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Foreword

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
respective organization to deal with particular fields of technical activity. ISO and IEC technical committees

collaborate

Internationpl Standards are drafted in accordance with the rules given in the ISO/IEC DirectiVes, Part

in fields of mutual interest. Other international organizations
ISO and IEC, also take part in the work. In the field of information technology, I1SQ,3
a joint technical committee, ISO/IEC JTC 1.

overnmental and non-governmental, in

nd IEC have

The main fask of the joint technical committee is to prepare International Standards. Draft Internatiopal Standards

adopted by
Standard r

ISO/IEC 11
Subcommi

ISO/IEC 14
description

— Part 1
— Part2
— Part3
— Part4
— Parts
— Partb
—  Part7
— Part8

Annexes A

the joint technical committee are circulated to national bodies for voting. ‘Publication as ar
bquires approval by at least 75 % of the national bodies casting a vote:

938-4 was prepared by Joint Technical Committee ISONEC JTC 1, Information
ltee SC 29, Coding of audio, picture, multimedia and hypermedia-information.

938 consists of the following parts, under the general title Information technology — Multir
interface:

Systems

Description definition language

Visual

Audio

Multimedia description schemes
Reference software

Conformance testing

Extraction-and'use of MPEG-7 descriptions

and B.ofthis part of ISO/IEC 15938 are for information only.

International

technology,

nedia content
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Introduction

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 following are specified in this standard:

— Descripfion Schemes (DS) describe entities or relationships pertaining to multimedia content.” Description
Schemes$ specify the structure and semantics of their components, which may be Description| Schemes,
Descriptors, or datatypes.

— Descripfors (D) describe features, attributes, or groups of attributes of multimedia coOntent.

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

— Descripfion Definition Language (DDL) defines Description Schemes, Descriptors, and Dajatypes by
specifying their syntax, and allows their extension.

— Systemg tools support delivery of descriptions, multiplexing “of descriptions with multimedia content,
synchrorjization, file format, and so forth.

This standard is subdivided into eight parts:

Part 1 — Sysiems: specifies the tools for preparing descriptions for efficient transport and storage, campressing
descriptions, pnd allowing synchronization between content and descriptions.

Part 2 — Desg¢ription definition language: specifies the language for defining the standard set of descijiption tools
(DSs, Ds, and datatypes) and for defining new description tools.

Part 3 — Visual: specifies the description teols pertaining to visual content.
Part 4 — Audjo: specifies the description tools pertaining to audio content.

Part 5 — Mulfimedia description schemes: specifies the generic description tools pertaining to multimedia
including audjo and visual centent.

Part 6 — Refgrence software: provides a software implementation of the standard.

Part 7 — Conformarnice testing: specifies the guidelines and procedures for testing conformance of implgmentations
of the standa

Part 8 — Extraction and use of MPEG-7 descriptions: provides guidelines and examples of the extraction and
use of descriptions.

Vi © ISO/IEC 2002 — All rights reserved
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Information technology — Multimedia content description

interfa

Part 4:
Audio

ce —

1 Scop

1.1 Defi

This Intern
from syste

describes the architecture for systems, a language for extensions and specific applications, descriptid

audio and
Internation

e

nition of Scope

ational Standard defines a Multimedia Content Description Interface;“specifying a series
M to application level to allow disparate systems to interchange infermation about multime

visual domains, as well as tools that are not specific,to -audio-visual domains. As
bl Standard encompassing all of the aforementioned components is known as “MPEG-7

divided int

This part

domain. Sg¢e below for further details of application.

This part 9
particular,
normative
dependend
Descriptior

MPEG-7 ig
in the sta

description
the DDL is

1.2 Fiel

MPEG-7 P

is not limited in(any way, and may include audio held in an analogue medium such as magnetic tape

The conter

eight parts (as defined in the Foreword).

the MPEG-7 Standard (Part 4: Audio) specifies_ description tools that pertain to multimedi
f the MPEG-7 Standard is intended to be implemented in conjunction with other parts of th
MPEG-7 Part 4: Audio assumes knowledge of Part 2: Description Definition Language
syntactic definitions of Descriptors.@nd Description Schemes. This part of the stand
ies upon clauses in Part 5: Multimedia Description Schemes, namely many of the
Schemes that extend the basictype capabilities of the DDL.

an extensible standard. Fhe method to extend the standard beyond the Description Sche

s. Further details are ‘available in Part 2. To avoid duplicate functionality with other parts of
the only extension facility provided.

s of application

t.of the audio is not limited within or without music, speech, sound effects, soundtracks, or

of interfaces
Hia content. It
n tools in the
b whole, this
” MPEG-7 is

A in the audio

b standard. In
(DDL) in its
brd also has
fundamental

mes provided

ndard is to define new ‘ones in the DDL, and to make those DSs available with th¢ instantiated

the standard,

art 4: Audio is applicable to all forms of audio content. The encoding format or medium of the said audio

br optical film.
any mixtures

thereof.

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

associated

with video.

The specific tools provided within the Audio portion of the standard are designed to work in conjunction 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 the Audio
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
recognition. These specialised tools may be employed in conjunction with the other tools within the standard.

2 Terms

For the purpg

2.1
Frame
A Frame is d

signal, noted
temporal lend

x(f,1) 5

where S is tihe hop size

2.2
Hop size
The hop size

23

Running wi
A running wi
along time by

the f ™ shifti

24

Instantaneouis values

The instantar
frame level. 1
all frames of

and definitions

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

efined as a short period of time of the signal on which the instantapeous analysis if perf
s(t) (in continuous time noted ¢ ), and for an analysis window of<dypé hamming, noted ]

th L, the f " signal frame is defined as

Es(t)xh(t— fxS)

defines the temporal distance between two'successive analyses

dow analysis
dow analysis is an analysis obtained by multiplying the signal by a window function whic

integer multiple of a parameter called the hop size. For a window function A(¢), and a h
ng of the window is equal(to,a(z — £5).

eous value ofia (Timbre) descriptor based peak estimation is defined to be the result of an
he global yvalue of a (Timbre) descriptor based on peak estimation is defined to be the aVv
he segment of the instantaneous value.

Symbalsand abbreviated terms

orm. For a
(¢) and of

h is shifted
bp size S,

alysis on a
erage over

ASR
CPU
D
DC
DDL
DFT
DS

Automatic Speech Recognition
Central Processing Unit
Descriptor

Direct Current (0 Hz)
Description Definition Language
Discrete Fourier Transform

Description Scheme
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— FFT

— HMM

— LLD
— log

— LPC
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Fast Fourier Transform

Hidden Markov Model

Hertz, frequency in cycles per second
Low Level Descriptor

Logarithm (unspecified base)

Linear Predictive Coding

— MSD
— 0oV

— RMS

— STFT

— XML

4 Cony

4.1 Des
All DDL in

<schema

and end
</schema|

Under this
thus a pre
must be qu

Maximum Squared Distance (from the mean)
Out of Vocabulary, describing a word that is not in the vocabulary of an automatic’speed
Root Mean Square

Sample Rate

Short Time Fourier Transform

Extensible Markup Language

rentions

cription Definition Language
his document is defined in a single namespace. The schema wrapper is assumed to begin

targetNamespace="urn:mpeg:mpeg’:schema:2001"

xmlns :mpeg/7="urn:mpeg:mpeg’:schema:2001"
xmlns="http://www.w3.0¥g/2001/XMLSchema"
xmlns:xml="http://wwwsw3.0rg/XML/1998/namespace"
elementFormDefault="qualified" attributeFormDefault="unqualified">

>

definition,)the default namespace in a schema definition document is specified as XML
ix xsay is not needed. Instead, references to the element and types defined in the MP

h recogniser

Schema and
FG-7 schema

<compl
<seq
<e
</se
<att
</comp

4.2 Aud

alified’with mpeg7: prefix. For example,

exType name="MyElementType">

uence>

lement name="MyVector" type="mpeg7:MyVectorType"/>
quence>

ribute name="myAttribute" type="mpeg7:unsigned8"/>
lexType>

io 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.
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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
possibilities are embodied in the low-level descriptor types, AudioLLDScalarType and AudioLLDVectorType.
A descriptor of either of these types may be instantiated as sampled values in @ ScalableSeries, or as a
summary degcriptor within an AudioSegment. AudioSegment, which is a concept that permeatesthe MPEG-7
Audio standard, is specified in ISO/IEC 15938 Part 5, Multimedia Description Schemes, but we also”"give a brief
overview herg.

An AudioSegment is a temporal interval of audio material, which may range from arbitrarily)short intefvals to the
entire audio portion of a media document. A required element of an AudioSegment iS)a-MediaTimg descriptor
that denotes [the beginning and end of the segment. The TemporalMask DS is arcenstruct that allgws one to
specify a temporally non-contiguous AudioSegment. An AudioSegment (as with, any SegmentType) may be
decomposed |hierarchically to describe a tree of Segments.
Another key goncept is in the abstract datatypes: AudioDType and 2Audio®SType. In order for an audiq descriptor
or descriptior] scheme to be attached to a segment, it must inherit from oneof these two types. They arg defined in
ISO/IEC 15938 part 5. The relationship between these types is shown in'Figure 1.
AudioSegmentType
AudioDType AudioDSType
AudioLLDScalarType ’J L AudiolLLDVectorType
ﬁ B
SeriesOfScalarType SeriesOfVectorType
ScalableSeriesType
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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5.2.2 ScalableSeriesType

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 >

<1-- D

efinition of ScalableSeries datatype

-—>

U= AR AR AR AR AR H AR AR FH AR AR H AR AR A AR S RS >

<compl

exType name="ScalableSeriesType" abstract="true">

<se
<eg

UCIICE
lement name="Scaling" minOccurs="0" maxOccurs="unbounded">
complexType>
<attribute name="ratio" type="positivelnteger" use="required/>
<attribute name="numOfElements" type="positiveInteger"
use="required"/>

/complexType>
</lelement>
</sejguence>
<attlribute name="totalNumOfSamples" type="positiveIntéder" use="requirefd"/>
</compllexType>
5.2.2.2 BSemantics
Name Definition
ScalablelSeriesType An abstract type representing\series of values, at full resolution or |after scaling
(downsampling) by a scaling.operation. In the latter case the series contains sequences
that have been concatenated together. Within each sequence, the elemegnts share the
same scale ratio.
Scaling To specify how the' original samples are scaled. If absent, the original| samples are
described without-scaling.
ratio Scale ratio~(humber of original samples represented by each scaled sample) common
to all elements in a sequence. The value to be used when Scaling is absentis 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.
totalNumOfSamples 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
totalNumOfSamples is smaller than the sum over runs of the product of numOfElements by ratio. 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.

© ISO/IEC 2002 — All rights reserved
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originalseries 0000 000000000000000000000000000

scdedseries © O O O O oo O O O O O
k(indexy 1 2 3 4 5 678 9 10 11 12 13
ratio 2 6 1 2
numOfElements 3 2 2 6

total NwanfSampIes 31

5.2.3 Serie

This descript
to represent 3

Figure 2 — An illustration of the scalable series

5O0fScalarType

br represents a series of scalars, at full resolution or scaled. Use this(type within descriptor| definitions
series of feature values.

5.2.3.1 Syntax
S i i i g
<!-- Deflinition of SeriesOfScalar datatype ——>
V= HEHEHHH AR H A A A M R R >
<complexType name="SeriesOfScalarType">
<compllexContent>
<exfension base="mpeg7:ScalableSeriesType">
<gequence>

<
</eH
</comgd
</compls

<element name="Raw" type="npeg/:floatVector" minOccurs="0"/>
<element name="Min" type="mpeg7:floatVector" minOccurs="0"/>
<element name="Max" type£f'mpeg7:floatVector" minOccurs="0"/>
<element name="Mean" type="mpeg7:floatVector" minOccurs="0"/>
<element name="RandemW type="mpeg7:floatVector" minOccurs="0"/>
<element name="Fir§t!" type="mpeg7:floatVector" minOccurs="0"/>
<element name="Last" type="mpeg7:floatVector" minOccurs="0"/>
<element name="Variance" type="mpeg7:floatVector" minOccurs="0"/>
<element name="Weight" type="mpeg7:floatVector" minOccurs="0"/>
sequence>

tension>

lexCongtent>

xType>

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.

6 © ISO/IEC 2002 — All rights reserved
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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 samples).
The value of numOfElements shall equal the length of the vector. This,glement shall
be absent or empty if the Raw element is present.

First Downsampled series (first sample selected from each group of’samples)). The value
of numOfElements shall equal the length of the vector. This€lement shall be 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 theveetor. This element shall be absent
or empty if the Raw element is present.

Variancg Series of variances of groups of samplesiThe value of numOfElements shall equal
the length of the vector. This element shall be absent or empty if the Ralv element is
present. Mean must be present in.order for variance to be present.

Weight Optional series of weights. Contrary to other fields, these do not represegnt values of
the descriptor itself, but rather auxiliary weights to control scaling (see [below). The
value of numOfElement$ shall equal the length of the vector.

Note: Datg of a full resolution series (ratio-= 1) are stored in the Raw field. Accompanying zero-sized fields (such
as Mean) |ndicate how the series may(be scaled, if the need for scaling arises. The data are then|stored in the
scaled field(s) and the Raw field disdppears.

Scalable $eries allow data _to-be stored at reduced resolution, according to a number of pogsible scaling
operations| The allowable operations are those that are scalable in the following sense. Suppose the ¢riginal series
is scaled bl a scale ratiowof. P, and this scaled series is then rescaled by a factor of Q. The result is fhe same as if
the origina| series had been scaled by a scale ratio of N = PQ .

Figure 3 illpistrates the scalability property. This scaled series can be derived indifferently from the oridinal series by
applying thef<scaling operation with the ratios shown, or from the scaled Series of Figure 2 by| applying the
appropriat |Uoua“||g upclatiuu. The-resultis—identicalt: Sua“lly upclatim 1s—are—chosen among those—for which this
property 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

total NuInOfSampIes 31

Figure 3 — An illustration of the scalability property

If the scaling pperations are used, they shall be computed as follows.

Name Definition Definition if Weight present

Min m, = minz]i\iﬂk—l)N X, Ignore samples with zero weight. If all have zefo weight,
set to zero by canvention.

Max M, = maxik:NHk_l)N X; Ignore samples with zero weight. If all have zefo weight,
set to zero by convention.

Mean kN kN kN
X, =(1/N) in 2= 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|zero by
convention.

Random choose at random among N samples  Choose at random with probabilities proportional to
weights. If all samples have zero weight, set tp zero by
convention.

First choose the first,of 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.

Variance . 7= %ka_i)o gw

z, =(/N) Z(xi _fk)z i:1+(k—1)l\ll I « i:1+(k—1)!\ll
i=l+(k-1)N
- (1/N) %x_z —%? If all samples have zero weight, set to zero by
i:]+(k—])1\!/ convention.
Weight

kN
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 power of 2. Such decimation allows perfect comparison. It also allows an additional scaling operation to be
defined (scalewise variance) Considering these computational properties of power-of-two scale ratios, the
SeriesOf|ScalarBinaryType is the most useful of the Scalable Series family.

Note that| the types SeriesOfScalarBinaryType and SeriesOfVectorBinaryType, inhgrit from the
appropriat¢ non-binary type. This means that although they are not used directly in this document| they can be
used in pldce of the non-binary type at any time.

Figure 4 shows an illustration of SeriesOfScalarBinaryType. In this subtypenof’ SeriesOfScdlarType, all
ratios mpst all be powers of two, and all numOfElements values must be such that the series maly be rescaled
to the larggst ratio that it contains. In this example, the largest ratio iss8{/ The first four samples (ratio 2)
can be rescaled to a single sample with ratio 8, and the last four samples‘can be rescaled to two[samples with
ratio 8. Note, as in previous illustrations, that the last scaled sample.simmarizes fewer original safnples than its
nominal rdtio.

0riginal series 00 0000000000000 0000000000000000

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

totfl SampleNum 31

Figure 4 — An illustration of SeriesOfScalarBinaryType
5.24.1 Syntax

<!-- ####################################################################W -=>
<!-- Definmfitiom of SertesofscalarBinary datatype ->
<U—— #4#4H444H4H4H 44 E A A A A A S S R ——>
<complexType name="SeriesOfScalarBinaryType">
<complexContent>
<extension base="mpeg7:SeriesOfScalarType">
<sequence>
<element name="VarianceScalewise" type="mpeg7:FloatMatrixType"
minOccurs="0"/>
</sequence>
</extension>
</complexContent>
</complexType>

© ISO/IEC 2002 — All rights reserved 9
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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)
such coefficients. See definition below. Number of rows must equal
numOfElements, number of columns must equal the number of coefficients

of the scalewise variance.

5.24.3

S

J

5.2.4.3.1

Scalewise v4
different scal

N =2" sam
)_(kl:(xz

X =(x

where x is a

Z=(2/

Uslage, extraction and examples

calewise Variance

riance is a decomposition of the variance into a vector of coefficients that describe v
ps. The sum of these coefficients equals the variance. To calculate the scalewise variance]

ples, first recursively form a binary tree of means:
 + %) /2, k=1..N/2

i +x.)/2, k=1..N/4

Ssm-1

X" N/2, k=1

m-1
Pk—1 +
sample. Then calculate the ceogefficients z :

N/2

N)Z(sz—l - sz)2 2
k=1

N/4

N)Y (R im Ry )2/ 2
k=1

priability at
of a set of

m - -1 =mM=-1\2 ;1
2 =X =Xy ) 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.

10
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5.2.5.1 Syntax

<U—— 444444444 H 4 F A A A AR R R R >
<!-- Definition of SeriesOfVector datatype -—>
Vo= $H#HHHHHHFFHFHHHH AR AR AR A HHHFHH S ——>
<complexType name="SeriesOfVectorType">
<complexContent>
<extension base="mpeg7:ScalableSeriesType">

<sequence>
<element name="Raw" type="mpeg7:FloatMatrixType" minOccurs="0"/>
<element name="Min" type="mpeg7:FloatMatrixType" minOccurs="0"/>
<element name="Max" type="mpeg7:FloatMatrixType" minOccurs="0"/>

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

<element name="Random" type="mpeg7:FloatMatrixType" minOccurs=!"Q"}>

<element name="First" type="mpeg7:FloatMatrixType" minOccursx"0"/

<element name="Last" type="mpeg7:FloatMatrixType" minOccur="0"/>

<element name="Variance" type="mpeg7:FloatMatrixType" mi@dccurs="p"/>

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

<element name="VarianceSummed" type="mpeg7:floatVector"
minOccurs="0"/>

<element name="MaxSqgDist" type="mpeg7:floatVector” minOccurs="0"/

<element name="Weight" type="mpeg7:floatVector" minOccurs="0"/>

/sequence>

attribute name="vectorSize" type="positivelnteger" default="1"/>

</lextension>
</complexContent>
</comp|llexType>

5.2.5.2 Bemantics

Name Definition

SeriesOfVectorType A type for scaled series of vectors.

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

Min Series of minima of groups of samples. Number of rows must equal numOfElements,
numper of columns must equal vectorsize. This element must be absent or empty if
the-element Raw is present.

Max Series of maxima of groups of samples. Number of rows must equal numOfElements,
number of columns must equal vectorsSize. This element must be absent or empty if
the element Raw is present.

Mean Series-of-means-of-groups-of-samples—Number-efrows—ustequalrumdlf Elementss,
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 vectorSize. This
element must be absent or empty if the element Raw is present.

© ISO/IEC 2002 — All rights reserved 1
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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
Variance to be present.

Covariancg Series of covariance matrices of groups of vector samples. This is a three=dimensional
matrix. Number of rows must equal numOfElements, number of columns)and number
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 Covariance to bg present.

VarianceSymmed Series of summed variance coefficients of groups of samples/)Size of the v¢ctor must
equal numOfElements. This element must be absent orlempty if the element Raw is
present. Mean must be present in order for varianceStmmed to be present.

MaxSqgDist Maximum Squared Distance (MSD). Series of coeffigients representing an upper bound
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 |s present.
If MaxSgDist is present, Mean must alsobe present.

Weight Optional series of weights. Weights control downsampling of other fields (see
explanation for SeriesOfScalars):'Size of array must equal numOfElemenfts.

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

%

Most of the apove operations are straightforward extensions of operations previously defined in section]|5.2.3.2 for
series of scalars, applied uniformly to ea€h*dimension of the vectors. Operations that are specific to yectors are
defined here:

Name Definition Definition if Weight present

Covariance

S 1 kN ) ) . B kN kN
Ji J_ J =/ = it =)
Gr= 2O =¥ =X ol = Y ow (] -3/ =X [ YW
i=l+(k-1)N i=l+(k-1)N i=l+(k-1)
VarianceStmmed » o b ‘ ‘2/ v
j —j\2 = X p—r .
z =(U/N)Y N —xy  w=X dwE X)) dw
" — = ’ T =TT 7 T=TRA-DN
J =R DN If all samples have zero weight, set to zero 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.

5.2.6.1 Syntax

<!-- Definition of SeriesOfVectorBinary datatype
<U—— HHH A H A R R
<compllexType name="SeriesOfVectorBinaryType">
<complexContent>
<elxtension base="mpeg7:SeriesOfVectorType">
sequence>
<element name="VarianceScalewise" type="mpeg7:FloatMatrixType"
minOccurs="0"/>
/sequence>
</lextension>
</complexContent>
</comp|lexType>

<!-- ####################################################################t -=>

5.2.6.2 Semantics

Name Definition

SeriesOfVectorBinaryType A representation>of a reduced-resolution series of vector samples with a
power-of-two-fatio.

Varianc¢Scalewise Array of, arrays of scalewise summed-variance coefficienty. Scalewise
variance is a decomposition of the variance into a series of coefficients, each
of Which describes the variability at a particular scale. Number ¢f rows must
equal to numOfElements, number of columns must equal the number of
coefficients of the scalewise variance.

5.3 Low level Audio Descriptors

5.3.1 Introduction

Low-level AudioDescriptors(tEDs)consistof acottectionmof simpte;, fow comptexity descriptorsthat are designed
to be used 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

© ISO/IEC 2002 — All rights reserved 13
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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—— #H#H44HHHH A AR AR AR A A A A R R >
<!-- Definition of AudioLLDScalar D -——>
U= HHHHHH SRR A A A A A R R R R R R ——>
<complexType name="AudioLLDScalarType" abstract="true">
<compllexContent>
<exflension base="mpeg7:AudioDType">
<dhoice>
<element name="Scalar" type="float"/>
<element name="SeriesOfScalar" minOccurs="1" maxOccurs="unbgunded">|
<complexType>
<complexContent>
<extension base="mpeg7:SeriesOfScalarType">
<attribute name="hopSize" type="mpeg7:mediabDurationType"
default="PT10N100O0F" />
</extension>
</complexContent>
</complexType>
</element>
</lchoice>
<gttribute name="confidence" type="mpegiszeroToOneType" use="optionall|'/>
</extension>
</comglexContent>
</complgxType>

5.3.2.2 Semantics

Name Definition

AudioLLDS¢alarType  Abstract definition inherited by all scalar datatype audio descriptors.

Scalar Value-of-.the descriptor

SeriesOfS¢alar Scalar values for sampled-series description of an audio segment. Use of th|s scalable
series datatype promotes compatibility between sampled descriptions.

hopSize Time interval between data samples for series description. The defaulf value is
PT10N1000F which is 10 milliseconds.

Vatues other than the default shail be integer muitiples/divisors of 0 milliseconds.
This will ensure compatibility of descriptors sampled at different rates.
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5.3.3 AudiolLLDVectorType

5.3.3.1  Syntax

<U—— H#H#HH4HHHHHH A A AR A AR H AR >
<!-- Definition of AudioLLDVector D -——>
SR 3 0 A
<complexType name="AudioLLDVectorType" abstract="true">

<complexContent>
<extension base="mpeg7:AudioDType">
<choice>
temert—Rame=Weeteor—type="mpegitifitoatFectory
<element name="SeriesOfVector" minOccurs="1" maxOccurs="unbounded['>
<complexType>
<complexContent>
<extension base="mpeg7:SeriesOfVectorType">

<attribute name="hopSize" type="mpeg7:mediaDurationType"
default="PT10N100OF"/>

</extension>
</complexContent>
</complexType>
</element>
/choice>
</lextension>
</complexContent>
</comp|lexType>
5.3.3.2 BSemantics
Name Definition
AudioLLDpVectorType Abstract definition-inherited by all vector datatype audio descriptors.
Vector Vector value of descriptor
SeriesOfVector Vector values for sampled-series description of an audio segment. Use of|this scalable
seriés 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 milliseconds.
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

<o HHH A HH AR H AR AR F A FF R H AR AR F AR H A AR F AR A F S H A F SRS ——>

<complexType name="AudioWaveformType">

-—>

<complexContent>
<extErsTom base—‘mpegiTAudtottDStatartype®
<gttribute name="minRange" type="float" use="optional"/>
<gttribute name="maxRange" type="float" use="optional"/>
</extension>
</comglexContent>

</complgxType>
5.3.4.2 Semantics
Name Definition
AudioWaveformType Description of the waveform of the audio signal.
minRange Lower limit of‘@udio signal amplitude
maxRange Upper limit'of audio signal amplitude
5.3.4.3 Usage and extraction
5.3.4.3.1 Hurpose
AudioWaveflorm D allows economical display of an audio waveform. For example, a sound editing fapplication
program can display a summary of an entire audio file immediately without processing the audio data angl data may
be displayed|and edited over a network, etc. Whatever the number of samples, the waveform may be displayed
using a small[set of values that fepresent extrema (min and max) of frames of samples. Min and max arg stored as
scalable timg series within the AudioWwaveform D. They may also be used for fast comparisoh between
waveforms.
5.3.4.3.2 Tlo create'a description
a) Instantiaje.@audioWaveformType with hopSize set to the required temporal resolution (default {Oms), or if

the raw signalis desired set hopSize to 1/(Sampling rate).
b) Determine the equivalent number of samples, ns, in each frame (ns = sampling rate x hop size).
c) If ns =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 them with scaled samples.

5.3.4.3.3 To use a description for display
a) Read the arrays of min and max values from the AudioWaveformType.
16 © ISO/IEC 2002 — All rights reserved


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

ISO/IEC 15938-4:2002(E)

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

S e 0 i 0 0 0 0 il o o s e
<!-- Definition of AudioPower D -—>
U= S HFHFHFH A H A H A F S R e ——>
<compllexType name="AudioPowerType">
<complexContent>
<glxtension base="mpeg7:AudioLLDScalarType"/>
</complexContent>
</comp|lexType>

5.3.5.2 Semantics

Name Definition

AudioPowerType Description of the power of the audie’signal.

5.3.5.3 lUsage and extraction

5.3.5.3.1 Extraction

Instantanepus power is calculated by taking the square of waveform samples. These are averaged over time
intervals of length corresponding to hopSize and stored in the Mean field of a SeriesOfScalarTypk.

5.3.5.3.2 | Purpose

Instantanepus power is a useful measure of the amplitude of a signal as a function of time, D(t)=|s(t)|2. In
association) with AudioSpectrumCentroid D and AudioSpectrumSpread D, the AudioPower P provides an
economicgl description of .the power spectrum (spreading the power over the spectral range spgcified by the
centroid apd spread))that can be compared with a log-frequency spectrum. Another possibility is to store
instantanepus poweryat high temporal resolution, in association with a high spectral resolution powef spectrum at
low tempofal reselution, to obtain a cheap representation of the power spectrum that combines both spectral and
temporal rTsqution.

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, so values may differ slightly for identical signals.

5.3.6 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 all 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

-—>

O T 1 i i i

<attributeGroup name="audioSpectrumAttributeGrp">

<!-- Hdge—vaiues are I Hert ——>
<attrifoute name="loEdge" type="float" default="62.5"/>
<attrifoute name="hiEdge" type="float" default="16000"/>
<attrifpute name="octaveResolution" optional">
<sinjpleType>
<ygestriction 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"/>
</l[restriction>
</simpleType>
</attyibute>
</attriduteGroup>

5.3.6.2.2 Semantics

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

Resolutiop  Frequency resolution of logarithmic spectrum (width of each spectrum band betweeh loEdge
and hiEdge)!

5.3.7 AudiqSpectrumEnvelopeType

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

5.3.7.1  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.

5.3.7.3 Usage and extraction

5.3.7.3.1 | Purpose
The AudipSpectrumEnvelope D describes the short-term power spectrum of theyaudio wavefoym as a time

series of spectra with a logarithmic frequency axis. It may be used to display a spectrogram, to synthesize a crude
"auralizatign" of the data, or as a general-purpose descriptor for search and comparison.

5.3.7.3.2 | Motivation for the design

A logarithrpic frequency axis is used to reconcile requirements of conhcision and descriptive poweér. Peripheral
frequency fanalysis in the ear roughly follows a logarithmic axis.

The power spectrum is used because of its scaling properties_(the power spectrum over an interval i$ equal to the
sum of power spectra over subintervals).

5.3.7.3.3 | Specification of the descriptor (normative)

These sperifications are normative and ensure that descriptions produced by different programs are fither directly
comparablg, or else can easily be converted to,comparable descriptions. Importantly, a high-resolutigpn description
is readily cpnvertible to a low-resolution des€ription, in both the spectral or temporal dimension.

The AudipSpectrumEnvelope D.'describes the spectrum over the frequency range between [1oEdge and
hiEdge. [The range between 1oEdge and hiEdge is divided into multiple bands. The resolution, |n octaves, of

the bands|is specified by res&lution. Except for when the octaveResolution is 1/8, both|1oEdge and
hiEdge myst be related to 1kHz as described in the following equation:

edge 2" x1KHz (5.3.7.1)

where r igthe resolution in octaves, me Z (i.e., m an integer).

For the cape.when resolution is "8 octave" the spectrum delivers a single coefficient representing within-
band power, and two extra coefficients for below-band and above-band power. In this case the default values for
loEdge 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.
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Figure 5 — lllustration of Audio Spectrum Envelope Bands

5.3.7.3.4 Hxtraction (informative)

To extract the AudioSpectrumEnvelope the following method is recommended. The, method involveg a sliding

window FFT analysis, with a resampling to logarithmic spaced bands.

a) Determine the required hop length h, corresponding to the hopsize. If the sampling rate is sr| then h =
sr*hopsize (e.g. h = 16000*0.01 = 160 samples). If sr*hopsize is not‘\a whole number of samples then
generatg a vector h such that mean(h) = sr*hopsize (e.g. sr*hopsize = 22050 * 0.01 = 220.5, h = [220 221]). By
cycling through the vector of hop lengths the analysis will not stray over'time, but will give minor jitter from the
defined Nopsize. This enables reasonable comparison of data sampled at differing rates.

b) Determire the analysis window length /w. The analysis windew’has been chosen to have a defaulf value of 3
hopsizes, 30ms. This is to provide enough spectral resolution to roughly resolve the 62.5 Hz-wide fifst channel
of a ‘1 ogtave’ resolution spectrum.

c) Determine the FFT size, NFFT. NFFT is the next-larger power-of-two number of samples from Iw, |e.g. If Iw =
1323 samples then NFFT would be 2048.

d) Perform|a STFT using a Hamming window “of length Ilw, a shift of h samples (where h is a veftor, rotate
through fhe vector to prevent stray, and\deliver minimal jitter), using a NFFT point FFT, with outtof-window
samples|set to 0. The descriptor only‘retains the square magnitude of the FFT coefficients,|Xw(k)|2 . The sum
of the pqwer spectrum coefficients-is equal to the average power in the analysis window, P, . By|Parseval's
theorem [there is a further factorof 1/NFFT to equate the sum of the squared magnitude of the FFT ¢oefficients
to the sum of the squared, zero-padded, windowed signal.

1 Iw-1 » 1 NFFT-1 9
P, A= 2l = ———— X, (k)

lwnzz(:‘| | Iw* NFFT Z:: | |
wherg-X/(n) = s(n) * w(n),0 < n < Iw and w(n) is the Hamming window of length /w .

1 2
Hence P,(k)=————|X (k)|
Iw* NFFT

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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FFT coefficients

Band edge

Figure 6 — Weighting Method for linear - log conversion

Important INote: Due to the weighting method illustrated in Figure 6 it is important to select an approfjriate 1oEdge
at fine frequency resolutions. To be able to resolve the logarithmic bands there needs to be-at I¢ast one FFT
coefficient|in each band. In some cases this means that the default 1oEdge is unsuitablel\Table 1|indicates the
minimum Malue that 1oEdge should be set to for some popular sampling frequencies, assuming defaut hopSize.

Table 1 — Minimum loEdge for particular resolutions (exceeding-default 62.5Hz)

Resolutign 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 octave 88.388 (62.5*2"°) 62.5 105.1 (62.5*2")
1/8 octave 324.21 (62.52""°) 176.8 (62.5*2"") 192.78 (62.5*2™)
1/16 octae ~ 545.25 (62.5*2°°") 4391 (62.5%2"™°) 478.8 (62.5*2*"""°

5.3.8 AugdioSpectrumCentroidType

AudioSpelctrumCentroid D, describes the center of gravity of the log-frequency power spectrum. The
SpectrumCentroid is defined-as the power weighted log-frequency centroid.

5.3.8.1 Syntax

SR 8 3 i i i i
<!-- Definiktion of AudioSpectrumCentroid D -—>
U= HHEHARPEH A H S F AR AR F A R R R R A ——>
<compllexType name="AudioSpectrumCentroidType">

<complexContent>

<extension base="mpeg7:AudioLLDScalarType"/>

</complexContent>

</complexType>
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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 extraction

5.3.8.3.1  Hxtraction (informative)

To be coherent with other descriptors, in particular AudioSpectrumEnvelope D, the spectrum [centroid is
defined as the center-of-gravity of a log-frequency power spectrum. This definition is adjusted’in the extraction to
take into accpunt the fact that a non-zero DC component creates a singularity, and eventual very-loy frequency
components (possibly spurious) have a disproportionate weight.

To extract thg spectrum centroid:

a) Calculat¢ the power spectrum coefficients, as described in AudipSpectrumEnvelope D | extraction
parts a-d.

NFFT
2

P.(k),K{=0...,

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

bound & ﬂoor( 62.5% NFFTJ

Sr
bound

P/(0) =| > P.(k), f(0)=31.25

NFFT

P!(n) =|P.(n+bound), f(n)=(n+ bound)% wheren =1,.., — bound

c) Frequengies of all coefficients are scaled to an octave scale anchored at 1 kHz. The spectrum |centroid is
calculatgd as: (= Z:log,2 (f(n)/lOOO)P;(n)/ZP;(n) where is the P/(n) power assodiated with

frequendy. f(77) .

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

<U—— #4444 H44H4HHH 4 F AR HHH AR HE A S F AR R R >
<!-- Definition of AudioSpectrumSpread D -—>
Sl W R R R R -
<compllexType name="AudioSpectrumSpreadType">
<complexContent>
<extension base="mpeg7:AudioLLDScalarType"/>
</complexContent>
</comp|lexType>

5.3.9.2 Semantics

Name Definition

AudioSpectrumSpreadType Description of the spread of the log-frequency power spéctrum.

5.3.9.3 Usage and extraction

5.3.9.3.1 | Extraction
To be cohgrent with other descriptors, in particular AudioSpectrumEnvelope D, the spectrum sprgad is defined
as the RM$ deviation of the log-frequency pewer spectrum with respect to its center of gravity. Details|are similar to

AudioSpectrumCentroid D

To extract the spectrum spread:

a) Calculpte the power spectrum, P/(n), and corresponding frequencies, f(n), of the waveform as for
AudiqSpectrumCentrpid D extraction, parts a-b.

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

c) Calculate the spectrum spread, S, as the RMS deviation with respect to the centroid, on an pctave scale:

$ = [X oz (£(0/1000) - € P [ P/

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 i K i g

<!-- Deflinition of AudioSpectrumFlatness D ——>

<o HEHEHFHFFEHHAA A AR A AR AR AR AR AR A R R A R R >

<complexType name="AudioSpectrumFlatnessType">

<complfexContent>
<extlension base="mpeg7:AudioLLDVectorType">
<gttribute name="loEdge" type="float" default="250"/>
<gttribute name="hiEdge" type="float" default="16000"%>
</extension>
</comglexContent>

</complgxType>
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 Hurpose (informative)
The AudioSpectrumFPlatnessType describes the flatness properties of the short-term power spedtrum of an
audio signal.|This descriptor expresses the deviation of the signal’s power spectrum over frequency [from a flat
shape (corregponding to a noise-like or an impulse-like signal). A high deviation from a flat shape may indicate the
presence of tbnal.,components. The spectral flatness analysis is calculated for a number of frequency bapds. It may

be used as a

eature veclor 10r robust matcning petween palrs or audio Sighals.

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 =
30ms is recommended for this descriptor.

24
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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

nominal lower edge and higher edge frequencies of each band are multiplied by the factors 0.
. o . o ) ;

respe
as degcribed in Table 2 (assuming the default 1o0Edge value of 250 Hz).

The band edge frequencies are transformed to indices of power spectrum coefficients as follows

frequency spacing of the DFT (DF = sampling rate / DFT size), the lower and higher edge*of band

by the|r power spectrum coefficient indices, il(b) and ih(b), respectively, which are>derived fr

S

cies by nint(f, / DF), where nint() denotes rounding to the nearest integer.

ch frequency band, the flatness measure is defined as the ratio of the@eometric and the ari
bower spectrum coefficients (i.e. squared absolute DFT value, incl/grouping if required)
(i.e. from coefficient index il to coefficient index ih, inclusive).

ih(b)
ih(b)=il (b)+] H c(i)
i=il(b)

1 ih(b)

ih(b)—il(h)+1 2.<0)

i=il(b)

M,

If no aydio signal is present (i.e. the mean power is zero), a flatness measure value of 1 is returne

In ord¢r to reduce the computational effart and adapt the frequency resolution to “log” ban

spectry
carried
coeffic

F
is

n 0

F

C
(o)
(o)

m coefficients in bands above.the edge frequency of 1kHz are grouped, i.e. the above
ents themselves. The grouping is defined in the following way:

used. For all bands-between nominal 2kHz and 4kHz, a grouping of 4 consecutive po
Iefficients is used, For all bands between nominal 4kHz and 8kHz, a grouping of 8 cons

ectrum coefficients is used and so on.

br the last group of coefficients in each band, the following rule is applied: If at least 50%

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

95 and 1.05,
and edges f,

. If DF is the
b are defined
pm the edge

thmetic mean
C(i) within the

.

s, all power
calculation is

out using the average valués over a group of power spectral coefficients rather than the single

br all bands between nominal 1kHz and 2kHz, a grouping of 2 consecutive power spectrum coefficients

ver spectrum
cutive power

the required

additional coefficients from the successive band. Otherwise this group is not included, and the number

Tefficients for the group are available in that band, this last group is included using the necegsary amount

coéfficients used from the particular band is reduced accordingly.

If the signal available to the extraction process does not supply proper signal content beyond a certain frequency
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—dam="2 4"s 0 3 0 1 0 4 0 3 0 2 0 303092 Min
<Max dim="2 4"> 0.8 0.5 0.7 0.6 0.5 0.6 0.6 0.8 </Max>
<Megn dim="2 4"> 0.6 0.4 0.5 0.4 0.4 0.5 0.4 0.4 </Mean>
<Vayiance dim="2 4"> 0.1 0.11 0.06 0.08 0.07 0.1 0.09 0.07 </Variance>
</SerilesOfvector>
</Audiolescriptor>

"

5.3.11 AudiqSpectrumBasisType

The AudioSpectrumBasis D contains basis functions that are used to .project high-dimensiona| spectrum
descriptions nto a low-dimensional representation. Spectrum dimensionality reduction plays a substantial role in
automatic clagsification applications by compactly representing salient statistical information about audio|segments.
These featurgs have been shown to perform well for automatic classification and retrieval applications. Applications
to spectrogram summarization are also discussed below.

5.3.11.1 Syntax

V= HEHAFHH AR A T R R R A >
<!-- Deflinition of AudioSpectrumBasis D ——>
S i i i i i A g
<complexType name="AudioSpectrumBasisType">
<compllexContent>
<extlension base="mpeg7:Audig@LlDVectorType">
<gttributeGroup ref="mpedl:audioSpectrumAttributeGrp"/>
</extension>
</comglexContent>
</complgxType>
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5.3.11.2 Semantics

Name Definition

AudioSpectrumBasisType Statistical basis functions of a spectrogram used for dimension reduction and
summarization. Basis functions are stored in the Raw field 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"
where N is the spectrum length and K is the number of basis functions.

For time-varying basis componenis dim=M N K~ where M is Thg number of
blocks within the segment, N is the spectrum length and K is\the number of
basis functions per block. Block lengths must be at least K~frame$ for K basis
functions; default hopSize is PT500N1000F.

AudioSpe¢ctrumAttrGroup  Spectrum parameters for the basis vectors; see AudioSpectrumEfpvelope.

5.3.11.3 Example (informative)

The follow|ng example shows an instance of five stationary basis functions spanning an audio segment derived
from an A4dioSpectrumEnvelope D with Y4-octave resolution.

<AudioDescriptor xsi:type="AudioSpectrumBasisType" loEdge="62.5" hiEdge="B000"

octaveResolution="1/4">

<SerfiesOfVector totalNumOfSamples="1" vectorSize="31 9">
<Raw dim="31 9">

0.082 -0.026 0.024 -0.093 0.010_40).021 0.063 -0.103 0.057
0.291 0.073 0.025 -0.039 0.026 <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 0.094 -0.115 0.171 0.266 0.240
0.271 -0.008 0.039 0.007Q.119 -0.067 0.033 0.165 0.175
0.271 -0.008 0.039 0.0Q7%0.119 -0.067 0.033 0.165 0.175
0.269 -0.159 0.062 0.0M 0.182 0.071 -0.194 0.054 -0.009
!-- more values here. . . -——>
</Raw>
</SelriesOfVector>

</AudiloDescriptor>

5.3.11.4 Extraction(normative)

The following seetion defines the method for extracting basis functions from a spectrum. Some detailg of extraction
are indicafed, to Jbe informative with no loss of compatibility between implementations. To extragt a reduced-
dimension |pasis from an AudioSpectrumEnvelope spectrum the following steps shall be executed:

a) Power spectrum: instantiate an AudioSpectrumEnvelope descriptor using the extraction method defined in
the AudioSpectrumEnvelope D. The resulting data will be a SeriesOfVectors with M frames and N
frequency bins.

b) 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: plar\n ecach normalized cpnr\fral frame rowe=wise into-a-matrix—The size of the resu|ting

matrix is|M x N where M is the number of time frames and N is the number of frequency bins. Thg matrix will
have the|following structure:

-l
X
T

Pl
I
[all

~| 7
Xy

Basis eﬁraction: Extract a basis using a singular value decompasijtion (SVD), commonly implemgnted as a
built-in fuinction in many mathematical software packages using the command [U,S,V] = SVD(K,0). Use
the ecofqomy SVD when available since the row-basis functions are not required and this will increase
extractiop efficiency. The SVD factors the matrix from step:(c) in the following way:

X =USV’

where X|is factored into the matrix product of-three matrices; the row basis U, the diagonal singular value
matrix S|and the transposed column basis furetions V. Reduce the spectral (column) basis by retpining only
the first 4 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 sunpmarization
applicatipns.

To calcujate the proportion of information retained for k basis functions use the singular values cpntained in
matrix S

J=1

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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5.3.12 Au

The Audiq

low-dimen

used toggther.

7 — Extraction method for AudioSpectrumBasisType and AudioSpecttumProject

yarying components (Optional): the extraction process (a)-(e) outlined above can be se
over an AudioSegment thus providing a time-varying basis. To-do this, the basis is samp
Is, default 500ms (hopSize PT500N1000F), and a three-dimensional SeriesOfVq

HioSpectrumProjectionType

SpectrumProjection D is the complimentto the AudioSpectrumBasis D and is use
sional features of a spectrum after projection against a reduced rank basis. These two typ
The low-dimensional features* of the AudioSpectrumProjection D C

ionType

gmented into
led at regular
bctor matrix

. The first dimension is the block index, the second is the spectral dimension and the third gives the
number of basis vectors. This representation can track basis functions belonging to sources i

N an auditory

to represent
s are always
pnsist of a

SeriesOffVectors, one vector for each frame, {, of the normalized input spectrogram, it. Each gpectral frame
from steps|(a)-(c) above yields a corresponding projected vector, y,, that is stored in the SeriesOfVector D.
5.3.121 PByntax
<D= HEH4HHFH A FH DR AR A H SR A H A H AR AR >
<!-- Definition ofi AudioSpectrumProjection D -—>
SR 8 N i i b
<compllexType rname="AudioSpectrumProjectionType">
<complexCentent>
<glxtemsion base="mpeg7:AudioLLDVectorType"/>
</comglexContent>
</compllexXType>
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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:

For stationary basis components the dimension attribute is set to dim="N
K+1” where N is the spectrum length and K is the number of basis

Tanctons.

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

M is the
r of basis

5.3.12.3 EXx

The following
above. Note

<AudioDdg
<Serid

<Raw

</Ra
</Seril
</Audio[

5.3.12.4 Ex

The element
obtained in {
normalized s
The resulting

dim="263 10">
4359 -0.693 0.345 -0.145 -0.129 -0.499 -0.117 -0.448 0.092 0.045
364 -0.690 0.308 -0.147 -0.127 -0»184 -0.122 -0.476 0.130 0.206
4353 -0.656 0.382 -0.175 -0.137%0.143 -0.167 -0.478 0.207 0.186
-— more values here ...
998 -0.342 0.569 0.592 0.1034-0.280 0.159 -0.070 -0.293 -0.006
000 -0.324 0.562 0.601 0.119 -0.273 0.165 -0.058 -0.305 -0.025
W >

esOfVector>

escriptor>
traction (normative)

ample (informative)

example shows projection coefficients corresponding to the AudieSpectrumBasis exa
hat the vectorsSize attribute is set to the number of basis functiens plus one.

scriptor xsi:type="AudioSpectrumProjectionType">

sOfVector hopSize="PT10N1000F" totalNumOfSamples="263"
vectorSize="10">

5 of each AudioSpectrumProjection vector shall represent, in order, the L2-norm

Mmple given

value, 7,,

tep (b) of{AudioSpectrumBasis extraction. This shall be followed by the inner product of the

pectral frame, X,, from step (b) above and each of the basis vectors, v, , from step (d) or]
vectonhas k+1 elements, where k is the number of basis components, and it is defined by:

(e) above.

~

=T o A
Yy, :I_rt X, Vi X, VvV, - X VkJ-

5.3.125 Us

age (informative)

5.3.12.5.1 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,
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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.

Reconstruction of an independent spectrogram frame XLT is calculated by taking the outer product of

in Audio

normalization coefficient r:

T _
X, =

where the

Any combihation of spectrogram subspaces can be summed to obtain either individual source specitr
approximatfion of the original spectrogram.

The salieng features of a spectrogram may be efficiently represented withymuch less data than a ful
using independent component basis functions. The following example.is\taken from a recording of a g
guitar, dru:rs, hi-hat, bass guitar, and organ. Figure 8 shows the original full-bandwidth spectrogram

shows a 1

spectrum gnd the full-bandwidth spectrum is:

R=K L+l
M N

where K is|the number of basis components, M.is'the number of frames in the spectrogram and N is {

frequency

pectrumBasis and the j+1th vector in AudioSpectrumProjection and multip

AR

+ operator indicates the pseudo-inverse. These frames are concatenated’to form a new

component reconstruction of the same spectrogram,-The data ratio, R, between the redud|

8000

4000
2000

1000

the jth vector
lying by the

spectrogram.
bgrams or an

spectrogram
ong featuring
and Figure 9
pd-dimension

he number of

bins. For example, a 5-component summary of 500 frames of a 64-bin spectrogram ledads to a data
reduction gf ~11:1.

I
3
3

Frgquency (Hz)

N
o
=3

Bl o i iy F'I:'I'I- 1.,|.-I'

125

1
L

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

2000

62.5
00.00 0050 0100 0150 0200 0250  03.00 ( )03.50 0400 0450

AudioSpectrumBasis

Figure 9 +— 10-basis component reconstruction showing most of the detail of the original specfrogram
including gpitar, bass guitar, hi-hat and organ notes. The left vectors are an AudioSpectrumBasis D and
the top vectors are the corresponding AudioSpectrumProjection D. The two vectors are combined
using the reconstruction equation given‘dbove. The required data storage is 10(M+N) values

5.3.12.6 AudioFundamentalFrequencyType

AudioFundgmentalFrequency..D.describes the fundamental frequency of the audio signal.

5.3.12.7 Syntax

U= HHH#HHHHHAHR A A A E R A A H A H A AR A A R >
<!-- Deflinition of AudioFundamentalFrequency D ——>
SR i 5 A
<complexType name="AudioFundamentalFrequencyType">
<complexComntent
<extension base="mpeg7:AudioLLDScalarType">
<attribute name="loLimit" type="float" default="25"/>
<attribute name="hiLimit" type="float" use="optional"/>
</extension>
</complexContent>
</complexType>
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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.

5.3.12.9 Usage and extraction

5.3.12.9.1 | Extraction

The extragtion method is not specified in complete detail in order to promote cheice of strategy.|However the
following shall be present in all cases.

The limits pf the search range shall be specified using 1oLimit and hiLimi¥./The extraction methqd shall report
a fundamgntal frequency for any signal that is periodic over the analysis§ interval with a fundamernjtal within the

search ran

The extrag
operations

similarity and scaling operations. The handling of non-zero“valles, that allow periodic values to be

weighted, i

One extra
available b

5.3.12.9.2

Fundamen
descriptor

be possible to make meaningful comparisons between data labeled with a melody descriptor, and dat

fundament

5.3.12.9.3

Fundamen
AudioHar
logarithmig

je.

tion method shall provide a confidence measure, between 0 and 1, to be used as a wei
Values of the estimate for which the weight is zer6 shall be considered non-periodic a

5 |eft up to the specific application.

tion method is detailed in the extraction.ef‘the AudioHarmonicity D. This is not the
ut it gives reasonable estimates of the fundamental frequency in stationary signals.

Purpose

tal frequency is a good predictor of musical pitch and speech intonation. As such it is
bf an audio signal. This desgriptor is not designed to be a descriptor of melody, but it may

bl frequency.

Motivation for-the design

tal frequen€y is complementary to the log-frequency logarithmic spectrum, in that, togs
monicity D, it specifies aspects of the detailed harmonic structure of periodic sol
spéctrum cannot represent for lack of resolution. The inclusion of a confidence measu

Weight fi

ld\of the SeriesOfScalarType is an important part of the design, that allows proper

pht in scaling
nd ignored in
differentially

best method

an important
nevertheless
h labeled with

ther with the
nds that the
re, using the
handling and

scaling of portions of signat thatfack clear periodicity.

5.3.13 AudioHarmonicityType

AudioHar

monicity D describes the degree of harmonicity of an audio signal.
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53.13.1 Sy

ntax

== HHHHHA A A R R >
<!-- Definition of AudioHarmonicity D
<D= HHHHAH A A AR HHH A A R R R o ——>

<complexType name="AudioHarmonicityType">

<compl

exContent>

<extension base="mpeg7:AudioDType">

<s

equence>

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

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

-=>

<
</ex
</comd
</compls

sequence>
tension>
lexContent>
xType>

5.3.13.2 Semantics

Name Definition

AudioHarmpnicityType Combined measures of Harmonic Ratio and\Upper limit of harmonicity.
HarmonicRatio Description of the ratio of harmonic power to total power.
UpperLimitOfHarmonicity  The frequency beyond which the spectrum cannot be considered hafmonic.

5.3.13.3 Usage and extraction

5.3.13.3.1 E

AudioHarmg

HarmonicR4g
derived from
fundamental

algorithm pro|

xtraction
nicity D contains two measures:HarmonicRatio, and UpperLimitOfHarmonicity

tio is loosely defined as thetproportion of harmonic components within the power spe

the correlation betweep-'the signal and a lagged representation of the signal, lagg
beriod of the signal. In order to avoid dependency on the actual fundamental frequency es
Huces its own estimate.by searching for the maximum value in the normalized cross-correl

signal. The dlgorithm is:

a) Calculatg

r(i, k) 5

r(i, k), the.normalised cross correlation of frame i with lag & :

:

m+n—1 m+n—1

D os()P* D s(j—k)’

J=m

STshi)stj— k) [

= J=m

ctrum. It is
ed by the
timate, the
btion of the

Where

s 1s the audio signal

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

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

k=1,K

b)

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

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

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

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

c(j) =s(j) =rs(j = K), j=m,(m+n—-1)

where
myn—1 m+n—1

A= D s(j)s(j—-K) ZSz(j—K) ... is the optimal gain
JEm J=m

K is the lag corresponding to the maximum cross correlation ( H (i) = r(i,K)J~and the fundamental period
estimgte. If K is fractional, s(j-K) is calculated by linear interpolation.

b) Calculate the DFTs of the signal, s(j), and the comb-filtered signal, €(j); using the technique| described in
AudigSpectrumEnvelope D. Calculate power spectra, and group the components below 62.5 Hz as
explaiped for AudioSpectrumCentroid D.

c) For egch frequency, f,,,, calculate the sum of power beyord that frequency, for both the original and comb-
filtered signal, and take their ratio.

fu fu
a(fiul)= 2 0'(f) ] 2 p(f)
ST ST

where| p(f) and p'(f) are the power spectra of the unfiltered and filtered signal respectively, and f,  is the
maximum frequency of the DFT.

d) Startirlg from f, = f._ and moying down in frequency, find the greatest frequency, £, ., for which this ratio

is smgller than a threshold ({Lhreshold = 0.5).

lim ?

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

UppedlLimitOfHarmonicity = logz(fu /1000)

lim

5.3.13.3.2 | Purpose

A harmonicity measure allows distinguishing between sounds that have a harmonic specirum (musical sounds,
voiced speech, 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
TemporalCentroid D, as these descriptors are not defined as an instantaneous series.

5.3.14.2 Utge and Extraction

As many of the timbre descriptors rely on a previous estimation of the fundamental frequencycand th¢ harmonic
peaks of the gpectrum or on the temporal signal envelope (see Figure 10), the extraction of these is explained first
rather than rgpeating it for each timbre descriptor.

S;);c\jtvrirm »|  SpectralCentroid
Signal LogAttackTime
envelope -
Signpl Temporal Centroid ————
e TP 0 B HarmonicSpectralSpread
— & -
d‘)\etection Instantaneous
Sliding Analysis S ) HarmonicSpectralCentrdid
Window {0
Instantaneous

HarmonicSpectralDeviation

Instantaneous

HarmonicSpectral Variatipn
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 si

ze: 4 fundamental periods

If the instantaneous series of values are required then the requirement of the AudioLLDScalar D to restrict the
hopSize attribute to integer multiples/divisors of 10ms applies. For these instances the recommended extraction
parameters are:

— Analys
— Analyg
— Hops

5.3.14.3.2

The fundafnental frequency is the frequency that best explains the periodicity,of a signal. While nume

have been
of the sign
frequency

5.3.14.3.3

The harmd
the signal.
sounds (p
peaks, one
the multipl
positions 0

is window type: hamming
is window size: 30ms

ze: 10ms

Estimation of the fundamental frequency f0 (informative)

proposed in order to estimate it, one can simply compute the-loeal normalized auto-correl
al and take its first maximum in order to estimate the local fundamental period. The loca
s then estimated by the inverse of the time corresponding ¢othe position of this maximum.

Harmonic Peaks Detection (informative)

nic peaks are the peaks of the spectrum located “around” the multiple of the fundamenta
The term “around” is used in order to takéZinto account the slight variations of harmor
ano for example). While numerous metheds have been proposed in order to estimate
can simply look for the maxima of the:amplitude of the Short Time Fourier Transform (S
es of the fundamental frequency. The frequencies of the harmonic peaks are then esti
f these maxima while the amplitudes of these maxima determine their amplitudes.

fous methods
aAtion function
fundamental

frequency of
icity of some
the harmonic
TFT) close to
mated by the

0.06 T T T T i
I I I I
I I I I
| | | |
th=1 h=2 | |:l=3 th=4 th=b
005 ! harmonic h*f0 = 3*f0 ; J
I I I I
s | N | |
5 | 1 1 1
] | | |
goor | | .
£ | region K = [3*f0-c*f0, 3*fQi4c*f0]
= | | TR 1
3 | i local maxima iniregion K
>< 0.03- } } I | -
2 | | | |
® : ;
8 0.02F i i E
3 | |
= : :
I I
= | |
0.01 } } i
I I
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I I
\w | |
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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)|

f(frame

,harmo) = M x DF

where

DF=pr/N is the frequency separation of coefficients

sris
fOis

whefe ¢ €[0,0.5], determines the tolerated non-harmonicity. A value of¢=0.15 is recommendgd.

5.3.14.4 Estimation of temporal parameters

5.3.14.41 L

the sampling rate

the estimated fundamental frequency

0 {0
h —c)——) and b = ceil(h +c)—
floor((harmo —¢) DF) ceil(harmo + ¢) DF)

og-Attack-Time and Temporal Centroid: Signal envelope

While numerpus methods have been proposed in order toncompute the signal envelope, one can sifply use a

signal’s powg
signal amplitu

5.3.15 LogAttackTimeType

5.3.15.1 Syntax
<l—— HEHEH A A A R
<!-- Deflinition of LogAttackTime D
<l—— HEHFHEH A A OR A A A A A

<comple
<compl|
<exy
</comg
</complsg

5.3.15.2 Semantits

r function over time. This function can be estimated by computing the local mean square
de within a running window.

Type name="DogAttackTimeType">
exContent

ension Pase="mpeg7:AudioLLDScalarType"/>
lexContent>

xType>

alue of the

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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Usage and Extraction

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

— (Inforn
be est

5.3.15.3.2

The ‘attack
5.3.16 Ha

5.3.16.1

<l—— 4
<!-- D
<P—— #

D is the time the signal starts;

[ is the time the signal reaches its sustained part (harmonic space) or maximum part (percy

A
Signal envelope(t)

P —
TO T1

Figure 12 — lllustration of log-attack time

native) TO can be estimated as the time*the signal envelope exceeds 2% of its maximum
mated, simply, as the time the signal envelope reaches its maximum value (as shown in Fi

Motivation for the design

" of a sound is the first part’of a sound, before a real note develops.
monicSpectralCentroidType

Syntax

efinition of HarmonicSpectralCentroid D
TR o i i i i

###################################################################£ -=>

<compl

exType name="HarmonicSpectralCentroidType">

<complexContent>

<e
</co
</comp

xtension base="mpeg7:AudioLLDScalarType"/>
mplexContent>
lexType>

© 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.

me

ne

Unit: [Hz]
Range: [0,sr/2]
5.3.16.3 Usage and Extraction
5.3.16.3.1 Hxtraction
The Harmon]cSpectralCentroid may be extracted using the following algorithim
a) Estimate|[the harmonic peaks over the sound segment
b) Calculatg the instantaneous HarmonicSpectralCentroid, lHSC, for each frame as follows:
nb _ harmo
Z f(frame,harmo) - A( frame, harmo)
[HSC(fF me) = fame=] nb _harmo
ZA( frame, harmo)
harmo=1

where

— A(frgme,harmo) is the amplitude.of the harmonic peak number “harmo” at the frame number “fra

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

— nb_harmo is the number of harmonics taken into account
¢) Calculatg the HarmgnicSpectralCentroid, HSC, for the sound segment as follows:

nH _ frames
Z]HSC(frame)
HSC = frame=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.

40
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5.3.17 HarmonicSpectralDeviationType

5.3.171

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>
<extension base="mpeg7:AudioLLDScalarType"/>
</complexContent>
</ comppresefye
5.3.17.2 Bemantics
Name Definition
Harmoni¢SpectralDeviation The HarmonicSpectralDeviation is computed as the averpge over the

sound segment duration of the in
HarmonicSpectralDeviation within~"a running wi
instantaneous HarmonicSpectralDeyidtion is computed ag
deviation of log-amplitude components.-from a global spectral en

Unit: [-]

Range: [0,1]

stantaneous
ndow. The
the spectral
elope.

5.3.17.3

5.3.17.3.1

The Harmg

a) Estimate the harmonic peaks overithe sound segment

b) Estimate the spectral envelope(SE)

(Informativ
peaks. To

For h3

SE(fi

Usage and Extraction

Extraction

nicSpectralDeviation maybe extracted using the following algorithm

) To approximate~the local Spectral Envelope take the mean amplitude of three adjac
bvaluate the ends of the envelope simply use the mean amplitude of two adjacent harmonid

rmo = 1

e, harmo) = A( frame, harmo) + A( frame, harmo +1)

ent harmonic
peaks.

2

=

For harmo = 2 to nb_harmo-1

1
Z A( frame, harmo +1)

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

3

For harmo = nb_harmo

SE( frame, harmo) =

© ISO/IEC 20
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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:

nb _harmo

Z| log,, (A( frame,harmo)) —log,, (SE( frame,harmo)) |
THSD( frame) = -tarmo=1

nb _harmo

Zloglo(A(frame,harmo))

harmo=l

where

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

— SE(frame,harmo) is the local Spectral Envelope around the harmonic peak numbgrharmo
— nb_farmo is the number of harmonics taken into account

d) Calculat¢ the HarmonicSpectralDeviation , HSD, for the sound segment as follows:

b _ frames

ZIHSD( frame)
HSD _ frame=1
nb _ frames
where
— nb_frames is the number of frames in the sound segment
5.3.17.3.2 Motivation for the design

The use of gl logarithmic amplitude scaletinstead of a linear one is derived from experimental results
perception off timbre similarity. The use)of a logarithmic scale instead of a linear one significantly ing
explanation of these experimental results.

5.3.18 HarmpnicSpectralSpreadType

5.3.18.1 Syntax

<l—— HEMFHAEHEA AR AR AR A A A A R R A
<!-- Deflindtion of HarmonicSpectralSpread D

on human
reases the

< V==
<complexType name="HarmonicSpectralSpreadType">
<complexContent>
<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 standard deviation of the harmonic peaks of the spectrum, normalized
by the instantaneous HarmonicSpectralCentroid.

Units: [-]

Range: [0,1]

5.3.18.3

5.3.18.3.1

The HSS ny

a) Estimate the harmonic peaks over the sound segment

b) Estimate the instantaneous HarmonicSpectralCentiroid, IHSC, of each frame

c) Calcul

THSS(

where

—

— N

Usage and Extraction

Extraction

nay be extracted using the following algorithm

ate the instantaneous HarmonicSpectralSpread, IHSS, for each frame as follows:

nb _ harmo

| z A% ( fiame, harmo) - [ f(frame, harmo) — IHSC( frame‘)]2

harmo=1
rame) =
frame) IHSC( frame) ””—h”"’"”2
ZA (frame, harmo)
harmo=1
frame,harme).is'the amplitude of the harmonic peak number “harmo” at the frame number {frame”

frame,harmo) is the frequency of the harmonic peak number “harmo” at the frame number “frame”

b .harmo is the number of harmonics taken into account

d) Calcul

HSS =

where

ate the HarmonicSpectralSpread, HSS, for each sound segment as follows:

nb _ frames

Z[HSS (frame)

Sframe=1

nb _ frames

— 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

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

<!-- Definition of HarmonicSpectralVariation D -—>
N £ 4 R R R EE EE R TR e
<complexType name="HarmonicSpectralVariationType">
<compllexContent>
<extlension base="mpeg7:AudioLLDScalarType"/>
</comglexContent>
</complgxType>

5.3.19.2 Semantics

Name Definition

HarmonicSpectralVariation The HarmonicSpectralVariationds$ defined as the mean over|the sound
segment duration of the instantanedus HarmonicSpectralVaridtion.

The instantaneous Harmomi¢SpectralVariation is defined as the
normalized correlation between the amplitude of the harmonic pegaks of two
adjacent frames.

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

5.3.19.3 Usage and Extraction

The HSV may be extracted using the fellowing algorithm
a) Estimate|[the harmonic peaks gver the sound segment

b) Calculatg the instantanegus-HarmonicSpectralVariation, IHSV, for each frame as follows:

nb_harmo

Z A( frame—1, harmo) - A( frame, harmo)
THSV( framey=1-— harmot

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

U= HHHHHHHHH A A A A FHFHFHFHH SRS A A F A R R ——>
<!-- Definition of SpectralCentroid D -2
O e 5000 o A
<compllexType name="SpectralCentroidType">
<complexContent>
<gxtension base="mpeg7:AudioLLDScalarType"/>
</complexContent>
</compllexType>

5.3.20.2 BSemantics

Name Definition

SpectralCentroid The SpectralCentroid is computed as the(power weighted average of the frequency
of the bins in the power spectrum.

Unit: [HZ]
Range: [0,s1/2]

where sr stands for sampling-rate

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 methodls have been
proposed in order to compute the power spectrum, one can simply use the Welch meth¢d (averaged
periodogram) both for harmonic and percussive sounds.

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

powerspectrum _size

2 S (k)-S(k)
SC(framey=—
2. 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:AudioLLDScalarType"/>
</complexContent>
</complepetse

5.3.21.2 Semantics

Name Definition

TemporalCe¢ntroid The TemporalCentroid is defined as the time averaged ovérthe energy enyvelope.
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) Calculatg the Signal Envelope, SEnv, (as described'in clause 5.3.14.4.1)

b) Calculat¢ the TemporalCentroid, TC as fellows:

length{SEnv)

2:n/sr~SEnv00
_ n$l
TC - Idngth(SEnv)
ZSEnv(n)
n=l1
where

— SEny is the Signal Envelope.

— sris|the Sampling 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:HeaderType">
<attribute name="minDuration" type="mpeg7:mediaDurationType"

=1 2 o1
t E=ASAC pe==m=asac

</lextension>
</complexContent>
</comp|lexType>

5.4.2.2 Semantics

Name Definition

SilencelleaderType Information shared by many silence descriptors

minDuration The minDuration attribute is used to communicate a minimum tempofal threshold
determining whether a signal portion is identified as a silent segment (se¢ information
on extraction process). The minDura®ion element is usually applied upiformly to a
complete segment decomposition as‘a/parameter for the extraction algorithm.

5.4.3 Sil¢nceType

5.4.31 Syntax

<!-- Definition of Silence\D
<U—— 44 fAA AR ERE AP R R R
<compllexType name="SilentceType">
<complexContent>
<glxtension bages"mpeg7:AudioDType">
attributeWYname="confidence" type="mpeg7:zeroToOneType" default="1.p"/>
attribufes name="minDurationRef" type="anyURI" use="optional"/>
</lextensf o>
</complexContent>
</comp|lexType>

<l-= ####################################################################K -=>

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 or even pauses between words. Similarly, pauses in music pieces of varying length may be determined. In

this way, au
prerequisite fi

Target applic

Direct ag

The silence €
is to investig3
informative d
from the ratid
range [0 ... 1]

5.4.4.1

This section
the sliding lou
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Anal ysi s
W ndow
The signal pr

a) Sliding s

cess to semantic segmentations/events of audio material.

Description of a silence detection algorithm

Ear
Tr ansf_en

Bar kscal e-
t r ansf or mat

Segmentfation tools for annotation and retrieval, e.g. news story segmentation, captioning software.

xtractor can be implemented in various ways. One possible impleméntation of a confideng
te the calculated (loudness) function over time with respect to ahyassumed (loudness) thre
pscription of an example silence detection algorithm. The canfidénce measure can e.g. be
of the area under the (loudness) threshold and the area under the (loudness) curve, clig

Jescribes how a silence detector may be implemented by using an FFT-based algorithm 1
dness of the signal. A simple silence detection algorithm is described.

io_material may. be cplif up into parts that reflect its phycir‘nl structure Qngmnnfnfinn is_an important

br further classification of the identified segments.

e measure
shold, see
calculated
ped to the

0 calculate
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Figure 13 — Loudness based Silence Detector

bcessing s carried out in several steps:

nort Time Fourier Transform (STFT)

b) Filtering

) b 5 £ £ e
WILIT OULCT ©dl UdiTtsiern TUricuort

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

S/Ilﬁﬁé}rg\ |-minDuration-| ,[\
silerice th _T_____%g )
| VANV

'silence thr. ""Ir QXU

Figure 14 — Silence thresholds

Depending on the type and complexity of the audio signals, it may be necessafy to automaticdlly adapt the
thresholdirjg process to the characteristics of the background noise. An ‘intelligent” silence dgtector could
additionally support perceptually-based concepts for silence, such as voice activity measures etc..

5442 Example

<AudioSegment>
<Healder xsi:type="SilenceHeaderType" id="shone">
<minDuration>PT3N10F</minDuration>
</Helader>
<MediaTime>
<MediaRelTimePoint timeBase="Mediall@cator[1]">P0S</MediaRelTimePoint>
<MediaDuration>PT28S3N10F</MediaDuration>
</MeldiaTime>
<AudioDescriptor xsi:type="Silen€eType" minDurationRef="shOne"
confidence=".0.5"/>
</AudiloSegment>

6 High|Level Tools

6.1 Introduction

This sectign containsidescriptors and description schemes which are broadly classed as “high levell; that is, they
are either $tructural.or application oriented. In some cases, they use tools defined in the audio framgwork section
of this doctiment.“\Much use is made of tools defined in the multimedia description schemes part of th¢ standard.

The tools in_this section caover a wide range of nlnlnlir‘m‘inn areas and functionalities Thpy hoth pm\/id b functionality
and serve 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

U= HHHHHH A A A A H A A A R R R o ——>
<!-- Definition of AudioSignature DS —-——>

<U—— #H#H444HHS A AR AR AR A A A A R R >
<complexType name="AudioSignatureType">

<complexContent>
<extension base="mpeg7:AudioDSType">
<sequence>
+efrert—reme ="t ta= = =t FAgeieS ERamea o n

</|sequence>
</extension>
</comglexContent>
</complgxType>

6.2.2.2 Semantics

Name Definition

AudioSignatureType A structure containing a condensed representation_as a unique content idenffier for an
audio signal for the purpose of robust automatic_identification of audio signalg (contains
statistical summarization of data of AudioSpestrumFlatnessType)

Flatness The spectrum flatness of the signal of AudioSpectrumFlatnessType data

6.2.3 Instantiation requirements

U

In order to copstitute a valid AudioSignature déscription, the following requirements have to be satisfigd:
— The syntpx of the Flatness part is restricted to SeriesOfvVectorBinaryType.

— Both the|Mean and the variance“fields of the Flatness part have to be instantiated, as proviged by the
Series(@fVectorBinaryType Ssyntax.

— The Scalling ratio (decimation factor), as provided by the SeriesOfVectorBinaryType syntax, must
assume Values between'2 and 128. The default value is 32.

— The 1oEHge parameter, as provided by the AudioSpectrumFlatnessType syntax, is fixed at 250 Hz.

— The hiHdge’parameter, as provided by the AudioSpectrumFlatnessType syntax, must be at Idast 500 Hz.
The default value is 4000 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 according to the

standard ri+esofYectors—Sealing—procedures—as—desired—e-g—ir—order—to—achieve—a—eompatible temporal
resolution between two signatures.

In addition} a second dimension of AudioSignature scalability is provided by the numbef of frequency bands
present in| the AudioSpectrumFlatness field of the signature descriptions. While signatures |may provide

different niimbers of frequency bands, a meaningful comparison between them is always possible
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Harmonic: relates to the property of periodicity of a signal (the harmonicity relations between the components

Sustained: relates to the duration of excitation of the sound source (distinguishes sustained from impulsive

Coherent: relate to the temporal behaviour of the spectral component of a signal (distinguishes frequency
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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
Examples of sounds violin, flute, ... bell, triangle snare, claves, ... cymbals, white noise, ...
belonging tp the family
TimbreType Harmonic Percussive

Instrument Instument

TimbreType TimbreType

A reduced s€
So far, only ty

t of descriptors is established in order to describe the timbre perception within each family
vo families are considered: the sustained, harmonic coherent sounds, and the non-sustaineg

For each of these families, a set of TimbreDescriptors is established in-order to describe the timbre

between sou
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Because son
all of
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Target applic
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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="0M/
<element name="HarmonicSpectralDeviation"
type="mpeg7:HarmonicSpectralDeviationType" minOccurs="0"}/>
<element name="HarmonicSpectralSpread"
type="mpeg7:HarmonicSpectralSpreadType" minOccupsg="0"/>
<element name="HarmonicSpectralVariation"
type="mpeg7:HarmonicSpectralVariationType" fahnOccurs="0"})/>
<element name="SpectralCentroid" type="mpeg7:SpectralCentroidType
minOccurs="0"/>
<element name="TemporalCentroid" type="mpeg7:TempOralCentroidType
minOccurs="0"/>
/sequence>
</lextension>
</complexContent>
</comp|lexType>

6.3.2.3 Semantics

Name Definition

LogAtta¢kTime (LAT) ALogAttackTime Descriptor
Harmoni¢SpectralCentroid (HSC) A HarmonicSpectralCentroid Descriptor
Harmoni¢SpectralDeviation \(HSD) A HarmonicSpectralDeviation Descriptor
Harmoni¢SpectralSpread\\(HSS) A HarmonicSpectralSpread Descriptor
Harmoni¢SpectralVaniation (HSV) A HarmonicSpectralVariation Descriptor
SpectralCentroid (SC) A SpectralCentroid Descriptor
TemporalCentroid (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

Vo= HEH4HHH A AR HH A A R ——>

<!-- Definition of HarmonicInstrumentTimbre DS -—>

<D= HHHHAH A A AR HHH A A R R R o ——>

<complexType name="HarmonicInstrumentTimbreType">

<complexContent>
<extension base="mpeg7:AudioDSType">
<sequence>

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

<element name="HarmonicSpectralCentroid"
type="mpeqg7:HarmonicSpectralCentroidType"/>

<element name="HarmonicSpectralDeviation"
type="mpeg7:HarmonicSpectralDeviationType" />

<element name="HarmonicSpectralSpread"
type="mpeg7:HarmonicSpectralSpreadType"/>

<element name="HarmonicSpectralVariation"
type="mpeg7:HarmonicSpectralVariationType" />

</|sequence>
</extension>
</comglexContent>
</complgxType>

6.3.3.3 Semantics

Name Definition

LogAttackfime (LAT) A LogAttackTdme Descriptor
HarmonicSpectralCentroid (HSC) A Harmomi@SpectralCentroid Descriptor
HarmonicSpectralDeviation (HSD) A HarmonicSpectralDeviation Descriptor
HarmonicSpectralSpread (HSS) A HarmonicSpectralSpread Descriptor
HarmonicSpectralVariation (H8WV A HarmonicSpectralVariation Descriptor

6.3.4 PercyssivelnstrumentTimbreType

6.3.4.1 Infroduction

The PercusgigeInstrumentTimbreType is a set of TimbreDescriptors established in order to describe the
timbre percepti i i i i m.

alaiF=laalalale a ala pelonalngc o Pe e a ala =1an AN e =lanlall= ne a alala a-Cl

6.3.4.2 Syntax

U= HHH#H4FH A A A AR AR A A A A A R >
<!-- Definition of PercussiveInstrumentTimbre DS -——>
U= HH##HHFH A H A A AR A A AR A 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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</sequence>
extension>

</complexContent>

</comp

lexType>

6.3.4.3 Semantics

Name Definition
LogAttackTime (LAT) A LogAttackTime Descriptor
SpectralCentrord (ST A SpectralCentrold Descriptor
TemporalCentroid (TC) A TemporalCentroid Descriptor
6.3.5 Usage, extraction and examples (informative)
6.3.5.1 Distance measures
Timbre depcriptors can be combined in the following suggested way in-order to allow a comparispn of sounds
according fo perceptual features:
For sound family 1 one obtains the following expression for the distance:
. 2 2 2 2
dist={S(ALATY +3e—S(AHSCF +3e—HAHSD? +(1 0AHSS-60AHST)
For sound family 3 one obtains the following expression for the distance:
. 2 2
dist=/(-0.3ALAT—0.6ATCY +(-le—4ASC)
In both cgses, A is the difference between the values of the same acoustical parameter for thg two sounds
considered.
It should be noted that the exact coefficients may be different from one database to another depending on the set
of sounds |ncluded. The abiove coefficients are approximations to values derived from a specific datapase used for
experimenial verificationtof the descriptors; they are provided only as an example for informative purposes, and
may not bg appropriaté.for arbitrary data sets.
6.3.5.2 FExample of InstrumentTimbre
This example represents the soundof a hnrp
<AudioDescriptionScheme xsi:type="InstrumentTimbreType">
<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>
</AudioDescriptionScheme>

6.3.5.3 Exjample of HarmonicinstrumentTimbre
This example represents the sound of a violin.

<AudioDgscriptionScheme xsi:type="HarmonicInstrumentTimbreType">
<LogAftackTime>
<Scglar>-0.150702</Scalar>
</LogHttackTime>
<HarmdnicSpectralCentroid>
<Scaglar>1586.892383</Scalar>
</HarnonicSpectralCentroid>
<HarmdnicSpectralDeviation>
<Scglar>-0.027864</Scalar>
</HarnfonicSpectralDeviation>
<HarmdnicSpectralSpread>
<Scglar>0.550866</Scalar>
</HarnonicSpectralSpread>
<HarmdnicSpectralVariation>
<Scglar>0.001877</Scalar>
</HarmonicSpectralVariation>
</AudiofescriptionScheme>

6.3.5.4 Exjample of PercussivelnstrumentTimbre
This example represents the sound of @ side drum.

<AudioDgscriptionSchemerxsi:type="PercussivelnstrumentTimbreType">
<LogAftackTime>
<Scglar>-1.68301N.</Scalar>
</LoglttackTime>
<SpectralCengx¢id>
<Scglar>1237.341518</Scalar>
</SpedtradCentroid>
<TempdradCentroid>
<Scadexr>0-0815H<LSealaxr

e oS o

</TemporalCentroid>
</AudioDescriptionScheme>

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
calculated using well-known learning algorithms, such as the Baum-Welch algorithm, operating on a training set of
sound data. Once trained, a hidden Markov model can be used to compare new sounds with the model to
determine the goodness of fit.

The default descriptor for sound classification is AudioSpectrumProjection. A set of basis\functjons is stored
with each |model that are used to calculate the spectrum projection of audio segments; . see thq definition of
AudioSpelctrumBasis D and AudioSpectrumProjection D above. Other descriptors’may alsolbe used with
the SounjdModel DS; their use is signaled by the DescriptorModel (BS contained within the
ContinuocusHiddenMarkovModel DS and SoundClassificationModel DS.

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

Observations

Figure 15— The SoundModel DS consists of a hidden Markov model that generates a sequenge of 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

6.42.1 Byntax

U= 444G HF A H AR A F A FHF SR ——>
<!-- Definiktion of SoundModel DS -——>
<U—— HEHARPFHAHHRHRE AR AR AR ERE A A H AR AR ——>
<compllexTY¥pe name="SoundModelType'">
<complexContent>
<extension 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, }:

oy foa] C oy
oatc IrIrarsSrcrorrs

corresponding to the Tnitial state distribution, 7, = P(q, =i) with ¢, ¢ {1...K}, the

raateibe
T T

ek AU—P\q[—ji%—l_” !

ObservationDistributionType:bxy):}%y|q[:j),deﬁnedforeachstﬂe

d an

The initial state distribution and transition probabilities characterize thg¢ dynamic
behavior of the states through time. Fhis DS extends
ContinuousHiddenMarkovModelType defined in ISO/IEC“15938 part 5.

SoundClasgLabel A unique label, or reference to a label from a classification scheme, that|describes
the sound class of the model. See mpeg7: TermUs&Type in ISO/IEC 1593B part 5.

SpectrumBgsis Data-derived basis functions for the.“sound class. See definition of
AudioSpectrumBasis.

SoundMode]Ref Optional reference to a SoundModeX painting to an instance that provides|the model
definition.

6.4.2.3 Exjample (informative)

The following|example is an instance of the SoandModel DS defining a model of Trumpet sounds. The model uses
a HMM with states that are set to the GaussianDistributionType with meanp/_and covariance matrix K,

giving B, ={j},,K | for state j.

<SoundMddel id="IDInstrument:Trumpet">
<SoundClassLabel>
<Teym id="ID16!">Instrument:Trumpet</Term>
</SourjdClassLabel>
<Initijal dim="¢—6"> 0.000 0.068 0.074 0.716 0.142 0.000 </Initial>
<Trangitionsidim="6 6">

1.000 0060 0.000 0.000 0.000 0.000
0.000<0@,994 0.000 0.000 0.000 0.006
0.o000) 000 0.993 Q. 007 0. 000 0_00Q
0.014 0.000 0.095 0.818 0.000 0.074
0.000 0.000 0.000 0.005 0.995 0.000
0.056 0.000 0.000 0.000 0.000 0.944

</Transitions>

<DescriptorModel>

<Descriptor xsi:type="mpeg7:AudioSpectrumProjectionType"/>
<Field>SeriesOfVector</Field>
</DescriptorModel>
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<State>
<Label>
<Term id="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
2.526 -1.087 12.525 0.026 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 -0.000
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 -0.000nN-0.000
-0.260 -0.113 -0.002 0.003 0.001 -0.000 0.001 -0.000 0.923 -0.000
0.029 -0.053 -0.001 0.001 0.001 -0.000 0.000 -0.000 -0-000 0.494
/Covariance>
</lObservationDistribution>
</Stlate>
<!-- Remaining States similar to above . . -=>
<SpelctrumBasis 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 -0.021,0.063 -0.103 0.057

0.291 0.073 0.025 -0.039 0.026 -0.086{0+185 0.241 0.107
0.267 0.062 0.030 -0.026 0.054 -0.1%5 0.171 0.266 0.240
0.267 0.062 0.030 -0.026 0.054 -0.335 0.171 0.266 0.240
0.271 -0.008 0.039 0.007 0.119 -0,067 0.033 0.165 0.175
0.271 -0.008 0.039 0.007 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
0.246 -0.306 0.048 0.148 0199 0.163 -0.324 -0.048 -0.065
0.216 -0.356 -0.037 0.13AN0.059 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 valueg here . . . -—>
/Raw>
</|ISeriesOfVector>
</SpectrumBasis>
</SounjdMode 1>

6.4.3 SoundClassificationModelType

This DS cqmbines & set of sound models into a multi-way classifier for automatic labeling of audio segments using
terms from a classification scheme. Probabilistic classifiers can recognize broad sound classes, sugh as speech
and music| or they can be trained to identify narrower content categories such as male, female, trumpet or violin.
Other applications include music genre classification and voice recognition. See Figure 16 for| an example
classification scheme for general audio content indexing. For more information on classification schemes see the
ClassificationScheme DS defined in ISO/IEC 15938 part 5.

6.4.3.1 Syntax

U= S R ——>
<!-- Definition of SoundClassificationModel DS -——>
<U—— #H#4H44444H4H 444 EHEHEH A S S R R ——>
<complexType name="SoundClassificationModelType">
<complexContent>
<extension base="mpeg7: ClassificationModelType">
<sequence>
<element name="SoundModel" type="mpeg7:SoundModelType"
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minOccurs="1" maxOccurs="unbounded"/>
</sequence>
</extension>
</complexContent>
</complexType>

6.4.3.2 Semantics

Name Definition

SoundClassificationModelType

and indexing of audio

A collection of sound models that are used for automatic classification

SoundMode] A sequence of SoundModel DS instances that define the mod

for the classifier.

el choices

6433 E

The exampl
classification
selecting the

60

mple

lassifiers for low-level classes.

<AudioDgscriptionScheme xsi:type="SoundClassificationMedelType"

id="IDClassifier:GeneralAudio™>

<SoundModel SoundModelRef="IDAnimals"/>
<SoundModel SoundModelRef="IDMusic"/>
<SoundModel SoundModelRef="IDPeople"/>
<SoundModel SoundModelRef="IDFoley"/>
</AudiofescriptionScheme>

<AudioDgscriptionScheme xsi:type="SoundCl@ssificationModelType"
id="IDClassifierv:Animals">

Model SoundModelRef="IDAnimalstBirdCalls"/>

Model SoundModelRef="IDAninad)s:DogBarks" />

escriptionScheme>

scriptionScheme xsi:type="SoundClassificationModelType"

id="IP€lassifier:Music">

<Soun
<Soun
</Audio
<AudioD

<SoundModel SoundModelRef=YIDInstrument:AltoFlute"/>
<SoundModel SoundModelRef="IDInstrument:Bosendorfer"/>
<SoundModel SoundModelRef="IDInstrument:Cello"/>
<SoundModel SoundModelRef="IDInstrument:EnglishHorn"/>
<SoundModel SoundModelRef="IDInstrument:Guitar"/>
<SoundModel SoundModelRef="IDInstrument:Trumpet"/>
<SoundModel ScsundModelRef="IDInstrument:Violins"/>
</AudiofescriptionScheme>

<AudioDgscriptionScheme xsi:type="SoundClassificationModelType"
id="IDClassifier:People">

<SoundModel SoundModelRef="IDSpeech:Male"/>

below shows a number of SoundClassificationModel DS instantes correspong
cheme shown in Figure 16. The classifiers are organized hierarchically with higher level ¢

ing to the
asses pre-

<SoundModel SoundModelRef="IDSpeech:Female"/>
<SoundModel SoundModelRef="IDCrowds:Applause"/>
<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\ — GlassSmash
nsnots 1
Dog Barks| Birds ! Explosions
Mal
Music People Speech ae
English Horn —»{ WoodWinds / \ Female
Alto Flute Stri .
trings Rrasg Percussion Lauahter Applause Shees
///ﬁ V\\\\\\ V\\\\\\‘ v\\\\\\\ . A N
Cuitar Trumpet Piano FootStep Squegk
Violin Cello
Figure 16 — Example Classification Scheme for General Audio Content
6.4.4 SoundModelStatePathType
This descr|ptor consists of the sequence of states generated by a,SoundModel given an audio segment. A series

of state inglices, that reference continuous hidden Markov model states from a SoundModel, is sto)

red using the

AudioLLDScalar D within the descriptor.
6.4.4.1 Syntax
U= HHHHHHH A HH AR R R R R A ——>
<!-- Definition of SoundModelStatgPath DS -—>
SR i i i i i
<compllexType name="SoundModelStatePathType">
<complexContent>
<glxtension base="mpeg/NAUdioDSType'">
sequence>
<element name=!StatePath" type="mpeg7:AudioLLDScalarType"/>
<element name="SoundModelRef" type="anyURI"/>
/sequence>
</lextension>
</complexConfent>
</compllexTypé>
6.44.2 BSemantics
Name 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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SoundModelStatePath: Dog Barks

State Index
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Figure 17 — Spectrum of a dog barking and and the state-path generated by a SoundMode¢l

6.4.4.4 Example

<AudioDgscriptor xsi:type="SoundModelStatePathType">
<StatgPath>
<SeriesOfScalar
5155556 6
5
6
5
5155 56)Y 5
</Sgrieg@fScalar>
</StatjebPath>
<SoundMedelRef>IDDogBarks</SoundModelRef>
</AudioDescriptor>
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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

<U—— 444444444 H 4 F A A A AR R R R >
<!-- Definition of SoundModelStateHistogram D -——>
Vo= $H#HHHHHHFFHFHHHH AR AR AR A HHHFHH S ——>
<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>
</lextension>
</complexContent>
</compllexType>

6.4.5.2 Semantics

Name Definition

SoundModlelStateHistogramType Normalized histogram of% the state sequence genefated by a
SoundModel over a giventaudio segment.

StateRef Reference to a unique identifier for each state in a continuous hidden
Markov  model: For more information on  gtates see
FiniteStateModelType defined in ISO/IEC 15938 part §.

Relativ¢Frequency Relative frequency of a state in an audio segment. Frequencies are
normalized counts in the range 0..1 obtained by dividing the counts for
each-state by the total number of samples in the state sequgnce:

hmﬁ):,fvﬂ A< <K,

2.N0)

where N(j) is the count (frequency) for state j for a given audjo segment.

SoundModlelRef Reference to the SoundModel DS instance used to genefate the state
histogram.

6.4.5.3 Usage (informative)

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

<AudioDe

Example

scriptor xsi:type="SoundModelStatePathType">

<SoundModelRef>IDDogBarks</SoundModelRef>

<State
<Relat
<State
<Relat
<State
<Relat
<State
<Relat

Ref>IDStatel</StateRef>
iveFrequency> 0.000</RelativeFrequency>
Ref>IDState2</StateRef>
iveFrequency> 0.000</RelativeFrequency>
Ref>IDState3</StateRef>
iveFrequency> 0.045</RelativeFrequency>
Ref>IDStated</StateRef>
iveFrequency> 0.000</RelativeFrequency>

<Statqg
<Relat
<Statqg
<Relat]
</AudioD

6.4.6 Gene
The following

6.4.6.1 Au

Ref>IDState5</StateRef>

iveFrequency> 0.442</RelativeFrequency>
Ref>IDState6</StateRef>

iveFrequency> 0.513</RelativeFrequency>
escriptor>

ral Sound Classification and Indexing Applications (informative)

tomatic Audio Classification

a classificati
B

In the first eX{

and Foley (

6.4.6.1.1

Automatic cls
defined by s

Tlhe Viterbi Algorithm

mple the SoundClassificationModel DS is used to classify audio segments into cate
n scheme. Figure 16 shows an example classificatioh‘scheme consisting of Animals, Mus
ckground) at the highest levels and related sub-categories at the lowest levels of the tree.

ssification of audio uses a collection ofthidden Markov models, category labels and basi
undModel DS instances and collectéd into a SoundClassificationModel DS. Here,

sections outline two applications of the sound classification and indexing tools described alpove.

jories from
ic, People,

5 functions
the Viterbi

algorithm is yised to compute the most likely state sequence for each model in the classifier given th¢ observed

data. The a
parameters fi

states in the given sound model, 0, is an’observation vector at time t and q, is the state index at time t :

gorithm consists of the following steps where Hf:{Aj,Bf,ﬂ'/.} are the hidden Mar
br model j, M is the number (of observation vectors for the given audio segment, K is the

ov model
number of

a) Preprocdssing of 0, ={4,.B).x, .
7, = log(r,) 1<i<K
b,(0,)=llog(t,(0,)), 1<i<K, 1<t<M
a, =logla, ) 1<i,j<K
b) Initialization.
6,())=1og(6,())=7, +b,(0,). 1<i<K
w,(i)=0, 1<i<K
64
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¢c) Recursion

5,(/)=1og(6, (/)= max[5,, +@, [+ ,(0,)

1<i<K

l//,(j):log(&t(j)):argmax[gtfl+c7l.j]+l;(ot), 2<t<M, 1<j<K

J
I<i<K

d) Termination

~

P’ = max[éN'M (l)]

Si<K

qL =larg max[gM (1)]

1<i<K

e) Backtfacking
qr:/t+l(q:+l)> M_IZZZI

This yields the most likely state path, ¢ = {d4,,9,.--.q,, }» for each model j given observed data 0 =[{o,,0,,"-,0,, }

and hidden Markov model parameters 0, The likelihood, P;, of the observed data given each mode], j, is used to
choose thqg best-fit model amongst L competing models such that:

J* = aFgmax [P]* =P(O,Qj |9j)] ’

this methofl completes maximum likelihood classification for’an HMM classifier, see Figure 18.

SoundModel

SoundClassificationModel N

AudioSpectrumProj(:ection

e  BASIST

PROJECTION

BASIS 2

AudioSpectrumEnvelope : G E IR

\ 2

j” :argxlgag)z [P/' :P(O,Q, ‘6‘/)]

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

BASIS N
PROJECTION

Figure 18 — Use of multiple HMM models for automatic classification and indexing of audio content

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

ALY SoundClassification SoundModelRef SoundModeRef + SSE
QUERY + StatePath State Histogram MATCHING

SoundModelStatePath

AudioSpectrumEnvelope
RESULT LIST

Figure 19 — Audio query-by-example application utilizing a SoundClassificationModel DS and
SoundModelStateHistogram D

SoundModelStateHistogram Best Matches

1 | | T T T T T T T

© Result 1

Distariet = 0.013

123 45657 8 910 State Index
1 ' 1 T ih-: !1 T T T
w o Re;ult 2 ‘ Distance = 0.015

1234567 8 910 stateIndex
1 T T T T T T T
- i Result 3 Distance = 0.025

IR W W —

SRR IR
12 3 456 7 8 910 Statelndex

Figure 20 — Query-by-example results calculated using the sum of square errors between query and target
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 retrieval

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.

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) Recal
where
known

b) Spoke
result
speec

c) Annot
would
speec

6.52 Sp

6.5.2.1

<l-- 4
<!--D
<t--
<compl
<com
<e

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

n Document Retrieval. In this case, there is a database consisting of separatgispoken dod
pf the query is the relevant documents, and optionally the position in thosé ’documents of
.

hted Media Retrieval. This is similar to spoken document retrieval; but the spoken part

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

pkenContentHeaderType

Syntax

eo recording
dia would be

uments. The
the matched

of the media
hnotated with
bN.

efinition of SpokenContentHeadex “\header

R i i i i
exType name="SpokenContentHeaderType">
plexContent>
xtension base="mpeg7:HeaderType">
sequence>
<choice minOccurs="}" maxOccurs="unbounded">
<!-- Information’ about the word and phone lexicons used to
<!-- represent-the speech

<element pame="WordLexicon" type="mpeg7:WordLexiconType"/>
<elementy mame="PhoneLexicon" type="mpeg7:PhonelLexiconType"/>
</choicex
<elementiname="ConfusionInfo" type="mpeg7:ConfusionCountType"
minOccurs="0" maxOccurs="unbounded"/>
<ekement name="DescriptionMetadata"
type="mpeg7:DescriptionMetadataType" minOccurs="0"/>

###################################################################K -=>

-—>

AN-- Information about the speakers in the audio

</
</co
</comp

<element name="5peakerInfo” tType="mpeg/:5SpeakerInioType” minOccur
maxOccurs="unbounded" />
</sequence>
extension>
mplexContent>
lexType>
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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.
PhonelLexicon A list of phones. For a complete description, see the definition of

PhonelLexiconType.

ConfusionlInfo A data structure of phone confusion information. Although (sepgrate, the
confusion information must map onto the phone lexicon cwith which it is
associated via the SpeakerInfo.

Descripti¢nMetadata Information about the extraction process used toOgenerate the| lattice(s).
Specifically, this data structure can store the name ‘and settings of the speech
recognition engine used. For more information see ISO/IEC 15938 paft 5.

SpeakerInfo Information about the speakers, ie. the people'speaking in the audio.

6.5.3 SpeakerinfoType

6.5.3.1 Syntax

V= M H A A N R R R R A >
<!-- Deflinition of SpeakerInfo header ——>
e i i i i i A g
<complexType name="SpeakerInfoType's
<compllexContent>
<exflension base="mpeg7:HedderType">
<gequence>
<element name="SpokenLanguage" type="language"/>
<element name="PRerson" type="mpeg7:PersonType" minOccurs="0"/>
<element name#"WordIndex" minOccurs="0">
<complexType>
<sequehce>
<ebement name="WordIndexEntry" maxOccurs="unbounded">
<complexType>
<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="required">

<simpleType>

</element>
/sequence>

<simpleType>

/attribute>
</lextension>
</complexContent>
</compjlexType>

6.5.3.2 Semantics

</simpleType>
</attribute>
</complexType>
</element>
</sequence>
<attribute name="defaultLattice" type="anyURI" u$e="required"|>
</complexType>

attribute name="phonelLexiconRef" type="anyURI'"( use="optional"/>
attribute name="wordLexiconRef" type="anyURI"_use="optional"/>
attribute name="confusionInfoRef" type="anyURI" use="optional"/>
attribute name="descriptionMetadataRef" stype="anyURI" use="optionall"/>

attribute name="provenance" use="requiged">

<restriction base="NMTOKEN">
<enumeration value="unknown"/>
<enumeration value="ASR"/>
<enumeration value="manual" />
<enumeration value="keyword"/>
<enumeration value="parsing"/>

</restriction>

</simpleType>

<list itemType="mpeg7:PhonelLexiconIndexType"/>

Name

Definition

SpeakerInfolype

Speaker information for a speaker in a Spoken Content description sgheme.

ThiS 1S actually more of a collection point for information about a lattice. |t
contains a "Person DS" element representing the person who is speaking, 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 ftriple 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 phofes (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 gny size n-
gram is allowed

PhoneIndekx An Index for the phones in the lattice. The index consists of a list of phones 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

defaultLaftice The default lattice for the lattice entries-in the index. This has the samg¢ meaning
in both the word and phone indexes

phonelLexi¢onRef A reference to the phone lexicon/used by this speaker. Many speaker$ are likely
to share the same phone lexicon

wordLexicénRef A reference to the worddeXicon used by this speaker. Many speakers gre likely to
share the same word |exicon

confusionInfoRef 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 lexicon
provides the labels for the confusion information

descripti¢nMetadataRef A reférence to a DescriptionMetadataType for this speaker. It could be the
same.as that used for other speakers, or may be different

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

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

— manual. Ihe fattice s manuatty derived rather thamautormatic

— 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.
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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" type="mpeg7:unsignedl6" use="required"/>
<attribute name="lattice" type="anyURI" use="optional"/>
</ comppresefye

6.5.4.2 Semantics

Name Definition

SpokenC¢ntentIndexEntryType The format of an entry in the word or~phone index.| This is a
node/block/lattice triple

node The number of the node at which the.index key begins in a parficular block
block The number of the block containing the above node
lattice The ID of the lattice containing the above node and block. I{ omitted, the

defaultLattice attribute is used from the index

6.5.5 CopfusionCountType

6.5.5.1 Syntax

<!-- Definition of ConfusionCount header
U= A R R R R R R R R
<compllexType name="ConfusipnCountType">

<complexContent>

<elxtension base="mpeg7:HeaderType">
sequence>
<elementyname="Insertion" type="mpeg7:integerVector"/>
<elementname="Deletion" type="mpeg7:integerVector"/>
<elemefAt name="Substitution" type="mpeg7:IntegerMatrixType"/>
/ seguerice>
attpltbute name="numOfDimensions" type="positiveInteger"
use="required"/>

<l-= ####################################################################K -=>

< /extemrsTon
</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 p

rogramming) 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
numOfDimensions  The dimensionality of the vectors and matrix in the ConfusionCountType. This number
mustTorrespond o the size of the Phoe e TconType to wihich thedataappties.
Insertion A vector (of length numOfDimensions) of counts, being the number of tifnes epch phone
was inserted in sequence B.
Deletion A vector (of length numOfDimensions) of counts, being the number’of times epch phone
was deleted in sequence B.
Substitutjon A square matrix (dimension numOfDimensions) of counts, being the numbgr of times
each phone d in sequence B was substituted in place.of each phone p in seguence A.
The leading diagonal represents a phone being ‘substituted for itself, i.e.,|a correct
decoding. Each row corresponds to a p and.each column to a d, that is,|each row
represents a canonical phone and each columf_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 differept ways to calculate such probabilities ;usihg Bayesian or maximum entropy techniques.| A simple
example is presented which is based upon maximum likelihood.
Represent the¢ counts in the ConfusionCountType as follows:
— Substitufjons: Sdp is the number-of-times that phone d in sequence B was substituted for phone p in
sequence A.
— Insertionp: [, is the number’ of times that phone d was inserted in sequence B when there was| nothing in

sequenc

The following

Deletions:

b A at that poift.
Dp is(the number of times that phone p in sequence A was deleted in sequence B.

nambers can easily be calculated:

Np is th

e number of times that phone p occurs in sequence A.

there was nothing in sequence A at that point.

Assume also

The following

The unconditi

72

that sequence A is T'” phones in length, and sequence B is T phones in length.

probabilities can now be calculated:

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

I is the total number of insertions, that is, the number of times any phone appeared in sequence B where
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1,

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

P

S
The probability of confusing phone p as phone d : N—dp.

p

6.5.6 WerType, PhoneType, WordLexiconindexType and PhoneLexiconindexType

6.5.6.1 Syntax

SR 8 i A i i
<!-— Definitions of SpokenContent Word and Phone datatypes -—>
<U—— H#H#4H# 4 HH A A AR R R R ——>

<simplleType name="WordType">
<regltriction base="string"/>

</simpleType>

<simplleType name="PhoneType">
<regltriction base="string"/>

</simplleType>

<simpl
<res
</simp
<simpl
<res

eType name="WordLexiconIndexType">
triction base="mpeg7:unsigned32"/>
leType>

eType name="PhonelexiconIndexType">
triction base="mpeg7:unsignedl 64>

</simpleType>

6.5.6.2 Semantics

Name Definition

WordTypé¢ Atype definition defining what a word is. In XML, this is a string. Thie WordType
must not contain whitespace characters as this precludes the usg¢ of word N-
Grams as index keys.

PhoneType As above, but for phones. Again, just a string. The PhoneType musgt not contain

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

WordLex]1&owIndexType

An integral type representing an index into a WordLexiconType. The first 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.

© ISO/IEC 2002 — All rights reserved
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6.5.7 LexiconType

6.5.7.1  Syntax

U= HHHHHH A A A A H A A A R R R o ——>
<!-- Definition of Lexicon header -——>
V= HEHHHHH A AR H A R ——>
<complexType name="LexiconType" abstract="true">
<complexContent>
<extension base="mpeg7:HeaderType">
<attribute name="numOfOriginalEntries" type="positiveInteger"

= E 1

S pEtonat
</extension>
</comglexContent>
</complgxType>
6.5.7.2 Semantics
Name Definition
LexiconType An abstract base type representing a lexicon. \A.lexicon is a list of todens. The

tokens should be added by extension of this-type.

numOfOrig}nalEntries  The original size of the lexicon. In thecase of a word lexicon, this should be the
number of words originally known to.the ASR system, whereas the actyal size of
the lexicon need only consist of those words decoded in the lattice

6.5.8 WordLexiconType

6.5.8.1 Syntax

== HERHFHEHFFAHF AR AR AR >
<!-- Deflinition of WordLexiconh’ header ——>
O i 2 i i i b
<complexType name="WordlexiconType">

<compllexContent>
<extlension bases"mpeg7:LexiconType">
<gequence>
<!-- ThenmaxOccurs is the upper limit of WordLexiconIndexType -—>

<elemenl ‘name="Token" type="mpeg7:WordType" minOccurs="1"
maxOccurs="4294967295"/>
</lsequence>
</eytensgion>
</complexContent>
</complexType>

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 IPA based systems and everything -->
<!-- else. -—>
<resgrietion—base="NMEOKEN"

<ghumeration value="sampa"/>
<ghumeration value="ipaSymbol"/>
<ejnumeration value="ipaNumber"/>
<ghumeration value="other"/>
</restriction>
</simplleType>

6.5.9.2 Semantics

Name Definition

phoneti¢AlphabetType The name of the phonetic alphabet:

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

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

— ipaNumber.Numbers from the IPA of the form "xxx", where xx¥ is the 3 digit
IPA index.™ A phone made up from two or more such numbers should
concatenate the numbers thus: XxXxYYY. ..

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

6.5.10 PhonelLexiconType

6.5.10.1 Byntax

<D= HEHARPFHEHHH S F AR A A A A A R R >
<!-- Defiriition of Phonelexicon header -—>
S & R R AR
<complexType name="PhonelexiconType">

<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 Syntax
<U—— #HMfFAH4HHE AR H AR AR A A A A DT R R R
<!-- Deflinition of the SpokenContentLattice DS
< —— S A A A A R R R R A A G R 4
<complexType name="SpokenContentLatticeType">
<compllexContent>
<extlension base="mpeg7:AudioDSType">
<gdequence>
<element name="Block" minOccurs="1" maxOccurs="65536">
<complexType>
<sequence>

<element name="MediaTime" type=''mpeg7:MediaTimeType"/>
<element name="Node" minOccu¥xs="1" maxOccurs="65536">
<complexType>
<sequence>
<element name="WokrdLink" 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"

76

type="mpeg7:PhonelexiconIndexType"
use="required"/>
</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"/>

8-4:2002(E)

</restriction>
</simpleType>
</attribute>
</complexType>
</element>
/sequence>
</lextension>
</complexContent>
</comp|llexType>
6.5.11.2 BSemantics
Name Definition

SpokenCo¢ntentLatticeType

The main container>for the ASR information. The lattice core i
nodes and links;\* Each node contains timing information ar
contains a word or phone. The nodes are partitioned into blo
access.

5 a series of
d each link
ks to speed

Block

A SpokénContentLatticeType consists of blocks, each block
nodes: A block is defined as a lattice with an upper limit on th
nodes that it can contain. The upper limit is to enable
representation for the data types which administrate the block.

restricting the number of nodes in a block to 65536 enables the u
data type for the node number. In addition, the block represer
granularity at which to represent audio quality.

consisting of
e number of

a compact
For instance,
e of a 16 bit
ts a suitable

MediaTime

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

escription of

Node A node within the block

WordLin 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
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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 node may

laad ta A vary laran daceorintian
e C—tO—o v CryTarge-GeStrptor:

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:facilitatgs a crude
segmentation:

— unknown: No information is available.

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

— noise: The signal is known to.b@ non-speech. This may grise when
segmentation would have been-appropriate but inconvenient.

— noisySpeech: The signahis known to be speech, but with facets making
recognition difficult. Z<For instance, there could be musjc in the
background.

6.5.12 SpokenContentLinkType

6.5.12.1 Syntax

I K 1 i i i g
<!-- Deflinition of SpokenCéntentLink datatype ——>
S e i i i i i A g
<complexyType name="SpokenContentLinkType">
<attrifoute name="pxreobability" type="mpeg7:zeroToOneType" default="1.0"/>
<attrifpute name=!nedeOffset" type="mpeg7:unsignedl6" default="1"/>
</complgxType>

6.5.12.2 Semantics

Name Definition

SpokenContentLinkType 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.

Low Level

In this sense, the extraction method is highly non-normative; dis
Descriptors in this document.

tinct from the

Commercial large vocabulary speech recognition tends to be aimed at the dictation application area. The ideal
output from a user’s point of view for this area is a “best pass” — a single hypothesis about what was spoken. This
can be stored trivially as a lattice containing a single path. Some commercial recognisers also provide “word

alternative
same time

output format.

The structt
fall into thr
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— A hypothetical decoding of the phrase “Please be quite sure”. The phrases “be q

semantic knowledge

g assumption is that ASR will not provide perfect decodings within the foreseeable future.
Content DSs allow representation of various types of valuable information:

. Multiple speakers are supported. In addijtion, the DS is capable of supporting different lar
eople mixing languages during dialogue,

' The combination of words and phenes allows retrieval at different semantic levels. Simp
j over any annotation is unlikely to handle complexities such as anaphoric pronouns
, it is possible to perform, e.g-ylanaphoric resolution on the output of an ASR to produce an

stream tihat may be more readily séarched. Although storable in any scheme defined for the ASR
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ucture of Spoken Content

fure consists of a number of combined word and phone lattices. A lattice is an acyclic dire
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structure is

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)

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

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

annotation, the N-Best list is prohibitively large.
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best path phone decoding, e.g., a phonetic representation of a word

Word lattice

is not possible.

metho

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

ds or textual précis.

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

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

The particylar level of detall retained in the lattice is up to the annotator. For cases where most word

confidence
lattice with
phone latti

Figure 22 s
the small
represents

but a few have low confidence (possibly indicating OOV words) we could imagine a relati
occasional phone additions. For cases of decoding performed on low CPU mobile_dev
e may be appropriate.

hows a simple lattice structure for a single speaker. Each textual entry represents a word
ircles represent nodes. Each link between nodes has associated with it a“probability, or|
the confidence in that particular decoding (not shown). The lattice is parsed from left to rig
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6.5.13.3

<Heade
<l=-
<Wor
<T]

Tim

”_ It is assumed that the name ‘Taj Mahal’ is out of the vocabulary of the

Example

r xsi:type="SpokenContentHeaderType">
This-3s the (first) lexicon

dLexilcon id="wlZero" numOfOriginalEntries=
okérn>draw</Token>

"1000">

Y

— A lattice structure for.an hypothetical (combined phone and word) decoding of the¢ expression
“Taj Mahal drawing ...

ASR system

<T
<T
<T
<T
<T
<T
<T
</Wo
<!--
<!=--
<Pho

<T
<T

oken>drawing</Token

oken>hal</Token>

oken>in</Token>

oken>ma</Token>

oken>mar</Token>

oken>tar</Token>

oken>touch</Token>

rdLexicon>

This is an abbreviated phone set. A phone set would normally
contain more entries

nelexicon id="plZero" numOfOriginalEntries="10"

phoneticAlphabet="other">

oken>ae</Token>

oken>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">

<Ins
<Del

ertion> 10 10 10 2 50 5 5 105 10 10 </Insertion>
etion> 1 9 21 2 9 2 1 5 1 10 </Deletion>

<Sub
10

10

10

10

10

10

10

10

10

10
</Su
</Conf
<Descr
<Ins
<1

stitution 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

bstitution>

usionInfo>

iptionMetadata id="infoZero">

trument>

ocol>

<FreeTerm>Some speech recognition engine</FreeTerm>

</ITool>
<Jetting name="matchFactor" valuez"0.5"/>
</Instrument>
</DesdriptionMetadata>
<!-- Information about the person“who is speaking ——>
<SpealerInfo id="sZero" phonelexiconRef="#plZero" confusionInfoRef="4#ciZelro"
wordLexiconRef=#wlZero" descriptionMetadataRef="#infoZero"
provenance="ASRI">
<SpdkenLanguage>en-UK</SpokenLanguage>
<Peygson>
<Name>
<GivenName inithal="J">Jason</GivenName>
<GivenName, imitial="P">Peter</GivenName>
<FamilyName>Charlesworth</FamilyName>
<Titlex»Pg</Title>
</[Name>
</Pgrsonh>
<!-4 Wérd index. For example, the lattice is explicit ——>
<WordFrdes—defauttiattice=""41Ferel
<WordIndexEntry key="1">
<IndexEntry node="0" block="1" lattice="#1lZero"/>
</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"/>
PhoneLink probability="0.45" phone="4"/>
</INode>
<Njode num="1" timeOffset="21">
PhoneLink nodeOffset="2" probability="0.45" phone="0"/>
</INode>
<Nlode num="2" timeOffset="25">
PhoneLink nodeOffset="2" probability="0.45" phone="2"1>
</INode>
<Nlode num="3" timeOffset="32">
PhonelLink nodeOffset="2" probability="0.45" phone="3"/>
</INode>
<Njode num="4" timeOffset="40">
PhonelLink probability="0.45" phone="6"/>
</INode>
<Nlode num="5" timeOffset="50">
WordLink nodeOffset="2" probability="@.5" word="4"/>
WordLink nodeOffset="2" probability="0.5" word="5"/>
Phonelink probability="0.45" phoné&s"8"/>
</INode>
<Nlode num="6" timeOffset="60">
PhonelLink probability="0.45%3phone="2"/>
</INode>
<Njode num="7" timeOffset="70">
WordLink nodeOffset="3""“probability="0.5" word="2"/>
PhonelLink probabilit{"0.45" phone="5"/>
PhonelLink nodeOffs$et="2" probability="0.45" phone="1"/>
</INode>
<Nlode num="8" timeOffset="80">
PhonelLink pxebability="0.45" phone="1"/>
</INode>
<Nlode num="9"%"'timeOffset="90">
Phonel4ank probability="0.45" phone="7"/>
</Node>
</Bllockp
<!-- SfartTime="15:02:36 21-02-2000" -—>
<Bloele—rmum="H"audio="specch!' defauttSpeakerinfoRef=""Ysreraol
<MediaTime>
<MediaTimePoint>2000-02-21T15:02:36</MediaTimePoint>
</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 MelodyType

6.6.2.1  Syntax
Vo= HEHEFHH A AR A R R A >
<!-- Deflinition of Melody DS ——>
I K g
<complexyType name="MelodyType">
<compllexContent>
<exfension base="mpeg7:AudioDSType">
<sequence>
<element name="Meter" type="mpeg7:MeterType" minOccurs="0"/>
<element name="Scale" type="mpeg7:scaleType' minOccurs="0"/>
<element name="Key" type="mpeg7:KeyType" minOccurs="0"/>
<choice>
<element name="MelodyContour" type="mpeg7:MelodyContourType"/>
<element name="MelodySequence" type="mpeg7:MelodySequenceType"
minOccurs="1" maxOccurss!"unbounded" />
</choice>
</lsequence>
</extension>
</comglexContent>
</complgxType>

6.6.2.2 Semantics

Name Definition

MelodyTyp¢ A structure containing optional elements that support the description of m¢lody, and
either a compact description of melody contour or a verbose description of thg 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|which the
scale repeats

Key A container type containing degree, alteration, and mode.

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.

84 © ISO/IEC 2002 — All rights reserved


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

ISO/IEC 15938-4:2002(E)

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
SR i i A
<!l—-- clL1Nni1tlion oLl Meterl D -——>
<!-- ####################################################################k -=>
<compllexType name="MeterType'">
<complexContent>
<glxtension base="mpeg7:AudioDType">
sequence>
<element name="Numerator">
<simpleType>
<restriction base="integer">
<minInclusive value="1"/>
<maxInclusive value="128"/>
</restriction>
</simpleType>
</element>
<element name="Denominator">
<simpleType>
<restriction base="integer">
<enumeration value="1"/>
<enumeration value="2"/>
<enumeration value="4" />
<enumeration value="8%/>
<enumeration value=!16"/>
<enumeration value="32"/>
<enumeration value="64"/>
<enumeration, yalue="128"/>
</restriction>
</simpleType>
</element>
/sequence>
</lextension>
</complexContent>
</comp|lexTypeX
6.6.3.2 BSemantics
Name Defimition
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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