,
two signals (Swo and Sw1) are obtained that contain mo and
ml as their watermarks, respectively.
Step3: The MSE for the 2 watermarks are calculated as
(4)
MSE0= |SI -s i
i

MSE1

2Swi

=

-

(5)

s

i

For making a decision, the embedded message is the one
that causes the least MSE. To show the accuracy of the
mentioned decision process, the embedded message is
assumed to be mi. In the de-watermarking procedure, if
this message is embedded again, the signal will not
change. This is due to:

q((q(r +d(mi)) - d(mi))+ d(mi)) - d(mi)
=

(6)

q(r +d(mi)) - d(mi)

However, if the message in the de-watermarking process
is different from the embedded message, this relation will
not be true. Furthermore, d(md) sequences are selected in
such a way that the MSE reaches its maximum when the
message in the de-watermarking process is different from
the embedded message. Figure 3 shows watermarking
and de-watermarking processes of this method.
To drive the SNR equation of the watermarked signal, two
variables, qr and rm, are defined as follows:

qm = q(r + d(m)) - d(m)
rm =r+ d(m)

(7)
(8)

Thus, it can be written that:
rm

?(rm

(9)

)+nHrm

where nI rm is a uniform random variable that change:s
over

[-A/2,A/2]. By using (7), (8) and (9),

qr =r-nr
m

we

have:

(l0

Thus, the SNR equation of this method can be derived as I)

12.Nq .Es
a2

(11 /)

where Nq is the number of quantization circles, a is the
biggest diagonal of the ellipse and Es is the energy of the
host signal.

3.2.Logical Watermarking
Based on the watermark message, two M-dimensional
sequences d(md) i=O or 1 are defined as:

d(m ) = [1,1,... 1,1,.0]
d(ml1) = [11..0.1,1,1]

b

Figure 3-a) Watermarking Process of QIM method
b)De-watermarking Process of QIM method

The embedding steps of the watermark message into the
host signal are described by the following algorithm:

Stepi: The REC points of the host signal S are obtained.
Step2: The radius of point (xi,yd) - the ith REC point of the
host signal (ri)- is coded to an M-dimensional vector
containing binary values Cr (by using the Gray code).
Then, by considering the watermarking message, each
code is logically anded by either d(mo) or d(m1). After
that, it is decoded and formed into a new point (x'1,y'i).
Step3: After embedding the watermark message in the
REC points of the host signal; the watermarked signal Sw
can be obtained, by applying the inverse of REC and PPG
transforms, respectively.
The extraction algorithm is blind just like the previous
algorithm. The embedded message is the one that has the
least MSE. To illustrate this, the embedded message is
assumed to be mi. In the de-watermarking procedure, if
this message is embedded again, the signal will not be
changed, because:
and(and(d(mi), Cr ), d(mi)) = and (d(mi), Cr) (12)
However, this relation will not be true if the message in
the de-watermarking process is different from the
embedded message. Figure 4 shows the watermarking
and de-watermarking processes ofthis method.
In this method, the SNR equation of the watermarked
signal depends on the kind of embedded message, mi. For
MO, it can be written as
(13)
*0n =E(n2)-E2(n)=a2=
3 3.2fm
Thus,
3.2 2.M E
(14)
SNR=2a

where Mis the length of each code.
On the other hand, it is obvious that the SNR for the
embedded message, ml, is lower than mo because of the
definition of d(m) i=O or 1. The noise variance and the
SNR equation in this case are derived as follows:
a2
(15)
f264 A2
3

3.2>'

3 22M-6E
SNR=
2a
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(16)

logical watermarking) and compared it with the QIM
method proposed by Chen-Womel. Experimental results
prove that logical watermarking method is more robust
than the QIM method against AWGN and other common
attacks such as echo and lowpass filtering. For future
works, it is possible to convert audio signal to 3-D points
and perform watermarking process.
Tablel- Comparison among proposed watermarking
methods.
QIMmethod
Logical
Watermarking

Figure 4-a) Watermarking Process of Logical watermarking method
b)de-watermarking Process ofthe Logical Watermarking
method

Echo
robustness
(5 msec)
14%

100%

Low pass

filtering(4khz)
Robustfor

N>50
Robustfor
every valid M

N is the number of quantization levels
M is code length.

4. SIMULATION RESULTS AND DISCUSSION
For our simulations, a 10 second audio signal is sampled
at 44100 kHz, quantized using 16 bits, and divided into
frames of length 100. First, to calculate the PPG and REC
points for each frame, 1- the biggest diagonal of the
rotated ellipse is assumed to be approximately
0.6 2 + 0.6 2 ; 0.84 and 2- the smallest diagonal of
the rotated
assumed to
be
ellipse is
/0.22 + O.22 0.28 . The number of quantization
circles in the QIM method is assumed to be 32 (N=32).
Consequently , A, the distance among the quantization
circles equals to _ 0.044 . The low pass filter
32
which is explained in section (3) is supposed to be 5
KHZ.
Furthermore comparing the two methods, we get M=5
where M is the length of each code in the logical
;

watermarking method.
The BER of the proposed approaches versus the SNR in
presence of additive white Gaussian noise is shown in
Figure 5. In this figure, we use from awgn command in
the MATLAB software. The number of the embedded
bits in the audio signal is supposed to be 200 bits. The
results are achieved over several simulations. It is clear
that the logical watermarking method is more robust than
the QIM method. The performance of the proposed
watermarking methods against other common attacks,
such as echo and low pass filtering (4 kHz) is evaluated
in Table 1. Finally, to evaluate the quality of the
watermarked audio signal a Mean Opinion Score (MOS)
based subjective test was performed with 50 subjects.
Nearly, all of them agree that there is not any noticeable
difference between the watermarked and the original
signal. This result confirms our proposed methods are
sufficiently transparent.
5.

CONCLUSION

Figure 5-BER of QIM and Logic watermarking methods
in the presence of the A WGN.
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We have proposed a novel method to convert 1 -D
audio signal to a set of 2-D points. Using this transform,
we suggested an original watermarking scheme (i.e.
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