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ABSTRACT

In this paper, a novel chroma extraction technique callede¥i
Domain Chroma Extraction (TDCE) is introduced. In compamis
to many other known schemes, the calculation of a time-faqy
representation is unnecessary since the TDCE is a pure sdmppl
sample technique. It mainly consists of a pitch tracking ated
that is implemented with a phase-locked loop (PLL). A seRsf
bandpass filters over two octaves is designed withRheoutput
of the pitch tracker to estimate a chroma vector. To verify th
performance of the TDCE, a simple chord recognition algarits
applied to the chroma output. The experimental results ghatv
this novel time-domain chroma extraction technique yigjded
results while requiring only minor complexity and thus, leles
the extraction of musical features in real-time on low-coStP
platforms.

1. INTRODUCTION

The typical application of pitch tracking is to implementaghi-
based audio effects, as proposedLin[1, 2]. In this paper We su
gest to use pitch tracking for typical tasks from the field afi-M
sic Information Retrieval (MIR) as well. In this case, a hanit
representation of the input signal is desired. A typical Heickl
feature describing harmonic progression over time is theadled
chromagram. It can be used for identifying harmonic retatior
temporal structures of musical content.
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Figure 1:Time-Domain Chroma Extraction
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Figure 2:PLL pitch tracker

PLL. Therefore, the input signal(n) is divided by its envelope to
make it constant within the constant envelope (CE) modulee T
envelope of the time-domain signal is estimated by lowpétes-fi
ing the full-wave rectified input signal(n).

Fig. [3 visualizes the effect of the CE Module. The upper
plot shows the original waveform of a percussive guitarwith a
strong variation in its amplitude. The bottom plot showsdhgout
of the CE moduler;,, (n) with a significantly smaller amplitude
variation.

Afterwards, the output of the CE modulg, (n) is multiplied

In Sec[2, the TDCE system is introduced. The experiments ity the output of the feedback oscillatgr.. () and the loop gain
which were used to evaluate the TDCE system, and the corre-cqefficient,. The feedback oscillator is implemented as a recur-
sponding results are presented in Séc. 3. Final thoughtstabo gjye quadrature oscillator where the quadrature compdsersed
possible extensions and impairments of the TDCE systemeare d o, the phase error estimation and the inphase componetd cou

scribed in Sed.]4.

2. TDCE

The overall system for TDCE is shown in Hig. 1. It consistsd t
basic modules: the PLL pitch tracker and the chroma extracti
module, which is controlled by thE0 output of the pitch tracker.

2.1. Pitch Tracker

The pitch tracking module used is based on a PLL with the aigi
purpose of implementing a highly-efficient frequency deniatbr
[3]. It differs mainly in the used loop filter that modifies thgstem
to form a third-order PLL which is operating in a nonlineardeo
The basic structure of the pitch tracker is shown in Eig. 2dio
lations in the amplitude of a signal disturb the functiotyatif the

optionally be used to implement a lock indicator. The Loop Fi
ter LF consists of a lowpass path, p(n) and a direct path which
together form a second-order shelving filter. The oscitldte-
quency fosc(n) is obtained by applying the shelving filter while
the desired pitchi0 is computed by filteringzq(n) with the low-
pass path exclusively and a following multiplication by atéa of
2. This can be written as

FO(n) = [(@in(n) - Yosc(n) - Ka) x hep(n)]-2. (1)
More details about the configuration, functional limitsgaesult-
ing properties of the pitch tracker can be found_in [4].
2.2. Chroma Extraction

A chroma vector is a simple mid-level representation of the h
monic structure of a time-domain signgln). Most known chroma
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The bandpass filters are implemented with the transfer ifumct
given by [6]

_1—a,— 1—2_2

Hp; =
ri(2) 2 1-bi(l+a)z' +aiz2 3)

where the coefficients, andb; are computed by

1 w = 1 —sin(Qs;)
L cos(Qp)
€ 0 bi = cos(Qe;),
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Time [s] B fs
fs

Figure 3: Waveform of percussive guitar riff without (top) and

with (bottom) constant envelope processing
B.; is the bandwidth of the filter) is the quality factor of the

bandpass filters anfl, is the sampling frequency. Note thatis
computation methods require a frequency representatitim avi ~ assumed to be relatively constant within two octaves. Theze
sufficient frequency resolution. Several octaves are tblid¢o only a = a; is used in the following. The complete chroma filter
a single octave and the corresponding pitch classes aretldire  implementation is shown in Fif] 4. The corresponding freqye
extracted from this spectral representation with a set aflpass responses are depicted in Fig. 5.
filters, which are tuned to fixed values of th2semitones of west-
ern music. Typically, several octaves (e.g., 3-8. S€e,dfg)con-
sidered to compute a chroma vector. We assume that the pitch
tracking module tracks the frequency with the strongestlamp
tude. Therefore, it is sufficient to consider only the twoavets
above the fundamental frequené&ip since these should include
the relevant harmonic information. The extraction proéesssu-

ally applied in the frequency domain. In contrast, we coraput ﬁ
the chroma vecto€ with a parallel set of second-order recursive
bandpass filters’; (F0) that are controlled with thé'0 output of E
the pitch tracker (see Fif]l 1). The center frequengiesof the =

fHZ]

Figure 5: Frequency responsedir;(f)| for F0 = 130.82 Hz,
Q = 150 and fs = 44100 Hz

It is apparent that only the recursive part of the filter, viahic
consists of two multiplications in the feedback paths, lebd
computed for every semitone per sample. The non-recursiie p
of the filter is a single multiplication and an addition withveice
delayed sample. Since two octaves are analyzed udirfgters
per octave, the total number of multiplications for the cheofil-
terbank adds up t¢9.

To approximate the power of the present chroma vadu@s),
the average of the absolute filter output valuegn) of L samples
Figure 4:Signal flow diagram of chroma filter implementation is computed within the moving average module (MA in [Elg. 1) by

filters F;(F0) are defined by (n) ! Zn:
ci(n) = —

fei(FO) = F0-272 i€ 0,...,23]. @) [y

|zci(k) + Teip12(k)] - 4)
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Figure 6: F'0 track on top of spectrogram (top), and chromagram
(bottom) of a lead guitar riff

3. EXPERIMENTSAND DISCUSSION

To evaluate the performance of the proposed chroma exdracti

scheme the authors choose to apply typical MIR tasks. Namely

the TDCE system was used to realize transcription, choradgrec
nition, and onset detection. The first test analyses thebiétypa
of transcription with a real signal. Therefore, a simplallgaitar
riff consisting of 8 notes was recorded. The spectrogramthed
F0 track in the upper plot of Fi§l 6 illustrate the resulting ches
of frequency over time. Th&'0 track also shows that the melody
was played with a slight vibrato. Although the tracked freqgcy

F0 varies, the corresponding chromagram in the bottom plot of

Fig.[8 remains stable and thus, allows the correct identiificaf
the played notes. This resistance against pitch variatanshe
explained by the fact that the center frequency of the chrexaa
traction filters are not fixed but depend on the tracked fureddat
frequency.
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Figure 7: TDCE chromagrams for Q =
and two octaves abovE0

[50,150] and for a single

artifacts are involved in the chromagrams &@r= 50, due to an
inappropriate setting of the filter bandwidth. Hig. 7 alsonde-
strates nicely that a single octave is not sufficient for thplia
cation of chord recognition. The first played chord is a B mino
consisting of the root B, minor third D, and perfect fifth F#heT
note D, defining the chordal quality minor, is played in thecsel
octave above the root note in the standard barre chord. fbinere
the minor third D of the first chord (marked magenta in FElg. 7)
is only visible in the chromagrams on the right side, whichreve
created using two octaves.

The most typical application for chroma vectors is choragec
nition. Several techniques to map chroma vectors to chdrelda
are known. In this work, a simple template-based approaphas
posed in[[7] is used.

A set of binary chord template¥ for different chordal quali-
ties is defined. For example, a C major chord consists of tfeeth
notes C, E and G. The resulting binary chord template leads to

Mmaj = [17 07 07 07 17 07 07 17 07 07 O]v
where the first coefficient represents the base note C. Tolimd t

best match between chroma vector and chord template, a horma
ized vector difference between the chroma vector and eviery b

To identify reasonable parameters for the amount of consid- Nary chord template is calculated. The template with thellssta

ered octaves and the quality factor of the chroma Filig(¢0) a
synthesized guitar chord sequence was processed with te&ETD
system with varying system parameters except the filtertiheng
of the MA module which was fixed td. = 32 for all experi-
ments. Fig[l7 shows the chromagrams for differ@nfactors of
the chroma extraction filters and a different number of aredy
octaves. It is clearly apparent that a higligfactor of aboutl 50

is beneficial in terms of clear chromagrams. Many more nlikge-

difference to the current chroma vector is assumed to reptes
the present chordal quality/. Only templates for triad chords,
namely major, minor, augmented and diminished are usetiéset
experiments.

To identify the corresponding root note of the chord, thesind
R of the pitch class vector

[C, C#, D, D#, E, F, F#, G, G#, A, A#, B]
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can directly be calculated from tH€0 value as proposed byl[7]

supporting the PLL in finding the fundamental frequency loaset

found.

R = \‘12 - loga (fFO )J mod 12,
ref

where f,.5 is C2 (65.41 Hz). This choice off,.; allows full
usability even for lower, dropped guitar tunings. Finathg base
tone R and the chordal quality/ can be combined to describe the
harmonic structure at time pointwith the common chord syntax.

()

The next experiment shall demonstrate the chord recognitio 2]

capability of the proposed system. Hiy. 8 illustrates timetdomain
signal (a), the correspondirfg0 track on top of the spectrogram (b)
of the same test item as in the last experiment. It can be ba¢n t
the pitch tracker follows the dominant tones in the spectveny
accurately. All root notes of the chords are identified octtye
although the pitch tracker tends to preferably identifynmanics
instead of the fundamental frequencies (e.g., second hdrd
the case of a transient event, the strum of a chord in this pleam
the TDCE seems to cause erronedUs results in form of large
deviations of the pitch track. Fifj] 8c displays the resgltitro-
magram implemented with the method explained in Be¢. 2.2. Th
base tones that are computed with Eg. 5 are visualized irfBHig.
The location within the diagram represents the pitch cldshe
base tone, whereas the color indicates the chordal quedityu-
lated with the method explained above. Since Ftetrack is al-
most flawless, the computation of the base tones is also ety a
rate. Also the identification of the chordal quality is seahb the
same degree.

As another test, a sequence of arpeggios (sequentiallgglay
chords) is generated. As before, the time-domain signaktsp-
gram, andF'0 track are plotted in Fid.]9a and Figl 9b. Instead
of visualizing the chromagram, the absolute derivativeheff'0
track exceeding a certain thresheld- is shown in Fig[Pc. This
modification of the originalF’0 track is a good indicator for the
rhythmic structure of the source signal. In other wordsp als-
set detection can be realized with the TDCE system. In thée ca
the notes are picked in straight eighths. Eig. 9d shows theyne
flawless transcription of the synthesized arpeggios.

4. CONCLUSIONS

A novel method to compute a chroma vector was presented. The
most significant difference to known techniques is the TDCE’
property of being a time-domain method. Therefore, typizab-
lems of frequency-domain methods like insufficient frequyeres-
olution, spectral leakage, memory and computation ressutac
calculate the transformations, etc. can be neglectedhé&umbore,
only a small delay caused by the attack time of the PLL and the
length L of the moving average filters is introduced, whereas block-
based methods introduce at least a delay of their block engt
Hence, TDCE might be a reasonable alternative to realize typ
ical MIR tasks on cheap, energy-saving real-time DSP system
The applicability of TDCE was demonstrated with three sragil
periments: Basic chord recognition, note transcriptiod anset
detection. In addition, the TDCE could be used in many otper a
plications with a musical context that have to be invesédah a
next step. The experiments revealed some weaknesses gfkthe s
tem. Transient signal conditions led to incorrect pitclckiag re-
sult. The authors assume that this faulty behaviour can bieled

by increasing the robustness of the CE and LF modules. In ad-
dition, in some cases the pitch tracker tended to track haiono
frequencies instead of the fundamental ones. Hence, a misoha
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Figure 9: Arpeggio sequence with a) time-domain signal /)
track on top of spectrogram, c¢) absolute derivativeFdf track,
and d) recognized sequence of notes
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