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ISO (the International Organization for Standardization) and IEC (the International Electrotechnical Commission)
form the specialized system for worldwide standardization. National bodies that are members of ISO or IEC
participate in the development of International Standards through technical committees established by the

respe

collab
liaison
establ

International Standards are drafted in accordance with the rules given in the ISO/IEC Directives, Part 3.

The m

adoptgd by the joint technical committee are circulated to national bodies for voting., Rublication as an Inte

Stand

ISO/IE
Subco

ISO/IH
descri

— P
p
p
p

— P
p
p
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Annex

shed a joint technical committee, ISO/IEC JTC 1.

ain task of the joint technical committee is to prepare International Standards. Draft International §
brd requires approval by at least 75 % of the national bodies casting a vote:

C 15938-4 was prepared by Joint Technical Committee ISOHEC JTC 1, Information ted

mmittee SC 29, Coding of audio, picture, multimedia and hypermedia-.information.
C 15938 consists of the following parts, under the general title Information technology — Multimedi
btion interface:

art 1: Systems

art 2: Description definition language

art 3: Visual

art 4: Audio

art 5: Multimedia description schemes

art 6: Reference software

art 7: Conformance testing

qrt 8: Extraction.arid use of MPEG-7 descriptions

es A and Bof:this part of ISO/IEC 15938 are for information only.

brate in fields of mutual interest. Other international organizations, governmental and non-governmental, in

tive organization to deal with particular fields of technical activity. ISO and IEC technical C(’)_Emittees
with ISO and IEC, also take part in the work. In the field of information technology, ISQ,;'and IEC have

tandards
rnational

hnology,

h content
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Introd

uction

This standard, also known as "Multimedia Content Description Interface," provides a standardized set of
technologies for describing multimedia content. The standard addresses a broad spectrum of multimedia
applications and requirements by providing a metadata system for describing the features of multimedia content.

The follo
— Des
Sch
Des

— Des

— Datatypes are the basic reusable datatypes employed by Description Schemes\and Descriptors

— Des
spe(

— Sys
synd

This star

Part 1 —
descripti

Part 2 -
(DSs, Ds

Part 3 -

Part 4 -

wing are specified in this standard:

cription Schemes (DS) describe entities or relationships pertaining to multimedia content.” Desd
bmes specify the structure and semantics of their components, which may be Desgription Sch
criptors, or datatypes.

criptors (D) describe features, attributes, or groups of attributes of multimedia content.

cription Definition Language (DDL) defines Description Schemes; Descriptors, and Datatyp
ifying their syntax, and allows their extension.

ems tools support delivery of descriptions, multiplexing“of descriptions with multimedia c
hronization, file format, and so forth.

dard is subdivided into eight parts:

Systems: specifies the tools for preparing descriptions for efficient transport and storage, compr
bns, and allowing synchronization between content and descriptions.

PDescription definition language: specifies the language for defining the standard set of descriptio
, and datatypes) and for defining new description tools.

Visual: specifies the description tools pertaining to visual content.

Audio: specifies the description tools pertaining to audio content.

Part 5 -
includin

Part 6 —

Part 7 -
of the st

Part 8 —

ultimedia description schemes: specifies the generic description tools pertaining to mult
audio and visual eontent.

eference software: provides a software implementation of the standard.

onformance testing: specifies the guidelines and procedures for testing conformance of implemen
ndard:

ription
emes,

es by

bntent,

Bssing

n tools

media

ations

use of descriptions.

vi

ion and
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Information technology — Multimedia content description
interface —

Part 4:

Audio

1 cope

1.1 Pefinition of Scope

This Ipternational Standard defines a Multimedia Content Description Interface) ‘specifying a series of i
from gystem to application level to allow disparate systems to interchange information about multimedia G
descripes the architecture for systems, a language for extensions and spetific applications, description to
audio [and visual domains, as well as tools that are not specific 4o dudio-visual domains. As a wh
tional Standard encompassing all of the aforementioned components is known as “MPEG-7.” M
into eight parts (as defined in the Foreword).

in. See below for further details of application.

particdlar, MPEG-7 Part 4: Audio assumes knowledge of Part 2: Description Definition Language (DL
normgtive syntactic definitions of Descriptors.@nd Description Schemes. This part of the standard
dependencies upon clauses in Part 5: Multimedia Description Schemes, namely many of the fun
Description Schemes that extend the basic type capabilities of the DDL.

MPEQ-7 is an extensible standard. Tthe‘method to extend the standard beyond the Description Schemes
in the| standard is to define new\ones in the DDL, and to make those DSs available with the ins
descriptions. Further details are"ayailable in Part 2. To avoid duplicate functionality with other parts of the
the DIDL is the only extension-facility provided.

hterfaces
ontent. It
Dls in the
ole, this
PEG-7 is

rt of the MPEG-7 Standard (Part 4: Audio) specifies description tools that pertain to multimedia in {he audio

rt of the MPEG-7 Standard is intended to be implemented in conjunction with other parts of the stanhdard. In

L) in its
Blso has
Hamental

provided
tantiated
standard,

hid audio
tical film.
mixtures

The tools listed in this part of the International Standard are applicable to both audio in isolation and
associated with video.

The specific tools provided within the Audio portion of the standard are designed to work in conjunction

to audio

with the

Multimedia Description Schemes that apply to both audio and video. Because of the “toolbox” nature of the
standard, the most appropriate tools from the different parts of the standard may be mixed, within the constraints of

the DDL.

The MPEG-7 Audio tools are applicable to two general areas: low-level audio description, in the case of t
Framework (clause 5), and application-driven description, in the case of the High Level Tools (clause 6).

© ISO/IEC 2002 — All rights reserved
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The Audio Framework tools are applicable to general audio, without regard to the specific content carried by the
encoded signal. The Scalable Series provides general capabilities for multi-level sampled data. The Audio
Description Framework defines specific descriptors for use with the Scalable Series or with Audio Segments, which
has properties inherited from the general Segment described in the Multimedia Description Schemes part of the
standard. The Silence Descriptor works with the Segment descriptor, and is applicable across all possible audio

signals.

The high level description tools are applicable to specific types of content within audio. The specific domains are
well documented within the introduction to each sub-clause. The audio domains encompassed by the various
MPEG-7 Audio tools are speech, sound effects, musical instruments, melodies within music and general audio

recogniti

bn. I hese specialised tools may be employed in conjunction with the other tools within the standard.

2 Terms and definitions

For the purposes of this part of ISO/IEC 15938, the following terms and definitions apply.

2.1
Frame

A Framge is defined as a short period of time of the signal on which the instantaneous analysis if perform,

signal, n
temporal

pted s(¢) (in continuous time noted ¢ ), and for an analysis window of-type hamming, noted /(¢)
length L, the f " signal frame is defined as

x(f,t) =s(t)xh(t— fxS)

where S| is the hop size

2.2

Hop size¢

The hop
23

size defines the temporal distance between twgrsuccessive analyses

Running window analysis

A runnin

j window analysis is an analysis obtained by multiplying the signal by a window function which is

along time by integer multiple of a parameter called the hop size. For a window function /(¢), and a hop s

the £

2.4
Instanta

bhifting of the window is equal.to- 4(z — 15).

heous values

The instgntaneous value of ‘@ (Timbre) descriptor based peak estimation is defined to be the result of analys

frame le
all frame|

el. The global yalue of a (Timbre) descriptor based on peak estimation is defined to be the averag
5 of the segméntof the instantaneous value.

3 Symbols-and abbreviated terms

— AS

For a
and of

shifted
ze §,

S On a
e over

Automatic anppr‘h Rprngnifinn

— CPU Central Processing Unit

— D

— DC

Descriptor

Direct Current (0 Hz)

— DDL Description Definition Language

— DFT Discrete Fourier Transform

Description Scheme

© ISO/IEC 2002 — All rights reserved
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— FFT Fast Fourier Transform

— HMM Hidden Markov Model

— Hz Hertz, frequency in cycles per second
— LLD Low Level Descriptor
— log Logarithm (unspecified base)

— LPC Linear Predictive Coding

— MSD Maximum Squared Distance (from the mean)
— QoV Out of Vocabulary, describing a word that is not in the vocabulary of an automatic’speech regogniser
— RMS Root Mean Square

— SR Sample Rate

— S|ITFT  Short Time Fourier Transform

— XML Extensible Markup Language

4 Conventions

4.1 Pescription Definition Language
All DDLL in this document is defined in a single namespace. The schema wrapper is assumed to begin

<schgma targetNamespace="urn:mpegimpeg?/:schema:2001"
xmlns:mpeg7="urn:mpeg:mpeg’:schema:2001"
xmlns="http://www.w3.0rg/2001/XMLSchema"
xmlns:xml="http://www:w3.0rg/XML/1998/namespace"
elementFormDefault=l"qualified" attributeFormDefault="unqualified">

and enfd
</schlema>

Under] this definition;the default namespace in a schema definition document is specified as XML Schema and
thus g prefix xgd¥ is not needed. Instead, references to the element and types defined in the MPEG-7] schema
must e qualified’ with mpeg7: prefix. For example,

<cgmipliexType name="MyElementType">
STUUTIITT
<element name="MyVector" type="mpeg7:MyVectorType"/>
</sequence>
<attribute name="myAttribute" type="mpeg7:unsigned8"/>
</complexType>

4.2 Audio representation
Within the scope of this standard, the samples of the described audio signals are interpreted as two's complement

fractional numbers (i.e. numbers between —1, inclusive, and +1, exclusive), where the Most Significant Bit (MSB)
represents the value -1.

© ISO/IEC 2002 — All rights reserved 3


https://standardsiso.com/api/?name=710adce4668796e75b6fbba12ff67ff8

ISO/IEC 15938-4:2002(E)

5 Audio Framework

5.1 Introduction

The Audio Framework contains low level tools designed to provide a basis for construction of higher level audio
applications.

There are essentially two ways of describing low-level audio features. One may sample values at regular intervals
or one may use AudioSegments to demark regions of similarity and dissimilarity within the sound. Both of these
possibilitfesare embodied In the low-level descripior types, AudioLLD3calarType and AudioLLDvVectoqType.
A descriptor of either of these types may be instantiated as sampled values in a ScalableSerieg; of as a
summary descriptor within an AudioSegment. AudioSegment, which is a concept that permeates-the MPEG-7
Audio standard, is specified in ISO/IEC 15938 Part 5, Multimedia Description Schemes, but we also”give p brief
overview here.

An AudifoSegment is a temporal interval of audio material, which may range from arbitrarily,'short intervals|to the
entire aydio portion of a media document. A required element of an AudioSegment jis a'MediaTime descriptor
that denptes the beginning and end of the segment. The TemporalMask DS is a’construct that allows pne to
specify 3 temporally non-contiguous AudioSegment. An AudioSegment (as withhvany SegmentType) may be
decompa@sed hierarchically to describe a tree of Segments.

Another key concept is in the abstract datatypes: AudioDType and AudioDSType. In order for an audio descriptor
or description scheme to be attached to a segment, it must inherit from,ene of these two types. They are def|ned in
ISO/IEC|15938 part 5. The relationship between these types is showfin‘Figure 1.

AudioSegmentType

|

AudioDType AudioDSType

AudioLLDScalarType J L AudiolLLDVectorType

SeriesOfScalarType SeriesOfVectorType

ScalableSeriesType

PooT

Figure 1 — lllustration of the various structural types in the Audio Framework

5.2 Scalable Series

5.2.1 Introduction
Scalable series are datatypes for series of values (scalars or vectors). They allow the series to be scaled

(downsampled) in a well-defined fashion. Two types are available: SeriesOfScalarType and
SeriesOfVectorType. They are useful in particular to build descriptors that contain time series of values.

4 © ISO/IEC 2002 — All rights reserved
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This is an abstract type inherited by SeriesOfScalarType and SeriesOfVectorType. Its attributes define the
dimensions and scaling ratio of the series.

5.221 Syntax

<D—— HHHHA AR A R A R A R A R A >

<!-- Definition of ScalableSeries datatype -=>
< e e e = >
<cgmplexType name="ScalableSeriesType" abstract="true">
sequence>
<element name="Scaling" minOccurs="0" maxOccurs="unbounded">
<complexType>
<attribute name="ratio" type="positivelnteger" use="required"/>
<attribute name="numOfElements" type="positiveInteger"
use="required"/>
</complexType>
</element>
/sequence>
attribute name="totalNumOfSamples" type="positiveInteger" use="required"/
</g¢omplexType>
5.2.2.2 Semantics
Name Definition
ScalgbleSeriesType An abstract type representing.Series of values, at full resolution or aftef scaling
(downsampling) by a scaling,operation. In the latter case the series contains sgquences
that have been concatenated together. Within each sequence, the elements ghare the
same scale ratio.
Scalilng To specify how the original samples are scaled. If absent, the original sanjples are
described witheut-scaling.
ratig Scale ratio_(number of original samples represented by each scaled sample) [common
to all elements in a sequence. The value to be used when Scaling is absent is 1.
numOfElements Number of scaled elements in a sequence. The value to be used when Scaling is
absent is equal to the value of totalNumOfSamples.
tota]NumOfSamples Total number of samples of the original series (before scaling).
Note [that\the last sample of the series may summarize fewer than ratio samples. This happens if
totalNumQfSamples is smaller than the sum over runs of the product of numQfElements by rdtio. An

illustration of the Scalable Series is shown in Figure 2, where ‘k’ is an index in the scaled series. In this figure, the
31 samples of the original series (filled circles) are summarized by 13 samples of the scaled series (open circles).
The first three scaled samples each summarizes two original samples, the next two six, the next two one, etc. The
last scaled sample has nominally a ratio of two, but actually summarizes only one original sample. This situation is
legal, and detected by comparing the sum of ratio times numOfElements products to totalNumOfSamples.
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originalseries 0000 000000000000000000000000000

scdedseries © O O O O oo O O O O O
k(ndex) 1 2 3 4 5 678 9 10 11 12 13
ratio 2 6 1 2
humOfElements 3 2 2 6
totgd NumOfSamples 31
Figure 2 — An illustration of the scalable series
5.2.3 SeriesOfScalarType
This despriptor represents a series of scalars, at full resolution or scaled. Use this-type within descriptor defipitions
to represent a series of feature values.
5.2.3.1 | Syntax
Sl [ i i A
<!--|Definition of SeriesOfScalar datatype -—>
Vo [ H A A R S R R R A ——>
<complexType name="SeriesOfScalarType">
<c¢mplexContent>
extension base="mpeg7:ScalableSerigsType">
<sequence>
<element name="Raw" type="nmpeg7/:floatVector" minOccurs="0"/>
<element name="Min" type="mpeg7:floatVector" minOccurs="0"/>
<element name="Max" typex'mpeg7:floatVector" minOccurs="0"/>
<element name="Mean" type="mpeg7:floatVector" minOccurs="0"/>
<element name="Random" type="mpeg7:floatVector" minOccurs="0"/>
<element name="Firs&" type="mpeg7:floatVector" minOccurs="0"/>
<element name="Last" type="mpeg7:floatVector" minOccurs="0"/>
<element name="Vdriance" type="mpeg7:floatVector" minOccurs="0"/>
<element name=YWeight" type="mpeg7:floatVector" minOccurs="0"/>
</sequence>
/extension>
</¢omplexContent>
</coqplexType®
5.2.3.2 | Semantics
Name Definition

SeriesOfScalarType A representation of a series of scalar values of a feature.

Raw Series of unscaled samples (full resolution). Use only if scaling is absent to indicate
the entire series.

Min Series of minima of groups of samples. The value of numOfElements shall equal the
length of the vector. This element shall be absent or empty if the Raw element is
present.
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Name Definition

Max Series of maxima of groups of samples. The value of numOfElements shall equal
the length of the vector. This element shall be absent or empty if the Raw element is
present.

Mean Series of means of groups of samples. The value of numOfElements shall equal the
length of the vector. This element shall be absent or empty if the Raw element is
present.

Random Downsampled series (one sample selected at random from each group of.sgmples).
The value of numOfElements shall equal the length of the vector. Thjs'eleme¢nt shall
be absent or empty if the Raw element is present.

Firdt Downsampled series (first sample selected from each group ©of samples). The value
of numOfElements shall equal the length of the vector. This/element shall bg absent
or empty if the Raw element is present.

Last Downsampled series (last sample selected from each group of samples). The value
of numOfElements shall equal the length of the“veetor. This element shall bg absent
or empty if the Raw element is present.

Varilance Series of variances of groups of samples:“The value of numOfElements shall equal
the length of the vector. This element.shall be absent or empty if the Raw elgment is
present. Mean must be present in order for variance to be present.

Weidht Optional series of weights. Contrary to other fields, these do not represent vglues of
the descriptor itself, but rather auxiliary weights to control scaling (see below). The
value of numOfElements;shall equal the length of the vector.

Note: Pata of a full resolution series (ragio-= 1) are stored in the Raw field. Accompanying zero-sized fie|ds (such
as Mdan) indicate how the series may be scaled, if the need for scaling arises. The data are then storgd in the
scaled field(s) and the Raw field disappears.

ScaIaTIe Series allow data to_be stored at reduced resolution, according to a number of possiblg¢ scaling
operafions. The allowable operations are those that are scalable in the following sense. Suppose the original series
is scaled by a scale ratio.of- , and this scaled series is then rescaled by a factor of Q. The result is the shme as if
the original series had béen scaled by a scale ratio of N = PQ .

Figurd 3 illustrates'the scalability property. This scaled series can be derived indifferently from the original geries by
applying the Sscaling operation with the ratios shown, or from the scaled Series of Figure 2 by applying the
appropriate fescaling operation. The result is identical. Scaling operations are chosen among those for which this
propefty-can be enforced.
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originad series 00000 00000000000000000000000000

scaled series O O O O O O O O

k (index) 1 2 3 4 5 6 7 8
ratio 6 2 4
numOfElements 3 3 2

totgf NumOfSamples 31

Figure 3 — An illustration of the scalability property

If the scgling operations are used, they shall be computed as follows.

Name Definition Definition if Weight present

Min m, = minfivl+(k_1>1v X, Ignore samples with 2ero weight. If all have zero weight,
set to zero by convention.

Max M, = maxik:NHk_l)N X; Ignore samples with zero weight. If all have zero wgight,
set to zero)by convention.
Mean kN kN kN
X, =(1/N) in ]= Zwixi Zwi
i=l+(k-1)N i=l+(k-1)N i=l+(k—-1)N

If all samples have zero weight, set to zerp by

convention.

Randor choose at random among N samples  Choose at random with probabilities proportionpl to
weights. If all samples have zero weight, set to zefo by
convention.

First choose the firstof N samples Choose first non-zero-weight sample. If all samples|have

zero weight, set to zero by convention.

Last choose’the last of N samples Choose last non-zero-weight sample. If all samples|have
zero weight, set to zero by convention.

Variarce o o W
kN —
_ z= D w(x-%) > w
z, =(/N) Z(xi_xk)z i:1+(k—1)l\ll I i:1+(k—1)!\ll
kN .
=(1/N) Y xi-x} If all gamples have zero weight, set to zero by
i=l+(k-1)N convention.

Weight iy
W, =(1/N) Dow,

i=l+(k-1)N
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In these formulae, k£ is an index in the scaled series, and i an index in the original series. NV is the number of
samples summarized by each scaled sample. The formula for Vvariance differs from the standard formula for
unbiased variance by the presence of N rather than N —1. Unbiased variance is easy to derive from it. If the
Weight field is present, the terms of all sums are weighted.

5.2.4

SeriesOfScalarBinaryType

Use this type to instantiate a series of scalars with a uniform power-of-two ratio. The restriction to a power-of-two
ratio eases the comparison of series with different ratios as the decimation required for the comparison will also

be a

definefd (scalewise variance). Considering these computational properties of power-of-two scale™\r

Serid

Note

appropriate non-binary type. This means that although they are not used directly in this'/decument, the
used ip place of the non-binary type at any time.

Figure
ratiq
to the

can b¢ rescaled to a single sample with ratio 8, and the last four samples-can be rescaled to two sam

ratid

nominpl ratio.

5.2.4.1

<!
<!

ower of 2. Such decimation allows perfect comparison. It also allows an additional scaling operaﬂ

sOfScalarBinaryType is the most useful of the Scalable Series family.

4 shows an illustration of SeriesOfScalarBinaryType. In this subtyp€ Of'SeriesOfScalar
s must all be powers of two, and all numOfElements values must be such'that the series may be
largest ratio that it contains. In this example, the largest ratio is¢8.~ The first four samples (3

8. Note, as in previous illustrations, that the last scaled sample stmmarizes fewer original sample

original sefiecs 0000 000000000000 000000000000000

scaledsetiess O O O O O @) @) @) @)

k(indexy 1 2 3 4 5 6 7 8 9
ratio 2 8 4
elementNum 4 1 4

totalSampleNum 31

Figure 4 — An illustration of SeriesOfScalarBinaryType
Syntax

<!

- HAERE R R A R A R R A R R A R R R R A -1

- Definition of SeriesOfScalarBinary datatype -1

on to be
tios, the

that the types SeriesOfScalarBinaryType and SeriesOfVectorBinaryTyfRe inherit from the

y can be

rvpe, all
rescaled
Fatio 2)
ples with
5 than its

\%

Ot AR R A A A A -1

<complexType name="SeriesOfScalarBinaryType">
<complexContent>

<extension base="mpeg7:SeriesOfScalarType">
<sequence>
<element name="VarianceScalewise" type="mpeg7:FloatMatrixType"
minOccurs="0"/>
</sequence>
</extension>

</complexContent>
</complexType>
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5.24.2 Semantics

Name Definition

SeriesOfScalarBinaryType A representation of a series of scalar values scaled by a power of two factor.

VarianceScalewise Optional array of arrays of scalewise variance coefficients. Scalewise

variance is a decomposition of the variance into a series of coefficients, each

of which describes the variability at a particular scale. There are log2(ratio)
™S ££ a0 + o Adafiait: bal Al L. £ +

LSULUIT CUUCTTITUITTILO. =4l UCTITImuauTtT MVTTUVY. TNUTTTITCT T TUWO LLLA%E=1Y .:qual

numOfElements, number of columns must equal the number of coeffigients

of the scalewise variance.

5.2.4.3 | Usage, extraction and examples

5.2.4.3.1 Scalewise Variance

Scalewise variance is a decomposition of the variance into a vector of cogfficients that describe variabjility at
different [scales. The sum of these coefficients equals the variance. To calculaté the scalewise variance of g| set of

N = 2" [samples, first recursively form a binary tree of means:
X3 (Ko y + %) /2, k=1..N/2

X (G, +%,)/2, k=1..N/4

<m

X" (X X )12, k=1
where Xx|is a sample. Then calculate the coefficients z :

N/2

21 (2/ N)Z(sz—l _sz)2 12

N/4

(41 N) D (Rl %) 2112
k=1

No

2" (o =% )12

The vector formed by these coefficients is the scalewise variance for this group of samples. The
VarianceScalewise field stores a series of such vectors.

5.2.5 SeriesOfVectorType

This descriptor represents a series of vectors.
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5.2.5.1 Syntax

<V—— HHHHHHEHF RS
<!-- Definition o
<V—— HHHFF S
<complexType name
<complexContent
<extension ba
<sequence>
<element

ISO/IEC 15938-4:2002(E)

FHAHAH AR A AR AR H AR R ——>
f SeriesOfVector datatype -—>
FHAHFHFHFHFHH AR AR AR A A S S ——>

="SeriesOfVectorType">
>
se="mpeg7:ScalableSeriesType">

name="Raw" type="mpeg7:FloatMatrixType" minOccurs="0"/>

<element
<element
<element
<element
<element
<element
<element
<element

<element

<element
<element
</sequence>
<attribute
</extension>
/complexConten
</gomplexType>

5.2.5.2 Semantics

name="Min" type="mpeg7/:FloatMatrixType" minOccurs="0"/>
name="Max" type="mpeg7:FloatMatrixType" minOccurs="0"/>
name="Mean" type="mpeg7:FloatMatrixType" minOccurs="0"A>
name="Random" type="mpeg7:FloatMatrixType" minOccurss"0"/>
name="First" type="mpeg7:FloatMatrixType" minOccurgs*"0"/>
name="Last" type="mpeg7:FloatMatrixType" minOccuxiss"0"/>
name="Variance" type="mpeg7:FloatMatrixType" minOccurs="0"/
name="Covariance" type="mpeg7:FloatMatrixType"
minOccurs="0"/>

name="VarianceSummed" type="mpeg7:floatVegtor"
minOccurs="0"/>

name="MaxSgDist" type="mpeg7:floatVecter" minOccurs="0"/>
name="Weight" type="mpeg7:floatVectox" minOccurs="0"/>

name="vectorSize" type="positiveInteger" default="1"/>

t>

Definition

SeripsOfVectorType

A type for scaled series of vectors.

Series of unscaled samples (full resolution). Use only if ratio=1 for the entire {

eries.

Series\of minima of groups of samples. Number of rows must equal numOfE1d
number of columns must equal vectorsize. This element must be absent or
the-element Raw is present.

ments,
empty if

Max

Series of maxima of groups of samples. Number of rows must equal numOfE1¢
number of columns must equal vectorsize. This element must be absent or
the element Raw is present.

ments,
empty if

Mean

Series of means of groups of samples. Number of rows must equal numOfE1l

fments,

number of columns must equal vectorsize. This element must be absent or

empty if

the element Raw Is present.

Random

Downsampled series (one sample selected at random from each group of samples).
Number of rows must equal numOfElements, number of columns must equal
vectorSize. This element must be absent or empty if the element Raw is present.

First

Downsampled series (first sample selected from each group of samples). Number of

rows must equal numOfElements, number of columns must equal vectorSi
element must be absent or empty if the element Raw is present.

ze. This

© ISO/IEC 2002 — All rights reserved
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Name Definition

Last Downsampled series (last sample selected from each group of samples). Number of
rows must equal numOfElements, number of columns must equal vectorSize. This
element must be absent or empty if the element Raw is present.

Variance Series of variance vectors of groups of vector samples. Number of rows must equal
numOfElements, number of columns must equal vectorsize. This element must be
absent or empty if the element Raw is present. Mean must be present in order for

ariance 10 be present.

Covarifance Series of covariance matrices of groups of vector samples. This is a three-dimengional
matrix. Number of rows must equal numOfElements, number of columns.and ndmber
of pages must both equal vectorsize. This element must be absent’or empty|if the
element Raw is present. Mean must be present in order for Covariante to be pregent.

VarianfceSummed Series of summed variance coefficients of groups of samples, Size of the vectorl must
equal numOfElements. This element must be absent orlempty if the element Raw is
present. Mean must be present in order for varianceSummed to be present.

MaxSqgDlist Maximum Squared Distance (MSD). Series of coefficients representing an upper ound
of the distance between groups of samples and\their mean. Size of array must |equal
numOfElements. This element must be absent or empty if the element Raw is prgsent.
If MaxSgDist is present, Mean must alsodbe present.

Weight Optional series of weights. Weights- control downsampling of other fields| (see
explanation for SeriesOfScalaxs)/Size of array must equal numOfElements.

vectorfSize The number of elements of.each vector within the series.

Most of the above operations are straightferward extensions of operations previously defined in section 5.2.B.2 for
series off scalars, applied uniformly to each dimension of the vectors. Operations that are specific to vectdrs are
defined here:

Name Definition Definition if Weight present
Covarifnce ] o e N
K
Vo = Z(x,:’ -xX)x/ =x") o = ZWi (x/ =x")(x/ =x") ZW,.
i=l+(k-1)N i=l4+(k-1)N i=l+(k-1)N
VarianceSummed » N W w
- 7 _¥7)? Zp = w; (x}‘/ _Efj)z w;
2 = (I/N)Z Z(xi Xi ) ‘ jzzl:izn(zk;lw i:l+§;l)]\/
J =R DN If all samples have zero weight, set to zefo by
convention.
MaxSqgDist Ignore samples with zero weight. If all samples have

_ kN —|? . :
MSD, =max_,; N”x,. - xk” zero weight, set to zero by convention

In these formulae, k& is an index in the scaled series, and i an index in the original series. N is the number of
vectors summarized by each scaled vector. D is the size of each vector and j is an index into each vector. )_cl:j is

the mean of N samples.
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The various variance/covariance options offer a choice of several cost/performance tradeoffs for the representation
of variability.

5.2.6 SeriesOfVectorBinaryType

Use this type to instantiate a series of vectors with a uniform power-of-two ratio. The restriction to a power-of-two
ratio eases the comparison of series with different ratios as the decimation necessary for the comparison is
simply another power of 2. The use of power-of-two scale ratios is recommended.

5.2.6. Syntax

AU B 0 i i i 7 A
<!4- Definition of SeriesOfVectorBinary datatype -1
RS EIE LTS EETEEEEEEEEEEEEEEEEE SRR i i i i A
<cgmplexType name="SeriesOfVectorBinaryType">
complexContent>
<extension base="mpeg7:SeriesOfVectorType">

<sequence>

<element name="VarianceScalewise" type="mpeg7:FloatMatrixType"
minOccurs="0"/>

</sequence>
</extension>
/complexContent>
</g¢omplexType>

\%

5.2.6.2 Semantics

Nam¢ Definition

SeripsOfVectorBinaryType A representationZof a reduced-resolution series of vector sampleg with a
power-of-two ratio.

VaripnceScalewise Array . of “arrays of scalewise summed-variance coefficients. Sgalewise
variance is a decomposition of the variance into a series of coefficients, each
of which describes the variability at a particular scale. Number of rojvs must
equal to numOfElements, number of columns must equal the nymber of
coefficients of the scalewise variance.

5.3 Low level Audio Descriptors

5.3.1 | Introduction

Low-IgvelFAudio Descriptors (LLDs) consist of a collection of simple, low complexity descriptors that are fesigned
to be psed within the AudioSegment framework, see ISO/IEC 15938-5 (E). Whilst being useful in themselves,
they also provide examples of a design framework for future extension of the audio descriptors and description
schemes.

All low-level audio descriptors are defined as subtypes of either AudiolLLDScalarType oOr
AudioLLDVectorType, except the AudioSpectrumBasis D. There are two description strategies using these
data types: single-valued summary and sampled series segment description. These two description strategies are
made available for the two data types, Scalar/SeriesOfScalarType and Vector/SeriesOfVectorType, and
are implemented as a choice in DDL.

When using summary descriptions (containing a single scalar or vector) there are no normative methods for
calculating the single-valued summarization. However, when using series-based descriptions, the summarization
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values shall be calculated using the scaling methods provided by the SeriesOfScalarType and

SeriesOfVectorType descriptors, such as the min, max and mean operators.

5.3.2 AudioLLDScalarType

5.3.21  Syntax
<U—— #4444 444 H A A A A H A A A A S >
<!-- Definition of AudioLLDScalar D -——>
S R [ e  E E  E E E E E E E E E EE E E EE E EE E EEEEEEEE IS

<comf

<c¢mplexContent>

</¢
</coj

5.3.2.2

lexType name="AudioLLDScalarType" abstract="true">

extension base="mpeg7:AudioDType">
<choice>
<element name="Scalar" type="float"/>
<element name="SeriesOfScalar" minOccurs="1" maxOccurs="unbeounded">
<complexType>
<complexContent>
<extension base="mpeg7:SeriesOfScalarType">
<attribute name="hopSize" type="mpeg7:medigDurationType"
default="PT10N100O0F" />
</extension>
</complexContent>
</complexType>
</element>
</choice>
<attribute name="confidence" type="mpegkizZeroToOneType" use="optional"/>
/extension>
omplexContent>
plexType>

Semantics

Name

Definition

AudiolfLDScalarType Abstract definition inherited by all scalar datatype audio descriptors.

Scalar Value(of the descriptor

SeriesfPpfScalar Scalar values for sampled-series description of an audio segment. Use of this scglable
series datatype promotes compatibility between sampled descriptions.

hopSize Time interval between data samples for series description. The default value is

PT10N1000F which is 10 milliseconds.

Values other than the default shall be integer multiples/divisors of 10 milliseg

onds.

This will ensure compatibility of descriptors sampled at different rates.

14
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5.3.3 AudiolLLDVectorType

5.3.3.1  Syntax

<V—— HH4FFFFFAAAAAAA H H HHHHHH E ——>
<!-- Definition of AudioLLDVector D -—>
<V—— HHH#HHHE A S ——>
<complexType name="AudioLLDVectorType" abstract="true">
<complexContent>
extension base="mpeg7:AudioDType"

<choice>
<element name="Vector" type="mpeg7:floatVector"/>
<element name="SeriesOfVector" minOccurs="1" maxOccurs="unboundaed">
<complexType>
<complexContent>
<extension base="mpeg7:SeriesOfVectorType">
<attribute name="hopSize" type="mpeg7:mediaDuratdionType"
default="PT10N100OF"/>
</extension>
</complexContent>
</complexType>
</element>
</choice>
</extension>
/complexContent>
</g¢omplexType>

5.3.3.2 Semantics

Name Definition

AudipLLDVectorType Abstract definition inherited by all vector datatype audio descriptors.

Vectpr Vector value, of descriptor

SeripsOfVector Vector-values for sampled-series description of an audio segment. Use of this [scalable
series-datatype promotes compatibility between sampled descriptions.

hopSlize Time interval between data samples for series description. The default falue is
PT10N1000F which is 10 milliseconds.

Values other than the default shall be integer multiples/divisors of 10 milligeconds.
This will ensure compatibility of descriptors sampled at different rates.

5.3.3.3 Usage and Extraction

Audio descriptors that calculated at regular intervals (sample period or frame period) shall use the hopsize field to
specify the extraction period. In all cases, the hopSize shall be a positive integer multiple/divisor of the default 10
millisecond sampling period. Note that downsampling by means of the scalable series does not change the
specified hopsize but instead specifies the downsampling scale ratio to be used together with the hopsize.

AudioLLDScalarType and AudioLLDVectorType are both abstract and therefore never instantiated.
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5.3.4 AudioWaveformType

AudioWaveForm D describes the audio waveform envelope, typically for display purposes.

5.3.4.1

Syntax

<P—— #4444 444 A A A A A A AR AR A H A S >
<!-- Definition of AudioWaveform D -——>
<V—— #4444 FFFFF A AA A AR ARG 444444 F AR ——>

<comp

<c¢mplexContent>
extension base="mpeg7:AudioLLDScalarType">

</¢omplexContent>
</coplexType>

1 Tyvoe-namae="2ud1coWavzaformTunal
T T

<attribute name="minRange" type="float" use="optional"/>
<attribute name="maxRange" type="float" use="optional"/>
/extension>

5.3.4.2 | Semantics

Name Definition

AudioWhveformType Description of the waveform of the audio signal.

minRange Lower limit of atdio signal amplitude

maxRanjge Upper limit'of audio signal amplitude

5.3.4.3 | Usage and extraction

5.3.4.3.1 Purpose

AudioWgveform D allows economicak display of an audio waveform. For example, a sound editing appl|cation

program|can display a summary of an\entire audio file immediately without processing the audio data and dafa may

be displd

using a gmall set of values thatrepresent extrema (min and max) of frames of samples. Min and max are sto

scalable

waveforms.

5.3.4.3.2

the

a) Instantiate.an AudioWaveformType with hopSize set to the required temporal resolution (default 10m
1aw signal is desired set hopSize to 1/(sampling rate).

yed and edited over a network, etc. Whatever the number of samples, the waveform may be dis

time series within @he” AudioWaveform D. They may also be used for fast comparison bg

To create.a description

blayed
red as
tween

), or if

b) Dete

c) Ifns

rmine the equivalent number of samples, ns, in each frame (ns = sampling rate x hop size).

= 1 then instantiate the Raw and store the raw data. Instantiate empty Min and Max fields.

d) Otherwise take the minimum and maximum value in each hopSize frame. Instantiate Min and Max fields and

fill th

5.3.4.3.3

em with scaled samples.

To use a description for display

a) Read the arrays of min and max values from the AudioWaveformType.

16
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b) For each min/max pair, draw a vertical line from min to max.

c) Label axes using the hopSize and scaling information.

5.3.5

AudioPowerType

AudioPower D describes the temporally-smoothed instantaneous power (square of waveform values).

5.3.5.1 Syntax

<= HHHHEHFHEH AR R R R R >

<!4- Definition of AudioPower D -1>

<= HHHHHHFHHH A AR A AR A AR AR AR R R R R R >

<cgmplexType name="AudioPowerType">

complexContent>
<extension base="mpeg7:AudioLLDScalarType"/>
/complexContent>

</g¢omplexType>
5.3.5.2 Semantics
Name Definition
AudipPowerType Description of the power of the audio’signal.
5.3.5.3 Usage and extraction
5.3.5.3.1 Extraction
Instanfaneous power is calculated by taking:the square of waveform samples. These are averaged gver time
intervals of length corresponding to hop$ize and stored in the Mean field of a SeriesOfScalarType.
5.3.5.3.2 Purpose
Instanfaneous power is a useful measure of the amplitude of a signal as a function of time, P(t)=|s(t)|2. In
assocfation with AudioSpectrumCentroid D and AudioSpectrumSpread D, the AudioPower D prqvides an
economical description-of.:the power spectrum (spreading the power over the spectral range specified by the
centrojd and spread)~that can be compared with a log-frequency spectrum. Another possibility is|to store
instanfaneous power-at high temporal resolution, in association with a high spectral resolution power spgctrum at
low temporal resolution, to obtain a cheap representation of the power spectrum that combines both spectral and
temporal resolution.
5.3.5.3.3_. “Motivation for the design

Instantaneous power is coherent with the power spectrum. A signal labeled with the former can meaningfully be
compared to a signal labeled with the latter. Note however that temporal smoothing operations are not quite the

same,

5.3.6

so values may differ slightly for identical signals.

Audio Spectrum Descriptors

5.3.6.1 Introduction

The following descriptors (5.3.7 to 5.3.12) are all descriptions of the audio spectrum. They have a central link that

they a

©180/1

Il derive from a time-frequency analysis of the audio signal.
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5.3.6.2 AudioSpectrumAttributeGrp

The AudioSpectrumAttributeGrp defines a common set of attributes applicable to many of the spectrum
descriptions.

5.3.6.21 Syntax

<I—— f##HAAFE A AA AR A AR A A A R A A R A A >

<!-- Definition of audioSpectrumAttributeGrp -——>
<= = SRR e ——

<attributeGroup name="audioSpectrumAttributeGrp">
<!t- Edge values are in Hertz >
<attribute name="loEdge" type="float" default="62.5"/>
<attribute name="hiEdge" type="float" default="16000"/>
<attribute name="octaveResolution" use="optional">
simpleType>
<restriction base="string">
<enumeration value="1/16"/>
<enumeration value="1/8"/>
<enumeration value="1/4"/>
<enumeration value="1/2"/>
<enumeration value="1"/>
<enumeration value="2"/>
<enumeration value="4"/>
<enumeration value="8"/>
</restriction>
/simpleType>
</gttribute>
</atfributeGroup>

5.3.6.2.2] Semantics

Name Definition
loEdge Lower edge of logarithmically-spaced frequency bands.
hiEdge Higher edge of logatithmically-spaced frequency bands.

Resolution  Frequency resolution of logarithmic spectrum (width of each spectrum band between 1dEdge
and hiEdde).

5.3.7 AudioSpectrumEnvelopeType

AudioSpectrnumEnvelope D describes the spectrum of the audio according to a logarithmic frequency scale.

53.7.1 —Syntax

U= HH##H4FH A A A A AR A A A A A >
<!-- Definition of AudioSpectrumEnvelope D -—>
<U—— #4444 444H 4 A AR AR AR A EHHAHAE 4SS . >
<complexType name="AudioSpectrumEnvelopeType">
<complexContent>
<extension base="mpeg7:AudioLLDVectorType">
<attributeGroup ref="mpeg7:audioSpectrumAttributeGrp"/>
</extension>
</complexContent>
</complexType>
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5.3.7.2 Semantics
Name Definition
AudioSpectrumEnvelopeType Description of the power spectrum of the audio signal. The spectrum consists

of one coefficient representing power between OHz and 1oEdge, a series of
coefficients representing power in resolution sized bands, between
loEdge and hiEdge, and a coefficient representing power beyond hiEdge,

in this order.

5.3.7.

5.3.7.1
The A

series
"aural

5.3.7.1

A logarithmic frequency axis is used to reconcile requirements of_goncision and descriptive power. P

freque

The p
sum o

5.3.7.1

Thesé
compa
is read

The A
hiEdd
the ba
hiEdd

€

where

For th
band

3 Usage and extraction

8.1 Purpose
udioSpectrumEnvelope D describes the short-term power spectrum of the audio waveform ¢

zation" of the data, or as a general-purpose descriptor for search and comparison.

8.2 Motivation for the design

ncy analysis in the ear roughly follows a logarithmic axis.

f power spectra over subintervals).

8.3  Specification of the descriptor (normative)
specifications are normative and ensure_that descriptions produced by different programs are eithe
ily convertible to a low-resolution desgription, in both the spectral or temporal dimension.

udioSpectrumEnvelope Dydescribes the spectrum over the frequency range between 1oE
e. The range between 1oEdge and hiEdge is divided into multiple bands. The resolution, in od

nds is specified by rescldtion. Except for when the octaveResolution is 1/8, both 1oE
e must be related to 1kKzas described in the following equation:

jge = 2" x 1KHz
r is the resolution in octaves, me Z (i.e., m an integer).

P case-wWhen resolution is "8 octave" the spectrum delivers a single coefficient representin
bower, and two extra coefficients for below-band and above-band power. In this case the default

s a time

of spectra with a logarithmic frequency axis. It may be used to display a spectrogram, to synthesizé a crude

eripheral

pwer spectrum is used because of its scaling properties.(the power spectrum over an interval is eqqial to the

r directly

rable, or else can easily be converted.to comparable descriptions. Importantly, a high-resolution d¢scription

Hge and
taves, of
dge and

(5.3.7.1)

g within-
alues for

loEdde=and hiEdge should be used

If m, and m, are the integers corresponding to Equation 5.3.7.1 when edge equals loEdge and hiEdge,

respectively, then the full set of band edges are given by edge =2" x1KHz ,m; <m <m,, .

In every case the spectrum contains two extra values, one representing the energy between OHz and 10Edge, and
the other energy between hiEdge and half the sampling rate (See Figure 5). If hiEdge equals half the sampling
rate then the second extra value is set to zero. These values measure the "out-of-band" energy. Default hiEdge is
16000Hz (corresponding to the upper limit of hearing). Default 1o0Edge is 62.5 Hz (8 octaves below hiEdge). The
default analysis frame period is 10 ms, which is within the range of estimates for temporal acuity of the ear (8 to 13
ms) and is also the default analysis frame period for sampled audio descriptors.

© ISO/IEC 2002 — All rights reserved
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1 coeff 8 coeffs 1 coeff
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total power
Figure 5 — lllustration of Audio Spectrum Envelope Bands
5.3.7.3. Extraction (informative)

To extract the AudioSpectrumEnvelope the following method is recommended. The.-method involves a Eliding
window EFT analysis, with a resampling to logarithmic spaced bands.

a) Detgrmine the required hop length h, corresponding to the hopsize. If the sampling rate is sr, thgn h =
sr*hppsize (e.g. h = 16000*0.01 = 160 samples). If sr*hopsize is not.a’whole number of samplef then
gengrate a vector h such that mean(h) = sr*hopsize (e.g. sr*hopsize = 22050 * 0.01 = 220.5, h = [220 22[1]). By
cycling through the vector of hop lengths the analysis will not stray @ver time, but will give minor jitter fropm the
defined hopsize. This enables reasonable comparison of data samipled at differing rates.

b) Detgrmine the analysis window length /w. The analysis window-'has been chosen to have a default valye of 3
hopsizes, 30ms. This is to provide enough spectral resolution to roughly resolve the 62.5 Hz-wide first channel
of a1 octave’ resolution spectrum.

c) Detgrmine the FFT size, NFFT. NFFT is the next-larger power-of-two number of samples from Iw, e.g. [If Iw =
1328 samples then NFFT would be 2048.

d) Perfporm a STFT using a Hamming window-of length lw, a shift of h samples (where h is a vector,|rotate
throigh the vector to prevent stray, and.deliver minimal jitter), using a NFFT point FFT, with out-of-window

samples set to 0. The descriptor only retains the square magnitude of the FFT coefficients,|Xw(k)|2 . THe sum

of the power spectrum coefficients"is equal to the average power in the analysis window, P, . By Pargeval's

theagrem there is a further facton of 1/NFFT to equate the sum of the squared magnitude of the FFT coefficients
to the sum of the squared,(zero-padded, windowed signal.

w-1 NFFT-1

P S e 3 X0

where ¥, (n) = s(n) * w(n),0 < n < Iw and w(n) is the Hamming window of length /w .

Hence Px(k) _WIX ( )|

Since the audio signal is a real signal its Fourier transform has even symmetry. Hence only the spectral
coefficients up to the Nyquist frequency need be retained.

e) Resample to a logarithmic scale. Let DF be the frequency spacing of the FFT (DF = sr/NFFT). An FFT

coefficient more than DF/2 from a band edge is assigned to the band. A coefficient less than DF/2 from a band
edge is proportionally shared between bands, as illustrated in Figure 6.
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Band A : Band B
: ___________ [ Key
L | \/Q'/ . /;[ Band A Weighting ————
— == - Band B Weighting — - — - —
Band edge FFT coefficients
Figure 6 — Weighting Method for linear - log conversion
Imporfant Note: Due to the weighting method illustrated in Figure 6 it is important to select an appropriatel 1oEdge
at fing frequency resolutions. To be able to resolve the logarithmic bands there needs to be'at least one FFT
coeffigient in each band. In some cases this means that the default 1oEdge is unsuitable/’Table 1 indi¢ates the
minimpm value that 1oEdge should be set to for some popular sampling frequencies, assuming default hopSize.
Table 1 — Minimum loEdge for particular resolutions (exceeding default 62.5Hz)
Resojution Minimum loEdge Minimum loEdge Minimum loEdge
(DF = 31.25, FFT size 1024, SR (DF = 21.53, FFT size 2048, SR (DF = 23.44, FFT size 2048,
= 32kHz, FFT size 512, SR = = 44.1kHz, FFT size 1024, SR SR =48kHz)
16kHz) =22.05kHz)
1/4 ogtave 88.388 (62.5*2"°) 62.5 105.1 (62.5*2")
1/8 ogtave 324.21 (62.52""°) 176.8 (62.5*2""°) 192.78 (62.5*2"°)
1/16 gctave  545.25 (62.5*2°°") 43971 (62.5%2"™°) 478.8 (62.5*2*"""°)
5.3.8 | AudioSpectrumCentroidType
AudigSpectrumCentroid D (describes the center of gravity of the log-frequency power spectrum. The
SpecttrumCentroid is defined as the power weighted log-frequency centroid.
5.3.8." Syntax
<= HHHHHHFEARF AR AR AR R >
<!4- Defipi¥ion of AudioSpectrumCentroid D -1>
S B 82 i i A
<cgmplexType name="AudioSpectrumCentroidType">
complexContent>
<extension base="mpeqg7:AudiolLLDScalarType" />
</complexContent>
</complexType>
© ISO/IEC 2002 — All rights reserved 21
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5.3.8.2 Semantics

Name Definition

AudioSpectrumCentroidType Description of the center of gravity of the log-frequency power spectrum.

Range: -5 to logx(sr/2000)

5.3.8.3 [ Usage and extractfion

5.3.8.3.1 Extraction (informative)

To be goherent with other descriptors, in particular AudioSpectrumEnvelope D, the spectrum centfoid is
defined @s the center-of-gravity of a log-frequency power spectrum. This definition is adjusted-in the extraction to
take into| account the fact that a non-zero DC component creates a singularity, and eventual very-low frequency
compongnts (possibly spurious) have a disproportionate weight.

To extra¢t the spectrum centroid:

a) Calqulate the power spectrum coefficients, as described in AudioSpéctrumEnvelope D extfaction
part$ a-d.

Pk =0, ML

X

b) Power spectrum coefficients below 62.5 Hz are replaced by a single coefficient, with power equal to their sum
and [a nominal frequency of 31.25 Hz.

borbd = ﬂoor( 62.5% NFFTJ

Sr
bound

Pi(p)= > P.(k), f(0)=3125

NFFT —bound

P'(h) = P.(n+ bound), f(n) = (n + bound)% wheren =1,..,

c) Frequencies of all coefficients are scaled to an octave scale anchored at 1 kHz. The spectrum cenffoid is
calcllated as: C&= Z:log,2 (f(n)/lOOO)P;(n)/ZP;(n) where is the P/(n) power associated with

freqliency 7).

5.3.8.3.2 “Purpose

Spectrum centroid is an economical description of the shape of the power spectrum. It indicates whether the power
spectrum is dominated by low or high frequencies and, additionally, it is correlated with a major perceptual
dimension of timbre; i.e.sharpness.

5.3.8.3.3  Motivation for the design

There are many different ways to design a spectrum centroid, according to the scale used for the values
(amplitude, power, log power, cubic root power, etc.) and frequencies (linear or logarithmic scale) of spectrum
coefficients. Perceptual weighting and masking can also be taken into account in more sophisticated measures.
This particular design of AudioSpectrumCentroid D was chosen to be coherent with other descriptors, in
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particular AudioSpectrumEnvelope D, so that a signal labeled with the former can reasonably be compared to a
signal labeled with the latter.

5.3.9 AudioSpectrumSpreadType

AudioSpectrumSpread D describes the second moment of the log-frequency power spectrum.

5.3.9.1 Syntax

e EEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEFETEEEEEEEEEEEEEEEEEEEEE I P
<!4- Definition of AudioSpectrumSpread D T
AU B 0 i i i 7 6 A
<cgmplexType name="AudioSpectrumSpreadType">
complexContent>

<extension base="mpeg7:AudioLLDScalarType"/>
/complexContent>

</g¢omplexType>

\%

5.3.9.2 Semantics

Nam¢ Definition

AudipSpectrumSpreadType Description of the spread<f the log-frequency power spectrum.

5.3.9.3 Usage and extraction

5.3.9.3.1 Extraction
To be|coherent with other descriptors, in particular AudioSpectrumEnvelope D, the spectrum spread i$ defined
as the|RMS deviation of the log-frequency pewer spectrum with respect to its center of gravity. Details are gimilar to
AudigSpectrumCentroid D

To exfract the spectrum spread:

a) Cplculate the power spectrum, P/(n), and corresponding frequencies, f(n), of the waveforp as for
ApdioSpectrumCenfroid D extraction, parts a-b.

b) Chlculate the spéctrum centroid, C, as described in AudioSpectrumCentroid D extraction part d.

c) Chplculate the'spectrum spread, S, as the RMS deviation with respect to the centroid, on an octaye scale:

= \/Z ((log, (f () /1000) — C)ZPJ("!))/ZP;(H)

)

5.3.9.3.2 Purpose
Spectrum spread is an economical descriptor of the shape of the power spectrum that indicates whether it is

concentrated in the vicinity of its centroid, or else spread out over the spectrum. It allows differentiating between
tone-like and noise-like sounds.
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5.3.9.3.3

Motivation for the design

As for the spectrum centroid, there are many different ways to design a spectrum spread measure. This definition
follows the same criteria as AudioSpectrumCentroid D, with which it is coherent.

5.3.10 AudioSpectrumFlatnessType

AudioSpectrumFlatness D describes the flatness properties of the spectrum of an audio signal within a given
number of frequency bands.

5.3.10.1| Syntax

<I—— | #4444 A4 HH A AR A AR A AR A A A A A R R R R >

<!--|Definition of AudioSpectrumFlatness D -—>

o= | #E#HH A HH A AR A AR A A AR AR AR AR R R R R R R >

<complexType name="AudioSpectrumFlatnessType">

<c¢mplexContent>
extension base="mpeg7:AudioLLDVectorType">
<attribute name="1loEdge" type="float" default="250"/>
<attribute name="hiEdge" type="float" default="16000{"/>
/extension>
</¢omplexContent>

</coplexType>
5.3.10.2 Semantics
Name Definition
AudioSpectrumFlatnessType Description of the audio spectral flatness of the audio signal.
loEdge Lower edge frequency (a default value of 250 is assumed)
hiEdge] Upper edge frequency (a default value of 16000 is assumed)
5.3.10.3| Usage, extraction and'examples
5.3.10.3/1 Purpose (informative)
The AudioSpectrumBldatnessType describes the flatness properties of the short-term power spectrum| of an
audio signal. This_descriptor expresses the deviation of the signal’s power spectrum over frequency from a flat
shape (cprresponding to a noise-like or an impulse-like signal). A high deviation from a flat shape may indicate the
presence of tonal components. The spectral flatness analysis is calculated for a number of frequency bands. [It may
be used ps a\feature vector for robust matching between pairs of audio signals.

5.3.10.3.2 Extraction (normative)

The extraction of the AudioSpectrumFlatnessType can be efficiently combined with the extraction of the
AudioSpectrumEnvelopeType and is done in several steps:

a) A spectral analysis (windowing, DFT) of the input signal is performed using the same procedure and
parameters specified for the extraction of the AudioSpectrumEnvelopeType part a-d, but with the window
length, Iw, corresponding to hop size (i.e. no overlap between subsequent calculations). Hence hopSize =

30m

24

s is recommended for this descriptor.
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A frequency range from 1oEdge to hiEdge is covered. Both limits must be chosen in quarter octave relation

to 1kHz as described in the following equation, i.e.
edge = 2"*" x1KHz
where m € Z (i.e., m an integer).

In view of the limitations in available frequency resolution, use of AudioSpectrumEnvelopeType below 250

Hz is not recommended. A logarithmic frequency resolution of a 1/4 octave is used for all bands.

Thus, all

AudioSpectrumFlatnessType bands are commensurate with the frequency bands employed by
AudioSpectrumEnvelopeType. In order to reduce the sensitivity against deviations in sampling frequency,

the bands are defined in _an overlapping fashion: For the calculation of the actual edge frequencies, the

a$ described in Table 2 (assuming the default 1oEdge value of 250 Hz).

THe band edge frequencies are transformed to indices of power spectrum coefficients as/follows: If

npminal lower edge and higher edge frequencies of each band are multiplied by the factors 0.95,and 1.05,
rgspectively. Consequently, each band overlaps with its neighbor band by 10%. This results in Band|edges f,

DF is the

frgquency spacing of the DFT (DF = sampling rate / DFT size), the lower and higher edge-of band b ar¢ defined

byl their power spectrum coefficient indices, il(b) and ih(b), respectively, which aré)derived from
frdquencies by nint(f, / DF), where nint() denotes rounding to the nearest integer.

he edge

Fdr each frequency band, the flatness measure is defined as the ratio of the-geometric and the arithmgtic mean
of lthe power spectrum coefficients (i.e. squared absolute DFT value, inel.\grouping if required) c(i) within the

band b (i.e. from coefficient index il to coefficient index ih, inclusive).

ih(b)
ih(b)=il (b)+] Hc(l’)
i=il(b
SFM, = &l

1 ih(b)

ih(b)—il(h)+1 %‘f @

If no audio signal is present (i.e. the mean powenis zero), a flatness measure value of 1 is returned.

In{order to reduce the computational effort and adapt the frequency resolution to “log” bands, all power

spectrum coefficients in bands above the edge frequency of 1kHz are grouped, i.e. the above calc

Lilation is

carried out using the average valles® over a group of power spectral coefficients rather than the single

coefficients themselves. The grouping is defined in the following way:

is used. For all bands-between nominal 2kHz and 4kHz, a grouping of 4 consecutive power
coefficients is used;-For all bands between nominal 4kHz and 8kHz, a grouping of 8 consecuti
spectrum coefficients is used and so on.

of coefficients used from the particular band is reduced accordingly.

If the bianal availahla tn tha avtractinn nracace dnece not ctinnlhv nranar cianal content bevond-a certain f
StgHat—aahao6 10Xt acHORPro6eSS—EGoesShot+Su t —SigHa—GoRteRtPeyoRa—a—ceHaih—

— For all bands between-neminal 1kHz and 2kHz, a grouping of 2 consecutive power spectrum coefficients

spectrum
e power

— For the last'group of coefficients in each band, the following rule is applied: If at least 50% of the|required
coefficients for the group are available in that band, this last group is included using the necessar
of additional coefficients from the successive band. Otherwise this group is not included, and thg number

amount

PTrope

equency

limit (e.g. due to the signal sampling rate or other bandwidth limitations), no flatness values should be extracted for
bands extending beyond this frequency limit. Instead, hiEdge should be reduced accordingly to signal the number
of bands available with proper flatness data.

Table 2 — Band overlaps

Nominal 250.0 Hz— 2973 Hz | 297.3 Hz—353.6 Hz | 353.6 Hz 4204 Hz
Band
edges fo: | Actual 2375Hz—312.2Hz | 282.4Hz—-3712Hz | 335.9 Hz— 4415 Hz
(overlapped)
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5.3.10.3.3 Example (informative)

The following is an example instantiation of AudioSpectrumFlatnessType. Consider a series of calculated
flathness measurements of 128 consecutive analysis frames. The following instantiation shows how to summarize
these values by using the Min, Max, Mean and Variance fields of the SeriesOfVector datatype for a 4-band

flatness descriptor:

<AudioDescriptor xsi:type="AudioSpectrumFlatnessType" loEdge="500"
hiEdge="1000">
<SeriesOfVector vectorSize="4" totalSampleNum="128">
Scaling ratio="64" elementNum="2"/>

Min dim="2 4"> 0.3 0.1 0.4 0.3 0.2 0.3 0.3 0.2 </Min>

Max dim="2 4"> 0.8 0.5 0.7 0.6 0.5 0.6 0.6 0.8 </Max>

Mean dim="2 4"> 0.6 0.4 0.5 0.4 0.4 0.5 0.4 0.4 </Mean>

Variance dim="2 4"> 0.1 0.11 0.06 0.08 0.07 0.1 0.09 0.07 </Vari@nce>

</$eriesOfVector>
</AudlioDescriptor>

5.3.11 AudioSpectrumBasisType

The AudioSpectrumBasis D contains basis functions that are used to_project high-dimensional spgctrum
descriptipns into a low-dimensional representation. Spectrum dimensionality. reduction plays a substantial fole in
automati classification applications by compactly representing salient statisti¢cal information about audio segents.
These fefatures have been shown to perform well for automatic classification and retrieval applications. Appligations
to spectrpgram summarization are also discussed below.

5.3.11.1| Syntax
U= | A4 A A A R R e ——>

<!--|Definition of AudioSpectrumBasis D -—>
Sl [ 0 A
<complexType name="AudioSpectrumBasiEType">
<c¢mplexContent>
extension base="mpeg7:AudiollDVectorType">
<attributeGroup ref="mpdg7:audioSpectrumAttributeGrp"/>
/extension>
</¢omplexContent>
</coplexType>

26 © ISO/IEC 2002 — All rights reserved


https://standardsiso.com/api/?name=710adce4668796e75b6fbba12ff67ff8

ISO/IEC 15938-4:

5.3.11.2 Semantics

2002(E)

Name Definition

AudioSpectrumBasisType

summarization. Basis functions are stored in the Raw field

Statistical basis functions of a spectrogram used for dimension reduction and

of a

SeriesOfVector, the dimensions of the series depend upon the usage model:

For stationary basis components the dimension attribute is set to dim="N K"

la | N tlo 4 l o all + 4l | £ 1o + £ r'H
WIICTT TN To UTC SPT LU UTTT ICTT Iylll diTfU T\ 10 UTIC TTUTTTVTT UT Udolo TUTICGUUINTO.

For time-varying basis components dim="M N K” where M is_the-nhu

mber of

blocks within the segment, N is the spectrum length and K is the nymber of
basis functions per block. Block lengths must be at least K frames for|K basis
functions; default hopSize is PT500N1000F.
AudipSpectrumAttrGroup  Spectrum parameters for the basis vectors; see AudioSpectrumEnvellope.
5.3.113 Example (informative)
The fgllowing example shows an instance of five stationary basis functions spanning an audio segmenf derived
from gn AudioSpectrumEnvelope D with Yi-octave resolution.
<AUldioDescriptor xsi:type="AudioSpectrumBasisType" loEdge="62.5" hiEdge="8000"
octaveResolution="1/4">
SeriesOfVector totalNumOfSamples="1" vectorSize="31 9">
<Raw dim="31 9">
0.082 -0.026 0.024 -0.093 0.010 =0.021 0.063 -0.103 0.057
0.291 0.073 0.025 -0.039 0.026,.5¥0.086 0.185 0.241 0.107
0.267 0.062 0.030 -0.026 0.054*-0.115 0.171 0.266 0.240
0.267 0.062 0.030 -0.026 0.054 -0.115 0.171 0.266 0.240
0.271 -0.008 0.039 0.007 AO%119 -0.067 0.033 0.165 0.175
0.271 -0.008 0.039 0.006%A°0.119 -0.067 0.033 0.165 0.175
0.269 -0.159 0.062 0.074 0.182 0.071 -0.194 0.054 -0.009
<!-- more values here . . . -1>
</Raw>
/SeriesOfVector>
</RudioDescriptor>
5.3.114 Extraction(gormative)
The fgllowing section defines the method for extracting basis functions from a spectrum. Some details of gxtraction
are indicated {o_be informative with no loss of compatibility between implementations. To extract a feduced-
dimengion hasis from an AudioSpectrumEnvelope spectrum the following steps shall be executed:
a) Ppwer rum: instantiate an Audi rumEnvel riptor using the extraction meth efined in

frequency bins.

the AudioSpectrumEnvelope D. The resulting data will be a SeriesOfVectors with M frames and N

Log-scale norming: for each spectral vector, x, in AudioSpectrumEnvelope, convert the power spectrum to

a decibel scale:

7= 10log,,(x,)
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c)

d)

28

and compute the L2-norm of the resulting vector:

Observation matrix: place each normalized spectral frame row-wise into a matrix. The size of therepulting
matfix is M x N where M is the number of time frames and N is the number of frequency bins. The’mafrix will
have the following structure:

ol
M

Basis extraction: Extract a basis using a singular value decompgsition (SVD), commonly implemented as a
builttin function in many mathematical software packages using<the command [U,S,V] = SVD(X,0]. Use
the leconomy SVD when available since the row-basis functions are not required and this will ingrease
extraction efficiency. The SVD factors the matrix from step-(c) in the following way:

X 2 USV’
whefe X is factored into the matrix product of three matrices; the row basis U, the diagonal singularn value

matfix S and the transposed column basis functions V. Reduce the spectral (column) basis by retaining only
the first k basis functions, i.e. the first k columns of V:

VK=[V1 Vy, o Vk]

k is| typically in the range of\3*10 basis functions for sound classification and spectrum summarjzation
applications.

To ¢alculate the proportion of information retained for k basis functions use the singular values contained in

matfix S:

RY

i

M-

(k)=
S

M=

Vi

T

~|
Il

where (k) is the proportion of information retained for k basis functions and N is the total number of basis
functions which is also equal to the number of spectral bins. The SVD basis functions are stored using a
SeriesOfVector D inthe AudioSpectrumBasis D.

Statistically independent basis (Optional): after extracting the reduced SVD basis, V, a further step consisting
of basis rotation to directions of maximal statistical independence is required for some applications. This is
necessary for any application requiring maximum separation of features; for example, separation of source
components of a spectrogram. A statistically independent basis is derived using an additional step of
independent component analysis (ICA) after SVD extraction. The ICA basis is the same size as the SVD basis
and is placed in the same SeriesOfVector field as the SVD basis.
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Figure 7 — Extraction method for AudioSpectrumBasisType and AudioSpectfumProjection

me varying components (Optional): the extraction process (a)-(e) outlined above can be segme

tervals, default 500ms (hopSize = PT500N1000F), and a threerdimensional SeriesOfVectd
sults. The first dimension is the block index, the second is thé/spectral dimension and the third
imber of basis vectors. This representation can track basis,fuhctions belonging to sources in an
ene.

AudioSpectrumProjectionType

mensional features of a spectrum after projection against a reduced rank basis. These two types af
together. The low-dimensional features of the AudioSpectrumProjection D CONSis

sOfVectors, one vector for each frame, ¢, of the normalized input spectrogram, it. Each spect

teps (a)-(c) above yields a corresponding projected vector, Y, , that is stored in the SeriesOfvect

1 Syntax

= HHHHER AR AR AR R R -1
- Definition qQf~AudioSpectrumProjection D -1
= HHEHEER R R R R 1
mplexType tdame="AudioSpectrumProjectionType">

complexContent>

<extemsdon base="mpeg7:AudioLLDVectorType"/>

/compdeXContent>

omplexType>

2002(E)

Type

nted into

ocks over an AudioSegment thus providing a time-varying basis. Todo’this, the basis is sampled at regular

r matrix
pives the
auditory

1dioSpectrumProjection D is the complimentito the AudioSpectrumBasis D and is used to fepresent

e always
it of a

ral frame

r D.

\%
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5.3.12.2

Semantics

Name

Definition

AudioSpectrumProjectionType

Low-dimensional representation of a spectrum using projection against

spectral basis functions. The projected data is stored in a
SeriesOfVector D. The dimensions of the SeriesOfVector D

depend upon the usage model:

o acic oominananto H-S-P-X 3 7N

din="N

Forstationary-basis-components-the-dimension-atiributeissetto-di
K+1” where N is the spectrum length and K is the number_-0of
functions.

For time-varying basis components dim="M N K+1”_whére M i
number of blocks, N is the spectrum length and K is thethumber of
functions per block.

basis

5 the
basis

5.3.12.3

The follo
above. N

<Aud]
<S4

</
</Au

5.3.12.4

The eler
obtained
normaliz
The resu

Example (informative)

wing example shows projection coefficients corresponding to the AudidSpectrumBasis examplg
ote that the vectorsSize attribute is set to the number of basis funetions plus one.

oDescriptor xsi:type="AudioSpectrumProjectionType">
briesOfVector hopSize="PT10N1000OF" totalNum@fSamples="263"
vectorSize="10">

Raw dim="263 10">

0.359 -0.693 0.345 -0.145 -0.129 -0.270" -0.117 -0.448 0.092 0.045
0.364 -0.690 0.308 -0.147 -0.127 -Qy184 -0.122 -0.476 0.130 0.206
0.353 -0.656 0.382 -0.175 -0.137.&0.143 -0.167 -0.478 0.207 0.186
<!-- more values here ... -—>
0.998 -0.342 0.569 0.592 0.103.-0.280 0.159 -0.070 -0.293 -0.006
1.000 -0.324 0.562 0.601 0.919 -0.273 0.165 -0.058 -0.305 -0.025
/Raw>

eriesOfVector>

ioDescriptor>

Extraction (normative)

hents of each AudieSpectrumProjection vector shall represent, in order, the L2-norm valy
in step (b) of{AudioSpectrumBasis extraction. This shall be followed by the inner product
ed spectral frame, X, , from step (b) above and each of the basis vectors, v, , from step (d) or (e)
Iting vectoerhas k+1 elements, where k is the number of basis components, and it is defined by:

given

e r,
of the
hbove.

\J

_l ~T ~T ~T J
= X, v, X v, - Xv, |

5.3.12.5

5.3.12.5.

Usage (informative)

1 Automatic Sound Classification and Retrieval

The AudioSpectrumBasis D and AudioSpectrumProjection D are used in the Sound Classification and
Indexing Tools for automatic classification of audio segments using probabilistic models. In this application, basis
functions are computed for the set of training examples and are stored along with a probabilistic model of the
training sounds. Using these methods, audio segments can be automatically classified into categories such as
speech, music and sound effects. Another example is automatic classification of music genres such as Salsa,

30
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HipHop, Reggae or Classical. For more information on automatic classification and retrieval of audio see the
SoundClassificationModel DS below.

5.3.12

.5.2 Spectrogram Summarization

The spectrum basis descriptors can be used to view independent subspaces of a spectrogram; for example, we
may wish to view subspaces that contain independent source sounds in a mixture. To extract independent
spectrogram subspaces for an audio segment, first perform extraction for AudioSpectrumBasis. Then the
AudioSpectrumProjection is extracted as defined above.

Recon
in Au
normg

=

where
Any ¢
appro

The s
using

guitar,
shows
spectr

ol

where
freque

reduction of ~11:1.

struction of an independent spectrogram frame, xtT , is calculated by taking the outer product ofthe’]

HioSpectrumBasis and the j+1th vector in AudioSpectrumProjection and multiplying
lization coefficient r:

=y, i+ INT

the + operator indicates the pseudo-inverse. These frames are concatenated-to form a new spec
imation of the original spectrogram.

blient features of a spectrogram may be efficiently represented withymuch less data than a full spe
ndependent component basis functions. The following exampleds taken from a recording of a song
drums, hi-hat, bass guitar, and organ. Figure 8 shows the ofiginal full-bandwidth spectrogram and
a 10-component reconstruction of the same spectrogram..The data ratio, R, between the reduced-d
um and the full-bandwidth spectrum is:

1 1
=K| —+—

M N
K is the number of basis components, M:is)the number of frames in the spectrogram and N is the n
ncy bins. For example, a 5-component-summary of 500 frames of a 64-bin spectrogram leads t

Frequency (Hz)

th vector
by the

trogram.

bmbination of spectrogram subspaces can be summed to obtain either individGal source spectrograms or an

ctrogram
featuring
Figure 9
mension

umber of
0 a data

, ;
) - -

62.5
00.00 00.50 01.00 01.50 02.00 02.50 03.00 03.50 04.00 04.50

Time (s)

Figure 8 — AudioSpectrumEnvelope description of a pop song. The required data storage is NV values

where N is the number of spectrum bins and M is the number of time points
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AudioSpectrumProjection

8000

4000

Figure 9 — 10-basis component reconstruction showing most of the detail of the original spectrogi

includi
the tg

using the reconstruction equation given:above. The required data storage is 10(M+N) values

2000

6

03,00

2.5
00.00 0050  01.00 0150 0200 0250 0350 0400 0450

AudioSpectrumBasis

g guitar, bass guitar, hi-hat and organ notes: The left vectors are an AudioSpectrumBasis [
p vectors are the corresponding AudioSpectrumProjection D. The two vectors are combir

am
) and
ed

5.3.12.6 | AudioFundamentalFrequencyType
AudioFyndamentalFrequency( D describes the fundamental frequency of the audio signal.
5.3.12.7| Syntax
SN R R R R i A
<!--|Definition* of AudioFundamentalFrequency D -—>
O el 15005 i
<complexType name="AudioFundamentalFrequencyType">
<c¢omplexContent>
egtension base="mpeg7:AudioLLDScalarType">
<attribute name="loLimit" type="float" default="25"/>
<attribute name="hiLimit" type="float" use="optional"/>
</extension>
</complexContent>
</complexType>
32 © ISO/IEC 2002 — All rights reserved
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5.3.12.8 Semantics

Name Definition

AudioFundamentalFrequencyType Description of the fundamental frequency of the audio signal.
loLimit Lower limit of search space, in Hz.

hiLimit Upper limit of search space, in Hz.

5.3.129 Usage and extraction

5.3.12,

The ektraction method is not specified in complete detail in order to promote chpice of strategy. How
following shall be present in all cases.

The lifnits of the search range shall be specified using 1oLimit and hiLimdt:-The extraction method sh

a fund
search

The e

operafions. Values of the estimate for which the weight is zerexshall be considered non-periodic and ig
ity and scaling operations. The handling of non-zero ¥alues, that allow periodic values to be differentially

simila
weigh

One ¢
availa

5.3.12

Funda
descri
be pos

fundamental frequency.

5.3.12

Fundag
Audi
logarit]
Weigh
scalin

9.1 Extraction

amental frequency for any signal that is periodic over the analysis interval with a fundamental v
range.

ktraction method shall provide a confidence measure, between 0 and 1, to be used as a weight i

ed, is left up to the specific application.

xtraction method is detailed in the extraction ofithe AudioHarmonicity D. This is not the bes
ble but it gives reasonable estimates of the fundamental frequency in stationary signals.

9.2 Purpose

mental frequency is a good predictor of musical pitch and speech intonation. As such it is an i
btor of an audio signal. This descriptor is not designed to be a descriptor of melody, but it may nev
sible to make meaningful comparisons between data labeled with a melody descriptor, and data lab|

9.3 Motivation forthe design

mental frequeney is complementary to the log-frequency logarithmic spectrum, in that, together
Harmoniciky D, it specifies aspects of the detailed harmonic structure of periodic sounds
hmic spectrum cannot represent for lack of resolution. The inclusion of a confidence measure,
t field of the SseriesOfScalarType is an important part of the design, that allows proper han
) of ‘portions of signal that lack clear periodicity.

ever the

all report
ithin the

N scaling
nored in

method

mportant
brtheless
eled with

with the
that the
sing the
ling and

5.3.13

AudioHarmonicityType

AudioHarmonicity D describes the degree of harmonicity of an audio signal.
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5.3.131

<!--
<!--
<!--

Syntax

FHAFHHHEHH A H AR H AR H A H AR H A H A H AR S ——>
Definition of AudioHarmonicity D -—>
FHAFHHH A A A A A A H A HEH A AR A A R R o ——>

<complexType name="AudioHarmonicityType">
<complexContent>
<extension base="mpeg7:AudioDType">

<sequence>
<element name="HarmonicRatio" type="mpeg7:AudioLLDScalarType"/>

<element name="UpperLimitOfHarmonicity"
type="mpeg7:AudioLLDScalarType"/>

</sequence>
/extension>
</¢omplexContent>

</cofpplexType>
5.3.13.2 Semantics
Name Definition
AudioHhrmonicityType Combined measures of Harmonic Ratio and.Ypper limit of harmonicity.
HarmonficRatio Description of the ratio of harmonic power to total power.
UpperlfimitOfHarmonicity  The frequency beyond which the‘spectrum cannot be considered harmonjic.

5.3.13.3

5.3.13.3.

AudioH]

Harmon]
derived
fundame
algorithn
signal. T

a) Calg

r(i

~

b

Usage and extraction

1 Extraction

rmonicity D contains two measuresiHarmonicRatio, and UpperLimitOfHarmonicity.

h. It is

cRatio is loosely defined as the_proportion of harmonic components within the power spectrun
from the correlation betweenythe signal and a lagged representation of the signal, lagged
htal period of the signal. In-erder to avoid dependency on the actual fundamental frequency estim
produces its own estimate by searching for the maximum value in the normalized cross-correlation
he algorithm is:

ulate (i, k), thechormalised cross correlation of frame i with lag & :

) = S30Ns( — k) [Wﬁs(ﬂz 'S s - k)zj

= J=m J=m

y the
e, the
of the

Where

s 18

the audio signal

m=i*n,wherei =0,M —1=frameindex, M =number of frames

n=

k=

b) The

t *sr, where t = analysis window size (default 10ms) and s» = sampling rate

1, K =lag, where K = @ * sr, ® = maximum fundamental period expected (default 40ms)

Harmonic Ratio H (i) is chosen as the maximum 7(i, k) in each frame, i :

H (i) = max r(i, k)

34

k=1,n-1
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This value is 1 for a purely periodic signal, and it will be close to 0 for white noise. The estimate can be refined by
replacing each local maximum of r(i,k) by the maximum of a 3-point parabolic fit centered upon it.

UpperLimitOfHarmonicity is loosely defined as the frequency beyond which the spectrum cannot be
considered harmonic. It is calculated based on the power spectra of the original and a comb-filtered signal. The
algorithm is:

a) Determine the combed signal

N VAR AW AR S 7a Vi EAN
T3 7 I ), ] — i, 11— 1)

where
m+n—1 m+n-1

N= ZS(j)S(j—K) ZSz(j—K) ... is the optimal gain
j=m j=m

K|is the lag corresponding to the maximum cross correlation ( H (i) =7(i,K)}), and the fundamental period
egtimate. If K is fractional, s(j-K) is calculated by linear interpolation.

Chlculate the DFTs of the signal, s(j), and the comb-filtered signal, «¢(j), using the technique desgribed in
ApdioSpectrumEnvelope D. Calculate power spectra, and group the components below 625 Hz as
explained for AudioSpectrumCentroid D.

c) For each frequency, f,,,, calculate the sum of power beyond<{that frequency, for both the original apd comb-
filkered signal, and take their ratio.

JSona JSona
dfiw)= 20" ()] 2 p(f)
S=/tim S=/tim
where p(f) and p'(f) are the power spectra-of the unfiltered and filtered signal respectively, and f| is the

3

aximum frequency of the DFT.

for which|this ratio

lim ?

d) Starting from f. = f _ and moving down in frequency, find the greatest frequency, f,
smaller than a threshold (Threshold = 0.5).

&

e) Cpnvert this value to an‘octave scale based on 1 kHz

UpperLimitOfHarmonicity = logz(fu /1000)

lim

5.3.13.3.2 Purpose

A harnonicity measure allows distinguishing between sounds that have a harmonic spectrum (musical sounds,
voicec!nspeech, etc.) and those that have a non-harmonic spectrum (noise, unvoiced speech, dense mixtures of
instruments, etc.).

5.3.13.3.3 Motivation for the design

Together with the AudioFundamentalFrequency D, AudioHarmonicity D describes the harmonic structure
of sound. These features are orthogonal and complementary to a descriptor such as AudioSpectrumEnvelope
D. The exact definitions of the measures (HarmonicRatio and UpperLimitOfHarmonicity) are designed to
be easy to extract, and coherent with the definitions of other descriptors (most of which are based on power).
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5.3.14 Timbre Descriptors

5.3.14.1 Introduction

The following descriptors (5.3.15 to 5.3.21) are distinct from the preceding low-level descriptors. In the context of
the high-level Timbre description tools (section 5.2), they are intended to be descriptors that apply to an entire
audio segment, rather than being primarily sampled types. However it is possible to retain the instantaneous
sampled series for a number of the descriptors, using the SeriesOfScalar of the AudioLLDScalarType.
SeriesOfScalar may not be chosen for the LogAttackTime D, the SpectralCentroid D and the

do — LR T N o <l HC 3 + o f Al H ES % H
Tempor LLCTIILLULU U, Ao UHTCOU UTOUTTYIUTO Al TIVU UTTITICU Ado diT Moldlialituluo oTTICo.

5.3.14.2( Usage and Extraction

As many of the timbre descriptors rely on a previous estimation of the fundamental frequencycand the hagmonic
peaks of|the spectrum or on the temporal signal envelope (see Figure 10), the extraction of these is explaingd first
rather than repeating it for each timbre descriptor.

Power -
Spectrum »|  SpectralCentroid
Signal LogAttackTime
envelope 3
Bignal Temporal Centroid Stantancons
\ H icSpectralS d
STET Tarmohc armonicSpectralSprea
T \Q@Aks
tection Instantaneous
il Al ) HarmonicSpectralCentroid
Window 0
Instantaneous

HarmonicSpectralDeviation

Instantaneous

HarmonicSpectral Variation
y

Figure 10 — Timbre Descriptor Estimation

5.3.14.3 | ‘Estimation of spectral parameters

The calculation of the fundamental frequency and the harmonic peaks is required before the calculation of each of
the instantaneous harmonic spectral features, including centroid, deviation, spread and variation. Many of the
timbre descriptors have been designed for specific use upon harmonic signals, such as a monophonic musical
signal. Each descriptor describes a sound segment. An example of a sound segment would be a single note played
on a clarinet.

5.3.14.3.1 Recommended Analysis Parameters (informative)

The recommended parameters for extraction of the timbre descriptors depend upon whether the global values
alone are required or whether the instantaneous values are also required.
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If only the global values of the Timbre descriptors are required then the recommended extraction parameters are:

Analysis window type: hamming

Analysis window size: 8 fundamental periods

Hop size: 4 fundamental periods

If the instantaneous series of values are required then the requirement of the AudioLLDScalar D to restrict the

hopSj

xtraction

param

A

A

T

attribute to infngnr mlllﬁplne/rli\/ienre of 10ms Qppline_ Eor these instances the recommended

eters are:
halysis window type: hamming
nalysis window size: 30ms

pp size: 10ms

5.3.1

The fundamental frequency is the frequency that best explains the periodicity_ef a signal. While numerous

have
of the
freque

5.3.14.3.3 Harmonic Peaks Detection (informative)

The h

the signal. The term “around” is used in order to take\into account the slight variations of harmonicity

sound
peaks
the m
positia

3.2 Estimation of the fundamental frequency f0 (informative)

een proposed in order to estimate it, one can simply compute the docal normalized auto-correlatior
signal and take its first maximum in order to estimate the local fundamental period. The local fun
ncy is then estimated by the inverse of the time corresponding\to the position of this maximum.

brmonic peaks are the peaks of the spectrum located “around” the multiple of the fundamental fred

5 (piano for example). While numerous methods have been proposed in order to estimate the
one can simply look for the maxima of the amplitude of the Short Time Fourier Transform (STFT
Liltiples of the fundamental frequency. The frequencies of the harmonic peaks are then estimate
ns of these maxima while the amplitudes of these maxima determine their amplitudes.

0.06

methods
function
Hamental

uency of
of some
harmonic
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d by the

h=2 h=3 |h=4 |h=5

51005 harmonic h*f0 = 3*f0 ; J
1 AV i i
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Figure 11 — Harmonic Peaks Detection (informative)
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5.3.14.3.4 Suggested algorithm for harmonic peaks detection (informative)

To determine the amplitude, 4, and frequency, 1, of harmonic ‘harmo’ in the frame ‘frame’ do the following:

Let X(k,frame), k = 1,N be the STFT (of size N) of the frame, ‘frame’, of data (see Section 5.3.14.3.1 for
extraction parameters) (See Figure 11)

A( frame,harmo) = m[aﬁ](|X(m,frame)|) = |X(M,frame)|

I (frammeharmoy=M < DE

wherg
DF=sr/N is the frequency separation of coefficients
sr is the sampling rate

fO is the estimated fundamental frequency
a = floor((harmo —c) ﬂ) and b = ceil(harmo + ¢) ﬂ)
DF DF

where ¢ €[0,0.5], determines the tolerated non-harmonicity. A value 6f-¢=0.15 is recommended.

5.3.14.4| Estimation of temporal parameters

5.3.14.41 Log-Attack-Time and Temporal Centroid: Signal envelope

While nymerous methods have been proposed in order to.compute the signal envelope, one can simply|use a
signal’s power function over time. This function can be estimated by computing the local mean square value| of the
signal amplitude within a running window.

5.3.15 LjogAttackTimeType

5.3.15.1| Syntax

SRl R i i i A
<!--|Definition of LogAttackTime D -—>
Vo [ H AR H AR A A A A R R e ——>
<complexType name="LogAttackTimeType">

<c¢mplexContent®
extension Pase="mpeg7:AudioLLDScalarType"/>

</¢omplexContent>
</complexTypes>

5.3.15.2| Sémantics

Name Definition

LogAttackTime The LogAttackTi me is defined as the logarithm (decimal base) of the time duration
between the time the signal starts to the time it reaches its stable part. Unit: [log,o sec]

Range: [log4o(1/sr), determined by the length of the signal]

Where sr stands for sampling rate
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5.3.15.3 Usage and Extraction

5.3.15.3.1 Extraction

a) Estimate the temporal signal envelope over the time of the segment

b) Compute the LogAttackTime, LAT, as follows

LAT =log,,(T1 - T0)

where

—

The *

5.3.16 HarmonicSpectralCentroidType

5.3.1601 Syntax

<!
<!
<!
<c

</

— TO s the time the signal starts;

b¢ estimated, simply, as the time the signal envelope reaches its maximum value (as shown in Figure

5.3.113.2 Motivation for the design

A
Signal envelope(t)

P —
TO T1

Figure 12 — lllustration of log-attack time

Informative) TO can be estimated as the time the signal envelope exceeds 2% of its maximum valug

tack’ of a sound is the firstpart of a sound, before a real note develops.

1= #HHHFEERAR AR Y T
1- Definition of HarmonicSpectralCentroid D -1
8 R i i A

nplexType name="HarmonicSpectralCentroidType">
cemplexContent>
<extension base="mpeg7:AudioLLDScalarType"/>
</complexContent>
complexType>

© ISO/IEC 2002 — All rights reserved
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5.3.16.2 Semantics

Name Definition

HarmonicSpectralCentroid The HarmonicSpectralCentroid is computed as the average over the
sound segment duration of the instantaneous HarmonicSpectralCentroid
within a running window. The instantatneous HarmonicSpectralCentroid
is computed as the amplitude (linear scale) weighted mean of the harmonic
peaks of the spectrum.

Unit: [Hz]

Range: [0,sr/2]

5.3.16.3| Usage and Extraction

5.3.16.3.1 Extraction
The HarponicSpectralCentroid may be extracted using the following algorithm
a) Estimate the harmonic peaks over the sound segment

b) Calqulate the instantaneous HarmonicSpectralCentroid, IHSC, for each frame as follows:

nb _ harmo

Z f(frame,harmo) - A( frame, harmo)
IHS[( frame) = -amo=]

nb _ harmo

z A( frame, harmo)

harmo=1

where
— |A(frame,harmo) is the amplitude of the harmonic peak number “harmo” at the frame number “frame”
— |f(frame,harmo) is the frequency of the harmonic peak number “harmo” at the frame number “frame”
— |nb_harmo is the number of harmonics taken into account

c) Caldulate the HarmonicSpectralCentroid, HSC, for the sound segment as follows:

nb _ frames

ZIHSC(frame)

HSd = Yirame=1
nb _ frames

where
— nb_frames is the number of frames in the sound segment
5.3.16.3.2 Motivation for the design

The use of a linear frequency scale instead of a logarithmic one is derived from experimental results on human
perception of timbre similarity. The use of a linear scale instead of a logarithmic one significantly increases the
explanation of the experimental results.
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5.3.17 HarmonicSpectralDeviationType

5.3.17.1 Syntax

U= A F AR AR RS A R HH R H AR AHFF AR A ARSI ——>

<!-- Definition of HarmonicSpectralDeviation D —-=>

<D= HHHH AR A A R R R R R R R . ——>
<complexType name="HarmonicSpectralDeviationType">

<complexContent>

</gomplexType>

5.3.17.2 Semantics

extension base="mpeg7:Audiol.I.DScalarTvpe"

/complexContent>

Nam¢ Definition

HarmpnicSpectralDeviation The HarmonicSpectralDeviation is computed as the average
sound segment duration of the instarftaneous
HarmonicSpectralDeviation within)'a running window. The

instantaneous HarmonicSpectralDeviation is computed as the

Unit: [-]
Range: [0,1]

deviation of log-amplitude components.from a global spectral enveloge.

pver the

spectral

5.3.17.3 Usage and Extraction

5.3.17.3.1 Extraction

The H
a) E

b) E

(Informative) To approximate-the local Spectral Envelope take the mean amplitude of three adjacent

hrmonicSpectralDeviation maybé extracted using the following algorithm

stimate the harmonic peaks over'the sound segment

stimate the spectral envelope/(SE)

harmonic

peaks| To evaluate the ends of the envelope simply use the mean amplitude of two adjacent harmonic peaks.

For harmo = 1

A( frame, harmo) + A( frame, harmo + 1
SE( framie, harmo) = (f ) 5 (f )
FJI I'ldIIIIU = 2 tU IIl’J_I‘IdIIIIU'AI

1

Z A( frame,harmo + 1)

SE( frame, harmo) = = ,harmo =2,nb _harmo —1

3

For harmo = nb_harmo

SE( frame, harmo) =

A( frame, harmo — 1) + A( frame, harmo)
2
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where

nb_harmo is the number of harmonics taken into account

c) Calculate the instantaneous HarmonicSpectralDeviation, IHSD, for each frame as follows:

THSD( frame) = -tarmo=1

where

d) Calg

HS|

where

5.3.17.3.

The use
perceptid
explanat

5.3.18 H

5.3.18.1

<!--
<!--
<l--
<comy

nb _harmo

Z| log,, (A( frame,harmo)) —log,, (SE( frame,harmo)) |

nb _harmo

Lloglo(A(frame,harmo))

harmo=1

A(frame,harmo) is the amplitude of the harmonic peak number “harmo” at the frame number “frame”
SE(frame,harmo) is the local Spectral Envelope around the harmonic peak number harmo

nb_harmo is the number of harmonics taken into account

ulate the HarmonicSpectralDeviation , HSD, for the sound segment as follows:
nb _ frames
ZIHSD( frame)
D — frame=1
nb _ frames

nb_frames is the number of frames in the sound segment

2 Motivation for the design

n of timbre similarity. The use of a logarithmic scale instead of a linear one significantly increas
on of these experimental results.

armonicSpectralSpreadType

Syntax

FHEFHAEDF A A A AR H AR H A A A A A A -
Definmftion of HarmonicSpectralSpread D —-—>
S R A
IexType name="HarmonicSpectralSpreadType">

of a logarithmic amplitude scale .instead of a linear one is derived from experimental results on human

es the

<c

mpleXtontent

<extension base="mpeg7:AudioLLDScalarType"/>
</complexContent>
</complexType>
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5.3.18.2 Semantics

Name Definition

HarmonicSpectralSpread The HarmonicSpectralSpread is computed as the average over the sound
segment duration of the instantaneous HarmonicSpectralSpread within a
running window.

The instantaneous HarmonicSpectralSpread is computed as the amplitude
weighted-stamdarddeviatiomof the-hrarmonic peaks of the—spectrunm, ormalized
by the instantaneous HarmonicSpectralCentroid.

Units: [-]

Range: [0,1]

5.3.183 Usage and Extraction

5.3.18(3.1 Extraction

The HSS may be extracted using the following algorithm

a) Eptimate the harmonic peaks over the sound segment

b) Eptimate the instantaneous HarmonicSpectralCentkoid, IHSC, of each frame

c) Chglculate the instantaneous HarmonicSpectralSpread, IHSS, for each frame as follows:

nb _ harmo
ZAz(frame, harmo) - [f(frame, harmo) — IHSC(frame)]2
1
IHSS( frame) = harmo=1
{58 (frame) IHSC( frame) b armo,
ZA (frame,harmo)
harmo=1
where

— A(frame,harma)-is the amplitude of the harmonic peak number “harmo” at the frame number “frame

L

—t f(frame,harmo) is the frequency of the harmonic peak number “harmo” at the frame number “fram

—t+ nb_harmo is the number of harmonics taken into account

d) Chpleulate the HarmonicSpectralSpread, HSS, for each sound segment as follows:

nb _ frames

Z[HSS (frame)

HSS = Sframe=1
nb _ frames

where

— nb_frames is the number of frames in the sound segment
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5.3.18.3.2 Motivation for the design

As for the spectral centroid, there are many different ways to design a spectrum spread measure. This definition
follows the same criteria as HarmonicSpectralCentroid D, with which it is coherent.

5.3.19 HarmonicSpectralVariationType

5.3.19.1 Syntax

| FTIN TN TN TN TN TN TIN TINNTINNETIN TINTINNE TN TN N TN T TN TINNE T TI INNTINNE TN TN TNV I TN TN T TN TNV I TNV T N TNV I VNV T N TN T T VT T TN T T TN TI TR TR TI TR TR TR TR TR TR TR /AT
Sl zsssaddddddiiidddddadididddddaaddddddadAdddddRRdiddddAREARRRbililiEEi

<!--|Definition of HarmonicSpectralVariation D ==>
SRl R i i 6
<complexType name="HarmonicSpectralVariationType">

<c¢mplexContent>
extension base="mpeg7:AudioLLDScalarType"/>

</¢omplexContent>
</cofpplexType>

5.3.19.2| Semantics

Name Definition

HarmonficSpectralVariation The HarmonicSpectralVariatien'is defined as the mean over the $ound
segment duration of the instantangolls HarmonicSpectralVariatioh.

The instantaneous HarmondcSpectralVariation is defined as the
normalized correlation between the amplitude of the harmonic peaks ¢f two
adjacent frames.

Units: [-]
Range: [0,1]

5.3.19.3| Usage and Extraction

The HSV] may be extracted using the following algorithm
a) Estimate the harmonic peaksover the sound segment
b) Calqulate the instantanepus HarmonicSpectralVariation, IHSV, for each frame as follows:

nb_harmo

Z A( frame—1, harmo) - A( frame, harmo)
IHSV( frame)y=1— harmo-1

nb_harmo nb_harmo
\/ ZAZ (frame—1, harmo) - \/ ZAZ (frame, harmo)

harmo=1 harmo=1

where
— A(frame,harmo) is the amplitude of the harmonic peak number “harmo” at the frame number “frame”
— nb_harmo is the number of harmonics taken into account

c) Calculate the HarmonicSpectralVariation, HSV, for the sound segment as follows:

nb_ frames

Z THSV ( frame)

HSV — Sframe=1
nb _ frames
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where

— nb_frames is the number of frames in the sound segment

5.3.20 SpectralCentroidType

5.3.20.1 Syntax

complexContent>
<extension base="mpeg7:AudioLLDScalarType"/>
/complexContent>

</gomplexType>

5.3.20,2 Semantics

U= HHHHHHHHH A A A A FHFHFHFHH SRS A A F A R R ——>
<!f=Derinition Of Spectralcenctroid D =1
<D= HHHHE A R o
<cgmplexType name="SpectralCentroidType">

>
>

Name Definition

SpecftralCentroid The SpectralCentroid is computed as the power weighted average of the fr

of the bins in the power spectrum.
Unit: [HZ]
Range: [0,s1/2]

where sr stands for sampling.rate

bgquency

5.3.20.3 Usage and Extraction

The SC may be extracted using the following algorithm

a) Determine the power spectrum over the sound segment. (Informative) While numerous methods the been
pfoposed in order to compute the power spectrum, one can simply use the Welch method (@averaged
periodogram) both fortharmonic and percussive sounds.

b) Chplculate the SpectralCentroid, SC, for the segment as follows:

powerspectrum - size
2 f(k)-S(k)
SC(f rame) = powl";.lpecn'umi.\‘ize
> S(k)
k=1
where

— S(k) is the kth power spectrum coefficient

— f(k) stands for the frequency of the kth power spectrum coefficient
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5.3.21 TemporalCentroidType

5.3.21.1 Syntax

U= HHHHHH A A A A H A A A R R R o ——>
<!-- Definition of TemporalCentroid D —-——>
Vo= HEHHHHH A AR H A A R ——>
<complexType name="TemporalCentroidType">

<complexContent>
extension base="mpeg7:AudiolIDScalarType"

</¢omplexContent>
</coplexType>

5.3.21.2| Semantics

Name Definition

TemporjplCentroid The TemporalCentroid is defined as the time averaged over the energy envelope.
Unit: [sec]

Range: [0,determined by the length of the signal]

5.3.21.3| Usage and Extraction
The TemporalCentroid may be extracted using the following algorithm
a) Caldulate the Signal Envelope, SEnv, (as described'in clause 5.3.14.4.1)

b) Calqulate the TemporalCentroid, TC as.follows:

length(SEnv)
§:n/sr~SEnv00
| n=1
TC N length(SEnv)
Z SEnv(n)

n=l1

where
— |SEnv is the Signal Envelope.

— |sris thexSampling Rate.

5.4 Silence

5.4.1 Introduction

The silence D describes a perceptual feature of a sound track capturing the fact that no significant sound is
occurring in this segment. It is useful for the segmentation of audio material into subparts, giving access to its
physical structure.

The basic information of the description of a silent segment is the start time and the duration, which is given by
times in the audio segment to which the silence descriptor is attached. The silence segments themselves are either
given for the whole segment or as a time mask for the segment.
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5.4.2 SilenceHeaderType

5.4.21 Syntax

V= $HHHHHHHFFFHFHHHH AR AR AR A A FHF S ——>
<!-- Definition of SilenceHeader header -——>
<U—— H444444 444 H A A AR A A A AR A R R >
<complexType name="SilenceHeaderType">
<complexContent>
extension base="mpeg7:HeaderTvpe"
<attribute name="minDuration" type="mpeg7:mediaDurationType"
use="required"/>

</extension>
/complexContent>
</g¢omplexType>

5.4.2.2 Semantics

Nam¢ Definition

SilehceHeaderType Information shared by many silence descriptors

minDuration The minDuration attribute is used to cammunicate a minimum temporal threshold
determining whether a signal portion is identified as a silent segment (see infprmation
on extraction process). The minDuratdon element is usually applied uniforly to a
complete segment decomposition as*a-parameter for the extraction algorithm.

5.4.3 | SilenceType

5.4.3.1 Syntax

U= ###4H4HHHHH A A AR A A PR FH RS A 1>
<!4- Definition of Silence D -1
SR Bl 3 5 A P
<cgmplexType name="SiltenceType">
complexContent>
<extension base='mpeg7:AudioDType">
<attribute name="confidence" type="mpeg7:zeroToOneType" default="1.0"/
<attribute“name="minDurationRef" type="anyURI" use="optional"/>
</extensdion>
/complex@ntent>
</g¢omplexType>

\Y%

5.4.3.2 ., Semantics

Name Definition

confidence The confidence attribute measures how confident the detection process is that the
segment is containing silence. Unit: None

Range: [0,1]

minDurationRef Reference to minDuration informationin a SilenceHeader
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5.4.4 Usage, examples and extraction (informative)

Silence can be regarded as a semantic concept. For example, a long silent period in a movie may signify that
something important is about to happen, such as falling in love or increasing tension for an expected event.
Together with speech, music and ambient sound descriptors, the silence descriptors captures the basic semantic
events occurring in audio material.

Silence can be used to segment audio materials at varying levels of detail depending on the parameters used
during the detection phase. For example, a high threshold may be used to detect long pauses between sentences
as silence_while tolerating shorter breaks between phrases. A lower threshold may be used to identify phrasal
pauses gr even pauses between words. Similarly, pauses in music pieces of varying length may be determi;ted. In
this way/ audio material may be split up into parts that reflect its physical structure. Segmentation is an important
prerequigite for further classification of the identified segments.

Target applications are:

— Direft access to semantic segmentations/events of audio material.

— Segmentation tools for annotation and retrieval, e.g. news story segmentation, captioning software.
The silerjce extractor can be implemented in various ways. One possible implementation of a confidence mgasure
is to invgstigate the calculated (loudness) function over time with respect to an‘assumed (loudness) threshold, see
informatile description of an example silence detection algorithm. The confidence measure can e.g. be caldqulated

from the|ratio of the area under the (loudness) threshold and the area-ufder the (loudness) curve, clipped|to the
range [O}.. 1].

5.4.4.1 | Description of a silence detection algorithm

This section describes how a silence detector may be implemented by using an FFT-based algorithm to cajculate
the sliding loudness of the signal. A simple silence detection algorithm is described.

= < Ear Bar kscal e- Spr eadi ng| . |Threshol di ng
[3' CIE w STRT Tr ans(\e(?}"_'t r ansf or mat _’/ | oudness > Process
Slidi ng
Anal ysi s
W ndow

Figure 13 — Loudness based Silence Detector

The signpl processing is'carried out in several steps:
a) Sliding shortime Fourier Transform (STFT)

b) Filtering‘with outer ear transfer function

c) Summing the energy into 1 bark wide bands

d) Calculating masking threshold, considering threshold in quiet and temporal masking
e) Calculating partial loudness and overall loudness

f)  Detecting silence segments by a suitable thresholding process

Descriptions for steps (a) — (d) can be found in ISO/IEC 11172-3, Annex D or ISO/IEC 13818-7, Annex B.
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A thresholding process could employ several parameters, such as silence level thresholds and a minimum duration
for which those thresholds are to be exceeded for a change in detector output. Such a scheme is illustrated by the

following figure:

Loudness [sone]

A

ciloree he 2 [\ |-minDuration-| /\

/ X gr

Figure 14 — Silence thresholds
Deperding on the type and complexity of the audio signals, it may be necessary to automatically g
threshplding process to the characteristics of the background noise. An ‘“intelligent” silence detect
additignally support perceptually-based concepts for silence, such as voice activity measures etc..
5442 Example
<AudioSegment>

</

6 H

6.1

This s

are eitfher structuralhor application oriented. In some cases, they use tools defined in the audio framewor]

of this

The td

Header xsi:type="SilenceHeaderType" id="shQOne">
<minDuration>PT3N10F</minDuration>

/Header>

MediaTime>
<MediaRelTimePoint timeBase="Medialicator[1]">P0S</MediaRelTimePoint>
<MediaDuration>PT28S3N10F</MediaRdration>

/MediaTime>

AudioDescriptor xsi:type="SileneeType" minDurationRef="shOne"

confidence=".0:5"/>
\udioSegment>

igh Level Tools

ntroduction

documenty Much use is made of tools defined in the multimedia description schemes part of the sta

ols in\this section cover a wide range of application areas and functionalities. They both provide fun

dapt the
or could

ection containstdescriptors and description schemes which are broadly classed as “high level”; that is, they

k section
hdard.

ctionality

and s4

rye,as examples of how to use the low level framework.

6.2 Audio Signature

6.2.1

Introduction

The AudioSignatureDs is a condensed representation of an audio signal designed to provide a unique content
identifier for the purpose of robust automatic identification of audio signals. The AudioSignatureDS uses
statistical data summarization on a series of values of the AudioSpectrumFlatnessType to determine the
signature.
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6.2.2 AudioSignatureType

6.2.2.1

<!--
<!--
<!--

Syntax

FHAHH A A A A A A HHH A A A A A R R R ——>
Definition of AudioSignature DS —-——>

FHAEFAAES A A AE RS A AR AR A A R A R R R A >

<complexType name="AudioSignatureType">
<complexContent>

extension base="mpeg7:AudioDSType"

</
</coj

6.2.2.2

<sequence>
<element name="Flatness" type="mpeg7:AudioSpectrumFlatnessType"/>
</sequence>
/extension>
fomplexContent>
plexType>

Semantics

Name

Definition

AudioS

ignatureType A structure containing a condensed representation.as a unique content identifier
audio signal for the purpose of robust automatic identification of audio signals (co
statistical summarization of data of AudioSgegctrumFlatnessType)

for an
htains

Flatne

S5 s The spectrum flatness of the signal of, AudioSpectrumFlatnessType data.

6.2.3 Ipstantiation requirements

In order

— The

— Both
Ser

— The
ass|

— The

— The
The

0 constitute a valid AudioSignature.description, the following requirements have to be satisfied:
syntax of the Flatness part is restricted to SeriesOfVectorBinaryType.

the Mean and the variance'fields of the Flatness part have to be instantiated, as provided
iesOfVectorBinaryType Syntax.

Scaling ratio (decimation factor), as provided by the SeriesOfVectorBinaryType syntax
me values between 2 and 128. The default value is 32.

loEdge parameter, as provided by the AudioSpectrumFlatnessType syntax, is fixed at 250 Hz.

hiEdge parameter, as provided by the AudioSpectrumFlatnessType syntax, must be at least 4
default value is 4000 Hz.

by the

must

00 Hz.

6.2.4 Usage and examples (informative)

There are numerous examples of applications for the AudioSignature description scheme conceivable, including
automatic identification of an unknown piece of audio based on a database of registered audio items. This is done
by extracting AudioSignature descriptions from both the reference items and the item to be identified. The
AudioSignature description of the item to be identified is then matched to all previously registered
AudioSignature descriptions in the database. The best matching reference AudioSignature description is the
most likely candidate to correspond to the unknown signal. A measure of confidence can be calculated from the
matching error of the pair.
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In a wider sense, the AudioSignature structure may be used to identify corresponding MPEG-7 descriptions for
audio items which are delivered in formats not including descriptive data (“linking of legacy format audio data to
MPEG-7 descriptions”). To this end, the MPEG-7 descriptions available at some server have to include an
AudioSignature description of each described item. Again, an AudioSignature is extracted from the unknown
audio item and the correct set of descriptive data is identified by matching the extracted AudioSignature to the
registered signatures.

The signature essentially consists of a statistical summarization of frame by frame AudioSpectrumFlatness low
level descriptor values over a period of time. This is obtained by using the mean and variance of the LLD values, as
provided by the generic SeriesOfVectors construct with selectable degrees of decimation, and thus temporal
resolution. Consequently, signatures may be rescaled (scaled down) in their temporal resolution accordipg to the
standgrd SseriesOfvVectors scaling procedures as desired, e.g. in order to achieve a compatible” temporal
resolution between two signatures.

ition, a second dimension of AudioSignature scalability is provided by the numbef)of frequengy bands
t in the AudioSpectrumFlatness field of the signature descriptions. While signatures may provide
differgnt numbers of frequency bands, a meaningful comparison between them is always possible for thhe bands
commpn to the compared signatures, since these relate to common fixed band definitions:

The combination of temporal and frequency band scalability provides a flexible trade-off between the compactness
of the |signatures and their ability to discriminate between many different audio (stimuli. Please note that mxch more
compact (but equivalent) representations of the AudioSignature cans\be derived in an applicatiop-specific
context by converting the description to a condensed binary representation. with an appropriate numeric precision.
While [the details of such formats are outside the scope of this standard, the explicit DDL description acls as the
basic point of interoperability between these formats.

In ordgr to match two AudioSignature descriptions, a standartd mean square distance metric may be|used for
evalugting the degree of similarity between two signatures (after normalizing the feature variables to unit[standard
deviatfon).

6.3 [Timbre

6.3.1 | Introduction

Timbre Descriptors aim to describe perceptual features of instrument sounds. Timbre is currently defingd in the
literatyre as the perceptual features that ' make two sounds having the same pitch and loudness sound [different.
The gim of the Timbre DS is to«describe these perceptual features with a reduced set of descripfors. The
descriptors relate to notions such(as “attack”, “brightness” or “richness” of a sound.

Familles of sounds and the three TimbreType:

“Timbrte similarity” refers.to the way human listeners consider two sounds as close whatever classes they belong to
and whatever pitchand’ loudness. Human perception of similarity between sounds is a rather complex meghanism,
which|involves taKing into account several parameters that determine several perceptual dimensions in a| possibly
complex way.Human listeners will use different perceptual dimensions depending on the family of sourlds being
heard] For example, the harmonicity feature may be used to distinguish harmonic and non-harmonic soungs, but is
unlikely to'be important to distinguish sounds within each of these families.

For this teason we distinguish four different families of sounds for the monophonic, non-mixed, non-layered
instrument sounds. These families correspond to the main perceptual categories of musical sounds distinguished
by the following factors (see Table 3):

— Harmonic: relates to the property of periodicity of a signal (the harmonicity relations between the components
of the spectrum a signal; distinguishes harmonic from inharmonic and noisy signals).

— Sustained: relates to the duration of excitation of the sound source (distinguishes sustained from impulsive
signals).

— Coherent: relate to the temporal behaviour of the spectral component of a signal (distinguishes frequency
spectra with prominent components from noisy spectra).
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Table 3 — Sound families

Sound families Harmonic Sounds |Inharmonic Percussive Non-coherent Sounds
Sounds Sounds
Sounds characteristics | Sustained Sustained Non-Sustained Sustained
Harmonic Non-Harmonic
Coherent Coherent Non-Coherent
|
Examplps of sounds violin, flute, ... bell, triangle snare, claves, ... cymbals, white(noige, ...
belonging to the family
TimbreType Harmonic Percussive
Instrument Instument
TimbreType TimbreType

A reducdd set of descriptors is established in order to describe the timbre perception within each family of s
So far, oply two families are considered: the sustained, harmonic coherent sounds, and the non-sustained so

For each of these families, a set of TimbreDescriptors is establishedlin order to describe the timbre perd
between|sounds belonging to the same family. These sets are called the HarmonicInstrumentTimbr
and PerfussivelInstrumentTimbreType.

Because| some sounds may belong to other Timbre Families, @, generic set of Timbre Descriptors is include

all

af the TimbreDescriptors of the HarmonicInstrumentTimbreType

PercusgivelInstrumentTimbreType.

Target applications are:

— AutHoring Tools for sound designers or musicians (Music Sample database management) and

— Retrjeval Tools for producers (“Query by example search” based on perceptual features).

6.3.2

6.3.2.1

InstrumentTimbreType

Introduction

The IndtrumentTimbreType is a set of TimbreDescriptors established in order to describe the
perceptign among sounds belonging simultaneously to the Harmonic and Percussive sound families. An ex
of such g sound is\that produced by a harp.
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6.3.2.2 Syntax

<U—— #4444 4H 44 H A A AR A A H A AR R R ——>
<!-- Definition of InstrumentTimbre DS -——>
Vo= $H#HHHHHHFFHFHHHH AR AR AR A HHHFHH S ——>
<complexType name="InstrumentTimbreType">
<complexContent>
<extension base="mpeg7:AudioDSType">
<sequence>
<element name="LogAttackTime" type="mpeg7:LogAttackTimeType"
minOccurs="0"/>
<element name="HarmonicSpectralCentroid"
type="mpeg7:HarmonicSpectralCentroidType" minOccurs="0"/>
<element name="HarmonicSpectralDeviation"
type="mpeg7:HarmonicSpectralDeviationType" minOccups="0"/>
<element name="HarmonicSpectralSpread"
type="mpeg7:HarmonicSpectralSpreadType" minOccurs="0"/>
<element name="HarmonicSpectralVariation"
type="mpeg7:HarmonicSpectralVariationType" ,minOccurs="0"/>
<element name="SpectralCentroid" type="mpeg7:SpectrdlCentroidType"
minOccurs="0"/>
<element name="TemporalCentroid" type="mpeg7:TemporalCentroidType"
minOccurs="0"/>
</sequence>
</extension>
/complexContent>
</gomplexType>

6.3.2.3 Semantics

Name¢ Definition

LogAfctackTime (LAT) AlogAttackTime Descriptor
HarmpnicSpectralCentroid (HSC) A HarmonicSpectralCentroid Descriptor
HarmpnicSpectralDeviation&(HSD) A HarmonicSpectralDeviation Descriptor
HarmpnicSpectralSpread [(HSS) A HarmonicSpectralSpread Descriptor
HarmpnicSpectralV@ziation (HSV) A HarmonicSpectralVariation Descriptor
SpecfralCentroid (SC) A SpectralCentroid Descriptor
TemppralCentroid (TC) A TemporalCentroid Descriptor

6.3.3 HarmoniclnstrumentTimbreType

6.3.3.1 Introduction

The HarmonicInstrumentTimbreType is a set of TimbreDescriptors established in order to describe the
timbre perception among sounds belonging to Harmonic sound family. An example is the sound of a violin.
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6.3.3.2 Syntax

<I—— f##A4AFEA A A A AR A A AR A AR R A R R A R R A R A >

<!-- Definition of HarmonicInstrumentTimbre DS

-—>

<o HHH A HH AR H AR A AR F AR AR A F R H AR FHFH AR F AR F T H A F SRR ——>

<complexType name="HarmonicInstrumentTimbreType">

<complexContent>

<extension base="mpeg7:AudioDSType">

<sequence>

<element name="LogAttackTime" type="mpeg7:LogAttackTimeType"/>

</sequence>
/extension>
</¢omplexContent>
</coplexType>

6.3.3.3 | Semantics

<element name="HarmonicSpectralCentroid"
type="mpeg7:HarmonicSpectralCentroidType" />
<element name="HarmonicSpectralDeviation"
type="mpeg7:HarmonicSpectralDeviationType" />
<element name="HarmonicSpectralSpread"
type="mpeg7:HarmonicSpectralSpreadType"/>
<element name="HarmonicSpectralVariation"
type="mpeg7:HarmonicSpectralVariationType" />

Name

LogAttlpckTime (LAT)

A LogAttackTdme Descriptor

HarmonficSpectralCentroid

A Harmondi¢SpectralCentroid Descriptor

HarmonficSpectralDeviation

A HanmonicSpectralDeviation Descriptor

HarmonficSpectralSpread (HSS)

A HarmonicSpectralSpread Descriptor

HarmonficSpectralVariation

A HarmonicSpectralVariation Descriptor

6.3.4 PercussivelnstrumentTimbreType

6.3.4.1 Introduction

The PerfussivelnstrumentTimbreType is a set of TimbreDescriptors established in order to describe the

timbre pgrception among sounds belonging to Percussive sound family. An example is the sound of a drum.

6.3.4.2 Syntax

<= HH#HAAH A AR A AR A A AR A A R A A R R R R R A >

<!-- Definition of PercussivelInstrumentTimbre DS

-—>

<D= HH#HAAHH A A AR A AR A A R A A R R R R R R A R A >

<complexType name="PercussivelInstrumentTimbreType">

<complexContent>

<extension base="mpeg7:AudioDSType">

<sequence>

<element name="LogAttackTime" type="mpeg7:LogAttackTimeType"/>
<element name="SpectralCentroid" type="mpeg7:SpectralCentroidType"/>
<element name="TemporalCentroid" type="mpeg7:TemporalCentroidType"/>
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6.3.4.3

</sequence>
</extension>
/complexContent>
omplexType>

Semantics

ISO/IEC 15938-4:2002(E)

Name

Definition

A

LogA

faockTimae (I2T)
<

I leis Dacerintar
E=asas e eStrptor

<
4

SpecftralCentroid (SC)

A SpectralCentroid Descriptor

TemppralCentroid (TC)

A TemporalCentroid Descriptor

6.3.5

6.3.5.1

Usage, extraction and examples (informative)

Distance measures

Timbre descriptors can be combined in the following suggested way in~order to allow a comparison of sounds

accorg

ing to perceptual features:

For sqund family 1 one obtains the following expression for the distance:

S

ist:\/ S(ALATY +3e—SAHSO’ +3e—HAHSD 4+ AHSS-60AHS 1)

For sqund family 3 one obtains the following expression for the distance:

N

ist= . —0. F(—le—
[ —0.3ALAT—0.6ATC)* 1 4ASC)2

In both cases, A is the difference between the values of the same acoustical parameter for the twg sounds

consig

It sho

experi

6.3.5.

ered.

Id be noted that the exact’coefficients may be different from one database to another depending on the set
of sounds included. The above coefficients are approximations to values derived from a specific database| used for
ental verification- of‘the descriptors; they are provided only as an example for informative purpdses, and
may npt be appropriaté\for arbitrary data sets.

Example of InstrumentTimbre

This example represents the sound of a harp.

<AudTobesctriptiomSchene

<LogAttackTime>
<Scalar>-1.660812</Scalar>
</LogAttackTime>
<HarmonicSpectralCentroid>
<Scalar>698.586713</Scalar>
</HarmonicSpectralCentroid>
<HarmonicSpectralDeviation>
<Scalar>-0.014473</Scalar>
</HarmonicSpectralDeviation>
<HarmonicSpectralSpread>
<Scalar>0.345456</Scalar>
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</HarmonicSpectralSpread>
<HarmonicSpectralVariation>
<Scalar>0.015437</Scalar>
</HarmonicSpectralVariation>
<SpectralCentroid>
<Scalar>867.486074</Scalar>
</SpectralCentroid>
<TemporalCentroid>
<Scalar>0.231309</Scalar>
</TemporalCentroid>
</AuflioDescriptionsScheme>

6.3.5.3 | Example of HarmonicinstrumentTimbre
This exafnple represents the sound of a violin.

<AudioDescriptionScheme xsi:type="HarmonicInstrumentTimbreType">
<L¢gAttackTime>
Scalar>-0.150702</Scalar>
</logAttackTime>
<HarmonicSpectralCentroid>
Scalar>1586.892383</Scalar>
</HarmonicSpectralCentroid>
<HarmonicSpectralDeviation>
Scalar>-0.027864</Scalar>
</HarmonicSpectralDeviation>
<HarmonicSpectralSpread>
Scalar>0.550866</Scalar>
</HarmonicSpectralSpread>
<HarmonicSpectralVariation>
Scalar>0.001877</Scalar>
</HarmonicSpectralVariation>
</AudlioDescriptionScheme>

6.3.5.4 | Example of PercussivelnstrumentTimbre
This exanple represents the sound of.a\side drum.

<AudjoDescriptionSchemel ®¥si:type="PercussiveInstrumentTimbreType">
<L¢gAttackTime>
Scalar>-1.6830%7</Scalar>
</logAttackTime®>
<SpectralCentreoid>
Scalar>121%.341518</Scalar>
</$pectradCentroid>
<Tg¢mporal€entroid>
Scéléar>0.081574</Scalar>
</TémporalCentroid>
</Audtobescriptionschens

6.4 General Sound Recognition and Indexing

6.4.1 Introduction

The tools defined in this section support applications in general audio classification and content indexing. For
example, automatic classification and segmentation of audio into broad classes such as speech, music, and
background or into narrower classes such as male, female, laughter, telephones, reggae, classical or violin. The
description schemes consist of sound models that are based on the ContinuousHiddenMarkovModel DS and
ProbabilityClassificationModel DS defined in ISO/IEC 15938 part 5.
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In addition to automatic classification, audio segments may be indexed using the series of states generated by a
sound model (SoundModel D). The pattern of states through time is used to index audio and retrieve similar
audio segments by matching query and target state activation patterns. The SoundModelStatePath D and
SoundModelStateHistogram D encapsulate this functionality.

6.4.2 SoundModelType

The soundModel DS contains a sound class label and a continuous hidden Markov model (CHMM) that is used
for automatic classification and indexing of audio segments, see Figure 15. Hidden Markov model parameters are

calculgtedusimg-wett=knmowrm tearmingatgorithms; suchas the Baurm=-WetchatgorithmT, operatingorma-traiming set of
sound| data. Once trained, a hidden Markov model can be used to compare new sounds with the nodel to
determine the goodness of fit.

The default descriptor for sound classification is AudioSpectrumProjection. A set of basisflnctions |is stored
with dach model that are used to calculate the spectrum projection of audio segments;>see the deznition of
Audig¢SpectrumBasis D and AudioSpectrumProjection D above. Other descriptgrs-may also be ysed with
the d4oundModel DS; their use is signaled by the DescriptorModel DS contained within the
ContinuousHiddenMarkovModel DS and SoundClassificationModel DS.

States Time - >
ONON O O
0y 0, 03 0,
Ay

Observations

Figule 15 — The SoundModel DS consists of a hidden Markov model that generates a sequence ofl hidden
states, q. Each state generates an'observation, o, for each time step, t. The model contains state transition
probabilities as well'as parameters for the observation probability distributions

6.4.2.1 Syntax

U= ###4H4HEAH A A R R R R >
<!4- Definit¥ion of SoundModel DS -T
<Uq- #HdhpA AR AR R - >
<cgmplexType name="SoundModelType'">
complexContent>
lextension base="mpeg7:ContinuousHiddenMarkovModelType">
<sequence minOccurs="0">
<element name="SoundClassLabel" type="mpeg7:TermUseType"/>
<element name="SpectrumBasis" type="mpeg7:AudioSpectrumBasisType"/>
</sequence>
<attribute name="SoundModelRef" type="anyURI" use="optional"/>
</extension>
</complexContent>
</complexType>

\%
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6.4.2.2 Semantics
Name Definition
SoundModelType Description scheme containing parameters to a Continuous Hidden Markov Model
(CHMM), sound class labels or references, extraction metadata and spectral basis
functions for the sound class.
The hidden Markov model (HMM) consists of three components, ¢, ={4,,B,,7, }:
corresponding to the Initial state distribution, z, = P(q, =i) with ¢ < {I. K]}, the
state Transitions matrix A, =P(q, =jlq._ =1 , and an
ObservationDistributionType:bxy):}ﬁy|qt:j),deﬁnedforeachs&ﬂ&
The initial state distribution and transition probabilities characterize the dypamic
behavior of the states through time. This DS extends
ContinuousHiddenMarkovModelType defined in ISOAEC™15938 part 5.
SoundCflassLabel A unique label, or reference to a label from a classification scheme, that desgribes
the sound class of the model. See mpeg7: TermUgeType in ISO/IEC 15938 patt 5.
SpectrjumBasis Data-derived basis functions for the (sound class. See definition of
AudioSpectrumBasis.
SoundModelRef Optional reference to a SoundMode L\pointing to an instance that provides the model
definition.
6.4.2.3 | Example (informative)
The folloving example is an instance of the SoundModel DS defining a model of Trumpet sounds. The model uses
a HMM with states that are set to the GagssianDistributionType with meanp/_and covariance matr(x K,
giving B| =1{p,,K,| for state j.
<SounpdModel id="IDInstrument:Trumpet">
<S¢undClassLabel>
Term id="ID16"SInstrument:Trumpet</Term>
</$oundClassLabédp>
<Ipitial dimz="™1)6"> 0.000 0.068 0.074 0.716 0.142 0.000 </Initial>
<Transitiong ‘dim="6 6">
1.000 0000 0.000 0.000 0.000 0.000
.000«6+994 0.000 0.000 0.000 0.006
.000¢0.000 0.993 0.007 0.000 0.000
{14 0.000 0.095 0.818 0.000 0.074
—666—6-666—0-066—"0C0-065"10-5551-066F6
0.056 0.000 0.000 0.000 0.000 0.944
</Transitions>
<DescriptorModel>
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<Descriptor xsi:type="mpeg7:AudioSpectrumProjectionType"/>
<Field>SeriesOfVector</Field>
</DescriptorModel>
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</

6.4.3

This OS combines @/s€t of sound models into a multi-way classifier for automatic labeling of audio segme
terms [from a classification scheme. Probabilistic classifiers can recognize broad sound classes, such a
and music, or'they can be trained to identify narrower content categories such as male, female, trumpet
Other | applications include music genre classification and voice recognition. See Figure 16 for an
cIassiTcation scheme for general audio content indexing. For more information on classification schemeg

Clas

6.4.3.

ISO/IEC 15938-4:

<State>
<Label>
<Term i1d="IDStatel">Statel</Term>
</Label>
<ObservationDistribution xsi:type="mpeg7:GaussianDistributionType">
<Mean dim="1 10"> 8.004 -4.805 4.850 5.738 1.261 -2.198 2.076 -0.324
-2.052 -0.022 </Mean>
<Covariance dim="10 10">
0.744 0.008 2.526 0.324 -0.049 -0.297 0.159 -0.074 -0.260 0.029
0.008 1.387 -1.087 1.906 0.838 -0.134 0.640 -0.321 -0.113 -0.053

2002(E)

2.9520 —1.087 12.525 0.020 0.012 -0.002 0.009 -0.004 -0.002 -0.001
0.324 1.906 0.026 6.004 -0.020 0.003 -0.015 0.008 0.003 0.001
-0.049 0.838 0.012 -0.020 4.870 0.001 -0.007 0.003 0.001 0.001
-0.297 -0.134 -0.002 0.003 0.001 3.402 0.001 -0.001 -0.000 =-04000
0.159 0.640 0.009 -0.015 -0.007 0.001 3.157 0.003 0.001 0.000
-0.074 -0.321 -0.004 0.008 0.003 -0.001 0.003 1.816 -0.000M<9.000
-0.260 -0.113 -0.002 0.003 0.001 -0.000 0.001 -0.000 0.9232-0.000
0.029 -0.053 -0.001 0.001 0.001 -0.000 0.000 -0.000 -0.B900 0.494
</Covariance>
</ObservationDistribution>
/State>

SpectrumBasis loEdge="62.5" hiEdge="8000" octaveResolutlon—"l/4">
<SeriesOfVector totalNumOfSamples="1" vectorSize="31 9">

<Raw mpeg7:dim="31 9">
0.082 -0.026 0.024 -0.093 0.010 -0.021 ©©.963 -0.103 0.057

JoundModel>

SoundClassificationModelType

!-— Remaining States similar to above . . -1

0.291 0.073 0.025 -0.039 0.026 -0.08650,.185 0.241 0.107
0.267 0.062 0.030 -0.026 0.054 -0.11520.171 0.266 0.240
0.267 0.062 0.030 -0.026 0.054 -0,4125 0.171 0.266 0.240
0.271 -0.008 0.039 0.007 0.119 -6,>067 0.033 0.165 0.175
0.271 -0.008 0.039 0.007 0.1198%0.067 0.033 0.165 0.175
0.269 -0.159 0.062 0.074 0.18270.071 -0.194 0.054 -0.009
0.246 -0.306 0.048 0.148 0+199 0.163 -0.324 -0.048 -0.065
0.216 -0.356 -0.037 0.137%0.059 0.215 -0.242 -0.035 -0.052
0.187 -0.359 -0.183 0.067 -0.343 0.223 0.023 -0.002 0.000
<!-- Remaining valuef§ ¥lere . . . -1
</Raw>
</SeriesOfVector>
/SpectrumBasis>

nts using
5 speech
or violin.
example
see the

ificationScheme DS defined in ISO/IEC 15938 part 5

1 Syntax

<V—— HH#4H4HFHH A AR E A A A A AR A A AR A4 ——>
-— Definition of SoundClassificationModel DS -—>
V== HHHHHFEH AR A S R >

<!

<c

omplexType name="SoundClassificationModelType">
<complexContent>
<extension base="mpeg7: ClassificationModelType">
<sequence>

<element name="SoundModel" type="mpeg7:SoundModelType"

© ISO/IEC 2002 — All rights reserved
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minOccurs="1" maxOccurs="unbounded"/>

</sequence>
</extension>
</complexContent>
</complexType>
6.4.3.2 Semantics
Name Definition
SoundCllassificationModelType A collection of sound models that are used for automatic classification
and indexing of audio.
SoundMpdel A sequence of SoundModel DS instances that define the model choices
for the classifier.
6.4.3.3 | Example
The example below shows a number of SoundClassificationModel DS instances corresponding [to the
classificdtion scheme shown in Figure 16. The classifiers are organized hierarchically*with higher level classgs pre-
selecting the classifiers for low-level classes.
<AudjoDescriptionScheme xsi:type="SoundClassificationModelType"
id="IDClassifier:GeneralAudig">
<S¢undModel SoundModelRef="IDAnimals"/>
<S¢undModel SoundModelRef="IDMusic"/>
<S¢undModel SoundModelRef="IDPeople"/>
<S¢undModel SoundModelRef="IDFoley"/>
</RAudlioDescriptionScheme>
<AudjloDescriptionScheme xsi:type="SoundClassificationModelType"
id="IDClassifief:Animals">
<S¢undModel SoundModelRef="IDAnimalstBirdCalls"/>
<S¢undModel SoundModelRef="IDAnimals:DogBarks"/>
</RAudlioDescriptionScheme>
<AudloDescriptionScheme xsi:type="SoundClassificationModelType"
id="ID€lassifier:Music">
<S¢undModel SoundModelRef®"IDInstrument:AltoFlute"/>
<S¢undModel SoundModelRef="IDInstrument:Bosendorfer"/>
<S¢undModel SoundModelRef="IDInstrument:Cello"/>
<S¢undModel SoundModelRef="IDInstrument:EnglishHorn"/>
<S¢undModel SoundMedélRef="IDInstrument:Guitar"/>
<S¢undModel SoundModelRef="IDInstrument:Trumpet"/>
<S¢undModel ScundModelRef="IDInstrument:Violins"/>
</AudlioDescriptionScheme>
<AudjoDescripfionScheme xsi:type="SoundClassificationModelType"
id="IDClassifier:People">
<S¢undModel SoundModelRef="IDSpeech:Male"/>
<S¢undModel SoundModelRef="IDSpeech:Female"/>
<SdurndModel SoundModelRef="TDCrowdss: APPT ayse"

<SoundModel SoundModelRef="IDPeople:FootSteps"/>

<SoundModel SoundModelRef="IDPeople:Laughter"/>

<SoundModel SoundModelRef="IDPeople:ShoeSqueaks"/>
</AudioDescriptionScheme>
<AudioDescriptionScheme xsi:type="SoundClassificationModelType"

id="IDClassifier:Foley">

<SoundModel SoundModelRef="IDTelephones"/>
<SoundModel SoundModelRef="IDGunshots:Pistols"/>
<SoundModel SoundModelRef="IDExplosions"/>
<SoundModel SoundModelRef="IDGlass:Smashes"/>
</AudioDescriptionScheme>
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Fol Telephones
Animals Classification Scheme oy
/VV\ p— GlassSmash
nShots i
Dog Barks|  Birds u Explosions
Mal
Music Speech ae
English Horn —»{ WoodWinds / \ Female
\
Alto Flute - .
Strings Brass Percussion Laughter | Applause Shoes
/ — F— o FootStep cl.# Squeak
Violin Cello

Figure 16 — Example Classification Scheme for General Audio Content

6.4.4 | SoundModelStatePathType

This descriptor consists of the sequence of states generated by a/SoundModel given an audio segment.
of stafe indices, that reference continuous hidden Markov model states from a SoundModel, is stored
AudigLLDScalar D within the descriptor.

A series
Ising the

6.4.4.1 Syntax

<D= #HfHAHH AR R R 1>
<!4- Definition of SoundModelStatgPath DS -1

U= #HH#HHHE R H AR R A A R R A R R A R R R R R R Y >

\%

<cgmplexType name="SoundModelStdtePathType">
complexContent>
<extension base="mpegi:AudioDSType">
<sequence>

<element nameF"StatePath" type="mpeg7:AudioLLDScalarType"/>
<element name="SoundModelRef" type="anyURI"/>

</sequence>
</extension>
/complexContent>
</gomplexType>

6.44.2 Semantics

Namef Definition

SoundModelStatePathType  Describes the series of states generated by a SoundModel for a given audio
segment

StatePath Regularly sampled series of state indices described as integers ranging from
1..K, where K is the number of states. The value represents the ordinality of a
state from a hidden Markov model.

SoundModelRef Reference to the SoundModel DS instance that generated the given

StatePath.
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6.4.4.3 Extraction (informative)

The Viterbi algorithm generates the most likely state path given a sequence of observations and a hidden Markov
model. For details on the Viterbi algorithm see the usage section on automatic audio classification below. The
output is a sequence of state indices, one for each input vector. Figure 17 shows the AudioSpectrumEnvelope
of a dog barking and the resulting SoundModel StatePath sequence generated by a dog bark SoundModel.

AudioSpectrumEnvelope: Dog Barks
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]

20 40 &0 =) 100 120 140

SoundModelStatePath: Dog Barks

State Index

IO v 1] e " g.-. |-| HEE ] i - |

40 80 120 140
Tirne Inclex

1

Figure 17 — Spectrum of a dog barking and@nd the state-path generated by a SoundModel

6.4.4.4 | Example

<AudloDescriptor xsi:type="SoundModelStatePathType">
<StatePath>

SeriesOfScalar totalNumOfSamples="154" hopSize="PT10N1000F">
5555566663333 3606%6%6©6%6°%6Q6©6©6¢656¢©6¢6°%6Q%6©6°%6°¢6°6°©6
5555555305 555555555555566¢656¢6¢6%6©6©6°%6©6 66
6 6 66 6 6,6\6666¢6665555555555555555555535
5555666666663 366¢6©6¢6¢6%6¢6¢6%6¢6¢6%66¢6%66¢6¢%6 575
5555495 55555555

/SeriesQfScalar>
</$tatePath>
<S¢undMedelRef>IDDogBarks</SoundModelRef>
</AudlidDescriptor>

6.4.5 SoundModelStateHistogramType
This descriptor consists of a normalized histogram of the state sequence generated by a SoundModel. The

descriptor is used to compare sound segments using histograms of their state activation patterns. For an example
matching algorithm and applications see the informative usage section below.
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6.4.5.1

Syntax

ISO/IEC 15938-4:

2002(E)

<D—— #HHHA AR A A R A R A R A R A R >

<!-- Definition of SoundModelStateHistogram D
<= A A S S A

<complexType name="SoundModelStateHistogramType">

<

complexContent>

<extension base="mpeg7:AudioDType">

<sequence>

<sequence minOccurs="1" maxOccurs="unbounded">

-—>
-—>

<element name="StateRef" type="anyURI"/>
<element name="RelativeFrequency" type="mpeg7:nonNegativeReal" /¥

</sequence>
<element name="SoundModelRef" type="anyURI"/>
</sequence>
</extension>
/complexContent>
</gomplexType>

6.4.5.2 Semantics

Name Definition

SounfiModelStateHistogramType Normalized histogram of\<the state sequence generated by a
SoundModel over a givén‘audio segment.

StatpRef Reference to a unique' identifier for each state in a continuoug hidden
Markov ~ model. For more information on  statef see
FiniteStateModelType defined in ISO/IEC 15938 part 5.

RelafiveFrequency Relative frequency of a state in an audio segment. Frequenties are
normalized counts in the range 0..1 obtained by dividing the cqunts for
each_state by the total number of samples in the state sequence:

_/a_ NG .
hzsta(]):K—) 1< j<K,
2 N)
i=1

where N(j) is the count (frequency) for state j for a given audio sggment.

SoungdModelRef Reference to the SoundModel DS instance used to generate the state
histogram.

6.4.5.1 llQag,e (infnrmnﬁ\/p)

One similarity measure for SoundModelStateHistogram descriptions generated by the same SoundModel is
the sum-of-square-errors (SSE):

k
5(a,b) :Z (hist, () hist,(j))
Jj=1

This distance metric will be zero if the two histograms are equivalent and will be non-zero if they are different with
higher values indicating a greater degree of dissimilarity.
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6.4.5.4

Example

<AudioDescriptor xsi:type="SoundModelStatePathType">

<SoundModelRef>IDDogBarks</SoundModelRef>
<StateRef>IDStatel</StateRef>

<RelativeFrequency> 0.000</RelativeFrequency>
<StateRef>IDState2</StateRef>

<RelativeFrequency> 0.000</RelativeFrequency>
<StateRef>IDState3</StateRef>

<RelativeFrequency> 0.045</RelativeFrequency>

<St
<R¢4
<St
<R¢4
<St
<R{
</Au

6.46 G

The follo
6.4.6.1
In the firg

a classifi
and Fole

6.4.6.1.1

Automat

defined by SoundModel DS instances and collected into a SoundClassificationModel DS. Here, the

algorithn
data. Th

parameters for model j, M is the number of observation vectors for the given audio segment, K is the nuni

states in

a) Pref

l

8

b,(c

fateRef>IDStated4</StateRef>
blativeFrequency> 0.000</RelativeFrequency>
ateRef>IDStateb</StateRef>
tlativeFrequency> 0.442</RelativeFrequency>
fateRef>IDState6</StateRef>
blativeFrequency> 0.513</RelativeFrequency>
ioDescriptor>

eneral Sound Classification and Indexing Applications (informative)
wing sections outline two applications of the sound classification and indexing tools described above

Automatic Audio Classification

t example the SoundClassificationModel DS is used to)classify audio segments into categorie
cation scheme. Figure 16 shows an example classificationnscheme consisting of Animals, Music, R
y (Background) at the highest levels and related sub-categories at the lowest levels of the tree.

The Viterbi Algorithm
c classification of audio uses a collection of hidden Markov models, category labels and basis fur

is used to compute the most likely state sequence for each model in the classifier given the ob
e algorithm consists of the following steps where Hf:{Aj,Bf,ﬂ'/.} are the hidden Markov

the given sound model, 0, isfan‘observation vector at time t and q, is the state index at time t :
rocessing of 0= {AJ.,Bj,ﬂj }

- log(r,) 1<i<K

s from
eople,

ctions
\Viterbi
served
model

ber of

Y

=

::logugy) lﬁi,jfgl(

b) Initialization.

5,(i

)=1og(6, ()= 7, +B o). 1<i<K

Il
3
+

w,(i)=0, 1<i<K
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Recursion

5,(7)=1og(6, ()= max[5,., +@ |+ 5,(0,)

w,(j)=1og(s,(j))= arg;g{ax[g',l v, |[+5,(0,) 2<t<M, 1<j<K
Termination

{=max[5,, ()

, =arg max[g M (1)]
1<i<K

Na)

Bhrcktracking

:=V/t+l(q:+l)> M_IZZZI

Ne)

This yjelds the most likely state path, 0 =1{q,,q,,"-,q,, } for each model j given observed data 0 = {o,,¢

~

and hidden Markov model parameters 0, The likelihood, P;, of the obseryed data given each model, j, i

choosg the best-fit model amongst L competing models such that:

Jl =arg{2/2; [P]* =P(O,Qj |9j)] )

this method completes maximum likelihood classification for'an HMM classifier, see Figure 18.

SoundModel

SoundClassificationModel N

AudioSpectrumProj(:ection

e a  BASIST

PROJECTION

BASIS 2

AudioSpectrumEnvelope : PG EITER]

\ 2

j” :argxlgag)z [P/' :P(O,Q, ‘6‘/)]

BASIS N-1 HMM N-1 ;
PROJECTION ' SoundModelStatePath

BASIS N
PROJECTION

27.”50M}

5 used to

FiPure 18 — Use of multiple HMM models for automatic classification and indexing of audio corrtent

6.4.6.2 Audio Query-by-Example

Figure 19 shows a query-by-example application that uses both the SoundClassificatoinModel DS and the
SoundModelStateHistogram D. Given an audio query, the most likely model is selected using automatic
classification as described above. The state path generated by the selected model is used to compute a
SoundModelStateHistogram D. Distances are calculated between the query histogram and a pre-computed
database of histogram descriptions using the sum of square errors distance metric described above. These
distances are used to sort the results in ascending order thereby yielding the best matches for the given audio
query, see Figure 20.
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SoundModelStateHistogram

MPEG-7
SOUND
DATABASE

SoundClassificationModel SoundModelStateHistogram

SoundClassification SounaviodelKel NEEENY SoundModeRef +
+ StatePath State Histogram

N SSE

MATCHING

SoundModelStatePath

AudioSpectrumEnvelope
RESULT LIST

Fighre 19 — Audio query-by-example application utilizing a SoundClassificationModel DS anfd
SoundModelStateHistogram D

SoundModelStateHistogram Best Matches

1 | | T T T T T T T

© Result 1

Distartee= 0.013

1234567 8 910 St ndex
T —INT —T
wob Re;ult 2 ‘ Distance = 0.015

1234567 8 910 stacide

1T —T T T
3 i Result 3 Distance = 0.025
05t e
Jma_akde [

1234567 8 910 Statcindex

Figure qo — Query-by-example results calculated using the sum of square errors between query and farget

state-histograms

6.5 Spoken Content

6.5.1 Introduction

The Spoken Content DSs are a representation of the output of Automatic Speech Recognition (ASR). The
SpokenContentLatticeType represents the actual decoding produced by an ASR engine, whereas the
SpokenContentHeaderType contains information about the recogniser itself and the people (or "Speakers")
being recognised.
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The Spoken Content DSs consist of combined word and phone lattices for each speaker in an audio stream. By
combining the lattices, the problem of out-of-vocabulary (OOV) words is greatly alleviated and retrieval may still be
carried out when the original decoding was in error. The DSs can be used for two broad classes of
scenario: indexing into and retrieval of an audio stream, and indexing of multimedia objects annotated with speech.
The DSs attempt to be memory efficient while also retaining the flexibility to accommodate currently unforeseen
uses.

retrieval

In the context of the Spoken Content DSs, the word “phone” is used to refer to the sub-word units used in
automatic speech recognition.

Example applications include

a)

6.5.2 | SpokenContentHeaderType

6.5.2.1 Syntax

call of audio/video data by memorable spoken events. An example would be a film orcvideo
ere a character or person spoke a particular word or sequence of words. The source.media
kmown, and the query would return a position in the media.

Spoken Document Retrieval. In this case, there is a database consisting of separaté’spoken docume
gsult of the query is the relevant documents, and optionally the position in those documents of the
speech.

—

puld generally be quite short (a few seconds). The result of the query.is the media which is annot
speech, and not the speech itself. An example is a photograph retrieved using a spoken annotation.

U= #H A A R A R A R A A R R R R R 1 H

<!4- Definition of SpokenContentHeader header -1

U= 4 HH A R R R R R R 1 4
<cgmplexType name="SpokenContentHeaderType'">

<element name="WordLexicon" type="mpeg7:WordLexiconType"/>
<element- ndme="PhonelLexicon" type="mpeg7:PhonelLexiconType"/>
</choice>
<element~name="ConfusionInfo" type="mpeg7:ConfusionCountType"
minOccurs="0" maxOccurs="unbounded"/>
<element name="DescriptionMetadata"
type="mpeg7:DescriptionMetadataType" minOccurs="0"/>

<element name="SpeakerInfo" type="mpeg7:SpeakerInfoType" minOccurs="

complexContent>
<extension base="mpeg7:HeaderType">
<sequence>
<choice minOccurs="1l" maxOccurs="unbounded">
<!-- Informati®n about the word and phone lexicons used to -T
<!-- represent’/ the speech -T

K!'-- Information about the speakers in the audio -1

ecording
vould be

nts. The
matched

Annotated Media Retrieval. This is similar to spoken document retrieyal-but the spoken part of thhe media
Wi

hted with

\4

maxOccurs="unbounded" />

</sequence>
</extension>
</complexContent>
</complexType>
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6.5.2.2 Semantics

Name Definition

SpokenContentHeaderType Header information for Spoken Content in a description.

WordLexicon A list of words. For a complete description, see the definition of
WordLexiconType.
Phonelpxtcom A—tist—of —phonmes—For—a——comptete—description, —see—the—definitipn  of

PhonelLexiconType.

ConfusfionInfo A data structure of phone confusion information. Althoughy separate, the
confusion information must map onto the phone lexiconswith which| it is
associated via the SpeakerInfo.

DescriptionMetadata Information about the extraction process used to generate the lattice(s).
Specifically, this data structure can store the name,and settings of the speech
recognition engine used. For more information seeJSO/IEC 15938 part 5.

SpeakejrInfo Information about the speakers, ie. the people-speaking in the audio.

6.5.3 SpeakerinfoType

6.5.3.1 | Syntax

Vo [ H S AR A A R -
<!--|Definition of SpeakerInfo header -—>
Sl [ 7 i i i
<complexType name="SpeakerInfoType!>
<c¢mplexContent>
extension base="mpeg7:HeadérType">
<sequence>
<element name="SpekenlLanguage" type="language"/>
<element name="Person" type="mpeg7:PersonType" minOccurs="0"/>
<element name=!lordIndex" minOccurs="0">
<complexType>
<sequenee>
<eTement name="WordIndexEntry" maxOccurs="unbounded">
LcomplexType>
<sequence>
<element name="IndexEntry"
type="mpeg7:SpokenContentIndexEntryType"
minOccurs="1" maxOccurs="unbounded"/>
</sequence>
<attribute name="key" use="required">
<simpleType>
<list itemType="mpeg7:WordLexiconIndexType" />
</simpleType>
</attribute>
</complexType>
</element>
</sequence>
<attribute name="defaultLattice" type="anyURI" use="required"/>
</complexType>
</element>
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<element name="PhoneIndex" minOccurs="0">
<complexType>
<sequence>
<element name="PhoneIndexEntry" maxOccurs="unbounded">
<complexType>
<sequence>
<element name="IndexEntry"
type="mpeg7:SpokenContentIndexEntryType"
minOccurs="1" maxOccurs="unbounded"/>
</sequence>
<attribute name="key' use="requlred">
<simpleType>
<list itemType="mpeg7:PhonelLexiconIndexType"/>
</simpleType>
</attribute>
</complexType>
</element>
</sequence>
<attribute name="defaultLattice" type="anyURI" uses"required"/>
</complexType>
</element>
</sequence>
<attribute name="phoneLexiconRef" type="anyURI"«use="optional"/>
<attribute name="wordLexiconRef" type="anyURI"\se="optional"/>
<attribute name="confusionInfoRef" type="amnyURI" use="optional"/>
<attribute name="descriptionMetadataRef" &ype="anyURI" use="optional"/
<attribute name="provenance" use="requixed">
<simpleType>
<restriction base="NMTOKEN">
<enumeration value="unknown"%>
<enumeration value="ASR"/>
<enumeration value="manual"/>
<enumeration value="keyword"/>
<enumeration value="pafsing"/>
</restriction>
</simpleType>
</attribute>
</extension>
/complexContent>
</g¢omplexType>

6.5.3.2 Semantics

Name¢ Definition

SpeakerInfeType Speaker information for a speaker in a Spoken Content description schem

o

This is actually more of a collection point for information about a laftice. It
contains a "Person DS" element representing the person who is spealing, but
also contains indexes and references to confusion information and lexicons.

SpokenLanguage The language which the speaker is speaking. This is distinct from the language in
which the description is written. It is implicitly assumed that the word and phone
lexicons are applicable for the spoken language.

DescriptionMetadata Information about the extraction process, and any settings that may be pertinent
to the retrieval process. For more information, see part 5.

Person An individual person who is speaking. This field is optional in that the Person may
be unknown, but can be used to store the name of the speaker.
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Name Definition

WordIndex An Index for the words in the lattice. The index consists of a list of words or word
“n-grams” (sequences of consecutive words), together with pointers to where
each word or word n-gram occurs in the lattices. The design is such that each
speaker has a single word index.

WordIndexEntry An entry in the word index

IndexEntry A lattice/block/node triple determining a point in a lattice where the key occurs.
This has the same meaning in both the word and phone indexes

key The index key, which is an n-gram of words (in the word index) or phones (in the
phone index). A single word corresponds to a basic keyword index.. In the phone
index, a phone ftriple (3-gram) is likely to be the most useful form,”but any sjze n-
gram is allowed

PhoneIndex An Index for the phones in the lattice. The index consists of a list of phonjes or
phone “n-grams” (sequences of consecutive phones),_together with pointers to
where each phone or phone n-gram occurs in the\lattices. The design is| such
that each speaker has a single phone index.

PhoneIndexEntry An entry in the phone index

defaulftLattice The default lattice for the lattice entriesin the index. This has the same mganing
in both the word and phone indexes:

phonelfxiconRef A reference to the phone lexicon used by this speaker. Many speakers are| likely
to share the same phone lexicon

wordLefkiconRef A reference to the word Jéxicon used by this speaker. Many speakers are likely to
share the same word lexicon

confusfionInfoRef A reference to_the-confusion information for the phone lexicon. This attribute is
not required; but if used must tally with the phone lexicon, that is, the Igxicon
provides thie Jabels for the confusion information

descriptionMetadataRef A reference to a DescriptionMetadataType for this speaker. It could Bpe the
same)as that used for other speakers, or may be different

provenkhnce The provenance of this decoding.
— unknown: The provenance is unknown

— ASR: The decoding came from an Automatic Speech Recognition syistem.
This is the most likely value.

— manual: The lattice is manually derived rather than automatic

— keyword: The lattice consists only of keywords rather than full text. This
means that either the ASR was used in word spotting mode (treating the
majority of the speech as garbage), or that a manual annotation only chose
selected words. Each word should appear as it was spoken in the data,
subject only to ASR errors.

— parsing: The lattice is the result of a higher level parse, perhaps to discern
topic or a summary. In this case, a word in the lattice might not correspond
directly to words spoken in the data.

70 © ISO/IEC 2002 — All rights reserved


https://standardsiso.com/api/?name=710adce4668796e75b6fbba12ff67ff8

ISO/IEC 15938-4:2002(E)

6.5.4 SpokenContentindexEntryType

6.5.4.1  Syntax

V= $HHHHHHHFFFHFHHHH AR AR AR A A FHF S ——>
<!-- Definition of SpokenContentIndexEntry datatype —-=>
<U—— H444444 444 H A A AR A A A AR A R R >
<complexType name="SpokenContentIndexEntryType">

<attribute name="node" type="mpeg7:unsignedl6" use="required"/>
attribute name="block" tvpe="mpeg7:unsignedlo" use="required"
attribute name="lattice" type="anyURI" use="optional"/>
</gomplexType>

6.5.4.2 Semantics

Name Definition

SpokenContentIndexEntryType The format of an entry in the word of phone index. This is a
node/block/lattice triple

node The number of the node at which the index key begins in a particulgr block
block The number of the block containifig the above node
lattfice The ID of the lattice containing the above node and block. If omitted, the

defaultLattice attribute is used from the index

6.5.5 | ConfusionCountType

6.5.5. Syntax

U= ###4H4 4 A A A AR AR A A AR 1>
<!4- Definition of ConfusionCqunt header -1
S Bl 3 E R i A P
<cgmplexType name="ConfusionCountType">
complexContent>
<extension base="mpeg7:HeaderType">
<sequence>
<element \iame="Insertion" type="mpeg7:integerVector"/>
<element_hame="Deletion" type="mpeg7:integerVector"/>
<elemenht name="Substitution" type="mpeg7:IntegerMatrixType"/>
</seqence>
<atiribute name="numOfDimensions" type="positiveInteger"
use="required"/>

\

<fektension>
/complexContent>
</complexType>

6.5.5.2 Semantics

Confusion statistics characterise a particular ASR engine, possibly in the context of a particular speaker, and are
calculated using a sequence of speech for which two "decodings" are available:

a) A canonical "decoding" reflecting the actual pronunciations of the words spoken. This is referred to as
sequence A.

b) A real decoding from the ASR engine, of the same form as sequence A, but incorporating corruption
characterised as insertion, deletion and substitution of phones. This is referred to as sequence B.
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A (dynamic programming) string alignment between the two sequences yields the confusion statistics.

If confusion statistics are provided in a description, then a corresponding PhoneLexicon must also be provided.
The correspondence between indices of the confusion is determined by assigning each phone in the phone lexicon
a number based on the order of appearance in the phone lexicon. The first phone appearing in the phone lexicon is
assigned an index value of zero, the second phone an index of one, and so on, continuing to assign increasing
sequential numbers to phones in the order that they appear in the phone lexicon.

Name Definition

numOfDjimensions The dimensionality of the vectors and matrix in the ConfusionCountType. This nmmber

must correspond to the size of the PhoneLexiconType to which the data applies.

Insertfion A vector (of length numOfDimensions) of counts, being the number of times each phone
was inserted in sequence B.

Deletifon A vector (of length numOfDimensions) of counts, being the numbger of times each phone
was deleted in sequence B.

Substiftution A square matrix (dimension numOfDimensions) of counts; being the number of |times
each phone d in sequence B was substituted in placé-of each phone p in sequerjce A.
The leading diagonal represents a phone being - substituted for itself, i.e., a cprrect
decoding. Each row corresponds to a p and<ach column to a d, that is, each row
represents a canonical phone and each column.represents a decoded phone.

6.5.5.3 | Usage of ConfusionCountType (informative)
Although the confusion statistics are stored as pure counts, their use is more likely to be as probabilities. There are

many different ways to calculate such probabilities -using Bayesian or maximum entropy techniques. A gimple
examplelis presented which is based upon maximuf likelihood.

Represeft the counts in the ConfusionCountPype as follows:

— Substitutions: Sdp is the number «of times that phone d in sequence B was substituted for phong p in

seqiience A.

— Inseftions: [, is the number of times that phone d was inserted in sequence B when there was notfing in
sequience A at that point.

— Delgtions: Dp is‘the number of times that phone p in sequence A was deleted in sequence B.

The folloing numbers can easily be calculated:

— N, |isthe number of times that phone p occurs in sequence A.

— I is the total number of insertions, that is, the number of times any phone appeared in sequence B where
there was nothing in sequence A at that point.

Assume also that sequence Ais 77 phones in length, and sequence B is T“ phones in length.

The following probabilities can now be calculated:

1
The unconditional probability of a phone, d , being inserted: T—d.
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1,

D
The probability of phone, p, being inserted: N—p.

P

The probability of confusing phone p as phone d : —

6.5.6 | WordType, PhoneType, WordLexiconlndexType and PhoneLexiconindexType

6.5.6. Syntax

IVp

SR Sl B R R i i A

<!4- Definitions of SpokenContent Word and Phone datatypes -1

\Y%

<D= #dAHE A A R R R -1

<simpleType name="WordType'">
restriction base="string"/>

</gimpleType>

<simpleType name="PhoneType'">
restriction base="string"/>

</gimpleType>

<simpleType name="WordLexiconIndexType">
restriction base="mpeg7:unsigned32"/>

</gimpleType>

<simpleType name="PhonelexiconIndexType!>
restriction base="mpeg7:unsignedl6"/>

</gimpleType>

6.5.6.2 Semantics

Name Definition

Word[l'ype A type definition defining what a word is. In XML, this is a string. The WordType
rust not contain whitespace characters as this precludes the use of word N-
Grams as index keys.

PhongType As above, but for phones. Again, just a string. The PhoneType must noj contain

whitespace characters as this precludes the use of phone N-Grams as index
keys.

WordLexieonIndexType

An integral type representing an index into a WordLexiconType. The fifst token
in the lexicon is indexed 0, and the second 1 and so on.

PhonelexiconIndexType

An integral type representing an index into a PhoneLexiconType. The first
token in the lexicon is indexed 0, and the second 1 and so on. Notice that the
PhonelexiconIndexType is a 16 bit number, whereas the
WordLexiconIndexType is a 32 bit number.
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6.5.7 LexiconType

6.5.7.1  Syntax
SRR 8 i

<!-- Definition of Lexicon header -——>
<U—— #H#H444HHS A AR AR AR A A A A R R >
<complexType name="LexiconType" abstract="true">
<complexContent>
extension base="mpeg7:HeaderType"
<attribute name="numOfOriginalEntries" type="positiveInteger"
use="optional"/>

/extension>
</¢omplexContent>
</coplexType>

6.5.7.2 Semantics

Name Definition

LexiconType An abstract base type representing a lexicons ADlexicon is a list of tokens| The
tokens should be added by extension of this type.

numOfQriginalEntries  The original size of the lexicon. In the{case of a word lexicon, this should ke the
number of words originally known to‘the ASR system, whereas the actual gize of
the lexicon need only consist of those words decoded in the lattice

6.5.8 WordLexiconType

6.5.8.1 | Syntax
U= | A H A AR P A R e ——>

<!--|Definition of WordLexigcon header -=>

U= | #HHHHH A A A A AR A A A R A A A R ——>

<complexType name="WordkexiconType">
<c¢mplexContent>

extension basez"mpeg7:LexiconType">

<sequence>
<!-- ThermaxOccurs is the upper limit of WordLexiconIndexType -=>

<elemefit-hame="Token" type="mpeg7:WordType" minOccurs="1"
maxOccurs="4294967295"/>
</seqhence>
/extension>
</¢omplexContent>
</copplexType>

6.5.8.2 Semantics

Name Definition

WordLexiconType A lexicon of words. Each entry represents one orthographic transcription — i.e. a spelling
— of a word. Therefore, the lexicon is not a phonetic (pronunciation) dictionary.

Token An entry in the lexicon
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6.5.9 phoneticAlphabetType

6.5.9.1  Syntax

V= $HHHHHHHFFFHFHHHH AR AR AR A A FHF S ——>
<!-- Definition of phoneticAlphabet datatype —-—>
<U—— H444444 444 H A A AR A A A AR A R R >
<simpleType name="phoneticAlphabetType">

<!-- This defines an [enumerated] type covering the phone sets. It -——>
|—— essentially distinguishes between TPA based svstems and evervything —->
l-— else. 1>

restriction base="NMTOKEN">
<enumeration value="sampa"/>
<enumeration value="ipaSymbol"/>
<enumeration value="ipaNumber"/>
<enumeration value="other"/>
/restriction>

</gimpleType>

6.5.9.2 Semantics

Name Definition

phonpticAlphabetType The name of the phonetic alphabet:

— sampa. The speech assessment methods phonetic alphabet. This clpss also
subsumes derivations of SAMPA such as XSAMPA, SAMPROSA and BAMPA-
C. The SAMPROSA useof™..." as silence is encouraged.

— ipaSymbol. Symbol strings from the international phonetic association
alphabet (IPA). This is encoded as unicode

— ipaNumberNumbers from the IPA of the form "xxx", where xxX is the 3 digit
IPA indexi~ A phone made up from two or more such numberq should
concatenate the numbers thus: XxXxyYYy. ..

— other. A (possibly proprietary) encoding that does not map onto any of the
above

6.5.10 PhoneLexiconType

6.5.1001 Syntax

S B 2 i i i i i A
<!4- Definition of Phonelexicon header -1
U= AMHHHHHH A HH A F AR R R R R >
<cgmplexType name="PhonelexiconType">

\4

<complexContent>
<extension base="mpeg7:LexiconType">
<sequence>
<!-- The maxOccurs is the upper limit of WordLexiconIndexType -—>

<element name="Token" type="mpeg7:PhoneType" minOccurs="1"

maxOccurs="65536"/>

</sequence>

<attribute name="phoneticAlphabet" type="mpeg7:phoneticAlphabetType"
default="sampa"/>

</extension>
</complexContent>
</complexType>
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6.5.10.2 Semantics

Name Definition

PhoneLexiconType A lexicon of phones

Token An entry in the lexicon of type PhoneType
phoneticAlphabet The name of the encoding scheme of the phone lexicon

6.5.11 SpokenContentLatticeType

6.5.11.1

<!--
<!--
<l--
<comy

<c

Syntax

FHAF AR AR AR AR AR AR A A R R R R >
Definition of the SpokenContentLattice DS -——>
FHAFHSHSHHHH AR AR A A A HEHHHSH A AR AR AR AR A S P R >
lexType name="SpokenContentLatticeType">
mplexContent>
extension base="mpeg7:AudioDSType">
<sequence>
<element name="Block" minOccurs="1" maxOccurs="65536">
<complexType>
<sequence>
<element name="MediaTime" typez'nmpeg7:MediaTimeType" />
<element name="Node" minOccuz's="1" maxOccurs="65536">
<complexType>
<sequence>
<element name="WordLink" minOccurs="0" maxOccurs="127">
<complexType>
<complexContent>
<extension base="mpeg7:SpokenContentLinkType">
<attribute name="word"
type="mpeg7:WordLexiconIndexType"
use="required"/>
</extension>
</complexContent>
</complexType>
</element>
<element name="PhoneLink" minOccurs="0" maxOccurs="127">
<complexType>
<complexContent>
<extension base="mpeg7:SpokenContentLinkType">
<attribute name="phone"
type="mpeg7:PhonelexiconIndexType"

PRSP | B S R AL
t

76

o Fegtu++

</extension>
</complexContent>
</complexType>
</element>

</sequence>

<attribute name="num" type="mpeg7:unsignedl6"
use="required"/>

<attribute name="timeOffset" type="mpeg7:unsignedl6"
use="required"/>

<attribute name="speakerInfoRef" type="anyURI"
use="optional"/>
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</complexType>
</element>
</sequence>
<attribute name="defaultSpeakerInfoRef" type="anyURI"
use="required"/>
<attribute name="num" type="mpeg7:unsignedl6" use="required"/>
<attribute name="audio" default="speech">

<simpleType>
<!-- This gives an approximate measure of how noisy the —-—>
<!-- speech signal is with respect to the speech -=>

<restriction base="NMTOKEN">
<enumeration value="unknown"/>
<enumeration value="speech"/>
<enumeration value="noise"/>
<enumeration value="noisySpeech"/>
</restriction>
</simpleType>
</attribute>
</complexType>
</element>
</sequence>
</extension>
/complexContent>
</gomplexType>

6.5.11.2 Semantics

Nam¢ Definition

SpokenContentLatticeType The main container\for the ASR information. The lattice core is a $eries of
nodes and links?,” Each node contains timing information and epch link
contains a word ‘or phone. The nodes are partitioned into blocks tp speed
access.

Block A SpokenContentLatticeType consists of blocks, each block congisting of
nodes! A block is defined as a lattice with an upper limit on the nymber of
nodes that it can contain. The upper limit is to enable a fompact
reépresentation for the data types which administrate the block. For ipstance,
restricting the number of nodes in a block to 65536 enables the use of a 16 bit
data type for the node number. In addition, the block represents a|suitable
granularity at which to represent audio quality.

MedipTime The start time and, optionally, the duration of the block. For a descifiption of
the MediaTimeType, see ISO/IEC 15938 part 5.

Node A node within the block

WordLink A link between two nodes representing word information

word The word represented by the link

PhoneLink As a WordLink, but representing phone information

phone The phone represented by the link

num The number of this node. Node numbers range from 0 to 65535

timeOffset The time offset of this node, measured in one-hundredths of a second, from

the beginning of the containing block. The absolute time is obtained by
combining the block time with the node offset

© ISO/IEC 2002 — All rights reserved 77


https://standardsiso.com/api/?name=710adce4668796e75b6fbba12ff67ff8

ISO/IEC

15938-4:2002(E)

Name

Definition

speakerInfoRef

A reference to the SpeakerInfo corresponding to this node.

defaultSpeakerInfoRef

A reference to a SpeakerInfoType describing the default speaker. This
reference is used where the speaker entry on a node in this lattice is blank. A
typical use would be where there is only one speaker represented in the
lattice, in which case it would be wasteful to put the same information on each
node. In the extreme case that every node has a speaker reference, the
defaultSpeakerRef is not used, but must contain a valid reference. Note

that a reference outside the current description placed on every nodg may
lead to a very large description.

num

The number of this block. Block numbers range from 0 to 65535;

audio

A measure of the audio quality pertinent to this block, which facilitates a |crude
segmentation:

— unknown: No information is available.

— speech: The signal is known to be clean speech, suggesting g4 high
likelihood of a good transcription.

— noise: The signal is known to be’ non-speech. This may arise [when
segmentation would have beenappropriate but inconvenient.

— noisySpeech: The signahis'’known to be speech, but with facets njaking
recognition difficult. “For instance, there could be music in the
background.

6.5.12 SpokenContentLinkType

6.5.12.1| Syntax
o= | #4444 H 4 HH A AR A AR HHIR A A A AR A A A A A R >
<!--|Definition of SpokenCententLink datatype -——>
o= | #4444 HH R HH A AR HAA TR A AR A A A AR A A A R >
<complexType name="SpokenContentLinkType">
<attribute name="probability" type="mpeg7:zeroToOneType" default="1.0"/>
<attribute name="nmodeOffset" type="mpeg7:unsignedl6" default="1"/>
</coqplexType>
6.5.12.2 Semantics
Name Definition
Spoken[CoptentLinkType The structure of a word or phone link in the lattice
probability The probability of this link. In a crude sense, this is to indicate which links are
more likely than others, with larger numbers indicating higher likelihood.
nodeOffset The node to which this link leads, specified as a relative offset and defaulting to 1.
A node offset leading out of the current block implicitly refers to the next block. A
node offset cannot span a whole block, ie., a link from a node in block 3 must lead
to a node in block 3 or block 4.
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6.5.13 Usage, extraction and examples (informative)

6.5.13.1 Extraction

The Spoken Content set of DSs is designed to be a superset of the output capabilities of most ASR systems on the
market at the time of publication. In this sense, the extraction method is highly non-normative; distinct from the
Low Level Descriptors in this document.

Commercial Iarge vocabulary speech recognltlon tends to be almed at the dlctatlon appllcatlon area. The ideal

: en. This
ide “word
ds at the
5 a basic

ch errors

a) Bpsic decoding errors. State of the art ASR is currently limited by the underlying (usually Hidden Markov
odel) technology. Even though the technology improves each year, ASR-systems still make basic mistakes

il recognition. It is usually difficult to determine the reason for an indjvidual mistake, but it is generally
ag¢cepted that factors such as background noise, non-canonical pronungiation, strong intonation, dialects and
ag¢cents all influence recognition performance negatively. The fun@amental problem, however, is fhat ASR
systems can not yet utilise all the semantic and pragmatic knowledge that humans use to disambiguate
between the many different ways in which a speech signal’can be interpreted. A lattice can bel used to
efficiently represent multiple hypotheses about the correct transcription and their relative likelihoods.

b) ultiple hypotheses. Without sufficient contextual knoewledge, the recogniser is unable to distinguish some
phrases with either the same or similar phonetic content (see, e.g., Figure 21). The phrase “Recognise
speech” is often cited as being misrecognised as “Wwreck a nice beach”. To work around this problem, state of
the art ASR systems often use a word lattice representation to allow all hypothesised word sequences within
the context about which they are confident. Fhe MPEG-7 representation caters for such a lattice.

c) known words. A typical state of the(art ASR system has a dictionary of perhaps 20,000 to 50,000 words,
and cannot produce words outsidé that vocabulary. Unfortunately, many discriminative (in the pense of
information retrieval) words are_very uncommon, and will be out of vocabulary (OOV). Typically, mames of
people and places fit into this category. In general, the ASR system will either omit or replace an OOV word

th a phonetically similar within vocabulary word, often corrupting nearby decodings. To prevent OQV words
bging simply replaced by ‘within vocabulary words, a phonetic representation is available as a loyer level

se¢mantic representation.(see, e.g., Figure 22).
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BE

PLEASE QUITE SUR
BE /
]

Figure¢ 21 — A hypothetical decoding of the phrase “Please be quite sure”. The phrases “be quite” rnd
white” have identical phonetic representations and so may only'be distinguished by higher I¢vel

“beak

The undgrlying assumption is that ASR will not provide perfect decodings within the foreseeable future.

The Spo

a) Ling
well

BEAK WHIIE

¥\w/\ N/
PLEK“—’SPEA({/

Time

semantic knowledge

en Content DSs allow representation of various typesf valuable information:

uistic: Multiple speakers are supported. In addition, the DS is capable of supporting different langua
as people mixing languages during dialogue.

However, it is possible to perform, e.g.@naphoric resolution on the output of an ASR to produce an ann

b) Sen
stre
€ss6
avai
disti

6.5.13.2

The DS

It repres

One pho

phones,

seawlfhing over any annotation is unlikely’ to handle complexities such as anaphoric pronouns or

antic: The combination of words and phones allows retrieval at different semantic levels. Simple ke

m that may be more readily searched. Although storable in any scheme defined for the ASR outp
ntial that it be marked as-coming from a different source. Likewise, were hand-annotated me
able, this too can be storedin the same scheme as the ASR output. A provenance indicator is prov
hguish between these data’sources.

Structure of Spoken Content

structure consists of a number of combined word and phone lattices. A lattice is an acyclic directed
bnts diffefent parses of a stream of (audio) data. It is not simply a sequence of words with altern
ne cantbe substituted for one or more phones, one word can be substituted for one or more wg
anddthat whole structure can form a substitution for one or more words or phones. The lattice strug
to-handle certain common scenarios:

hes as

yword
deixis.
ptation
it, it is
tadata
ded to

graph.
atives.
rds or
ture is

designeg

— Single best path word decoding, e.g., a film annotation derived from the script.

— N-Best word list, e.g., the output of some ASRs

— N-Best utterance list!), the output of most ASRs

1) The only difference between an N-Best utterance list and a lattice is the density of the data. The former grows exponentially

with the number of hypotheses at any stage, whereas the latter is linear.

annotation, the N-Best list is prohibitively large.

80

For long utterances, and especially continuous
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— Single best path phone decoding, e.g., a phonetic representation of a word

—  Word lattice

2002(E)

— A pure phone lattice, e.g., this may be produced by annotation performed on low CPU devices where full ASR

is

not possible.

— Combined word and phone lattice to support later retrieval of OOV words.

— Topic labels/predefined taxonomy/or textual summaries of the speech stream, e.g., obtained from parsing

m

The p
confid
lattice
phone

Figure
the sn
repres

ethods or textual precis.

brticular level of detail retained in the lattice is up to the annotator. For cases where most words ha
ence but a few have low confidence (possibly indicating OOV words) we could imagine a relatively
with occasional phone additions. For cases of decoding performed on low CPU mobiledevices,
lattice may be appropriate.

22 shows a simple lattice structure for a single speaker. Each textual entry represents a word or ph
nall circles represent nodes. Each link between nodes has associated with it(a, probability, or sco
ents the confidence in that particular decoding (not shown). The lattice is parsed from left to right.

TOUCH
DRAWIN
h /
/ /hh,/\.l ah/y 0*/1/
d /m/ W)K‘

Time

Figurl'ﬁ 22 — A lattice structure for-an hypothetical (combined phone and word) decoding of the exg
“Taj Mahal drawing ...”. It is assumed that the name ‘Taj Mahal’ is out of the vocabulary of the ASR
6.5.13.3 Example

<Hgader xsi:fypée="SpokenContentHeaderType">

WordLexicon id="wlZero" numOfOriginalEntries="1000">
<Teken>draw</Token>
<Token>drawing</Token>

!—— This\Uis the (first) lexicon -1

e a high
hin word
a purely

one, and
e, which

ression
system

<Token>hal</Token>

<Token>in</Token>
<Token>ma</Token>
<Token>mar</Token>
<Token>tar</Token>
<Token>touch</Token>

</WordLexicon>
<!-- This is an abbreviated phone set. A phone set would normally
<!-- contain more entries

<Phonelexicon id="plZero" numOfOriginalEntries="10"

phoneticAlphabet="other">
<Token>ae</Token>
<Token>ah</Token>
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<Token>ax</Token>

<Token>ch</Token>

<Token>d</Token>

<Token>hh</Token>

<Token>jh</Token>

<Token>1</Token>

<Token>m</Token>

<Token>t</Token>
</Phonelexicon>
<ConfusionInfo id="ciZero" numOfDimensions="10">
Insertion> 10 10 10 2 50 5 5 105 10 10 </Insertion>
Deletion> 1 9 21 2 9 2 1 5 1 10 </Deletion>
Substitution dim="10 10">

10 10 10 10 10 10 10 10 10 10

10 10 10 10 10 10 10 10 10 10

10 10 10 10 10 10 10 10 10 10

10 10 10 10 10 10 10 10 10 10

10 10 10 10 10 10 10 10 10 10

10 10 10 10 10 10 10 10 10 10

10 10 10 10 10 10 10 10 10 10

10 10 10 10 10 10 10 10 10 10

10 10 10 10 10 10 10 10 10 10

10 10 10 10 10 10 10 10 10 10
/Substitution>
</ConfusionInfo>
<D¢scriptionMetadata id="infoZero">

Instrument>
<Tool>
<FreeTerm>Some speech recognition en@ine</FreeTerm>
</Tool>
<Setting name="matchFactor" value="0.5"/>
/Instrument>
</DbescriptionMetadata>
<!+- Information about the person“who is speaking -—>

<SpeakerInfo id="sZero" phoneleXiconRef="#plZero" confusionInfoRef="4#ciZero"
wordLexiconRefs"#wlZero" descriptionMetadataRef="#infoZero"
provenance="ASR">
SpokenLanguage>en-UK</SpokenLanguage>
Person>
<Name>
<GivenName initial="J">Jason</GivenName>
<GivenName¥Ditial="P">Peter</GivenName>
<FamilyNamé>Charlesworth</FamilyName>

<Title>Px<L/Title>
</Name>
/Persofi>
!-- Word index. For example, the lattice is explicit -—>

WotdIndex defaultLattice="#1Zero">
<WordIndexEntry key="1">
TNJEXENCry Node="0" DIOCK="1" IaCtCice="#1Zero

</WordIndexEntry>
</WordIndex>
<!-- Phone index. For example, the lattice is implicit -—>

<PhoneIndex defaultLattice="#1lZero">
<PhoneIndexEntry key="4 0 3">
<IndexEntry node="0" block="0"/>
</PhoneIndexEntry>
<PhoneIndexEntry key="2 6 8">
<IndexEntry node="2" block="0"/>
</PhoneIndexEntry>
</PhoneIndex>
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</SpeakerInfo>
</Header>
<AudioDescriptionScheme xsi:type="SpokenContentLatticeType" id="1lZero">
<!-- StartTime="15:02:35 21-02-2000" -—>
<Block num="0" audio="noisySpeech" defaultSpeakerInfoRef="#sZero">
<MediaTime>
<MediaTimePoint>2000-02-21T15:02:35</MediaTimePoint>
</MediaTime>

<Node num="0" timeOffset="0">
<WordLink nodeOffset="5" probability="0.5" word="7"/>
<WordLink nodeOffset="4" probability="0.5" word="6"/>
<PhonelLink nodeOffset="2" probability="0.45" phone="9"/>
<PhonelLink probability="0.45" phone="4"/>
</Node>
<Node num="1" timeOffset="21">
<PhoneLink nodeOffset="2" probability="0.45" phone="0"/>
</Node>
<Node num="2" timeOffset="25">
<PhoneLink nodeOffset="2" probability="0.45" phone="2"/>
</Node>
<Node num="3" timeOffset="32">
<PhonelLink nodeOffset="2" probability="0.45" phodes"3"/>
</Node>
<Node num="4" timeOffset="40">
<PhonelLink probability="0.45" phone="6"/>
</Node>
<Node num="5" timeOffset="50">
<WordLink nodeOffset="2" probability="0w5" word="4"/>
<WordLink nodeOffset="2" probability&¥0.5" word="5"/>
<PhonelLink probability="0.45" phon&="8"/>
</Node>
<Node num="6" timeOffset="60">
<PhoneLink probability="0.45" phone="2"/>
</Node>
<Node num="7" timeOffset="70">
<WordLink nodeOffset="@3"'probability="0.5" word="2"/>
<PhoneLink probability="0.45" phone="5"/>
<PhonelLink nodeOffget="2" probability="0.45" phone="1"/>
</Node>
<Node num="8" timeOffset="80">
<PhonelLink priobability="0.45" phone="1"/>
</Node>
<Node num="9") timeOffset="90">
<Phonelsink probability="0.45" phone="7"/>
</Node>
/Block®
l-— StartTime="15:02:36 21-02-2000" -1>
Bléck num="1" audio="speech" defaultSpeakerInfoRef="#sZero">
<MediaTime>
MediaTImePoint>2000-02=21TI5: 02T 30X/ Medialimeroint
</MediaTime>
<Node num="0" timeOffset="0" speakerInfoRef="#sZero">
<WordLink nodeOffset="2" probability="0.5" word="1"/>
<WordLink probability="0.5" word="0"/>
</Node>
<Node num="1" timeOffset="20" speakerInfoRef="#sZero">
<WordLink probability="0.5" word="3"/>
</Node>
<Node num="2" timeOffset="40" speakerInfoRef="#sZero"/>
</Block>
</AudioDescriptionScheme>
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6.6 Melody

6.6.1 Introduction

The Melody DS is a rich representation for monophonic melodic information to facilitate efficient, robust, and
expressive melodic similarity matching. The Melody DS includes tools for extremely terse, efficient melody
contour representation, and tools for a more verbose, complete, expressive melody representation. Both tools
support matching between melodies, and can support optional supporting information about the melody that may

further aid search.

6.6.2 I\lelodyType

6.6.2.1 | Syntax

Vo= [ H A A A A R R . ——>
<!--|Definition of Melody DS -
Sl [ i i i i
<complexType name="MelodyType">

<c¢mplexContent>
extension base="mpeg7:AudioDSType">

<sequence>

<choice>

</choice>
</sequence>
/extension>

</¢omplexContent>

</complexType>

6.6.2.2 Semantics

<element name="Meter" type="mpeg7:MeterType" minOccurs="0"/>
<element name="Scale" type="mpeg7:scaleType"minOccurs="0"/>
<element name="Key" type="mpeg7:KeyType" minOccurs="0"/>

<element name="MelodyContour" type=!mpeg7:MelodyContourType"/>
<element name="MelodySequence" type="mpeg7:MelodySequenceType"

minOccurs="1" maxOccurs=unbounded"/>

Name Definition

Melodylype A structure containing optional elements that support the description of melody, and
either a compact description of melody contour or a verbose description of the melody.

Meter The time signature(s) of the melody of MeterType.

Scale An array of intervals representing the (chromatic) scale steps to the point at whig¢h the
scale repeats

Key A-containertype-containring-degreealterationand-mede-

MelodyContourType A structure containing a compact representation of the melody of the referenced
segment (inherited from AudioSegment) with interval contour, meter, and beat
information.

MelodySequenceType A structure containing a verbose representation of the melody of the referenced
segment with precise interval and timing information, and with optional starting note and
lyric information.
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6.6.3 Meter

The Meter defines the time signature(s) of an audio segment, which is necessary for determining rhythmic
information (strong vs. weak beats) of MelodyType data. A time signature is indicated by two values. The
numerator defines the number of beats per measure. The denominator defines the chosen unit of measurement of
beats (whole note=1, half-note=2, quarter-note=4, etc.). Examples of common time signatures are 4/4, 2/4, and 3/4.
A few examples of less common time signatures are 11/8 and 19/16.

6.6.3.1  Syntax

NEENIiiiisisdzdtsdtdddasaddddaataddadadRaRRAREREEEEEEEEEEEEEEEEEEE SR SRS AR P
<!4- Definition of Meter D -1
RS EIEE TS EEEEEEEEEEEEEEEEEEE R R i i 5 A
<cgmplexType name="MeterType'">
complexContent>
<extension base="mpeg7:AudioDType">
<sequence>
<element name="Numerator">
<simpleType>
<restriction base="integer">
<minInclusive value="1"/>
<maxInclusive value="128"/>

\%

<enumeration

</restriction>
</simpleType>
</element>
<element name="Denominator">
<simpleType>
<restriction base="integer">
<enumeration value="1"/>
<enumeration value="2"/>
<enumeration value="4"//&

value="8"J/>

<enumeration value=!"lb"/>
<enumeration value="32"/>
<enumeration value="64"/>
<enumeration valdue="128"/>
</restriction
</simpleType>
</element>
</sequence>
</extension>
/complexCont&nh>
</g¢omplexTypeX

6.6.3.2 Semantics

NamT Definition

MeterType The time signature(s) of the melody.

Numerator Includes integer values (from 1 to 128) for the numerator of the time signature.
Denominator Includes integer powers of two (1, 2, 4, ..., 128) for the denominator of the time signature.
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