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ABSTRACT

In this paper, analysis and trans-synthesis of acoustic bowed
string instrument recordings with new non-negative matrix facto-
rization (NMF) procedure are presented. This work shows that it
may require more than one template to represent a note according
to time-varying behavior of timbre, especially played by bowed
string instruments. The proposed method improves original NMF
without the knowledge of tone models and the number of re-
quired templates in advance. Resultant NMF information is then
converted into the synthesis parameters of the sinusoidal synthe-
sis. Bach cello suites recorded by Fournier and Starker are used
in the experiments. Analysis and trans-synthesis examples of the
recordings are also provided.

Index Terms—trans-synthesis, non-negative matrix factorization,
bowed string instrument

1. INTRODUCTION

In recent years, trans-synthesis is an interesting topic in musical
processing [1-2]. Depending on either time-domain or frequency-
domain properties of audio signal processing, the authors attempt
to overcome the problems when the real audio recordings are
analyzed, transformed, and re-synthesized. In particular, non-
negative matrix factorization (NMF) is recently well-known to
factorize spectrum into basis spectra and temporal activation in
music signal analysis [3]. It is widely used for music transcrip-
tion [4-5], pitch detection and onset detection. To improve origi-
nal NMF, temporal smoothness [6], sparseness [7], and harmo-
nicity/inharmonicity [8] have been considered as primary con-
straints. For accurate piano music transcription proposed in [9],
trained note templates are obtained in advance.

[5] indicates that one needs to use enough number of required
templates to give good results. In [8], 88 templates are used due
to the pitch rage of piano, and this takes lots of computation and
memory space. In real case, however, the spectral behavior of
one note played by an instrument is always time-varying, espe-
cially in the case of bowed string instruments. That means it is
not reasonable to achieve the NMF task by using only one tem-
plate per note. Fig. 1 shows the spectra of two different frame of
the note B3 played by pianoUPM project [10]. It is interesting to
note that spectral contours of two frames (20" frame and 300"
frame in this case) are apparently in different shapes.
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Figure 1: (a) The waveform of the note B3. Two bold lines
indicated 20th and 300th frame. (b) The spectrum of 20th
frame. (c) The spectrum of 300th frame.

Moreover, keyboard music is usually employed in the evalua-
tions in previous works. How NMF performs for other types of
instruments is seldom addressed. In this paper, an iterative pro-
cedure for deciding the appropriate number of templates is pro-
posed for NMF. No trained tone model is required in advance.
The proposed method is applied to acoustic cello recordings.

In order to reproduce the results of the proposed NMF procedure,
appropriate synthesis technique is preferably applied. Spectral
modeling synthesis (SMS) is proposed to divide music signal into
deterministic part and stochastic part. This model was then ex-
tended by including transient modeling [11], called sinusoids
plus transient and noise. In this paper, deterministic part of con-
ventional SMS is applied to re-synthesize polyphonic musical
signals analyzed by NMF. Sinusoidal synthesis [12] is employed
here. Sound transformation examples are accomplished and pro-
vided in [13] as well.

This paper is organized as follows. In section 2, NMF is briefly
reviewed and its modification is proposed. In section 3, experi-
mental results of NMF analysis and music re-synthesis are given.
Conclusion is given in section 4.

2. NMF-BASED MUSIC SIGNAL ANALYSIS

2.1. Brief review of NMF

In [3], given an m X n nonnegative matrix Y, NMF is used to
factorize Y into an m X r nonnegative matrix W and anr X n
nonnegative matrix X such that:

Y =Y =WX 1)
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A cost function such as KL divergence shown in equation 2 is
designed as a measurement to evaluate how well the multiplica-
tion of W and X can approximate Y.

Dy (Y [WX ) =|Y ®I0g[v\7—xj—Y +WX

@

F
[I.1lz is the Frobenius norm. ® is element-wise multiplication.
By iteratively updating W and X, and the cost is minimized. For
example, the update rules for (2) are shown as follows.

zmwermn /(\N X )mn

z W (©)
anrnYmn /(\N . X)mn

zk X, 4)

In music analysis, Y is used to represent signal spectrogram. For
example, the column vector Y;of Y is the spectrum of the i time
frame. Frame size and total number of time frames are m and n,
respectively. Hence, the column vector W; of W represents the
template of the i note contained in the signal, and the element
X;; of X indicates the intensity of the i note which appears in the
" time frame.

For NMF, it is important to decide the required number of note
templates, r, in advance, in order to give good factorization of Y.
Two methods are usually used to decide r. One uses the number
of different notes appearing in the signal [5]. The other sets r as
88 if piano music is analyzed [8]. However, the number of differ-
ent notes is usually unknown and computation complexity is
huge if r = 88.

Moreover, it is questionable if a template is enough for a piano
tone. A sound clip containing 2 different notes obtained from [10]
is analyzed. r is set as 2 and 88, respectively. NMF in [5] is used.
The results are shown in Fig. 2. The left-hand-side figures
represent X, and the right-hand-side represent the corresponding
W. In Fig. 2(a), the 1% template contains both notes, and the 2™
template contains one of the notes. A note appears in both tem-
plates at the same time. It also shows that 2 templates are not
enough to factorize the signal. In Fig. 2(b), only 4 templates give
large enough intensity. The 1% note appears in the 33" and 45"
templates, but with different spectrum envelopes. Similarly, the
2" note appears in the 35" and 47" templates. It seems 88 tem-
plates are enough, but the computation time is huge.
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Figure 2: NMF for piano sound clip: (a) r =2 (b) r = 88.
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Figure 3: Flow chart of the proposed NMF procedure.

2.2. New NMF Procedure for Harmonic Music Signals

The proposed NMF depicted in Fig. 3 is proposed to solve the
problem stated above without the knowledge of exact number of
required templates. One first starts with a small r. The audio re-
cording is then analyzed by means of NMF described in [5]. Two
preliminary non-negative matrices, which stand for intensities
and spectra of all templates, come out as result. Next, the spec-
trum of each template is evaluated to find if it contains more than
one harmonic set by using the method in [14]. If so, a mask
function is used to extract the k™ harmonic set. It can be
represented as

W, =S, ®W ,
k=2, @0)f (P —0.p- sy +0ix),

where f(x) is uniform distribution for the interval [p-u-o, puctol,
uy is the fundamental frequency corresponding to Wy, and p is
partial index. o is set as 3% of the fundamental frequency.

| represents the number of harmonic sets extracted from r tem-
plates. If I < r, the loop will be stopped and the eventual matric-
es are obtained. Otherwise, we set r as |, use the temporal matric-
es as initial conditions and NMF process is then executed again.
After the intensity and spectral information of all note templates
are obtained, it can be found that FFT spectrum and ¥ in (1) are
very close to each other (the result is shown in Section 3). There-
fore, such NMF information can be used as parameters of the
synthesis method stated below.

®)

3. EXPERIMENTAL RESULTS

3.1. Results of the proposed NMF procedures.

Two music passages of Bach’s cello suites No.l (BWV1007)
recorded by Starker [15] and Fournier [16] are analyzed. They
are both polyphonic. There are 4 different pitches in the first 16
notes, shown in Fig.4. Cost function in (2) is implemented.
Frame size is 8192 and hop size is 2048. Initially, the number of
template, r, is set as 4. Templates are initialized with random
numbers. 100 iterations are performed for NMF update rules. The
outer loop in Fig. 3 runs only twice to reach the final results in
both cases.

After obtaining the NMF result, W and X are used to obtain syn-
thesis parameters, described in Section 3.2 due to the similarity
between Y and 7. The 95" frame of Y and ¥ are shown in Fig. 5.
It shows that the envelopes of two representations are close.
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Figure 4: Score of first 16 notes.
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Figure 5: FFT spectrum and ¥ of the 95" frame obtained
from the Fournier recording.
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Figure 6: NMF result when the 1% outer loop factoriza-
tion is finished (r=4). [Fournier]

Fig.6 shows the results of conventional NMF procedure of the
Fournier recording with 4 initial templates (r = 4). In this case,
more than one harmonic set exists in 3" and 4™ template such
that these templates cannot completely represent all notes of the
recording. One of the intuitive ways is to extend template dimen-
sion and makes these additional harmonic sets be located in new
templates.
The final results of the proposed NMF procedure of the Starker
and Fournier recordings are shown in Fig. 7 and 8 respectively.
In the figures, each column vector W; is normalized such that the
intensity information is solely represented by the corresponding
row vector X; of X as
W,
W, =——— X, =X;-max(W ).

[ max(Wi) [ [ ( |) (6)
The note information is stated as follows. In Fig. 7, pitches of the
first three templates are G2, the 4™ to the 6" ones are D3, the 7™
and the 8" ones are B3, the 9" one is A3, and the last template
with no obvious fO is regarded as noise. In Fi%. 8, pitches of the
first three templates are G2, the 4™ and the 5™ ones are D3, the
6" and the 7" ones are B3, the 8" one is A3, and the last template
with no obvious f0 is also regarded as noise.

By taking the first three templates of Fig. 7 as examples, both of
their spectral envelopes and the corresponding intensity functions
are quite different. The 1% template can be regarded as the attack
template of G2 notes because it has the largest intensity of three
and its onset points appear early. Moreover, the duration of the
2" template is longer and the onsets of the 3" template appear
between those of the 1% and the 2™ ones. It is reasonable to re-
gard them as a sustain template and a decay template respectively.
It is interesting to note that the number of templates is solely re-
lated to the waveform behavior of the note. It usually depends on
the physical architecture of the instrument and the gestures of the
musician while he/she playing that note. Three templates are
needed to represent G2 notes in this case. The required numbers
of templates of D3 notes in the two recordings are different (2
and 3 for the Fournier and Starker recording, respectively).

Our experiments described above show that to use one template
for a note may not be enough to sufficiently model a note, espe-
cially when the information is to be used in the re-synthesis
process. It is interesting to see that when r is set as 10 without
using the proposed procedure, one can’t successfully factorize
the signal from the Starker recording. Due to the harmonic mask
Six, the proposed NMF procedure outperforms in this case.
Comparing to Fig. 7, the 6 and the 9™ templates contain 2 notes
in Fig. 9. This shows that the proposed method is advantageous
even when the number of templates is enough.

3.2. Resynthesis

Eventually, W and X are converted to parameters of sinusoids.
The number of partials is set as 50. The original and the synthetic
signals are compared in Fig.10. The two spectral envelopes are
close. Sound transformation such as timbre modification can be
easily accomplished by replacing NMF templates of the corres-
ponding notes. Sound examples are provided in [13].

4. CONCLUSION AND DISCUSSION

Analysis and trans-synthesis of acoustic cello recordings made
by Fournier and Starker with modified NMF procedure is pre-
sented. It is not required to have pre-trained tone model and to
know the necessary number of templates in advance for the mod-
ified NMF to give good results. It is also found that more than
one template can be used to preferably represent a note according
to its different sounding states. Spectrum and intensity informa-
tion of NMF is then converted into the synthesis parameters of
the sinusoids. Trans-synthesis sound examples of Bach cello
suites can be heard in [13].

Comparing to other state-of-art methods, this paper puts empha-
sis on the applications of sound reproduction rather than music
transcription. That means spectral behavior of the timbre is more
significant than the statistical results like F-measure or mean
overlap ratio. Without applying any temporal or spectral con-
straints on NMF update rules, the proposed method models each
note by extending template dimension such that these templates
can be in charge of different states of one note. According to the
aspect, the adequate number of templates will be unpredictable if
one music note is played by various kinds of instruments with
different gestural representations. It therefore takes amount of
computation by means of the iteratively procedure of harmonic
verification and multiple NMF updates.
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Figure 7: the result of the proposed NMF procedure. Figure 8: the result of the proposed NMF procedure.
[Starker] [Fournier]
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Figure 9: the result of convention NMF procedure (r=10).
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Figure 10: FFTs of (a) lower partials and (b) higher par-
tials of 32" original and synthetic frame of the Fournier [13]
recording.
[14]
The modeling of time-varying templates is one of possible im-
provements. The refinement of temporal prior may suit for mod-
eling the sustain and decay parts of the note. The attacks or other
transient parts are however disfavored. Therefore, the templates [15]
are considerable to ‘morph’ as time goes by when the notes are
activated. A time-varying multiplicative gradient approach with [16]

adaptive templates may be investigated on in the future.
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