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ABSTRACT

In this paper, we propose a method for decomposing
instantaneous changes of sounds into three energy com-
ponents, i.e., loudness, pitch, and timbre. These oper-
ators are derived from an eigenstructure analysis of the
time-frequency gradient space (a 3-D space spanned by
a modulus and partial derivatives of a wavelet trans-
form). By several experiments, we found that they
have superior resolution and sensitivity for segmenting
speech into phonemes, characterizing dynamical nature
of musical sounds, and so on.

1. INTRODUCTION

As is well known, the first signal processing in hu-
man auditory system is short time-frequency analy-
sis in the basilar membrane. Also in signal analysis,
the time-frequency domain has been successfully de-
fined by using filterbanks, sound-spectrograms, short
time Fourier transforms, Wigner distributions, and so
on. Especially, rapidly growing method of the wavelet
transforms[1] (WT) provides well-organized bases to
describe the time-frequency domain[2] and a log-linear
nature of the human auditory processing in cochlea.

The main purpose of our research is to develop
simple and informative measures for describing time-
varying natures of musical sound and speech. We con-
struct a time-frequency energy distribution by using
the wavelet transform. We show an instantaneously
changing energy of it can be decomposed into three
types: 1) loudness change, 2) pitch shift, and 3) tim-
bre change according to the coherency in power mag-
nification and the coherency in frequency shift. These
three types of changes may correspond to three funda-
mental attributes of a musical sound in acoustics and
psychology[3]. To construct nonlinear operators for the
decomposition, we relate these three change types with
an eigenstructure in the time-frequency gradient space.
By several experiments, we found that they have su-
perior resolution and sensitivity for segmenting speech

into phonemes, characterizing dynamical nature of mu-
sical sounds, and so on.

2. CONSTRUCTION OF LOG-LINEAR
TIME-FREQUENCY DOMAIN

Let f(t) be a sound signal, and let ψ(t) be an analyz-

ing wavelet. Then the wavelet distribution f̂(t, ω) of a
signal f(t) is expressed as

f̂(t, ω) =

∫

∞

−∞

eωψ∗(eω(τ − t))f(τ)dτ. (1)

‘t’ and ‘ω’ denote time and log-frequency respectively.
If the wavelet ψ satisfy the QMF conditions[2], it pro-
vides a dyadic bases set of the time-frequency space.
But we use here a Gabor function

ψ(t) ≡ A exp (−
∆2t2

2
− jΩ0t) (2)

where Ω0 is the center frequency of highest frequency
band, 2∆ is the half bandwidth of ψ in frequency do-
main. It is because in such an analyzing wavelet, real
and imaginary parts of the transform are an approxi-
mate Hilbert transform pair, therefore it is suitable for
computing instantaneous energy such as

F (t, ω) = |f̂(t, ω)|2. (3)

3. COOPERATION INSTANTANEOUS
CHANGES IN TIME-FREQUENCY

GRADIENT SPACE

3.1. Loudness Change and Pitch Shift

By the term ‘coherency’, we mean a kind of orderness
in changes of the time-frequency distribution. Let Γ
be a square region in time frequency space such that
Γ = [−∆t < t < ∆t] × [0 < ω < ∞]. The most
important two coherency will be:



1. coherency in magnification — wavelet energy is
magnifying uniformly in Γ, i.e. along an entire ω
axis and in a short interval along t axis.

2. coherency in shift — wavelet energy is shifting
along ω axis uniformly in Γ.

We call the former coherency as ‘Loudness Change’
(Fig.1(a)), and the latter one as ‘Pitch Shift’ (Fig.1(b)).
Of course, there are many changes other than the above
two types of changes. We define here the rest of changes
as ‘Timbre change’ which can never be described by
these two bases.
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(b) Pitch shift

F(t+dt,   ) = F(t,    -     dt)ω ω β

Fig.1 Loudness change and pitch shift

3.2. Time-Frequency Gradient Space

Mathematically, the coherent magnifying and shifting
are described as the relation

F (t+ dt, ω) = (1 + αdt)F (t, ω − βdt) (4)

where α (loudness change ratio) and β (pitch shift ra-
tio) are constants and dt denotes very short time. Let-
ting dt→ 0, we get a differential equation

Ft(t, ω) − αF (t, ω) + βFω(t, ω) = 0. (5)

where Ft and Fω denote time and log-frequency partial
derivatives of F respectively.
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Fig.2 Distribution of (F, Ft, Fω) in TFGS

Now let us consider about eq.(5) in the time-frequency
gradient space (TFGS) spanned by F, Ft, Fω. In the
TFGS, we can construct a scatter diagram, i.e., TFGS
distribution, of any observed vector (F, Ft, Fω) in Γ.

Although they distribute three dimensionally generally
(Fig.2(a)), eq.(5) shows it reduces to a plane if the mag-
nification and/or shift changes are dominant (Fig.2(b)).
That is to say, we can classify the changes by using the
TFGS distribution.

The most advantage of the use of TFGS is that
it has a complete instantaneous nature in definition
and computation, and it can gather coorinated changes
from separated region in time-frequency space.

4. ANALYSIS ON MULTICOMPONENT
AM/FM SIGNALS

A multicomponent AM/FM signal[4] as

f(t) =
∑

k

ak(t)ejφk(t) (6)

is often used as a basic model for a musical sound
or speech. Under following assumptions, it can be
shown that the wavelet energy distribution (F (t, ω) =

|f̂(t, ω)|2) of f(t) is calculated as

F (t, ω) =
∑

a2
k(t)e−

1

∆2
[e−ωφ̇n(t)−Ω0]

2

. (7)

Assumptions:

1. Each component ak(t)ejφk(t) can be regarded as
locally monochromatic asymptotic signals[5], i.e.
ȧk/ak and φ̈k/φ̇k are much smaller than the car-
rier frequency φ̇(t).

2. Cross terms between each component in wavelet
energy distribution can be removed.

The former assumption is general for AM/FM model.
For sounds with pitch, the latter can be satisfied after
low-pass-filtering.

In this case, we can prove that eq.(7) is the solution
of eq.(5) if and only if

ak(t) = cka(t), φ̇k(t) = dkφ̇(t) (8)

where a(t) and φ̇(t) are a common envelope and a com-
mon instantaneous frequency respectively. This implies
that F (t, ω) is a solution of eq.(5) when all envelopes
and instantaneous frequencies of the component signals
are changing coherently.

5. CONSTRUCTION OF NONLINEAR
OPERATORS

To characterize the TFGS distribution, we define mul-
tidimensional correlation coefficients between F, Ft, Fω.



First, we define the correlation matrix S as follows.

S =





SFF SFt SωF

SFt Stt Stω

SωF Stω Sωω





=

∫

Γ





F
Ft

Fω





[

F Ft Fω

]

dtdω (9)

where Γ denotes actually a ∆t(one sampling interval)
times ∀ω.

For notational simplicity, we define 2 × 2 subma-
trices Sij (i, j = 1, 2, 3) which are built by taking out
the ith row and jth column from S. For example, S33

denotes the matrix as follows.

S33 =

[

SFF SFt

SFt Stt

]

(10)

The least square plane can be estimated by mini-
mizing eq.(11).

J(α, β) =

∫

Γ

(Ft − αF + βFω)2dω (11)

Differentiating J with respect to α and β, we can esti-
mate α̃ and β̃ as

α̃ = −
det[S12]

det[S22]
, β̃ = −

det[S32]

det[S22]
(12)

Total error from the estimated plane (that is J) can be
thought as quantity of timbre change component. It
can be calculated as

J(α̃, β̃) =
det[S]

det[S22]
(13)

Normalizing J by total change energy
∫

F 2
t dtdω = Stt

(see Fig.3), we can define timbre change detection op-
erator TC as

TC =
det[S]

Sttdet[S22]
(0 ≤ TC ≤ 1) (14)

which becomes 0 when the changes are purely loudness
and/or pitch shift, and becomes 1 when they are not
loudness or pitch shift at all.

Ft

F,Fω

Stt
J

Fig.3 Square integral of Ft (Stt) and error of
estimated plane (J)in TFGS

From the above definition, the remainder (1− TC)
expresses a ratio of loudness change and pitch shift.
Dividing it according to the gradient (α, β) of the dis-
tributing plane, we define operators LC and PS for
detecting loudness change and pitch shift respectively
as

LC = (1 − TC) ·
α̃2

α̃2 + β̃2
(0 ≤ LC ≤ 1) (15)

PS = (1 − TC) ·
β̃2

α̃2 + β̃2
(0 ≤ PS ≤ 1). (16)

All of these operators are normalized in [0,1], and

LC + PS + TC = 1. (17)

Therefore they can be regarded as an energy ratio of
the three types of sound changes.

6. EXPERIMENTS

By several experiments, we found that the proposed op-
erators have the following properties for musical sounds
and speech.

Musical Sound (Horn)

LC

PS

TC

Stt

Rising Part

Rising

1.0 ~ 0.8

0

0 ~ 0.2

Pitch
Fluctuation

Higher
Harmonics

Stable Part

VibratoVibrato
Peak/Dip

0.4 ~ 0.6

0.6 ~ 0.4

0.2 ~ 0.4

0.7 ~ 0.4

0.1 ~ 0.2 1.0 ~ 0.6

0 ~ 0.4

00

0.2 ~ 0.4

0.8 ~ 0

0.8 ~ 0

Large Small

            show 
dominant changes 

Speech 

Boundary

0.8 ~ 0

0.8 ~ 0

0 ~ 0.2

0.2 ~ 0.4

0.8 ~ 0.6

0 ~ 0.5

0 ~ 0.2

0.8 ~ 0.3

0

Vowel Consonant
Vowel

Small Large

Edge

LC

PS

TC

Stt

Table 1 Performance of operators

These results show that possible applications of these
operators are phoneme segmentation and characteriza-
tion of musical sounds.
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Fig.4 Experimental results for horn

(a) Waveform, (b) Wavelet energy (gray scale), (c)

Operator outputs (LC: white, PS: gray, TC: black)

Rising part (0.1 – 0.3sec):
The sound is rising and loudness change is dom-

inant. But because of frequency fluctuation at the
beginning, pitch shift are seen.

It is said that harmonics of brassy sound (ex. trum-
pet, horn) have some delay in higher harmonics ris-
ing. In this case, they are rising at 0.17sec (P) and
0.26sec (Q). At these moments, spectrum structures
of the sound are changing and are detected by timber
change.
Stable Part (0.3sec – 0.7sec):

Both loudness change and timbre change are domi-

nant because of existence of vibrato. the peaks of tim-

bre change are corresponding to the peaks and dips of

vibrato.

7. SUMMARY

We propose a set of non-linear operators which decom-
pose instantaneous changes of sound. The idea de-
pends on coherency/incoherency of magnification and
log-frequency shift in wavelet domain. To create de-
composition method for another type of coherency (now,
it is in timbre change) and integration of information
along time axis will be next interest.
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Fig.5 Experimental results for speech ‘my name.’

(a) Waveform, (b) Wavelet energy (c) Operator out-
puts.

Timbre change is dominant around consonant

‘m’(0.2sec), after and before consonant ‘n’(0.6sec) and

between vowels. Pitch shift and loudness change are

dominant in a vowel.
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