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Abstract - Repetition is very important for the analysis of
structure in music. To efficiently separate a audio into its
music and voice components and group the musical and voice
segments based on frequency and pitch a new method of
automatically characterizing the rhythm and tempo of music
and audio. The beat spectrum is a measure of acoustic self-
similarity as a function of time lag. to visualizing the time
structure of music and audio. The acoustic similarity between
any two instants of an audio recording is calculated and
displayed as a two-dimensional representation.  Highly
structured or repetitive music will have strong beat spectrum
peaks at the repetition times. This reveals both tempo and the
relative strength of particular beats, and therefore can
distinguish between different kinds of rhythms at the same
tempo. Unlike previous approaches to tempo analysis, the beat
spectrum does not depend on particular attributes such as
energy or frequency, and thus will work for any music or audio
in any genre.

Keywords - Pitch Extraction

1. Introduction

Audio mining is a technique the content of an audio
signal can be automatically analysed and searched for
the given input.[5] To identified the periodically
repeating patterns in the audio (eg: drum loop).the small
rhythmic patterns does not support for the essential
balance of the music and a way to extract a monophonic
rhythmic signature in the music. That can be built from
various different features such as similarity matrix,
spectrogram, pitch contour and Chromagram. To be
measure the dissimilarity and similarity between any
two instances of the given audio. Anyone who has ever
tapped a foot in time to music has performed rhythm
analysis. Though simple for humans, this task is
considerably more difficult to automate. We introduce a
new measure of tempo analysis called the beat spectrum.
This is a measure of acoustic self-similarity versus lag
time, computed from a representation of spectrally
similarity. Peaks in the beat spectrum correspond to
major rhythmic components of the source audio. The
repetition time of each component can be determined by
the lag time of the corresponding peak, while the relative
amplitudes of different peaks reflects the strengths of
their corresponding rhythmic components. We also
present the beat spectrogram which graphically
illustrates rhythmic variation over time. The beat
spectrogram is an image formed from the beat spectrum
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over successive windows. Strong rhythmic components
are visible as bright bars in the beat spectrogram,
making changes in tempo or time signature visible. In
addition, a measure of audio novelty can be computed
that measures how novel the source audio is at any time
[7]. Instances when this measure is large correspond to
significant audio changes. Periodic peaks correspond to
rhythmic periodicity in the music. In the final section,
we present various applications of the beat spectrum,
including music retrieval by rhythmic similarity, an
“automatic DJ” that can smoothly sequence music with
similar tempos and automatic music video generation.

Properties of Musical Sounds
Rhythm

Defined as the particular arrangement of notes lengths in
a piece of music. the flow of music through time[6]. the
effect created by combining a variety of notes with
different durations. Rhythm has several interrelated
aspects: beat, tempo, meter.

BEAT

A regular, recurrent pulsation that divides music into
equal unit of time. the beat of a rhythm is an essential
feature of its personality.

Ex: when you clap your hands or tap your foot to music
you are responding to its beat.

TEMPO

The speed of the music. the speed of the beat, that is the
basic pace of the music. A tempo indication is usually
given at the beginning of a piece. a fast tempo can be
defined as associated with a feeling of energy and
excitement in music. a slow tempo often contributes to a
solemn and lyrical.

PITCH

Pitch is the relative highness or lowness that we hear in
a sound and a pitch of a sound is determined by the
frequency of its vibrations. two tones will sound
different when they have different pitches .the distance
in the pitch between any two tones called an interval. the
faster vibrations and higher pitch. slower pitch vibration
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Jower pitch. the frequency is measured in cycles per
second.

2. Literature Survey

As digital audio collections grow in size and number,
audio summarization, or “thumbnailing” has become an
increasingly active research area.[2] Audio summaries
are useful in applications such as e-commerce and
information retrieval, because of the large file sizes and
high bandwidth requirements of multimedia data. Quite
often it is not practical to audit an entire work, for
example if a music search engine returns many results
each lasting several minutes. A representative excerpt
that gives a good idea of the work is thus is desirable.
Similarly, e-commerce music sites often make short
song segments available to preview before purchase. In
an audio retrieval system[9], it may make sense to judge
the similarity of representative excerpts of a work rather
than the work as a whole, especially if the analysis is
computationally expensive. There is no point analyzing
an entire symphony if a reasonable index can be derived
from a ten-second excerpt.

This approach does not rely on semantic content that
can’t be automatically extracted, and thus cannot be
considered optimal in that sense. For example, a
summary of the first movement of Beethoven’s Fifth
Symphony without the famous four-note theme would
not be ideal by most standards. To rectify this, the
process can be weighted to reflect any available
semantic information. Another possible desiderata for an
audio summary is that it contain all representative
portions[6]. For example, a popular song containing
verses, refrains and a bridge should arguably be
summarized by an example containing portions of all
three segments. This is generally not possible with a
short, contiguous excerpt. To find the most
representative excerpt, we maximize the average
segment similarity to the entire work. After window-
based audio parameterization, a quantitative similarity
measure is calculated between every pair of windows,
and the results are embedded in a 2-D similarity matrix.
Summing the similarity matrix over the support of a
segment results in a measure of how similar that
segment is to the whole.

Popular song containing verses, refrains and a bridge
should arguably be summarized by an example
containing portions of all three segments. This is
generally not possible with a short, contiguous excerpt.

Measure is maximized to find the segment that best
represents the entire work. Then measure the variations
on the method, and present experimental results for
orchestral music, popular songs, and jazz.Contemporary
content-based music retrieval applications have
highlighted the need to extract rhythmic features from
raw polyphonic audio recordings, in order to increase
the efficiency of tools that perform a diversity of tasks,
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including musical genre classification, query-by-
humming and query-by-rhythm,[3] to name but a few,
e.g .Toward this end, several attempts have been made
to create an algorithmic perception of rhythm. Most
research has focused on tempo tracking, whereas, on the
other hand, music meter extraction has attracted
significantly less attention.

Method for the extraction of music meter and tempo
from raw polyphonic audio recordings, assuming that
music meter remains constant throughout the recoding.
This assumption is acceptable for a large corpus of
Greek traditional dance music, which has been in the
center of our study. Our approach is based on the fact
that the diagonals of the self-similarity matrix of the
audio recording reveal periodicities corresponding to
music meter and beat. By examining such periodicities it
is possible to jointly estimate the music meter and tempo
of the recording.

Extraction of music meter and tempo from raw
polyphonic audio recordings, assuming that music meter
remains constant throughout the recoding[4]. Although
this assumption can be restrictive for certain musical
genres, it is acceptable for a large corpus of folklore
eastern music styles, including Greek traditional dance
music. Our approach is based on the self- similarity
analysis of the audio recording and does not assume the
presence of percussive instruments. Its novelty lies in
the fact that music meter and tempo are jointly
determined.

Variety of feature candidates and their combinations, we
chose to focus on two variations of the Mel-frequency
cep-strum coefficients. SSM is symmetric around the
main diagonal, in the sequel it suffices to focus on its
lower triangle.

3. Pitch Detection

A pitch detection(PD) is an algorithm designed to
estimate the pitch or fundamental frequency of a quasi
periodic or virtually periodic signal, usually a digital
recording of speech or a musical note or tone. This can
be done in the time domain or the frequency domain or
both the two domains. PDAs are used in various[8]
contexts (e.g. phonetics, music information retrieval,
speech coding, musical performance systems) and so
there may be different demands placed upon the
algorithm. If the signal is noise free and substantially a
single tone, then just read the audio samples and count
the zero crossings to determine frequency, remember
two zero crossings per cycle. Take an FFT of the audio
and for each time slice look for the bin with the highest
energy. Use a set of band pass filters on the audio and
pick the one with the highest energy[4].The FFT
approach is possibly the most common one, but they all
have applications, it just depends on what you are trying
to do. Automatic transcription of anything but the
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simplest monophonic music is basically a hard research
problem in Al but the simple stuff is not that difficult to
code up.

4. System Details

The vocal and non-vocal regions by computing features
such as MFCCs, Perceptual Linear Predictive
coefficients (PLP), and Log Frequency Power
Coefficients (LFPC), and using classifiers such as
Neural Networks (NN) and Support Vector Machines
(SVM). They then used Non-negative Matrix
Factorization (NMF) to separate the spectrogram[12]
into vocal and non-vocal basic components. However,
for an effective separation, NMF requires a proper
initialization and the right number of components.

More recently, researchers in MIR have recognized the
importance of repetition/similarity for music structure
analysis. For visualizing the musical structure, Foote
introduced the similarity matrix, a two-dimensional
matrix where each bin measures the (dis)similarity
between any two instances of the audio.

Modules

CEPSTRUM
FREQUENCY BASED EXTRACTION
HARMONIC PRODUCT SPECTRUM

Description

Cepstrum

A method for extracting the fundamental tone frequency,
this process is performed by assuming that the audio
signal f (t) is the result of the convolution of the impulse
response of the vocal tract h (t) with the signal emitted
by the glottis s (t), the operation can be seen as equation.
F(O=h(t*s(t)
This method aims to desconvulate signal f (t) equation
and obtain s (t). To accomplish this we work with
equation:
F(w)=HW)*S(w)
To perform this procedure the first process is to
decompose the real part of the imaginary part as shown
below:
FFT(oglF(w))=FFT(loglHw)*S(w)l)
=FFT(loglH(w)l+loglS(w)l)
=FFT(loglHw))+FFT(og |FFT(I)
Therefore one can determine the Cepstrum as in
equation.
C=FFT(log IF(w))
Cepstrum is used in equation which determines the
fundamental pitch.
fO=fsl(q-1)
This entire procedure can be seen as a mathematical
diagram as shown in Figure 4, observing it is a Fourier
Transformation and subsequently uses a natural
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logarithm and Inverse Transformation. Finally, a view
allowing a higher peak can be the fundamental tone, but
equation 6 is applied to determine more precision.

HPS (Harmonic Product Spectrum)

This is a method using the Fourier frequency transform
on the set of short time segments fitted with a
windowing function of the input signal. This data serves
to emphasize the harmonics that are within the audio,
making a record, and the values that occur most often is
the fundamental tone. One of the advantages of this
algorithm is that it is not necessary to know the first

harmonic, but for subsequent comparison the
fundamental tone for segment analysis can be
determined.

This procedure is performed based on and algorithm
using the following steps: Signal to be analyzed and the
show window that applies to each. Reduce the signal by
a factor of two; consequently locate the second
fundamental frequency harmonic. Multiplying this
previous segment fundamental frequency change often
allows us to observe the fundamental frequency. This
procedure is applied as often as necessary depending on
the number of segments to be analyzed. Finally, it can be
seen that from periodic frequency repeating the
fundamental tone is determined.

Frequency based Extraction

The simplest extraction is to consider all onsets of the
song, reducing the polyphony to a simple combined
monophonic track. This “notes on extraction” extracts
durations from the inter-onset intervals of all
consecutive groups of notes. For each note or each group
of notes played simultaneously, the considered duration
is the time interval between the onset of the current
group of notes and the following onset. Each group of
notes is taken into account and is represented in the
extracted rhythmic pattern. However, such a notes on
extraction is not really representative of the
polyphony[7]: when several notes of different durations
are played at the same time, there may be some notes
that are more relevant than others.

Considering length of notes:

Focusing on the rhythm information, the first idea is to
take into account the effective lengths of notes. At a
given onset, for a note or a group of notes played
simultaneously.

Considering intensity of onsets:

The second idea is to consider a filter on the number of
notes at the same notes, extract only onsets with at least
k notes (intensity+) or strictly less than k notes
(intensity—), where the threshold k is chosen relative to
the global intensity of the piece. The considered
durations are then the time intervals between
consecutive filtered groups.
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5. Performance Evaluation

Finally performance measures can then be defined:
Source-to-Distortion Ratio (SDR), Source-to-
Interferences Ratio (SIR) and Sources-to-Artifacts Ratio
(SAR). To measure performance in pitch estimation, we
used the precision, recall, and -measure. We define true
positive (tp) to be the number of correctly estimated
pitch values compared with the ground truth pitch
contour, false positive (fp) the number of incorrectly
estimated pitch values, and false negative (fn) the
number of incorrectly estimated non-pitch values.
Precision (P) =tp/ (tp+{p)

Recall (R)=tp/(tp+fn)

F measure = 2(P*R)/(P+R)

||5target||2 )
||einterf + eam‘f| |2

||5target||2>
||einterf | |2
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||eartif||2

SDR = 10l0g10<

SIR = 10l0g10<

SAR = 10l0g10<
6. Conclusion

In the music analysis from the beat spectrum that we
extract the repeating period. In the system in order to
improve the stability and performance of the system we
propose a HPS and Cepstrum. Based on the structure
used for the production of fundamental tone, it was
found that the methods implemented, based on
frequency  domain  techniques, have  superior
performance for monitoring the signal to noise extremes
background. Some frequency domain algorithms require
detailed mechanisms in adjustment to ensure optimum
operating conditions so they can determine the
fundamental tone. The HPS algorithm presents a
satisfactory answer as to average values of the
fundamental  tone,  while  having  acceptable
characteristics in processing speeds. The only method
that showed better stability in the frequency analysis was
the HPS because the windowing application was
performed for each segment showing more consistent
value in determining the fundamental tone. We can
obtain the efficient result than the existing system. Since
the proposed system has more efficiency.
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