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Abstract: In this paper, we propose an audio watermarking
method using nonnegative matrix factorization (NMF). The
amplitude spectrogram of the observed signal is decomposed
the basis matrix and the activation matrix, which are nonneg-
ative matrices, by NMF. For embedding watermarks, we use
the activation matrix. Onset time and offset time are estimated
from the coefficients of activation matrix and this interval is
defined as duration. The estimated notes are regarded as root
notes and watermarks are embedded by operating the activa-
tion coefficients of dominant notes.
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1. Introduction
Digital watermarking is a technique to embed another digital
data into digital contents such as music, images, and videos.
For audio signals, the sound quality of the stego signal should
not deteriorate as much as host signal. With current methods
[1]–[7], high sound quality means that the difference between
the host and stego signals is small. In these methods, wa-
termarks are embedded by operating the components of the
host signal. If noise resulting from embedding watermarks is
perceived, it tends to be heard as an annoying sound.

However, host signal are not always shown to users in
the actual systems that apply information hiding technology;
rather, it is believed that host signals are not shown in many
cases. Therefore, there is no problem even if another sound,
except for the host signal, is perceived when the sound qual-
ity of the stego signal is maintained as music. In this case,
we regard the sound quality of the stego signal as high in this
paper.

Accordingly, we focus on a chord of music theory and em-
bed the watermarks in consonance with host signal. A conso-
nance is defined as the frequency ratio between notes consist-
ing of a chord and is represented as simple whole numbers or
its approximate value. In this paper, we use a diatonic chord
as consonance. A diatonic chord is the most basic chord and
it is composed of root, mediant, and dominant notes. A medi-
ant is the third note from the root note and a dominant is the
fifth note from the root note.

Moreover, we use nonnegative matrix factorization (NMF)
[8], [9] for embedding watermarks. NMF is an algorithm that
decomposes a nonnegative matrix that is an amplitude spec-
trogram of a target signal into two nonnegative matrices that
corresponds to the spectral patterns of the target signal and the
activation of each spectrum. A group of spectral patterns of
the target signal is represented with the basis matrix and the
intensity variation of each spectral pattern is represented with
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Figure 1. An example of applying NMF in the amplitude spec-
trogram.

the activation matrix. In this paper, the watermarks are em-
bedded into the activation matrix which is obtained by NMF.

The root notes are estimated from the activation matrix co-
efficients and the key of host signal are identified. The water-
marks are embedded by operating the activation coefficients
of dominant notes corresponding to the estimated root notes.
A dominant is the fifth note from the root note and the root
and dominant notes are relationship of consonance. Further-
more, the watermark signal becomes instrumental sound in
the proposed method because the basis matrix is composed
by spectral patterns of instrumental sound. Hence, even if the
notes which are not included in host signal are perceived, we
consider that there is no problem in case that these notes are
arranged based on music theory.

2. Nonnegative Matrix Factorization (NMF)
2.1 Outline of NMF

NMF is one of the techniques used for separation of an audio
mixture that consists of multiple instrumental sources. The
following equation represents the decomposition of a simple
NMF,

Y ≃ AB, (1)

where Y is an observed nonnegative matrix, which represents
the time-frequency amplitude spectral components obtained
via short-time Fourier transform (STFT), and A and B are
nonnegative matrices. In addition, the matrix A is called basis
matrix which represents spectral patterns of observed spec-
trogram Y , and B is called activation matrix which involve
activation information for A. Figure 1 shows an example of
applying NMF in the amplitude spectrogram.

Moreover, the multiplicative update algorithms of standard
NMF based on Euclidean distance are shown in Eqs.(2) and
(3).

am,k =
[Y BT]m,k

[ABBT]m,k
am,k, (2)
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bk,n =
[ATY ]k,n
[ATAB]k,n

bk,n, (3)

where am,k and bk,n are the elements of matrices A and B.

2.2 constrained supervised NMF

In the standard NMF, it is difficult to gather factorized
spectral bases as spectral components of one musical instru-
ment. Moreover, there is possibility of including spectral
components of multiple instruments in one basis. Hence, it is
extremely difficult to extract only specific instrumental infor-
mation. Therefore, NMF is applied to spectrogram of specific
instrumental sound as prior learning.

A specific instrumental sound of observed signal is re-
garded as a supervised signal. This supervised signal is trans-
formed to the STFT domain and the amplitude spectrogram
Ytarget is obtained. NMF is applied to the obtained spectro-
gram as shown in Eq.(4), and it is factorized into two non-
negative matrices.

Ytarget ≃ FQ. (4)

The basis matrix F is regarded as teaching information of a
specific instrumental sound.

Using the basis matrix F which is obtained by prior learn-
ing, the spectrogram of observed signal is factorized as fol-
lows:

Y ≃ FG+HU . (5)

Here, G is the activation matrix corresponding to the basis
matrix F . H is the basis matrix except for F and ideally
represents the elements except for the specific instrumental
sound.

3. Proposed Audio Watermarking Method
Using NMF

In this section, we explain about proposed audio watermark-
ing method using NMF.

The host signal is divided into frames of L samples and is
transformed to the STFT domain with 50% overlap between
successive frames. The amplitude spectrogram Y is decom-
posed into the basis matrix A and the activation matrix B.
Here, objective function is obtained by the square of the Eu-
clidean distance between each column of Y and its approxi-
mation AB.

In the standard NMF, it is difficult to gather factorized
spectral bases as spectral components of one musical instru-
ment. Moreover, there is possibility of including spectral
components of multiple instruments in one basis. Hence, it
is extremely difficult to extract specific instrumental informa-
tion. Moreover, the basis matrix A would like to be fixed
to prevent the extreme change of the decomposition results
of embedding and extracting process. Therefore, NMF is ap-
plied to spectrogram of specific instrumental sound as prior
learning, and the factorized spectral basis matrix is used as
teaching information. The teaching information is regarded
as the basis matrix A, and NMF is applied to the amplitude
spectrogram Y . The activation matrix B is obtained by NMF
and it is used for embedding watermarks.

Next, onset time and offset time are estimated from the
obtained activation matrix B. For the activation matrix coef-
ficients corresponding to a basis of A, the duration between
the estimated onset time and offset time is defined as one note.
One-bit watermark is embedded in one note. The estimated
notes are regarded as root notes, and we operate the activa-
tion matrix coefficients corresponding to notes which become
consonance with root notes. Here, consonance is defined as
the frequency ratio between notes consisting of a chord and
is represented as simple whole numbers or its approximate
value. In this paper, we use a diatonic chord as consonance.
A diatonic chord is the most basic chord and it is composed
of root, mediant, and dominant notes. A mediant is the third
note from the root note and a dominant is the fifth note from
the root note. Moreover, the root note is set to seven notes
include in the key of music and has seven kinds of triads and
tetrads that are composed by only note included in the scale
of that key. Hence, a key of the host signal needs to be es-
timated, and watermarks should be embedded using suitable
consonances based on the estimated key.

3.1 Key detection

The key of the host signal is detected after note estimation.
The key has major scale and minor scale, but a chord is
uniquely determined if seven notes which is required for key
detection are estimated. Hence, in this paper, we estimate
seven notes, but we have no discussion about identification of
major scale or minor scale. The process of key detection is
described below.

The pitch names are identified from the basis matrix cor-
responding to the activation coefficients which are estimated
as notes. If seven pitch names are identified, a key which in-
cludes the identified pitch names are regarded as the key of
host signal. Moreover, if the number of the estimated pitch
names is less than seven, we calculate the correlation the es-
timated pitch names and the pitch names of each key. The
key which has the maximum correlation value is regarded as
the key of host signal. On the other hand, if the number of
the estimated pitch names is more than seven, the number of
notes corresponding to each pitch name is counted. Seven
pitch names are identified in descending order of number of
notes, and the key including them are regarded as the key of
host signal.

However, the key detection procedure operates to identify
the key for embedding watermarks, and there is no problem
even if the estimated key is different from the real key of host
signal in this paper.

3.2 Embedding watermarks

One-bit watermark is embedded into each estimated note. Be-
fore embedding watermarks, the activation coefficients are
quantized in order to improve tolerance against attacks as
shown in Fig.2. Next, the dominant note is specified from
the root note. The root and dominant notes are relationship of
consonance, and the watermarks are embedded by operating
the activation coefficients of dominant notes. Hence, even if
the notes which are not included in host signal are perceived,
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Figure 2. The activation coefficients: (a) after quantization,
(b) before quantization.
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Figure 3. An example of embedding watermark bit ‘0’.

we consider that there is no problem in case that these notes
are arranged based on music theory.

Next, the maximum value of activation coefficients of
dominant note is calculated and the watermarks are embed-
ded by even or odd of this value. If the maximum value of ac-
tivation coefficients of dominant note is even, this condition
is defined as the watermark bit ‘0’. On the other hand, the
maximum value of activation coefficients of dominant note is
odd, this condition is defined as the watermark bit ‘1’. If an
embedding watermark bit and the condition of a frame are dif-
ferent, the activation coefficients are amplified by adding its
root note’s activation coefficients which is changed the mag-
nification.

An example of embedding watermark bit ‘0’ is shown in
Fig.3. The condition of dominant note and an embedding
watermark bit are different, and the activation coefficients of
dominant note are amplified using its root note’s activation
coefficients.

After embedding watermarks in all notes, the amplitude
spectrogram Y ′ are obtained by Eq.(6).

Y ′ = AB′, (6)

where B′ is the activation matrix after embedding water-
marks. The amplitude spectrogram Y ′ is inverse short-time
Fourier transformed and the stego signal is obtained. In addi-
tion, the phase information uses that of the host signal.

3.3 Extracting watermarks

In the same manner as the embedding process, the stego sig-
nal is divided into frames of L samples and is transformed
to the STFT domain with 50% overlap between successive
frames. The amplitude spectrogram Y ′ is decomposed the

basis matrix A and the activation matrix B′. Here, the ba-
sis matrix A uses the same matrix with embedding process.
The root notes are estimated from the coefficients of activa-
tion matrix B′ and the dominant notes are specified. If the
maximum value of activation coefficients of dominant note is
even, the watermark bit ‘0’ is extracted. Otherwise, the wa-
termark bit ‘1’ is extracted.

4. Experiments
To confirm the validity of the proposed method, we conducted
an evaluation of its tolerance against various attacks based on
the evaluation criteria for audio information hiding technolo-
gies [10] and a subjective evaluation of sound quality. For
testing, we used 10 pieces of music selected from [11] of 60
seconds duration at a 44.1-kHz sampling rate and with the
stereo channel. These are simple piano etude for beginner
and number of notes is small. Moreover, the watermarks were
embedded in left channel and the embedding capacity of wa-
termarks was 1.72 bps on average.

The frame length L of STFT was 8192 sample. The su-
pervised signal of basis matrix A was used 36 notes of a sin-
gle piano sound from octave 3 to octave 5 made by Cubase
Artist7. As prior learning, NMF was applied for a supervised
signal and the basis matrix was obtained. This basis matrix
was used as A.

4.1 Tolerance against attacks

We examined the tolerance against following attacks.
• MP3 128 kbps joint stereo
• MP3 128 kbps (joint stereo) tandem coding
• MPEG4 HE-AAC 96 kbps
• Gaussian noise addition (overall SNR 36 dB)
• Bandpass filtering 100 Hz – 6 kHz, −12 dB/oct.

The bit error rate (BER) of the watermarks is expressed as

BER =
number of error bits

embeddingbits
· 100 [%]. (7)

The BER must be less than 10% according to the criteria [10].
Table 1 lists the BER results. The BERs were less than

10% for all attacks and it was confirmed that the tolerance to
these attacks are high.

4.2 Sound quality

As a simple trial listening experiment, we conducted mean
opinion score (MOS) for the subjective evaluation of sound
quality involving two test subjects. Test subject scored the
sound on a scaled from 1 to 5, a score of 1 being lowest quality
and a score of 5 being highest quality. The average score of
all stego signals was 3.3. From this result, sound quality of
stego signal needs to be more improved.

However, the timbre of watermark signal was similar to
the instrumental sound because the basis matrix A was repre-
sented by the spectral patterns of piano sound in prior learn-
ing. Therefore, it is considered that the sound quality of stego
signal is not necessarily low.
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Table 1. BER [%]: (A) MP3, (B) MP3 tandem coding,
(C) MPEG4 HE-AAC, (D) Gaussian noise addition, (E)
Bandpass filtering.

music number BER [%]
(A) (B) (C) (D) (E)

1 7.50 6.25 2.50 1.25 6.25
2 6.89 5.75 3.45 0 2.30
3 6.35 7.94 9.52 0 3.17
4 7.43 6.08 7.43 1.35 3.38
5 9.62 3.85 3.85 1.92 1.92
6 7.81 7.81 1.04 0.52 1.56
7 7.37 7.37 3.16 0 5.26
8 8.47 8.47 3.39 0 5.08
9 4.67 6.54 0.93 0 3.74
10 6.67 6.67 6.00 0 2.67

average 7.28 6.67 4.13 0.50 3.53

5. Conclusions
We proposed an embedding method using NMF for real in-
strumental sound and studied the validity of this proposed
method. From the experimental results, the proposed method
was tolerant against attacks and the timbre of watermark sig-
nal was similar to the real instrumental sound. However, one-
bit of watermark was embedded in one chord, and it is dif-
ficult to say that the embedding capacity of watermarks is
high. Hence, we will improve the embedding capacity of wa-
termarks for future work.
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