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9.1 Digital audio compression
adapted from Noll (2000)
Audio compression or audio coding algorithms are used to obtain compact digital representations
of high-fidelity (wideband) audio signals for the purpose of efficient transmission or storage. The
central objective in audio coding is to represent the signal with a minimum number of bits while
achieving transparent signal reproduction, i.e., generating output audio that cannot be distinguished
from the original input, even by a sensitive listener (”golden ears”).

9.1.1 Bit Rate Reduction
Typical audio signal classes are telephone speech, wideband speech, and wideband audio, all of which
differ in bandwidth, dynamic range, and in listener expectation of offered quality. The quality of
telephone-bandwidth speech is acceptable for telephony and for some video telephony and videoconferencing services. Higher bandwidths (7 kHz for wideband speech) may be necessary to improve
the intelligibility and naturalness of speech. Wideband (high fidelity) audio representation including
multi-channel audio needs bandwidths of at least 20 kHz.
The conventional digital format for these signals is PCM, with sampling rates and amplitude
resolutions (PCM bits per sample) as given in Table 9.1. The compact disc (CD) is today’s de facto
standard of digital audio representation. On a CD with its 44.1kHz sampling rate the resulting stereo
net bit rate is 2 × 44.1 × 16 × 1000 = 1.41 Mb/s. However, the CD needs a significant overhead
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for a run length-limited line code, which maps 8 information bits into 14 bits, for synchronization
and for error correction, resulting in a 49-bit representation of each 16-bit audio sample. Hence, the
total stereo bit rate is 1.41 × 49/16 = 4.32 Mb/s. For archiving and processing of audio signals,
sampling rates of at least 96 kHz and amplitude resolutions of up to 24 bit per sample are used. The
Digital Versatile Disk (DVD) with its capacity of 4.7 GB (single layer) or 8.5 GB (double layer) is the
appropriate storage medium for such applications.
Audio signal
Telephone speech
Wideband speech
Wideband audio (stereo)
CD

Frequency range
in Hz
300 -3,400
50-7,000
10-20,000
10-20,000

Sampling rate
in kHz
8
16
48
44.1

PCM
(bit/sample)
8
8
2 × 16
2 × 16

PCM bit rate
(kbit/sec)
64
128
2 × 768
2 × 705.6

Table 9.1: Basic parameters for three classes of acoustic signals.
Although high bit rate channels and networks become more easily accessible, low bit rate coding of audio signals has retained its importance. The main motivations for low bit rate coding are
the need to minimize transmission costs or to provide cost-efficient storage, the demand to transmit
over channels of limited capacity such as mobile radio channels, and to support variable-rate coding
in packet-oriented networks. For these reasons many researcher worked toward formulation of compression schemes that can satisfy simultaneously the conflicting demands of high compression ratios
and transparent reproduction quality for high-fidelity audio signals, A lossless or noiseless coding
system is able to reconstruct perfectly the samples of the original signal from the coded (compressed)
representation. In contrast, a coding scheme incapable of perfect reconstruction from the coded representation is denoted lossy.
Basic requirements of low bit rate audio coders are first, to retain a high quality of the reconstructed signal with robustness to variations in spectra and levels. In the case of stereophonic and
multi-channel signals spatial integrity is an additional dimension of quality. Second, robustness
against random and bursty channel bit errors and packet losses is required. Third, low complexity
and power consumption of the codecs are of high relevance. For example, in broadcast and playback
applications, the complexity and power consumption of audio decoders used must be low, whereas
constraints on encoder complexity are more relaxed. Additional network-related requirements are
low encoder/decoder delays, robustness against errors introduced by cascading codecs, and a graceful degradation of quality with increasing bit error rates in mobile radio and broadcast applications.
Finally, in professional applications, the coded bit streams must allow editing, fading, mixing, and
dynamic range compression.
First proposals to reduce wideband audio coding rates have followed those for speech coding.
Differences between audio and speech signals are manifold; however, audio coding implies higher
sampling rates, better amplitude resolution, higher dynamic range, larger variations in power density
spectra, stereophonic and multi-channel audio signal presentations, and, finally, higher listener expectation of quality. Indeed, the high quality of the CD with its 16-bit per sample PCM format has made
digital audio popular. Speech and audio coding are similar in that in both cases quality is based on
the properties of human auditory perception. On the other hand, speech can be coded very efficiently
because a speech production model is available, whereas nothing similar exists for audio signals.
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9.1.2 Auditory Masking and Perceptual Coding
9.1.2.1 Auditory Masking
The inner ear performs short-term critical band analyses where frequency-to-place transformations
occur along the basilar membrane. The power spectra are not represented on a linear frequency scale
but on limited frequency bands called critical bands. The auditory system can roughly be described
as a band-pass filter-bank, consisting of strongly overlapping bandpass filters with bandwidths in the
order of 50 to 100 Hz for signals below 500 Hz and up to 5000 Hz for signals at high frequencies.
Twenty-five critical bands covering frequencies of up to 20 kHz have to be taken into account.

Figure 9.1: Threshold in quiet and masking threshold. Acoustical events in the shaded areas will not
be audible.
Simultaneous masking is a frequency domain phenomenon where a low-level signal (the maskee)
can be made inaudible (masked) by a simultaneously occurring stronger signal (the masker), if masker
and maskee are close enough to each other in frequency, Such masking is greatest in the critical band
in which the masker is located, and it is effective to a lesser degree in neighboring bands. A masking
threshold can be measured below which the low-level signal will not be audible. This masked signal
can consist of low-level signal contributions, quantization noise, aliasing distortion, or transmission
errors. The masking threshold, in the context of source coding also known as threshold of just noticeable distortion (JND), varies with time. It depends on the sound pressure level (SPL), the frequency of
the masker, and on characteristics of masker and maskee. Take the example of the masking threshold
for the SPL = 60 dB narrowband masker in Fig. 9.1: around 1 kHz the four maskees will be masked as
long as their individual sound pressure levels are below the masking threshold. The slope of the masking threshold is steeper towards lower frequencies, i.e., higher frequencies are more easily masked. It
should be noted that the distance between masker and masking threshold is smaller in noise-maskingtone experiments than in tone-masking-noise experiments, i.e., noise is a better masker than a tone. In
MPEG coders both thresholds play a role in computing the masking threshold.
Without a masker, a signal is inaudible if its sound pressure level is below the threshold in quiet
which depends on frequency and covers a dynamic range of more than 60 dB as shown in the lower
curve of Figure 9.1. The quiet (absolute) threshold is well approximated by the nonlinear function
(see Fig. 9.3)
Tq (f ) = 3.64(f /1000)−0.8 − 6.5−0.6(f /1000−3.3) + 10−3 (f /1000)4 dB SPL
2
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Figure 9.2: Masking threshold and signal-to-mask ratio (SMR). Acoustical events in the shaded areas
will not be audible.
The qualitative sketch of Fig. 9.2 gives a few more details about the masking threshold: a critical band,
tones below this threshold (darker area) are masked. The distance between the level of the masker and
the masking threshold is called Signal-to-Mask Ratio (SM R). Its maximum value is at the left border
of the critical band (point A in Fig. 9.2), its minimum value occurs in the frequency range of the
masker and is around 6dB in noise-masks-tone experiments. Assume a m-bit quantization of an audio
signal. Within a critical band the quantization noise will not be audible as long as its signal to-noise
ratio SNR is higher than its SM R. Noise and signal contributions outside the particular critical band
will also be masked, although to a lesser degree, if their SPL is below the masking threshold.
Defining SN R(m) as the signal-to-noise ratio resulting from an m-bit quantization, the perceivable distortion in a given subband is measured by the Noise-to-Mask Ratio:
N M R(m) = SM R − SN R(m)

(in dB).

The noise-to-mask ratio N M R(m) describes the difference in dB between the signal-to-mask ratio
and the signal-to-noise ratio to be expected from an m-bit quantization. The N M R value is also the
difference (in dB) between the level of quantization noise and the level where a distortion may just
become audible in a given subband. Within a critical band, coding noise will not be audible as long
as N M R(m) is negative.
We have just described masking by only one masker. If the source signal consists of many simultaneous maskers, each has its own masking threshold, and a global masking threshold can be computed
that describes the threshold of just noticeable distortions as a function of frequency (see for example
Fig. 9.4).
In addition to simultaneous masking, the time domain phenomenon of temporal masking plays
an important role in human auditory perception. As shown in Fig. 9.5, masking phenomena extend
in time beyond the window of simultaneous stimulus presentation. In other words, for a masker of
finite duration, temporal masking occurs both prior to masker onset as well as after masker removal.
The skirts on both regions are schematically represented in Fig. 9.5. Essentially, absolute audibility
thresholds for masked sounds are artificially increased prior to, during, and following the occurrence
of a masking signal. It may occur when two sounds appear within a small interval of time. Depending
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Figure 9.3: The absolute threshold of hearing in quiet. Across the audio spectrum, it quantifies the
SPL required at each frequency such that an average listener will detect a pure tone stimulus in a
noiseless environment. From (Painter-Spanias 2000).

Figure 9.4: When many simultaneous maskers, each has its own masking threshold, and a global
masking threshold can be computed.
on the individual sound pressure levels, the stronger sound may mask the weaker one, even if the
maskee precedes the masker (Fig. 9.5)! Temporal masking can help to mask pre-echoes caused by
the spreading of a sudden large quantization error over the actual coding block. The duration within
which pre-masking applies is signficantly less than one tenth of that of the post-masking which is in
the order of 50 to 200 ms. Both pre-and post masking are being exploited in MPEG/Audio coding
algorithms. In Fig. 9.6 the net effect of simultaneous and temporal masking is shown.
9.1.2.2 Perceptual Coding
Digital coding at high bit rates is dominantly waveform-preserving, i.e., the amplitude vs. time waveform of the decoded signal approximates that of the input signal. The difference signal between input
and output waveform is then the basic error criterion of coder design. At lower bit rates, facts about
the production and perception of audio signals have to be included in coder design, and the error criterion has to be in favour of an output signal that is useful to the human receiver rather than favouring
an output signal that follows and preserves the input waveform. Basically, an efficient source coding algorithm will (1) remove redundant components of the source signal by exploiting correlations
between its samples and (2) remove components that are irrelevant to the ear. Irrelevancy manifests
itself as unnecessary amplitude or frequency resolution; portions of the source signal that are masked
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Figure 9.5: Temporal masking properties of the human ear. Backward (pre) masking occurs prior to
masker onset and lasts only a few milliseconds; forward (post) masking may persist for more than 100
ms after masker removal.

Figure 9.6: Net effect of simultaneous and temporal masking. Acoustical events under the surface
will not be audible.

do not need to be transmitted.
The dependence of human auditory perception on frequency and the accompanying perceptual
tolerance of errors can (and should) directly influence encoder designs; noise-shaping techniques
can emphasize coding noise in frequency bands where that noise perceptually is not important. To
this end, the noise shifting must be dynamically adapted to the actual short-term input spectrum in
accordance with the signal-to-mask ratio which can be done in different ways. However, frequency
weightings based on linear filtering, as typical in speech coding, cannot make full use of results from
psychoacoustics. Therefore, in wideband audio coding, noise-shaping parameters are dynamically
controlled in a more efficient way to exploit simultaneous masking and temporal masking.
Figure 9.7 depicts the structure of a perception-based coder that exploits auditory masking. The
encoding process is controlled by the signal to mask ratio (SMR), the ratio of short term signal power
within each frequency band and the masking threshold. From the SMR the needed amplitude resolution (and hence the bit allocation and rate) in each frequency band is derived. Moreover the number of
bits assigned to each band is adapted to short-term spectrum of the audio coding block on a block-byblock basis. Such a dynamic bit allocation is used in all recent audio coding algorithms, which assign
bits in order to maximize the overall perceptual quality. Algoritm 9.1 presents the pseudocecode for
the PerceptualCoding algorithm . Fig. 9.7 show the basic block diagram of a perceptual coding
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Figure 9.7: Block diagram of a generic perceptual coder.

Algorithm 9.1: PerceptualCoding
Data:
Result:
Use filters to divide the audio signal into frequency subbands;
Determine amount of masking for each band caused by nearby band using the psycho-acoustic
model;
if the power in a band is below masking threshold then
don’t encode it
else
determine no. of bits needed to represent the coefficient such that noise introduced by
quantization is below the masking effect (one fewer bit of quantization introduces about 6
dB of noise)
Format bitstream;

system. It consists of the following blocks:
• Filter bank. A filter bank is used to decompose the input signal into subsampled spectral
components in time frequency domain. Together with the corresponding filter in the decoder, it
forms as analysis/synthesis system.
• Perceptual model Using the time domain input signal and/or the output of the analysis filter
bank, an estimate of the actual (time frequency dependent) masking threshold is computed using
a perceptual model which implements known rules from psychoacoustics.
• Quantization and coding. The spectral components are quantized and coded with the aim of
keeping the noise, which is introduced by quantization, below the masking threshold.
• Encoding of beat stream. A beat stream formatter is used to assemble the bitstream, which
typically consists of the quantized and coded spectral components and some side information,
e.g. bit allocation information.
The decoder (Fig. 9.8) simply reverses the formatting, then reconstructs the quantized subband values,
and finally transforms the set of subband values into a time-domain audio signal.
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Figure 9.8: Block diagram of a generic perceptual decoder.

9.1.3 MPEG 1 Layer-3 coding
MPEG, a working group formally named as ISO/IEC JTC1/SC29/ WG11, but mostly known by its
nickname, Moving Pictures Experts Group (MPEG), was set up by the ISO/IEC standardization body
in 1988 to develop generic (i.e. useful for different applications) standards for the coded representation
of moving pictures, associated audio and their combination. Since then, MPEG has undertaken the
standardization of compression techniques for video and audio.
MPEG-1 Audio is an International Organization for Standardization (ISO) standard for highfidelity audio compression. It is one part of a three-part compression standard. With the other two
parts, video and systems, the composite standard addresses the compression of synchronized video
and audio at a total bit rate of roughly 1.5 megabits per second. MPEG/audio compression is lossy;
however, the MPEG algorithm can achieve transparent, perceptually lossless compression.
MPEG-1 Audio consists of three operating modes called Layers, with increasing complexity and
performance, named Layer-1, Layer-2 and Layer-3. Layer-3, with the highest complexity, was designed to provide the highest sound quality at low bit-rates (around 128 kbit/s for a typical stereo
signal). In general MP3 is appropriate for applications involving storage or transmission of mono or
stereo music or other audio signals. Since it is implemented on virtually all digital audio devices playback is always ensured. Layer-3, or as it is mostly called nowadays mp3, is the most pervasive audio
coding format for storage of music on PC platforms, and transmission of music over the Internet. Mp3
has created a new class of consumer electronics devices named after it, the mp3 player. It is found on
almost all CD and DVD players and in an increasing number of car stereo systems and home stereo
devices like networked home music servers. Additionally, Layer-3 finds wide application in satellite
digital audio broadcast and on cellular phones.

9.1.3.1 The Psychoacoustic Model
The psychoacoustic model is the key component of the MPEG encoder that enables its high performance. The job of the psychoacoustic model is to analyze the input audio signal and determine
where in the spectrum quantization noise will be masked and to what extent. The encoder uses this
information to decide how best to represent the input audio signal with its limited number of code
bits. The MPEG/audio standard provides two example implementations of the psychoacoustic model.
Algorithm 9.2 ( Determine Masking Threshold) outlines of the basic steps involved in the
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psychoacoustic calculations for either model.
Algorithm 9.2: Determine Masking Threshold
Data: a frame (1152 samples) of the input signal
Result: Compute signal-to-mask ratio (SMR) for each subband
Time align audio data. ;
Convert audio to spectral domain;
Partition spectral values into critical bands;
Separate into tonal and non-tonal components;
Apply spreading function;
Find the minimum masking threshold for each subband;
Calculate signal-to-mask ratio
1. Time align audio data - The psychoacoustic model must account for both the delay of the audio
data through the filter bank and a data offset so that the relevant data is centered within its
analysis window. For example, when using psychoacoustic model two for Layer-1, the delay
through the filter bank is 256 samples, and the offset required to center the 384 samples of a
Layer-1 frame in the 512-point psychoacoustic analysis window is (512 - 384)/2 = 64 points.
The net offset is 320 points to time align the psychoacoustic model data with the filter bank
outputs.
2. Convert audio to spectral domain - The psychoacoustic model uses a time-to-frequency mapping such as a 512-or 1,024-point Fourier trans form. A standard Hann weighting, applied to
audio data before Fourier transformation, conditions the data to reduce the edge effects of the
transform window. The model uses this separate and independent mapping instead of the filter
bank outputs because it needs finer frequency resolution to calculate the masking thresholds.
3. Partition spectral values into critical bands - To simplify the psychoacoustic calculations, the
model groups the frequency values into perceptual quanta (Fig 9.9).
4. Incorporate threshold in quiet - The model includes an empirically determined absolute masking threshold. This threshold is the lower bound for noise masking and is determined in the
absence of masking signals.
5. Separate into tonal and non-tonal components - The model must identify and separate the tonal
and noise-like components of the audio signal because the noise-masking characteristics of the
two types of signal are different.
6. Apply spreading function - The model determines the noise-masking thresholds by applying an
empirically determined masking or spreading function to the signal components.
7. Find the minimum masking threshold for each subband - The psychoacoustic model calculates
the masking thresholds with a higher-frequency resolution than provided by the filter banks.
Where the filter band is wide relative to the critical band (at the lower end of the spectrum),
the model selects the minimum of the masking thresholds covered by the filter band. Where
the filter band is narrow relative to the critical band, the model uses the average of the masking
thresholds covered by the filter band.
8. Calculate signal-to-mask ratio - The psychoacoustic model takes the minimum masking threshold and computes the signal-to-mask ratio; it then passes this value to the bit (or noise) allocation
section of the encoder.
A block scheme of the MPEG 1 Layer-3 encoder is shown in Fig. 9.10. Notice that a hybrid
filter bank is introduced to increase frequency resolution and thereby better approximate critical band
behavior. The hybrid filter bank is constructed by following each subband filter with an adaptive
Modified Digital Cosine Transform (MDCT). This practice allows for higher frequency resolution
and pre-echo control. Use of an 18-point MDCT, for example, improves frequency resolution to
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Figure 9.9: MPEG/Audio filter bandwidths versus critical bandwidths.

Figure 9.10: Block diagram of the MPEG 1 Layer-3 encoder.
41.67 Hz per spectral line. Bit allocation and quantization of the spectral lines are realized in a nested
loop procedure that uses both nonuniform quantization and Huffman coding. The inner loop adjusts
the nonuniform quantizer step sizes for each block until the number of bits required to encode the
transform components falls within the bit budget. The outer loop evaluates the quality of the coded
signal (analysis-by-synthesis) in terms of quantization noise relative to the JND thresholds.
9.1.3.2 The Problem of Stereo Coding
There are several new issues introduced when the issue of stereophonic reproduction is introduced:
• The problem of Binaural Masking Level Depression (BLMD). At lower frequencies, f < 3000
Hz, the Human Auditory System is able to take the phase of interaural signals into account.
This can lead to the case where, for instance, a noise image and a tone image can be in different
places. This can reduce the masking threshold by up to 20dB in extreme cases. BMLD can
create a situation whereby a signal that was the same as the original in a monophonic setting
sounds substantially distorted in a stereophonic setting. Two good, efficient monophonic coders
do NOT make one good efficient stereo coder.
• The problem of image distortion or elimination. In addition to BLMD issues, a signal with a
distorted high-frequency envelope may sound transparent in the monophonic case, but will not
in general provide the same imaging effects in the stereophonic case.
Both the low-frequency BLMD and the high-frequency envelope effects behave quite similarly in
terms of stereo image impairment or noise unmasking, when we consider signal envelope at high
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frequencies or waveforms themselves at low frequencies. The effect is not as strong between 500Hz
and 2 kHz.
In order to control the imaging problems in stereo signals, several methods must be used. The
MPEG/audio compression algorithm supports two types of stereo redundancy coding: intensity stereo
coding and middle/side (M/S) stereo coding. Both forms of redundancy coding exploit the above seen
perceptual weakness of the ear. Psychoacoustic results show that, within the critical bands covering
frequencies above approximately 2 kHz, the ear bases its perception of stereo imaging more on the
temporal envelope of the audio signal than its temporal fine structure. All layers support intensity
stereo coding. Layer-3 also supports M/S stereo coding.
In intensity stereo mode or MPEG-1 Layer-1,2 joint stereo mode, the encoder codes some upperfrequency filter bank outputs with a single summed signal rather than send independent codes for
left (L) and right (R) channels for each of the 32 filter bank outputs; i.e. the relative intensities of
the L and R channels are used to provide high-frequency imaging information. Usually, one signal
(L + R, typically) is sent, with two gains, one for L and one for R. The intensity stereo decoder
reconstructs the left and right channels based only on independent left-and right-channel scale factors.
With intensity stereo coding, the spectral shape of the left and right channels is the same within
each intensity-coded filter bank signal, but the magnitude is different. Intensity stereo methods do
not guarantee the preservation of the envelope of the signal for high frequencies. For lower quality
coding, intensity stereo is a useful alternative to M/S stereo coding, We may think of intensity stereo
as the coder equivalent of a pan-pot.
A psychoacoustic model that takes account of BMLD and envelope issues must be included.
BMLD is best calculated and handled in the M/S paradigm. The M/S stereo mode is mid/side, or
mono/stereo coding. It encodes the signals for left (L) and right (R) channels in certain frequency
ranges as middle (M ) and side (S) channels. where M and S are defined as:
M

= L+R

S = L−R
The normalization of 1/2 is usually done on the encoding side. In this mode, the encoder uses specially tuned techniques to further compress side-channel signal. A good stereo coder uses both M/S
and L/R coding methods, as appropriate. M/S, while very good for some signals, creates either a false
noise image or a substantial overcoding requirement for other signals. An M/S coder provides a
great deal of redundancy elimination when signals with strong central images are present, or when
signals with a strong ”surround” component are present. Finally, an M/S coder provides better signal
recovery for signals that have ”matrixed” information present, by preserving the M and S channels
preferentially to the L and R channels when one of M or S has the predominant energy.
9.1.3.3 Discussion on MPEG Layer-3
MPEG Layer-3 emerged as the main tool for Internet audio delivery. Considering the reasons, the
following factors were definitely helpful.
• Open standard MPEG is defined as an open standard. The specification is available (for a fee) to
everybody. While there are a number of patents covering MPEG Audio encoding and decoding,
all patent-holders have declared that they will license the patents on fair and reasonable terms
to everybody. Public example source code is available to help implementers to understand
the text of the specification. As the format is well defined, no problems with interoperability
of equipment or software from different vendors have been reported - except from some rare
incomplete implementations.
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• Availability of encoders and decoders DSP-based hardware and software encoders and decoders
have been available for a number of years - driven at first by the demand for professional use in
broadcasting.
• Supporting technologies While audio compression is viewed as a main enabling technology,
other evolving technologies contributed to the MP3 boom, such as: the widespread use of computer sound cards; computers becoming powerful enough to run software audio decoders and
even encoders in real-time; fast Internet access for universities and businesses; the availability
of CD-ROM and CD-Audio writers.
• Normative versus Informative A very important property of the MPEG standards is the principle
of minimizing the amount of normative elements in the standard. In the case of MPEG Audio,
this led to the fact that only the data representation, i.e. the format of the compressed audio,
and the decoder are normative. Even the decoder is not specified in a bit-exact fashion. Instead,
formulae are given for most parts of the algorithm, and compliance is defined by a maximum
deviation of the decoded signal from a reference decoder, implementing the formulae with
double-precision arithmetic accuracy. This enables decoders running both on floating-point
and fixed-point architectures. Depending on the skills of the implementers, fully-compliant
high-accuracy Layer-3 decoders can be constructed with down to 20-bit arithmetic wordlength,
without using double-precision calculations.
In short, MPEG Layer-3 had the luck to be the right technology available at the right time. In the
meantime, research on perceptual audio coding progressed, and codecs with better compression efficiency became available. Of these, MPEG-2 Advanced Audio Coding (AAC) was developed as
the successor of MPEG-1 Audio. Other - proprietary - audio coding schemes were also introduced,
claiming a higher performance than MP3.
Quality Considerations: However, the pure compliance of an encoder with an MPEG audio standard does not guarantee any quality of the compressed music. Audio quality differs between different
items, depending on basic parameters including, of course, the bit-rate of the compressed audio and
the sophistication of different encoders, even if they work with the same set of basic parameters. To
gain more insight into the level of quality possible with MP3, let us first have a look at typical artefacts
associated with perceptual audio coders.
• Common types of artefacts Unlike analogue hi-fi equipment or FM broadcasting, perceptual
encoders exhibit sound deficiencies when run at too low bit-rates or with the wrong parameters.
These so-called ”artefacts” are in most cases different from usual noise or distortion signals.
Perceptual audio coding schemes such as MPEG Layer-3 introduce an error signal that can be
described as a time-varying error at certain frequencies, which is not constrained to the harmonics of the music signal. The resulting music signal may sound: distorted, but not like harmonic
distortions; noisy, but with the noise introduced only in a certain frequency range; rough, with
the roughness often being very objectionable as the error may change its characteristics about
every 24 ms.
• Loss of bandwidth If an encoder does not find a way to encode a block of music data with the
required fidelity within the limits of the available bit-rate, it ”runs out of bits”. This may lead to
the deletion of some frequency lines, typically affecting the high-frequency content. Compared
to a constant bandwidth reduction, such an effect becomes more objectionable if the effective
bandwidth changes frame-by-frame (e.g. every 24 ms).
• Pre-echoes Pre-echoes are very common artefacts, in the case of perceptual audio coding
schemes using high-frequency resolution (see Fig. 9.11). The name ”pre-echo”, although somewhat misleading, nicely describes the artefact, which is a noise signal occurring even before the
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Figure 9.11: Pre-Echo Example: (a) Uncoded Castanets. (b) Transform Coded Castanets, 2048Point Block Size.

Figure 9.12: Changing the window length to match the signal properties of the input helps in avoiding
pre-echoes. A long window is used to maximize coding gain and achieve good channel separation
during segments identified as stationary, and a short window is used to localize time-domain artifacts
when pre-echoes are likely.

music event that causes such noise.
To understand the origin of Bitstream in pre-echoes, let us consider the decoder of a perceptual
coding system (see Fig. 9.8). The reconstructed frequency lines are combined by the synthesis
filterbank, consisting of a modulation matrix and a synthesis window. The quantization error
introduced by the encoder can be seen as a signal added to the original frequency lines, with a
length in time that is equal to the length of the synthesis window. Thus, reconstruction errors
are spread over the full window length. If the music signal contains a sudden increase in signal
energy (e.g. a castanet attack), the quantization error is increased as well. If such an attack
occurs well within the analysis window, its error signal will be spread within the full synthesis
window, preceding the actual cause for its existence in time (see Fig. 9.11). If such a pre-noise
signal extends beyond the pre-masking period of the human ear, it becomes audible and is called
pre-echo. There are a number of techniques to avoid audible pre-echoes, including changing the
window lenght (Fig. 9.12), variable bit-rate coding or a local increase in the bit-rate to reduce
the amplitude of the pre-echo. In general, these artefacts belong to the most difficult to avoid
category.
• Roughness, double-speak Especially at low bit-rates and low sampling frequencies, there is a
mismatch between time resolution of the coder and the time structure of some signals. This
effect is most noticeable on speech signals and when listening via headphones. As a single
voice tends to sound like it has been recorded twice and then overlaid, this effect is sometimes
called double-speak.
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Using Perceptual Audio Coding: Perceptual audio coding is intended for final delivery applications. It is not advisable for principle recording of signals, or in cases where the signal will be
processed heavily after the coding is applied. Perceptual audio coding is applicable where the signal
will not be reprocessed, equalized, or otherwise modified before the final delivery to the consumer. If
we are in a situation where we must do multiple encodings, we should avoid it to the extent possible
and use a high bit rate for all but the final delivery bitstream. Finally, perceptual coding of audio is a
very powerful technique for the final delivery of audio signals in situations where the delivery bit rate
is limited, and/or when the storage space is small.

9.2 MIDI representation of music
Music is widely used in multimedia applications, so we require a media type for music to focus on the
computers musical capabilities. We can distinguish two kinds of music representation, i.e. Operational
vs. Symbolic. Operational representations specify exact timings for music and physical descriptions
of the sounds to be produced, while symbolic representations use descriptive symbolism to describe
the form of the music and allow great freedom in the interpretation. Both types are described as
structural representations, since instead of representing music by audio samples there is information
about the internal structure of the music
To illustrate the structural representations, we present MIDI, a widely used protocol allowing the
connection of computers and musical equipment, an operational representation. The original Musical
Instrument Digital Interface (MIDI) specification defined a physical connector and message format
for connecting devices and controlling them in ”real time”. A few years later Standard MIDI Files
were developed as a storage format so performance information could be recalled at a later date. The
three parts of MIDI are often just referred to as ”MIDI”, even though they are distinctly different parts
with different characteristics. Almost all recordings today uses MIDI as a key enabling technology
for recording music. MIDI is also used in live performances to control stage lights and effects pedals.
The MIDI Message specification (or ”MIDI Protocol”) is probably the most important part of
MIDI. Though originally intended just for use with the MIDI DIN transport as a means to connect
two keyboards, MIDI messages are now used inside computers and cell phones to generate music, and
transported over any number of professional and consumer interfaces (USB, FireWire, etc.) to a wide
variety of MIDI-equipped devices. There are different message groups for different applications, only
some of which will be explained here.
The final part of MIDI is the Standard MIDI File (and variants), which is used to distribute music
playable on MIDI players of both the hardware and software variety. All popular computer platforms
can play MIDI files (*.mid) and there are thousands of web sites offering files for sale or even for
free. Anyone can make a MIDI file using commercial (or free) software that is readily available, and
many people do, with a wide variety of results. The quality of a specific MIDI file can depend on
how well it was created, and how accurately the synthesizer plays the file: not all synthesizers are the
same, and unless the one used for listening at is similar to that of the file composer, what is heard may
not be at all what he or she intended.

9.2.1 MIDI Messages
MIDI started out as a music description language in digital (binary) form. It was designed for use with
keyboard-based musical instruments, so the message structure is oriented to performance events, such
as picking a note and then striking it, or setting typical parameters available on electronic keyboards.
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MIDI messages are used by MIDI devices to communicate with each other (Fig. 9.13). Every MIDI
connection is a one-way connection from the MIDI Out connector of the sending device to the MIDI
In connector of the receiving device. Each such connection can carry a stream of MIDI messages,
with most messages representing a common musical performance event or gesture. All of those
messages include channel number. There are 16 possible channels in the protocol. The channels
are used to separate ”voices” or ”instruments”, somewhat like tracks in a multi-track mixer. The
ability to multiplex 16 channels onto a single wire makes it possible to control several instruments
at once using a single MIDI connection. When a MIDI instrument is capable of producing several
independent sounds simultaneously (a multitimbral instrument), MIDI channels are used to address
these sections independently. This should not be confused with ”polyphonic”; the ability to play
several notes simultaneously in the same ”voice”.

Figure 9.13: Example of a connection of MIDI devices.

Figure 9.14: Midi messages.
MIDI specifies asynchronous serial communication using current-loop signalling at 31.25 Kbit/sec.
There is 1 start bit, 8 data bits, and 1 stop bit; thus, each data byte takes 10 serial bits, and is sent in
320 microseconds (Fig. 9.14). Since the majority of MIDI messages need three bytes, only about a
thousand messages per second can be transmitted.
A MIDI message can consist of from one to several thousand bytes of data. The receiving instrument knows how many bytes to expect from the value of the first byte of the message. This byte is
known as the status byte, the others are data bytes. Status bytes always have the most significant bit
equal to 1 and it is used to inform the receiver as to what to do with incoming data. Many of the commands include the channel number (0-15) as the 4 low-order bits of the status byte. The 3 remaining
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bits identify the message. The most significant bit of data byte is set to 0 and thus actual data values
are limited to numbers less than 128. This restricts many things in the MIDI universe, such as the
number of presets.
There are a number of different types of MIDI messages. At the highest level, MIDI messages are
classified as being either Channel Messages or System Messages. Channel messages are those which
apply to a specific Channel, and the Channel number is included in the status byte for these messages.
System messages are not Channel specific, and no Channel number is indicated in their status bytes.

Figure 9.15: Organization of MIDI messages.

9.2.1.1 Channel messages
Channel Messages may be further classified as being either Channel Voice Messages, or Mode Messages. Channel Voice Messages carry musical performance data, and these messages comprise most
of the traffic in a typical MIDI data stream. The messages in this category are the Note On, Note Off,
Polyphonic Key Pressure, Channel Pressure, Pitch Bend Change, Program Change, and the Control
Change messages. Channel Mode messages affect the way a receiving instrument will respond to the
Channel Voice messages.
Voice Message
Note off
Note on
Polyphonic Key Press.
Control Change
Program Change
Channel Pressure
Pitch Bend

Status Byte
0x8c
0x9c
0xAc
0xBc
0xCc
0xDc
0xEc

Mess. size
2
2
2
2
1
1
2

Data Byte1
Key number
Key number
Key number
Controller
Program num.
Pressure val.
bend LSB

Data Byte2
Note Off velocity
Note On velocity
Amount of pressure
Controller value
—
—
bend MSB

Table 9.2: MIDI channel voice messages: c indicates the channel number.

Note On and Note Off In MIDI systems, the activation of a particular note and the release of
the same note are considered as two separate events. When a key is pressed on a MIDI keyboard
instrument or MIDI keyboard controller, the keyboard sends a Note On message on the MIDI OUT
port. The keyboard may be set to transmit on any one of the sixteen logical MIDI channels, and the
status byte (0x9c) for the Note On message will indicate the selected Channel number c. The Note On
status byte is followed by two data bytes, which specify note number (indicating which note was
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pressed) and key velocity (how hard the key was pressed). The note number is used in the receiving
synthesizer to select which note should be played, and the velocity is normally used to control the
amplitude of the note. The note numbers start with 0 representing the lowest C. Middle C is note
number 60. So, a MIDI note number of 69 is used for A440 tuning (i.e. the A note above middle C).
For example to play note number 80 (= 0x50) with maximum velocity 127 (= 0x7F) on channel 14 (=
0xD), the MIDI device would send these three hexadecimal byte values: 0x9D 0x50 0x7F.
A tone with note number (MIDI pitch) p has frequency
f = 440 × 2(p−69)/12 Hz = 440 × sp−69 Hz
and a note with frequency f Hz has MIDI pitch
p = 69 + 12 log2 (f /440)
√
where s = 12 2 ≈ 1.059 is the semitone frequency ratio. Notice that frequencies, that are not in the
tempered musical scale, can not be represented directly in MIDI.
When the key is released, the keyboard instrument or controller will send a Note Off message
(status byte 0x8c). The Note Off message also includes data bytes for the note number and for the
velocity with which the key was released. The Note Off velocity information is normally ignored. A
velocity of zero in a Note On event is a Note Off event. This manner of thinking, requiring separate
actions to start and stop a note, greatly simplifies the design of receiving instruments (the synthesizer
does not have to keep time). Note Off is actually not used very much. Instead, MIDI allows for a
shorthand, known as running status: a MIDI message can be sent without its Status byte (i.e., just its
data bytes are sent) as long as the previous, transmitted message had the same Status.
Controllers with continuous values
Aftertouch. Some MIDI keyboard instruments have the ability to sense the amount of pressure
which is being applied to the keys while they are depressed. This pressure information, commonly
called ”aftertouch”, may be used to control some aspects of the sound produced by the synthesizer (vibrato, for example). If the keyboard has a pressure sensor for each key, then the resulting ”polyphonic
aftertouch” information would be sent in the form of Polyphonic Key Pressure messages (0xAc).
These messages include separate data bytes for key number and pressure amount.
It is currently more common for keyboard instruments to sense only a single pressure level for the
entire keyboard. This ”Channel aftertouch” information is sent using the Channel Pressure message
(0xDc), which needs only one data byte to specify the pressure value. Since the musician can be
continually varying his pressure, devices that generate Polyphonic Key Pressure and Channel Pressure
typically send out many such messages while the musician is varying his pressure.
Pitch Bend. The Pitch Bend Change message (0xEc) is normally sent from a keyboard instrument
in response to changes in position of the pitch bend wheel. The pitch bend information is used to
modify the pitch of sounds being played on a given Channel. The Pitch Bend message includes two
data bytes to specify the pitch bend value. Two bytes are required to allow fine enough resolution to
make pitch changes resulting from movement of the pitch bend wheel seem to occur in a continuous
manner rather than in steps.
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Control Change There is a group of commands called Control Changes (0xBc), that set a particular controller’s value. A controller is any switch, slider, knob, etc, that implements some function
(usually) other than sounding or stopping notes. Each command has two parts, defining which control
to change and what to change it to. Controllers are numbered from 0 to 121, and some of them have
defined purposes; e.g. control n. 1 = Modulation wheel; 2 = Breath controller; 4 = Foot controller,
etc. The values 122-127 are reserved for special mode messages which affect the way a synthesizer
responds to MIDI data. A controller usually has a single data byte, giving a range of 0-127 as the
value. This is rather coarse, so the controllers from 32 to 63 are reserved to give extra precision to
those assigned from 0 to 31.
Program Change The sound of a synthesizer is determined by the connections between the modules and settings of the module controls. Very few current models allow repatching of the digital
subroutines that substitute for modules, but they have hundreds of controls to set. The settings are just
numbers, and are stored in the synthesizer memory. A particular group of settings is called a Patch,
Preset, Voice, or Tone for different brands, but the official word is program. The Program Change
message (0xBc) is used to specify the program (type of instrument) which should be used to play
sounds on a given Channel. This message needs only one data byte which specifies the new program
number.
9.2.1.2 System Messages
The preceding messages are Channel Voice Messages which apply only to instruments set to the
specified channel. System Messages apply to all machines and carry information that is not channel
specific, such as timing signal for synchronization, positioning information in pre-recorded MIDI
sequences, and detailed setup information for the destination device.
System Real-Time Message
Timing Clock
Start Sequence
Continue Sequence
Stop Sequence
Active Sensing
System Reset

Status Byte
0xF8
0xFA
0xFB
0xFC
0xFE
0xFF

Table 9.3: MIDI System Real-Time Messages.
System Real Time messages are used to synchronize all of the MIDI clock-based equipment within
a system, such as sequencers and drum machines. To help ensure accurate timing, System Real Time
messages are given priority over other messages. The System Real Time messages are the Timing
Clock, Start, Continue, Stop, Active Sensing, and the System Reset message. The Timing Clock
message is the master clock which sets the tempo for playback of a sequence. The Timing Clock
message is sent 24 times per quarter note. The Start, Continue, and Stop messages are used to control
playback of the sequence. The Active Sensing signal is used to help eliminate ”stuck notes” which
may occur if a MIDI cable is disconnected during playback of a MIDI sequence.
System common messages which are currently defined include: the MIDI Timing Code (0xF1),
used for synchronization of MIDI equipment and other equipment such as audio or video tape machines; The Song Select message (0xF3), used with MIDI equipment, such as sequencers or drum
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System Common Message
MIDI Timing Code
Song Position Pointer
Song Select
Tune Request

Status Byte
0XF1
0XF2
0XF3
0XF6

Number of Data Bytes
1
2
1
None

Table 9.4: MIDI System Common Messages.
machines, which can store and recall a number of different songs; the Song Position Pointer (0xF3),
used to set a sequencer to start playback of a song at some point other than at the beginning; the Song
Position Pointer (0xF2) followed by 2 data bytes containing a value related to the number of MIDI
clocks which would have elapsed between the beginning of the song and the desired point in the song.
System exclusive messages are related to things that cannot be standardized and addition to the
original MIDI specification. It is just a stream of bytes, all with their high bits set to 0, bracketed by a
pair of system exclusive start and end messages (0xF0 and 0xF7). System Exclusive messages may be
used to send data such as patch parameters or sample data between MIDI devices. Manufacturers of
MIDI equipment may define their own formats for System Exclusive data. Manufacturers are granted
unique identification (ID) which is included as part of the System Exclusive message.
A Simple MIDI Stream The hexadecimal bytes in Table 9.5 are a simple, typical stream of MIDI
data. Each message must be sent at the real-time that the synthesizer is supposed to perform the action.
Sophisticated sequencers will send the message slightly ahead of time to account for the duration of
the message – one third of a millisecond per byte – and the response time of the particular synthesizer
– perhaps several milliseconds. The perceptual improvement of accuracy under 5 or 10 milliseconds,
to the untrained listener, is questionable.

9.2.2 MIDI files
9.2.2.1 Standard MIDI Files
When MIDI messages are stored on disks, they are commonly saved in the Standard MIDI file (SMF)
format, which is slightly different from native MIDI protocol, because the events are also timestamped for playback in the proper sequence. Music delivered by MIDI files is the most common
use of MIDI today. Just about every personal computer is now equipped to play Standard MIDI files.
One reason for the popularity of MIDI files is that, unlike digital audio files (.wav, .aiff, etc.) or even
compact discs or cassettes, a MIDI file does not need to capture and store actual sounds. Instead,
the MIDI file can be just a list of events which describe the specific steps that a soundcard or other
playback device must take to generate certain sounds. This way, MIDI files are very much smaller
than digital audio files, and the events are also editable, allowing the music to be rearranged, edited,
even composed interactively, if desired.
MIDI files are typically created using desktop/laptop computer-based sequencing software (or
sometimes a hardware-based MIDI instrument or workstation) that organizes MIDI messages into
one or more parallel ”tracks” for independent recording and editing. In most but not all sequencers,
each track is assigned to a specific MIDI channel and/or a specific General MIDI instrument patch.
An SMF consists of one header chunk and one or more track chunks. There are three SMF formats;
the format is encoded in the file header. Format 0 contains a single track and represents a single song
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MIDI bytes
90 3C 40
43 40

B9 07 33
B3 07 10

90 3C 00
80 43 64

Description
Play middle C (note number 60, hexadecimal 3C) on channel 1 (the zero nibble
of 90), at half the full velocity (velocity 64, hexadecimal 40).
Play note G above middle C (note number 67, hexadecimal 43) at velocity 64.
Note that the status byte of 90 from the first message is still in effect, and did
not have to be resent.
Change the volume of MIDI channel 10 to 51 (hexadecimal 33). The MIDI
volume controller number is 7.
Change the volume of MIDI channel 8 to 16 (hexadecimal 10). Since the
channel number is different than the previous message, running status could
not be used.
Stop playing middle C on channel 1. The last byte of zero indicates a ”key
down velocity of 0” which indicates a ”note-off” event.
Stop playing the G above middle C (key number 67, hexadecimal 43). The key
is released with a velocity of 64. Since very few, if any, synthesizers implement
an interpretation of the note-off volume, this message is generally equivalent
to 90 43 00.
Table 9.5: Example of a simple MIDI stream.

performance. Format 1 may contain any number of tracks, enabling preservation of the sequencer
track structure, and also represents a single song performance. Format 2 may have any number of
tracks, each representing a separate song performance.
Many values are stored in a variable-length format which may use one or more bytes per value.
Variable-length values use the lower 7 bits of a byte for data and the top bit to signal a following data
byte. If the top bit is set to 1, then another value byte follows. Table 9.6 presents some examples to
help demonstrate how variable length values are used.
Value
Hex Bin
00
0000 0000
48
0100 1000
7F
0111 1111
80
1000 0000
C8
1100 1000

Variable length
Hex
Bin
00
0000 0000
48
0100 1000
7F
0111 1111
81 00 1000 0001 0000 0000
81 48 1000 0001 0100 1000

Table 9.6: Examples of values and their variable-length equivalents.
Track events are used to describe all of the musical content of a MIDI file, from tempo changes
to sequence and track titles to individual music events. Each event includes a delta time, event type
and usually some event type specific data. The event delta time is defined by a variable-length value.
It determines when an event should be played relative to the track’s last event. A delta time of 0
means that it should play simultaneously with the last event. A track’s first event delta time defines
the amount of time to wait before playing this first event. Events unaffected by time are still preceded
by a delta time, but should always use a value of 0 and come first in the stream of track events.
This book is licensed under the CreativeCommons Attribution-NonCommercial-ShareAlike 3.0 license,
c
⃝2005-2012
by the authors except for paragraphs labeled as adapted from <reference>

9-21

Chapter 9. Standards for audio and music representation

Examples of this type of event include track titles and copyright information. The most important
thing to remember about delta times is that they are relative values, not absolute times. The actual
time they represent is determined by a couple factors: the time division (defined in the MIDI header
chunk) and the tempo (defined with a track event). If no tempo is defined, 120 beats per minute is
assumed.
There are three types of events: MIDI Channel Events, System Exclusive Events and Meta Events.
The first two types are represented as explained in the previous section. Meta Events include specifications for tempo, time and key signature, lyrics, sequence and track numbers, score markers, copyright
notice.
As an example, MIDI Files for the following excerpt are shown in Table 9.7. A format 0 file is
used, with all information intermingled. A resolution of 96 ticks per quarter note is used. A time
signature of 4/4 and a tempo of 120, though implied, are explicitly stated.
Delta Time
(decimal)
0

Event Code
(hex)
FF 58

Other Bytes
(decimal)
04 04 02 24 08

0
0
0
0
0
0
0
96
96
192
0
0
0
0

FF 51
C0
C0
C1
C2
92
92
91
90
82
82
81
80
FF 2F

03 500000
5
5
46
70
48 96
60 96
67 64
76 32
48 64
60 64
67 64
76 64
00

Comment
4 bytes:
4/4 time, 24 MIDI
clocks/click, 8 32nd notes/24 MIDI
clocks
3 bytes: 500,000 5sec per quarter-note
Ch. 1, Program Change 5
Ch. 1, Program Change 5
Ch. 2, Program Change 46
Ch. 3, Program Change 70
Ch. 3 Note On C2, forte
Ch. 3 Note On C3, forte
Ch. 2 Note On G3, mezzo-forte
Ch. 1 Note On E4, piano
Ch. 3 Note Off C2, standard
Ch. 3 Note Off C3, standard
Ch. 2 Note Off G3, standard
Ch. 1 Note Off E4, standard
Track End

Table 9.7: Examples of midi file events.

9.2.2.2 General MIDI
General MIDI (GM) is a response to a problem that arose with the popularity of the Standard MIDI
file. As composers began exchanging compositions (and selling them) in SMF format, they discovered
that pieces would change when played on different synthesizers. That’s because the MIDI program
commands simply provide a number for a preset. What sound you get on preset four is anybody’s
guess.
General MIDI is a specification for synthesizers which imposes several requirements beyond the
more abstract MIDI standard. While MIDI itself provides a protocol which ensures that different
instruments can interoperate at a fundamental level (e.g. that pressing keys on a MIDI keyboard
will cause an attached MIDI sound module to play musical notes), GM goes further in two ways: it
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requires that all GM-compatible instruments meet a certain minimal set of features, such as being able
to play at least 24 notes simultaneously (polyphony), and it attaches certain interpretations to many
parameters and control messages which were left unspecified in MIDI.
The Instrument patch map is a standard program list consisting of 128 patch types. The patches
are arranged into 16 ”families” of instruments, with each family containing 8 instruments. Program
numbers 1-8 are piano sounds, 9-16 are chromatic percussion sounds, 17-24 are organ sounds, 25-32
are guitar sounds, etc.. For example among the 8 instruments within the Reed family, you will find
Saxophone, Oboe, and Clarinet. Channel 10 is reserved for percussion under GM; this channel always
sounds as percussion regardless of whatever program change numbers it may be sent, and different
note numbers are interpreted as different instruments.
The Percussion map specifies 47 percussion sounds, e.g. A note-on with note number 402 will
trigger a Electric Snare. Note that GM specifies which instrument or sound corresponds with each
program/patch number, but it does not specify how these sounds are produced. Thus for example a
Clarinet sound on two GM synthesizers which use different synthesis techniques may sound quite
different. GM also specifies which operations should be performed by several controllers.
GM Standard makes it easy for musicians to put Program Change messages in their MIDI (sequencer) song files, confident that those messages will select the correct instruments on all GM sound
modules, and the song file would therefore play all of the correct instrumentation automatically. Finally, musicians didn’t have to worry that a snare drum part, for example, would be played back on
a Cymbal. All of these standards help to ensure that MIDI Files play back properly upon setups of
various equipment. GM is most important in the soundcards that plug into PCs. These allow game
programmers to create MIDI based scores instead of including recorded sounds for the music cuts.
On the other hand it greatly limits the possible freedom of the composer.
9.2.2.3 MIDI Timing
Any MIDI device which records data (e.g. a sequencer) needs timing information so that the data can
be replayed at the correct rate. Those MIDI devices which do not record data (e.g. synthesizers and
effects units) do not use timing information. Timing information can be transferred between MIDI
devices via the MIDI link. There is no need for separate synchronization connections. MIDI provides
two ways to count time: via MIDI Clock messages or via MIDI Timecode.
MIDI Clock signals are not simple pulses. Each clock message is a single byte. Clock messages
are sent at the rate of 6 per semiquaver (a semiquaver = ”sixteenth note” ), i.e. a rate of 24 per quarter
note. So, a MIDI sequencer refers to a position in a sequence of events in terms of musical divisions
such as beats and bars. The MIDI beat does not therefore occupy a fixed amount of time. Its duration
depends on the speed (”tempo”) of the music.
This is in contrast with SMPTE timecode where the timing information relates to absolute time
(measured in hours, minutes, seconds, frames). Both methods of determining position are useful in
their respective applications but in the modern studio it is necessary to reconcile the two. Nowadays
recording studios integrate MIDI systems and audio recording systems. This integration is achieved
by relating MIDI timing data to timecode recorded onto tape.
MIDI timecode (MTC) were introduced as a way of converting SMPTE timecode into MIDI messages. MTC generates absolute time signals that synchronize SMPTE with MIDI devices. There are
two kinds of MTC message: quarter-frame messages, which update the receiving device regularly
when the transmitting device is running at normal speed, and full-frame messages are used during
spooling, when updating at the quarter-frame rate would result in an excessive rate of data transmission. Timing information received from a tape recorder using conventional timecode (SMPTE or
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EBU) is thus distributed as MIDI timecode (MTC) around a MIDI system.
In addition to the synchronization of tape recorders and sequencers, MTC is increasingly being
used in a variety of automated equipment. Mixing console automation is currently resulting in interesting developments in the integration of mixer control and MIDI sequencing. MTC can be used to
control channel routing and muting, leaving the engineer free to experiment with levels, EQ, panning
etc. A number of mixer settings can be prepared in advance away from the mixing console (prepared
”off-line”).

9.2.3 Discussion on MIDI representation
9.2.3.1 MIDI limitations
While MIDI performance capabilities has been a great boom for computer music software applications
since 1984, it has limitations when compared to replicating authentic sounding real-time live musical
performances.
Bandwidth limitations. MIDI messages are extremely compact, due to the low bandwidth of
the connection, and the need for real-time accuracy. However, the serial nature of MIDI messages
means that long strings of MIDI messages take an appreciable time to send, at times even causing
audible delays, especially when dealing with dense musical information or when many channels are
particularly active. Notice that every Note On messages takes about 1 ms to transmit. The protocol
was designed to record the keyboard performances of one to four human keyboard players without
much continuous controller manipulation. The bandwidth can be overwhelmed by a single virtuoso.
Performance nuances limitation. MIDI measures many variables between 0-127 (not note placement.). So the velocity of a kick drum is always between 0-127 which might not seem like a big deal
but if you emulating real instruments something closer to infinity is necessary. Interpretative ingredients of music performances can not be easily included or controlled in MIDI files unless done with
individual adjustments made to every note. Such a process is not practical because it is so time consuming with the specific attention directed to single notes with regards to attack, delay, sustaining,
vibrato, pulse and other creative performance elements. Consequently, MIDI file performances can
easily sound contrived, predictable musical expressiveness or mechanical rather than like live performances where the individual musical nuances are created for particular interpretations.
Music representation limitations. A more fundamental constraint of MIDI is its concept of
music embodied in its design. It is biased toward popular songs (metered, in equal temperament)
as played on a musical keyboard. Moreover MIDI lacks of representation of timbre. General MIDI
mode table was designed for home entertainment and not for professional musicians: it includes only
a tiny fractions of the timbres possible in computer music. MIDI concept of pitch is based on equal
temperament. It is possible to detune a pitch with a Pitch Bend message, but it is a global operation
applying to all notes on a channel. One of the justification of computer music is the ability to go
beyond the pitch, timing and timbre limitations of traditional instruments.
9.2.3.2 Operation on music
In considering music representation, we can recognize several advantages over audio: music representation will be more compact than audio; it is portable and can be synthesized with the fidelity and
complexity appropriate to the output devices used; while digital audio suffers from inherent noise,
musical representations are noise free; many operations can be performed on music that would be
infeasible or require extensive processing on audio.
This book is licensed under the CreativeCommons Attribution-NonCommercial-ShareAlike 3.0 license,
c
⃝2005-2012
by the authors except for paragraphs labeled as adapted from <reference>

9-24

Algorithms for Sound and Music Computing [v.April 30, 2012]

• Playback and Synthesis. During audio playback, the listener has limited influence over the
musical aspects of the performance, beyond changing the volume or processing the audio in
some way. If music is produced by synthesis from a structural representation the listener can
independently change pitch and tempo, increase or decrease individual instruments volumes or
change the sounds they produce. Musical representations offer greater potential for interactivity
than audio
• Timing. Structural representation makes timing of musical events explicit. The ability to modify
tempo makes it possible to alter the timing of groups of musical events and adjust the synchronization of those events with other events (film, video, etc.)
• Editing and Composition. Basic editing allows the user to modify primitive events and notes;
more complex editing operations operate on musical aggregates (chords, bars, etc.) to permit
phrase-repetition, melody replacement and other such functions. Composition software simplifies the task of generating and combining or rearranging tracks, and prints the score
MIDI sequence editing A sequencer is a multitrack recorder for MIDI information. It allows you
to record, overdub, and edit MIDI performances on different channels and play them back simultaneously, triggering sounds from your MIDI instrument. Sequencers are often included in many of
today’s keyboards, but the most popular way to record MIDI is by using computer-based sequencing
software.
In addition to channels, MIDI sequencers use tracks and patterns as organizing concept. Tracks
are arbitrary units of musical organization in a sequencer. It may refers to separate recording versions
of a musical line, with the idea of selecting one track for the final mix at a later stage. Another way is
refers to different layers of a composition, such as a track for each synthesizer voice, separate tracks
for each controller etc..
Pattern orientation means that the data can be broken into subsequences within a sequence. A
pattern can be looped, played back in combination with other patterns. Moreover a composer can add,
delete, transpose or transform a pattern The same as note events.
For editing purposes, MIDI information can be displayed in several representations. An event
list represent MIDI data in an alphanumeric listing, sorted in time order. It is used to fine tuning a
sequence. In Piano roll representation, individual notes are laid down vertically, while the start time
and duration of events are encoded as a horizontal line (Fig. 9.16). Some sequencers can display
MIDI data into a form of common music notation. To this purpose metronome information is useful
and time quantization is necessary to take into account performer’s deviations from exact metrical
time.

9.3 MusicXML: a music interchange file format
MusicXML is a music interchange format designed for notation, analysis, retrieval, and performance
applications. The MusicXML format has been developed by Recordare. It is open for use by anyone under a royalty-free license. It actually constitutes the most promising solution for music score
interchange. MusicXML was designed from the ground up for sharing sheet music files between applications, and for archiving sheet music files for use in the future. You can count on MusicXML files
being readable and usable by a wide range of music notation applications, now and in the future. MusicXML complements the native file formats used by Finale and other programs, which are designed
for rapid, interactive use. Just as MP3 files have become synonymous with sharing recorded music,
MusicXML files have become the standard for sharing interactive sheet music.
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Figure 9.16: Piano roll representation of Midi data.
The goals of MusicXML approach are:
• A universal translator for common Western musical notation
• Supports notation, analysis, information retrieval, and performance applications
• Augments, but does not replace, specialized proprietary formats
• Adequate, not optimal, for diverse music applications
MusicXML is based on XML. Using XML frees users and developers from worrying about the
basic syntax of the language, instead letting us worry about the semantics - what to represent, versus
the syntax of how to represent it. Similarly, there is no need to write a low-level parser to read the
language: XML parsers exist everywhere. Basing a music interchange language on XML lets music
software, a relatively small community, leverage the investment in tools made by much larger markets
such as electronic commerce.

9.3.1 MusicXML structure
Say we have a piece of music for two or more people to play. It has multiple parts, one per player,
and multiple measures. XML represents data in a hierarchy, but musical scores are more like a lattice.
How do we reconcile this? Should the horizontal organization of musical parts be primary, or should
the vertical organization of musical measures (Fig. 9.17 )? The answer is different for every music
application.
MusicXML allows both views and the possibility of switching between them easily. This is why
MusicXML has two different top-level DTDs, each with its own root element. If you use the partwise
DTD, the root element is <score-partwise>. The musical part is primary, and measures are
contained within each part. If you use the timewise DTD, the root element is <score-timewise>.
The measure is primary, and musical parts are contained within each measure. The MusicXML XSD
includes both of the top-level document elements in a single XSD file.
The MusicXML score structure of part-wise organization is shown if Fig. 9.18. This is the most
common organization. Each part listed serially. A part consists of measures and the measures contain
• <note>s (items with duration) and
• <attribute>s (items without duration such as clef, time signature, key signature, etc.)
This book is licensed under the CreativeCommons Attribution-NonCommercial-ShareAlike 3.0 license,
c
⃝2005-2012
by the authors except for paragraphs labeled as adapted from <reference>

9-26

Algorithms for Sound and Music Computing [v.April 30, 2012]

(a)

(b)

Figure 9.17: Partwise (a) and timewise (b) score organization.

Figure 9.18: The partwise organozation of a score in MusicXML. Each part listed serially. A part
consists of measures and the measures contain notes and attributes.

• <direction>s (dynamics)
• <sound/> (tempo)

Figure 9.19: Example of note element.
An example of note element is shown in Fig. 9.19
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9.3.2 MusicXML: a simple example
Brian Kernighan and Dennis Ritchie popularized the practice of writing a program that prints the
words ”hello, world” as the first program to write when learning a new programming language. It is
the minimal program that tests how to build a program and display its results.
In MusicXML1 , a song with the lyrics ”hello, world” is actually more complicated than we need
for a simple MusicXML file. Let us keep things even simpler: a one-measure piece of music that
contains a whole note on middle C, based in 4/4 time:

Figure 9.20: A one-measure piece of music that contains a whole note on middle C, based in 4/4 time.
Here it is in MusicXML:
<?xml version="1.0" encoding="UTF-8" standalone="no"?>
<!DOCTYPE score-partwise PUBLIC
"-//Recordare//DTD MusicXML 3.0 Partwise//EN"
"http://www.musicxml.org/dtds/partwise.dtd">
<score-partwise version="3.0">
<part-list>
<score-part id="P1">
<part-name>Music</part-name>
</score-part>
</part-list>
<part id="P1">
<measure number="1">
<attributes>
<divisions>1</divisions>
<key>
<fifths>0</fifths>
</key>
<time>
<beats>4</beats>
<beat-type>4</beat-type>
</time>
<clef>
<sign>G</sign>
<line>2</line>
</clef>
</attributes>
<note>
<pitch>
1

from http://www.makemusic.com/musicxml/tutorial/hello-world
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<step>C</step>
<octave>4</octave>
</pitch>
<duration>4</duration>
<type>whole</type>
</note>
</measure>
</part>
</score-partwise>
Let’s look at each part in turn:
<?xml version="1.0" encoding="UTF-8" standalone="no"?>
This is the XML declaration required of all XML documents. We have specified that the characters
are written in the Unicode encoding ”UTF-8”. This is the version of Unicode that has ASCII as a
subset. Setting the value of standalone to ”no” means that we are defining the document with an
external definition in another file.
<!DOCTYPE score-partwise PUBLIC
"-//Recordare//DTD MusicXML 3.0 Partwise//EN"
"http://www.musicxml.org/dtds/partwise.dtd">
This is where we say that we are using MusicXML, specifically a partwise score where measures are
contained within parts. We use a PUBLIC declaration including an Internet location for the DTD. The
URL in this declaration is just for reference. Most applications that read MusicXML files will want
to install a local copy of the MusicXML DTDs on the users machine. Use the entity resolver in your
XML parser to validate against the local copy, rather than reading the DTDs slowly over the network.
If your application wants to validate against the MusicXML XSD rather than a DTD, you can
use an entity resolver in your XML parser to do this. When writing MusicXML files, writing the
DOCTYPE makes it easier for all applications - DTD or XSD based - to validate MusicXML files.
<score-partwise version="3.0">
This is the root document type. The ¡score-partwise¿ element is made up of parts, where each part is
made up of measures. There is also a ¡score-timewise¿ option which is made up of measures, where
each measure is made up of parts. The version attribute lets programs distinguish what version of
MusicXML is being used more easily. Leave it out if you are writing MusicXML 1.0 files.
<part-list>
<score-part id="P1">
<part-name>Part 1</part-name>
</score-part>
</part-list>
Whether you have a partwise or timewise score, a MusicXML file starts off with a header that lists the
different musical parts in the score. The above example is the minimal part-list possible: it contains
one score-part, the required id attribute for the score-part, and the required part-name element.
<part id="P1">
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We are now beginning the first (and only, in this case) part within the document. The id attribute here
must refer to an id attribute for a score-part in the header.
<measure number="1">
We are starting the first measure in the first part.
<attributes>
The attributes element contains key information needed to interpret the notes and musical data that
follow in this part.
<divisions>1</divisions>
Each note in MusicXML has a duration element. The divisions element provided the unit of measure
for the duration element in terms of divisions per quarter note. Since all we have in this file is one
whole note, we never have to divide a quarter note, so we set the divisions value to 1.
Musical durations are typically expressed as fractions, such as ”quarter” and ”eighth” notes. MusicXML durations are fractions, too. Since the denominator rarely needs to change, it is represented
separately in the divisions element, so that only the numerator needs to be associated with each individual note. This is similar to the scheme used in MIDI to represent note durations.
<key>
<fifths>0</fifths>
</key>
The key element is used to represent a key signature. Here we are in the key of C major, with no flats
or sharps, so the fifths element is 0. If we were in the key of D major with 2 sharps, fifths would be set
to 2. If we were in the key of F major with 1 flat, fifths would be set to -1. The name ”fifths” comes
from the representation of a key signature along the circle of fifths. It lets us represent standard key
signatures with one element, instead of separate elements for sharps and flats.
<time>
<beats>4</beats>
<beat-type>4</beat-type>
</time>
The time element represents a time signature. Its two component elements, beat and beat-type, are the
numerator and denominator of the time signature, respectively.
<clef>
<sign>G</sign>
<line>2</line>
</clef>
MusicXML allows for many different clefs, including many no longer used today. Here, the standard
treble clef is represented by a G clef on the second line of the staff (e.g., the second line from the
bottom of the staff is a G).
</attributes>
<note>
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We are done with the attributes, and are ready to begin the first note.
<pitch>
<step>C</step>
<octave>4</octave>
</pitch>
The pitch element must have a step and an octave element. Optionally it can have an alter element,
if there is a flat or sharp involved. These elements represent sound, so the alter element must always
be included if used, even if the alteration is in the key signature. In this case, we have no alteration.
The pitch step is C. The octave of 4 indicates the octave the starts with middle C. Thus this note is a
middle C.
<duration>4</duration>
Our divisions value is 1 division per quarter note, so the duration of 4 is the length of 4 quarter notes.
<type>whole</type>
The ¡type¿ element tells us that this is notated as a whole note. You could probably derive this from
the duration in this case, but it is much easier to work with both notation and performance applications
if the notation and performance data is represented separately.
In any event, the performance and notation data do not always match in practice. For example, if
you want to better approximate a swing feel than the equal eighth notes notated in a jazz chart, you
might use different duration values while the type remains an eighth note. Bach’s music contains examples of shorthand notation where the actual note durations do not match the standard interpretation
of the notes on the page, due to his use of a notational shorthand for certain rhythms.
The duration element should reflect the intended duration, not a longer or shorter duration specific
to a certain performance. The note element has attack and release attributes that suggest ways to alter
a note’s start and stop times from the nominal duration indicated directly or indirectly by the score.
</note>
We are done with the note.
</measure>
We are done with the measure.
</part>
We are done with the part.
</score-partwise>
And we are done with the score.
One limitation of XML’s document type definitions is that if you want to limit the number of
elements within another element, you generally must also restrict how they are ordered as well. In the
attributes, for instance, we want no more than one divisions element; for the note’s pitch, we want one
and only one step element and octave element. In order to do this, the order in which these elements
appear must be constrained as well.
Thus the order in which elements appear in these examples does matter. The DTD definitions
should make it clear what ordering is required; we will not spell that out in detail during the tutorial.
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9.4 Object description: MPEG-4
Adapted from MPEG-4 specifications

9.4.1 Scope and features of the MPEG-4 standard
The MPEG-4 standard provides a set of technologies to satisfy the needs of authors, service providers
and end users alike.
• For authors, MPEG-4 enables the production of content that has far greater reusability, has
greater flexibility than is possible today with individual technologies such as digital television,
animated graphics, World Wide Web (WWW) pages and their extensions. Also, it is now possible to better manage and protect content owner rights.
• For network service providers MPEG-4 offers transparent information, which can be interpreted
and translated into the appropriate native signaling messages of each network with the help of
relevant standards bodies.
• For end users, MPEG-4 brings higher levels of interaction with content, within the limits set by
the author. It also brings multimedia to new networks, including those employing relatively low
bitrate, and mobile ones.
For all parties involved, MPEG seeks to avoid a multitude of proprietary, non-interworking formats
and players.
MPEG-4 achieves these goals by providing standardized ways to support:
Coding representing units of aural, visual or audiovisual content, called media objects These media
objects can be of natural or synthetic origin; this means they could be recorded with a camera
or microphone, or generated with a computer;
Composition describing the composition of these objects to create compound media objects that
form audiovisual scenes;
Multiplex multiplexing and synchronizing the data associated with media objects, so that they can
be transported over network channels providing a QoS appropriate for the nature of the specific
media objects;
Interaction interacting with the audiovisual scene generated at the receiver end or, via a back channel, at the transmitter’s end.
The standard explores every possibility of the digital environment. Recorded images and sounds
co-exist with their computer-generated counterparts; a new language for sound promises compactdisk quality at extremely low data rates; and the multimedia content could even adjust itself to suit the
transmission rate and quality.
Possibly the greatest of the advances made by MPEG-4 is that viewers and listeners need no longer
be passive. The height of “interactivity” in audiovisual systems today is the user’s ability merely to
stop or start a video in progress. MPEG-4 is completely different: it allows the user to interact with
objects within the scene, whether they derive from so-called real sources, such as moving video,
or from synthetic sources, such as computer-aided design output or computer-generated cartoons.
Authors of content can give users the power to modify scenes by deleting, adding, or repositioning
objects, or to alter the behavior of the objects; for example, a click on a box could set it spinning.
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Figure 9.21: Mpeg-4 high level system architecture.

9.4.2 The utility of objects
At the atomic level, to use a chemical analogy, the audio and video components of MPEG-4 are known
as objects. These can exist independently, or multiple ones can be grouped together to form higherlevel audiovisual bonds, to coin a phrase. The grouping is called composition, and the result is an
MPEG-4 scene [Fig. 1]. The strength of this so-called object-oriented approach is that the audio and
video can be easily manipulated.
Visual objects in a scene are described mathematically and given a position in a two- or threedimensional space. Similarly, audio objects are placed in a sound space. When placed in 3-D space,
the video or audio object need only be defined once; the viewer can change his vantage point, and the
calculations to update the screen and sound are done locally, at the user’s terminal. This is a critical
feature if the response is to be fast and the available bit-rate is limited, or when no return channel is
available, as in broadcast situations.
Figure 9.21 shows a high-level diagram of an MPEG-4 system’s components. It serves as a reference for the terminology used in the system’s design and specification: the demultiplexer, the elementary media decoders (natural audio, natural video, synthetic audio, and synthetic video), the
specialized decoders for the composition information, and the specialized decoders for the protection
information,
The following sections illustrate the MPEG-4 functionalities described above, using the audiovisual scene depicted in Figure 9.22.

9.4.3 Coded representation of media objects
MPEG-4 audiovisual scenes are composed of several media objects, organized in a hierarchical fashion. At the leaves of the hierarchy, we find primitive media objects, such as:
• Still images (e.g. as a fixed background);
• Video objects (e.g. a talking person - without the background;
• Audio objects (e.g. the voice associated with that person, background music).
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Figure 9.22: An example of an MPEG-4 scene.

MPEG-4 standardizes a number of such primitive media objects, capable of representing both natural
and synthetic content types, which can be either 2- or 3-dimensional. In addition to the media objects
mentioned above and shown in Figure 9.22, MPEG-4 defines the coded representation of objects such
as:
• Text and graphics;
• Talking synthetic heads and associated text used to synthesize the speech and animate the head;
animated bodies to go with the faces;
• Synthetic sound.
A media object in its coded form consists of descriptive elements that allow handling the object in an
audiovisual scene as well as of associated streaming data, if needed. It is important to note that in its
coded form, each media object can be represented independent of its surroundings or background. The
coded representation of media objects is as efficient as possible while taking into account the desired
functionalities. Examples of such functionalities are error robustness, easy extraction and editing of
an object, or having an object available in a scalable form.
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9.4.3.1 Composition of media objects
The MPEG-4 standard deals with frames of audio and video (vectors of samples and matrices of
pixels). Further, it deals with the objects that make up the audiovisual scene. Thus, a given scene
has a number of video objects, of possibly differing shapes, plus a number of audio objects, possibly
associated to video objects, to he combined before presentation to the user. Composition encompasses
the task of combining all of the separate entities that make up the scene.
Figure 9.22 explains the way in which an audiovisual scene in MPEG-4 is described as composed
of individual objects. The figure contains compound media objects that group primitive media objects
together. Primitive media objects correspond to leaves in the descriptive tree while compound media
objects encompass entire sub-trees. As an example: the visual object corresponding to the talking person and the corresponding voice are tied together to form a new compound media object, containing
both the aural and visual components of that talking person.
Such grouping allows authors to construct complex scenes, and enables consumers to manipulate
meaningful (sets of) objects.
More generally, MPEG-4 provides a standardized way to describe a scene, allowing for example
to:
•
•
•
•

Place media objects anywhere in a given coordinate system;
Apply transforms to change the geometrical or acoustical appearance of a media object;
Group primitive media objects in order to form compound media objects;
Apply streamed data to media objects, in order to modify their attributes (e.g. a sound, a moving
texture belonging to an object; animation parameters driving a synthetic face);
• Change, interactively, the user is viewing and listening points anywhere in the scene.
Composition information consists of the representation of the hierarchical structure of the scene.
A graph describes the relationship among elementary media objects comprising the scene. The scene
description builds on several concepts from the Virtual Reality Modeling language (VRML) in terms
of both its structure and the functionality of object composition nodes and extends it to fully enable
the aforementioned features.
The resulting specification addresses issues specific to an MPEG-4 system:
• description of objects representing natural audio and video with streams attached,
• description of objects representing synthetic audio and video (2D) and 3D material) with streams
attached (such as streaming text or streaming parameters for animation of a facial model).
The scene description represents complex scenes populated by synthetic and natural audiovisual
objects with their associated spatiotemporal transformations.
MPEG-4’s language for describing and dynamically changing the scene is named the Binary Format for Scenes (BIFS). BIFS commands are available not only to add objects to or delete them from
the scene, but also to change visual or acoustic properties of an object without changing the object in
itself; thus the color alone of a 3-D sphere might be varied.
BIFS can be used to animate objects just by sending a BIFS command and to define their behavior
in response to user input at the decoder. Again, this is a nice way to build interactive applications.
In principle, BIFS could even be used to put an application screen (such as a Web browser’s) as a
“texture” in the scene.
BIFS borrows many concepts from the Virtual Reality Modeling Language (VRML), which is the
method used most widely on the Internet to describe 3-D objects and users’ interaction with them.
BIFS and VRML can be seen as different representations of the same data. In VRML, the objects
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Figure 9.23: Objects in a scene (a) and the corresponding BInary Format for Scene (BIFS) representation (b).
and their actions are described in text, as in any other high-level language. But BIFS code is binary,
and thus is shorter for the same content–typically 10 to 15 times. More important, unlike VRML,
MPEG-4 uses BIFS for real-time streaming, that is, a scene does not need to be downloaded in full
before it can be played, but can be built up on the fly.
The author can generate this description in textual format, possibly through an authoring tool. The
scene description then conforms to the VRML syntax with extensions. For efficiency, the standard
defines a way to encode the scene description in a binary representation–Binary Format for Scene Description (BIFS). Multimedia scenes are conceived as hierarchical structures represented as a graph.
Each leaf of the graph represents a media object (audio; video; synthetic audio like a Musical Instrument Digital Interface, or MIDI, stream; synthetic video like a face model). The graph structure
isn’t necessarily static, as the relationships can evolve over time as nodes or subgraphs are added or
deleted, All the parameters describing these relationships are part of the scene description sent to the
decoder.
The initial snapshot of the scene is sent or retrieved on a dedicated stream. It is then parsed, and
the whole scene structure is reconstructed (in an internal representation) at the receiver terminal. All
the nodes and graph leaves that require streaming support to retrieve media contents or ancillary data
(video stream, audio stream, facial animation parameters) are logically connected to the decoding
pipelines.
An update of the scene structure may be sent at any time. These updates can access any field of
any updatable node in the scene. An updatable node is one that received a unique node identifier in
the scene structure. The user can also interact locally with the scenes, which may change the scene
structure or the value of any field of any updatable node.
Composition information (information about the initial scene composition and the scene updates
during the sequence evolution) is, like other streaming data, delivered in one elementary stream. The
composition stream is treated differently from others because it provides the information required by
the terminal to set up the scene structure and map all other elementary streams to the respective media
objects.
How objects are grouped together An MPEG-4 scene follows a hierarchical structure, which can
be represented as a directed acyclic graph. Each node of the graph is a media object, as illustrated in
Figure 9.24(b) (note that this tree refers back to Figure 9.22 and Figure 9.24(a)). The tree structure is
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Figure 9.24: Major components of an MPEG-4 terminal (receiver side).
not necessarily static; node attributes (e.g., positioning parameters) can be changed while nodes can
be added, replaced, or removed.
How objects are positioned in space and time: In the MPEG-4 model, audiovisual objects have
both a spatial and a temporal extent. Each media object has a local coordinate system. A local
coordinate system for an object is one in which the object has a fixed spatio-temporal location and
scale. The local coordinate system serves as a handle for manipulating the media object in space
and time. Media objects are positioned in a scene by specifying a coordinate transformation from
the object local coordinate system into a global coordinate system defined by one more parent scene
description nodes in the tree.
Wrapping the data Just as MPEG-4’s representation of multimedia content is new and versatile,
so is its scheme for preparing that content for transportation or storage (and, logically, for decoding)
[Fig 2]. Here, objects are placed in so-called elementary streams (ESs). Some objects, such a sound
track or a video, will have a single such stream. Others objects may have two or more. For instance, a
scalable object would have an ES for basic-quality information plus one or more enhancement layers,
each of which would have its own ES for improved quality, such as video with finer detail or faster
motion.
Higher-level data describing the scene–the BIFS data defining, updating and positioning the media
objects–is conveyed in its own ES. Here again the virtue of the hierarchical, object-based conceptions
in MPEG-4 can be seen: it is easier to reuse objects in the production of new multimedia content, or
(to say it another way) the new production is easier to modify without changing an encoded object
itself. If parts of a scene are to be delivered only under certain conditions, say, when it is determined
that enough bandwidth is available, multiple scene description ESs for the different circumstances
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may be used to describe the same scene.
To inform the system which elementary streams belong to a certain object, MPEG-4 uses the
novel, critical concept of an object descriptor (OD). Object descriptors in their turn contain elementary
stream descriptors (ESDs) to tell the system what decoders are needed to decode a stream. With
another field, optional textual information about the object can be supplied. Object descriptors are
sent in their own, special elementary stream, which allows them to be added or deleted dynamically
as the scene changes.
The play-out of the multiple MPEG-4 objects is coordinated at a layer devoted solely to synchronization. Here, elementary streams are split into packets, and timing information is added to the
payload of these packets. These packets are then ready to be passed on to the transport layer.
Streams Timing information for the decoder consists of the speed of the encoder clock and the time
stamps of the incoming streams, which are relative to that clock. Two kinds of time stamps exist: one
says when a piece of information must be decoded, the other says when the information must be ready
for presentation.
The distinction between the types of stamp is important. In many video compression schemes,
some frames are calculated as an interpolation between previous and following frames. Thus, before
such a frame can be decoded and presented, the one after it must be decoded (and held in a buffer).
For predictable decoder behavior, a buffer model in the standard augments the timing specification.
In terms of the ISO seven-layer communications model, no specific transport mechanism is defined in MPEG-4. Existing transport formats and their multiplex formats suffice, including the MPEG2 transport stream, asynchronous transfer mode (ATM), and real-time transport protocol (RTP) on the
Internet. Incidentally, the fact that the MPEG-2 transport stream is used by digital TV has the important consequence of allowing co-broadcast modes.
A separate transport channel could be set up for each data stream, but there can be many of
these for a single MPEG-4 scene, and as a result the process could be unwieldy and waste bits. To
remedy matters, a small tool in MPEG-4, FlexMux, was designed to act as an intermediate step to any
suitable form of transport. In addition, another interface defined in MPEG-4 lets the application ask
for connections with a certain quality of service, in terms of parameters like bandwidth, error rate, or
delay.
From the application’s point of view, this interface is the same for broadcast channels, interactive
sessions, and local storage media. Application designers can therefore write their code without having
to worry about the underlying delivery mechanisms. Further, the next release of the standard will allow
differing channels to be used at either end of a transmission/receive network, say, an Internet protocol
channel on one end and an ATM one on the other.
Another important addition in Version 2 is a file format known as mp4, which can be used for
exchange of content and which is easily converted. MPEG-1 and MPEG-2 did not include such a
specification, but the intended use of MPEG-4 in Internet and personal computer environments makes
it a necessity. It will be the only reliable way for users to exchange complete files of MPEG-4 content
9.4.3.2 Description and synchronization of streaming data for media objects
Media objects may need streaming data, which is conveyed in one or more elementary streams. An
object descriptor identifies all streams associated to one media object. This allows handling hierarchically encoded data as well as the association of meta-information about the content (called object
content information) and the intellectual property rights associated with it.
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Each stream itself is characterized by a set of descriptors for configuration information, e.g., to
determine the required decoder resources and the precision of encoded timing information. Furthermore the descriptors may carry hints to the Quality of Service (QoS) it requests for transmission (e.g.,
maximum bit rate, bit error rate, priority, etc.)
Synchronization of elementary streams is achieved through time stamping of individual access
units within elementary streams. The synchronization layer manages the identification of such access
units and the time stamping. Independent of the media type, this layer allows identification of the
type of access unit (e.g., video or audio frames, scene description commands) in elementary streams,
recovery of the media objector scene description time base, and it enables synchronization among
them. The syntax of this layer is configurable in a large number of ways, allowing use in a broad
spectrum of systems.

9.4.4 MPEG-4 visual objects
Classical, “rectangular” video, as the type that comes from a camera may be called, is of course one
of the visual objects defined in the standard. In addition, objects with arbitrary shapes can be encoded
apart from their background and then placed before other video types.
In fact, MPEG-4 includes two ways of describing arbitrary shapes, each appropriate to a different
environment. In the first, known as binary shape, an encoded pixel (of a certain color, brightness,
and so on) either is or is not part of the object in question. A simple but fairly crude technique, it is
useful in low bit-rate environments, but can be annoying–the edges of pixels are sometimes visible,
and curves have little jagged steps, known as aliasing or “the jaggies.”
For higher-quality content, a shape description known as gray scale, or alpha shape, is used. Here,
each pixel belonging to a shape is not merely on or off, but is assigned a value for its transparency.
With this additional feature, transparency can differ from pixel to pixel of an object, and objects can
be smoothly blended, either into a background or with other visual objects.
One instance of smooth blending can be seen in most television weather reports. The weatherman’s image seems to be standing in front of a map, which in fact is generated elsewhere. Not
surprisingly, then, manufacturers of television studio equipment have expressed an interest in the capabilities for arbitrary shape objects and scene description since, conceptually, they closely match the
way things are already done in a studio. In fact, MPEG video has started working on bit-rates and
quality levels well beyond the high-definition television (HDTV) level that can already be achieved.
Note that MPEG does not specify how shapes are to be extracted. Doing this automatically–
video segmentation, as it is known–is still a matter of intensive research. Current methods still have
limitations but there are ways to get the job done: the best way of obtaining shaped objects such as
the weatherman is recording them with a blue or green background, colors that can easily be filtered
out.
Actually, MPEG-4, like its predecessors, specifies only the decoding process. Encoding processes,
including any improvements, are left to the marketplace. Even today, improvements in MPEG-2
compression quality sometimes show up, even though that standard was cast in stone several years
ago.
On the other end of the bit-rate spectrum, a great deal of effort has gone into making moving video
possible at very low bit-rates, notably for mobile devices. MPEG-4 has been found usable for streaming wireless video transmission (making use of GSM/Global System for Mobile Communications) at
10 kb/s–the data rate in GSM currently used for voice communications.
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Figure 9.25: Major components of an MPEG-4 terminal (receiver side).

9.4.5 MPEG-4 audio
MPEG-4 coding of audio objects provides tools for both representing natural sounds (such as speech
and music) and for synthesizing sounds based on structured descriptions. The representation for
synthesized sound can be derived from text data or so-called instrument descriptions and by coding
parameters to provide effects, such as reverberation and spatialization. The representations provide
compression and other functionalities, such as scalability and effects processing.
To achieve the highest audio quality within the full range of hit rates and at the same time provide
extra functionality’s, the MPEG-4 Audio standard includes six types of coding techniques:
• Parametric coding modules
• Linear predictive coding (LPC) modules
• Time/frequency (T/F) coding modules
• Synthetic/natural hybrid coding (SNHC) integration modules
• Text-to-speech (US) integration modules
• Main integration modules, which combine the first three modules to a scalable encoder
While the first three parts describe real coding schemes for the low-bit-rate representation of natural audio sources, the SNHC and TTS parts only standardize the interfaces to general SNHC and
TTS systems. Because of this, already established synthetic coding standards, such as MIDI, can he
integrated into the MPEG-4 Audio system. The TTS interfaces permit plugging TTS modules optimized for a special language into the general framework. The main module contains global modules,
such as the speed change functionality of MPEG-4 and the scalability add-ons necessary to implement large-step scalability by combining different coding schemes. To allow optimum coverage of
the bitrates and to allow for bitrate and bandwidth scalability, a general framework has been defined.
This is illustrated in Figure 9.25.
9.4.5.1 Natural audio
Starting with a coder operating at a low bitrate, by adding enhancements to a general audio coder,
both the coding quality as well as the audio bandwidth can be improved.
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Bitrate scalability, often also referred to as embedded coding, allows a bitstream to be parsed into
a bitstream of lower bitrate that can still be decoded into a meaningful signal. The bitstream parsing
can occur either during transmission or in the decoder. Bandwidth scalability is a particular case of
bitrate scalability whereby part of a bitstream representing a part of the frequency spectrum can be
discarded during transmission or decoding.
Encoder complexity scalability allows encoders of different complexity to generate valid and
meaningful bitstreams. The decoder complexity scalability allows a given bitstream to be decoded
by decoders of different levels of complexity. The audio quality, in general, is related to the complexity of the encoder and decoder used.
The MPEG-4 systems layer allows codecs according to existing (MPEG) standards, e.g. MPEG-2
AAC, to be used. Each of the MPEG-4 coders is designed to operate in a stand-alone mode with its
own bitstream syntax. Additional functionalities are realized both within individual coders, and by
means of additional tools around the coders. An example of such a functionality within an individual
coder is speed or pitch change within HVXC.
9.4.5.2 Synthesized audio
MPEG-4 defines decoders for generating sound based on several kinds of ?structured? inputs. Text input is converted to speech in the Text-To-Speech (TTS) decoder, while more general sounds including
music may be normatively synthesized. Synthetic music may be delivered at extremely low bitrates
while still describing an exact sound signal.
Text To Speech. TTS coders bitrates range from 200 bit/s to 1.2 Kbit/s, which allows a text or a
text with prosodic parameters (pitch contour, phoneme duration, and so on) as its inputs to generate intelligible synthetic speech. It supports the generation of parameters that can be used to allow
synchronization to associated face animation, international languages for text and international symbols for phonemes. Additional markups are used to convey control information within texts, which
is forwarded to other components in synchronization with the synthesized text. Note that MPEG-4
provides a standardized interface for the operation of a Text To Speech coder (TTSI = Text To Speech
Interface), but not a normative TTS synthesizer itself.
An itemized overview:
• Speech synthesis using the prosody of the original speech
• Lip synchronization control with phoneme information.
• Trick mode functionality: pause, resume, jump forward/backward.
• International language and dialect support for text. (i.e. it can be signaled in the bitstream which
language and dialect should be used)
• International symbol support for phonemes.
• support for specifying age, gender, speech rate of the speaker support for conveying facial
animation parameter(FAP) bookmarks.
Score Driven Synthesis: Structured Audio The Structured Audio tools decode input data and produce output sounds. This decoding is driven by a special synthesis language called SAOL (Structured
Audio Orchestra Language) standardized as a part of MPEG-4. This language is used to define an orchestra made up of instruments (downloaded in the bitstream, not fixed in the terminal) which create
and process control data. An instrument is a small network of signal processing primitives that might
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(a)

(b)

Figure 9.26: In a traditional audio coder, the source model and perception model are defined outside
of the transmission (for example, in a standards document). The codec designers do the best job
they can at designing these models, but then they are fixed for all content (a). In Structured Audio,
the source model is part of the content. It is transmitted in the bitstream and used to give different
semantics to the signal representation for each piece of content. There can be a different source model,
or multiple source models, for each different piece of content (b).
emulate some specific sounds such as those of a natural acoustic instrument. The signal-processing
network may be implemented in hardware or software and include both generation and processing of
sounds and manipulation of pre-stored sounds.
MPEG-4 does not standardize a single method of synthesis, but rather a way to describe methods
of synthesis. Any current or future sound-synthesis method can be described in SAOL, including
wavetable, FM, additive, physical-modeling, and granular synthesis, as well as non-parametric hybrids
of these methods.
Control of the synthesis is accomplished by downloading scores or scripts in the bitstream. A score
is a time-sequenced set of commands that invokes various instruments at specific times to contribute
their output to an overall music performance or generation of sound effects. The score description,
downloaded in a language called SASL (Structured Audio Score Language), can be used to create new
sounds, and also include additional control information for modifying existing sound. This allows the
composer finer control over the final synthesized sound. For synthesis processes that do not require
such fine control, the established MIDI protocol may also be used to control the orchestra.
Careful control in conjunction with customized instrument definition, allows the generation of
sounds ranging from simple audio effects, such as footsteps or door closures, to the simulation of
natural sounds such as rainfall or music played on conventional instruments to fully synthetic sounds
for complex audio effects or futuristic music.
An important result of the description framework is that the synthetic audio fed to each terminal
is identical. Thus, barring the vagaries of physical equipment that one user might have compared to
another, the output is guaranteed to sound the same from terminal to terminal.
For terminals with less functionality, and for applications which do not require such sophisticated
synthesis, a wavetable bank format is also standardized. Using this format, sound samples for use in
wavetable synthesis may be downloaded, as well as simple processing, such as filters, reverbs, and
chorus effects. In this case, the computational complexity of the required decoding process may be
exactly determined from inspection of the bitstream, which is not possible when using SAOL.
Structured audio and traditional coding Structured audio coding differs from traditional audio
coding in that the sound model is not fixed in the protocol (Fig. 9.26a), but dynamically described as
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part of the transmission stream, where it may vary from signal to signal (Fig. 9.26b). That is, where
a traditional audio coder makes use of a fixed model such as a vocal-tract approximation (for LPC
coding) or a psychoacoustic making model (for wideband techniques such as MPEG-AAC or Dolby
AC-3), a structured audio coder transmits sound in two parts: a description of a model and a set of
parameters making use of that model.
The fact that we have great flexibility to encode different sound models in the bitstream means
that, in theory, SA coding can subsume all other audio coding techniques. For example, if we wish to
transmit speech in CELP-coded format, but only have the SA decoding system available, we can still
use CELP: we write the CELP-decoder in SAOL, transmit it in the bitstream header, and then send
frames of data optimized for that CELP model as the bitstream data. This bitstream will be nearly
the same size as the CELP bitstream; it only requires a fixed constant-size data block to transmit the
orchestra containing the decoder, and then the rest of the bitstream is the same size.
SAOL example SAOL is a “C-like” language. The syntactic framework of SAOL is familiar to anyone who programs in C, although the fundamental elements of the language are still signal variables,
unit generators, instruments, and so forth, as in other synthesis languages. The program below shows
a simple SAOL instrument that creates a simple beep by applying an envelope to the output of a single
sinusoidal oscillator.
// This is a simple SAOL instrument that makes a short tone,
// using an oscillator over a stored function table.
instr tone(pitch,amp) {
table wave(harm,2048,1); // sinusoidal wave function
asig sound;
// ’asig’ denotes audio signal
ksig env;
// ’ksig’ denotes control signal
env = kline(0,0.1,1,dur-0.1,0); //make envelope
sound = oscil(wave, pitch) * amp * env;
// create sound by enveloping an oscillator
output(sound); // play that sound
}

A number of features are immediately apparent in this instrument. The instrument name (tone),
parameters (or “p-fields”: pitch and amp), stored-function table (wave), and table generator (harm)
all have names rather than numbers. All of the signal variables (sound and env) are explicitly declared with their rates (asig for audio rate and ksig for control rate), rather than being automatically assigned rates based on their names. There is a fully recursive expression grammar, so that unit
generators like kline and oscil may be freely combined with arithmetic operators. The storedfunction tables may be encapsulated in instruments or in the orchestra when this is desirable; they
may also be provided in the score, in the manner of Music V (Csound also allows both options). The
unit generators kline and oscil are built into the language; so is the wavetable generator harm.
The control signal dur is a standard name, which is a variable automatically declared in every
instrument, with semantics given in the standard. There is a set of about 20 standard names defined in
SAOL; dur always contains the duration of the note that invoked the instrument.
This SASL file plays a melody on tone:
0.5
1.5
2.5

tone 0.75 164.6
tone 0.75 329.6
tone 0.5 311.1
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tone
echo_bus

echo

Figure 9.27: In SAOL, a metaphor of bus routing is employed that allows the concise description of
complex networks. The output of the tone instrument is placed on the bus called echo bus; this
bus is sent to the instrument called echo for further processing.
3
3.25
3.5
4
5

tone
tone
tone
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end

0.25
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277.2
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329.6

An aspect of modularity in SAOL involves its flow-of-control processing model. In SAOL, a
metaphor of bus routing is employed that allows the concise description of complex networks. Its use
is shown in the following example:
//
//
//
//
//

This is a complete SAOL orchestra that demonstrates the
use of buses and routing in order to do effects processing.
The output of the ’tone’ instrument is placed on the bus
called ’echo_bus’; this bus is sent to the instrument called
’echo’ for further processing.

global {
srate 32000; krate 500;
send(echo; 0.2; echo_bus};
// use ’echo’ to process the bus ’echo_bus’
route(echo_bus, beep);
// put the output of ’beep’ on ’echo_bus’
}
instr tone(pitch, amp) {
// as above
}
instr echo(dtime) {
// a simple digital-delay echo. ’dtime’ is the
// cycle time.
asig x;
x = delay(x/2 + input[0],dtime);
output(x);
}
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In this orchestra, a global block is used to describe global parameters and control. The srate
and krate tags specify the sampling rate and control (LFO) rate of the orchestra. The send instruction creates a new bus called echo bus, and specifies that this bus is sent to the effects processing
instrument called echo. The route instruction specifies that the samples produced by the instrument
beep are not turned directly into sound output, but instead are “routed onto” the bus echo bus for
further processing (see Fig. 9.27).
The instrument echo implements a simple exponentially decaying digital-echo sound using the
delay core opcode. The dtime p-field specifies the cycle time of the digital delay. Like dur in
Figure 1, input is a standard name; input always contains the values of the input to the instrument,
which in this case is the contents of the bus echo bus. Note that echo is not a user-defined opcode
that implements a new unit generator, but an effects-processing instrument.
This bus-routing model is modular with regard to the instruments tone and echo. The tone
sound-generation instrument does not “know” that its sound will be modified, and the instrument itself
does not have to be modified to enable this. Similarly, the echo instrument does not “know” that its
input is coming from the beep instrument; it is easy to add other sounds to this bus without modification to echo. The bus-routing mechanism in SAOL allows easy reusability of effects-processing
algorithms. There are also facilities that allow instruments to manipulate busses directly, if such modularity is not desirable in a particular composition.
9.4.5.3 Sound spatialization
Although less self-evident than with images, audio is also represented in the form of objects. An audio
object can be a monaural speech channel or a multichannel, high-quality sound object. The composition process is in fact far more strictly prescribed for audio than for video. With the audio available as
objects in the scene graph, different mixes from input channels (objects) to output channels (speakers)
can be defined for different listening situations.
Another advantage of having audio as objects is that they then can have effects selectively applied
to them. For example, if a soundtrack includes one object for speech and one for background audio,
an artificial reverberation can be applied to the speech as distinct from the background music. If a user
moves a video object in the scene, the audio can move along with it, and the user could also change
how audio objects are mixed and combined.
Like video objects, audio objects may be given a location in a 3-D sound space, by instructing the
terminal to spatially position sounds at certain spots. This is useful in an audio conference with many
people, or in interactive applications where images as well as audio are manipulated.
A related feature known as environmental spatialization will be included in MPEG-4 Version 2.
This feature can make how a sound object is heard depend on the room definition sent to the decoder,
while the sound object itself need not be touched. In other words, the spatializations work locally, at
the terminal, so again virtually no bit-transmission overhead is incurred.
Imagine spatialization when a person walks through a virtual house: when a new room of different
shape and size is entered, the sound of the voice object changes accordingly without the object itself
having to be changed.
9.4.5.4 Audio BIFS
The AudioBIFS system [part of the MPEG-4 Binary Format for Scene Description (BIFS)] allows
multiple sounds to be transmitted using different coders and then mixed, equalized, and post-processed
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Figure 9.28: Two sound streams are processed and mixed using the AudioBIFS scene graph. A
musical background is transmitted with the MPEG-4 Structured Audio system and reverb is added
with an AudioFX node. Then the result is mixed with a speech sound transmitted with MPEG-4 CELP.
once they are decoded. This format is structurally based on the Virtual Reality Modeling Language
(VRML) 2.0 syntax for scene description, but contains more powerful sound-description features.
Using MPEG-4 AudioBIFS, each part of a soundtrack may be coded in the format that best suits
it. For example, suppose that the transmission of voice over with background music is desired in the
style of a radio advertisement. It is difficult to describe high-quality spoken voice with sound-synthesis
techniques, and so Structured Audio alone cannot be used; but speech coders are not adequate to code
speech with background music, and so MPEG-4 CELP alone cannot be used. In MPEG-4 with AudioBIFS, the speech is coded using the CELP coder, and the background music is coded in Structured
Audio. Then, at the decoding terminal, the two “streams” of sound are decoded individually and
mixed together. The AudioBIFS part of the MPEG-4 standard describes the synchronization provided
by this mixing process.
AudioBIFS is built from a set of nodes that link together into a tree structure, or scene graph.
Each of these nodes represents a signal-processing manipulation on one or more audio streams. In
this, AudioBIFS is somewhat itself like a sound-process-ing language, but it is much simpler (there
are only seven types of nodes, and only “filters,” no “generators”). The scene-graph structure is used
because it is a familiar and tested mechanism for computer-graphics description, and AudioBIFS is
only a small part of the overall BIFS framework. The functions performed by AudioBIFS nodes
allow sounds to be switched (as in a multiple-language soundtrack), mixed, delayed, “clipped” for
interactive presentation, and gain-controlled.
More-advanced effects are possible by embedding SAOL code into the AudioBIFS scene graph
with the AudioFX node. Using AudioFX, any audio effect may be described in SAOL and applied to
the output of a natural or synthetic audio decoding process (see Figure 9.28).
For example, if we want to transmit speech with reverberated background music, we code the
speech with MPEG-4 CELP. As above, we code the background music using MPEG-4 Structured
Audio and provide an AudioFX node containing SAOL code that implements the desired reverberator. When the transmission is received, the synthetic music stream is decoded and the reverberation
processing is performed; the result is added to the decoded speech stream. Only the resulting sound
is played back to the listener. Just as MPEG-4 Structured Audio allows exact, terminal-independent
control of sound synthesis for the composer, MPEG-4 AudioBIFS allows exact, terminal-independent
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control of audio-effects processing for the sound designer and producer.
The combination of synthetic and natural sound in the same sound scene with downloaded mixing
and effects processing is termed synthetic/natural hybrid coding, or SNHC audio coding, in MPEG-4.
Other features of AudioBIFS include 3-D audio spatialization for sound presentation in virtual-reality
applications, and the creation of sound scenes that render differently on different terminals, depending
(for example) on sampling rate, speaker configuration, or listening conditions.
Finally, the AudioBIFS component of MPEG-4 is part of the overall BIFS system, which provides
sophisticated functionality for visual presentation of streaming video, 3-D graphics, virtual-reality
scenes, and the handling of interactive events. The audio objects described with AudioBIFS and the
various audio decoders may be synchronized with video or computer-graphics objects, and altered in
response to user interaction.

9.5 Multimedia Content Description: Mpeg-7
Adapted from MPEG-7 specifications

9.5.1 Introduction
The MPEG-7 standard also known as “Multimedia Content Description Interface” aims at providing
standardized core technologies allowing description of audiovisual data content in multimedia environments. It supports some degree of interpretation of the informations meaning, which can be passed
onto, or accessed by, a device or a computer code. MPEG-7 is not aimed at any one application in particular; rather, the elements that MPEG-7 standardises shall support as broad a range of applications
as possible.
Accessing audio and video used to be a simple matter - simple because of the simplicity of the
access mechanisms and because of the poverty of the sources. An incommensurable amount of audiovisual information is becoming available in digital form, in digital archives, on the World Wide
Web, in broadcast data streams and in personal and professional databases, and this amount is only
growing. The value of information often depends on how easy it can be found, retrieved, accessed and
filtered and managed.
The transition between two millennia abounds with new ways to produce, offer, filter, search,
and manage digitized multimedia information. Broadband is being offered with increasing audio and
video quality and speed of access. The trend is clear. In the next few years, users will be confronted
with such a large number of contents provided by multiple sources that efficient and accurate access
to this almost infinite amount of content will seem to be unimaginable. In spite of the fact that users
have increasing access to these resources, identifying and managing them efficiently is becoming
more difficult, because of the sheer volume. This applies to professional as well as end users. The
question of identifying and managing content is not just restricted to database retrieval applications
such as digital libraries, but extends to areas like broadcast channel selection, multimedia editing, and
multimedia directory services.
This challenging situation demands a timely solution to the problem. MPEG-7 is the answer to
this need.
9.5.1.1 Context of MPEG-7
Audiovisual information plays an important role in our society, be it recorded in such media as film
or magnetic tape or originating, in real time, from some audio or visual sensors and be it analogue
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or, increasingly, digital. Everyday, more and more audiovisual information is available from many
sources around the world and represented in various forms (modalities) of media, such as still pictures,
graphics, 3D models, audio, speech, video, and various formats. While audio and visual information
used to be consumed directly by the human being, there is an increasing number of cases where the
audiovisual information is created, exchanged, retrieved, and re-used by computational systems. This
may be the case for such scenarios as image understanding (surveillance, intelligent vision, smart
cameras, etc.) and media conversion (speech to text, picture to speech, speech to picture, etc.). Other
scenarios are information retrieval (quickly and efficiently searching for various types of multimedia
documents of interest to the user) and filtering in a stream of audiovisual content description (to
receive only those multimedia data items which satisfy the user preferences). For example, a code
in a television program triggers a suitably programmed PVR (Personal Video Recorder) to record
that program, or an image sensor triggers an alarm when a certain visual event happens. Automatic
transcoding may be performed from a string of characters to audible information or a search may be
performed in a stream of audio or video data. In all these examples, the audiovisual information has
been suitably “encoded” to enable a device or a computer code to take some action.
Audiovisual sources will play an increasingly pervasive role in our lives, and there will be a growing need to have these sources processed further. This makes it necessary to develop forms of audiovisual information representation that go beyond the simple waveform or sample-based, compressionbased (such as MPEG-1 and MPEG-2) or even objects-based (such as MPEG-4) representations.
Forms of representation that allow some degree of interpretation of the informations meaning are necessary. These forms can be passed onto, or accessed by, a device or a computer code. In the examples
given above an image sensor may produce visual data not in the form of PCM samples (pixels values)
but in the form of objects with associated physical measures and time information. These could then
be stored and processed to verify if certain programmed conditions are met. A video recording device
could receive descriptions of the audiovisual information associated to a program that would enable
it to record, for example, only news with the exclusion of sport. Products from a company could be
described in such a way that a machine could respond to unstructured queries from customers making
inquiries.
MPEG-7 is a standard for describing the multimedia content data that support these operational
requirements. The requirements apply, in principle, to both real-time and non real-time as well as
push and pull applications. MPEG-7 does not standardize or evaluate applications, although in the
development of the MPEG-7 standard applications have been used for understanding the requirements
and evaluation of technology. It must be made clear that the requirements are derived from analyzing
a wide range of potential applications that could use MPEG-7 tools. MPEG-7 is not aimed at any one
application in particular; rather, the elements that MPEG-7 standardizes support as broad a range of
applications as possible.
9.5.1.2 MPEG-7 objectives
In October 1996, MPEG started a new work item to provide a solution to the questions described
above. The new member of the MPEG family, named “Multimedia Content Description Interface”
(in short MPEG-7), provides standardized core technologies allowing the description of audiovisual
data content in multimedia environments. It extends the limited capabilities of proprietary solutions
in identifying content that exist today, notably by including more data types.
Audiovisual data content that has MPEG-7 descriptions associated with it, may include: still
pictures, graphics, 3D models, audio, speech, video, and composition information about how these
elements are combined in a multimedia presentation (scenarios). A special case of these general
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data types is facial characteristics. MPEG-7 descriptions do, however, not depend on the ways the
described content is coded or stored. It is possible to create an MPEG-7 description of an analogue
movie or of a picture that is printed on paper, in the same way as of digitized content.
MPEG-7 allows different granularity in its descriptions, offering the possibility to have different
levels of discrimination. Even though the MPEG-7 description does not depend on the (coded) representation of the material, MPEG-7 can exploit the advantages provided by MPEG-4 coded content. If
the material is encoded using MPEG-4, which provides the means to encode audio-visual material as
objects having certain relations in time (synchronization) and space (on the screen for video, or in the
room for audio), it will be possible to attach descriptions to elements (objects) within the scene, such
as audio and visual objects.
Because the descriptive features must be meaningful in the context of the application, they will be
different for different user domains and different applications. This implies that the same material can
be described using different types of features, tuned to the area of application. To take the example
of visual material: a lower abstraction level would be a description of e.g. shape, size, texture, color,
movement (trajectory) and position (where in the scene can the object be found); and for audio:
key, mood, tempo, tempo changes, position in sound space. The highest level would give semantic
information: “This is a scene with a barking brown dog on the left and a blue ball that falls down on
the right, with the sound of passing cars in the background”. Intermediate levels of abstraction may
also exist.
The level of abstraction is related to the way the features can be extracted: many low-level features can be extracted in fully automatic ways, whereas high level features need (much) more human
interaction.
Next to having a description of what is depicted in the content, it is also required to include other
types of information about the multimedia data:
The form - An example of the form is the coding format used (e.g. JPEG, MPEG-2), or the overall
data size. This information helps determining whether the material can be read by the user
terminal;
Conditions for accessing the material - This includes links to a registry with intellectual property
rights information, and price;
Classification - This includes parental rating, and content classification into a number of pre-defined
categories;
Links to other relevant material - The information may help the user speeding up the search;
The context - In the case of recorded non-fiction content, it is very important to know the occasion
of the recording (e.g. Olympic Games 1996, final of 200 meter hurdles, men).
The main elements of the MPEG-7 standard are:
Descriptions Tools comprising
Descriptors (D), that define the syntax and the semantics of each feature (metadata element);
Description Schemes (DS), that specify the structure and semantics of the relationships between their components, that may be both Descriptors and Description Schemes;
A Description Definition Language (DDL) to define the syntax of the MPEG-7 Description Tools
and to allow the creation of new Description Schemes and, possibly, Descriptors and to allow
the extension and modification of existing Description Schemes;
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System tools to support binary coded representation for efficient storage and transmission, transmission mechanisms (both for textual and binary formats), multiplexing of descriptions, synchronization of descriptions with content, management and protection of intellectual property in
MPEG-7 descriptions, etc.
Therefore, MPEG-7 Description Tools allows to create descriptions (i.e., a set of instantiated
Description Schemes and their corresponding Descriptors at the users will), to incorporate application
specific extensions using the DDL and to deploy the descriptions using System tools
The MPEG-7 descriptions of content that may include:
• Information describing the creation and production processes of the content (director, title, short
feature movie).
• Information related to the usage of the content (copyright pointers, usage history, broadcast
schedule).
• Information of the storage features of the content (storage format, encoding).
• Structural information on spatial, temporal or spatio-temporal components of the content (scene
cuts, segmentation in regions, region motion tracking).
• Information about low level features in the content (colors, textures, sound timbres, melody
description).
• Conceptual information of the reality captured by the content (objects and events, interactions
among objects).
• Information about how to browse the content in an efficient way (summaries, variations, spatial
and frequency subbands,).
• Information about collections of objects.
• Information about the interaction of the user with the content (user preferences, usage history).
All these descriptions are of course coded in an efficient way for searching, filtering, etc.
To accommodate this variety of complementary content descriptions, MPEG-7 approaches the
description of content from several viewpoints. The sets of Description Tools developed on those
viewpoints are presented here as separate entities. However, they are interrelated and can be combined
in many ways. Depending on the application, some will present and others can be absent or only partly
present.
A description generated using MPEG-7 Description Tools will be associated with the content
itself, to allow fast and efficient searching for, and filtering of material that is of interest to the user.
MPEG-7 data may be physically located with the associated AV material, in the same data stream
or on the same storage system, but the descriptions could also live somewhere else on the globe. When
the content and its descriptions are not co-located, mechanisms that link the multimedia material and
their MPEG-7 descriptions are needed; these links will have to work in both directions.
MPEG-7 addresses many different applications in many different environments, which means that
it needs to provide a flexible and extensible framework for describing audiovisual data. Therefore,
MPEG-7 does not define a monolithic system for content description but rather a set of methods and
tools for the different viewpoints of the description of audiovisual content.

9.5.2 MPEG-7 terminology
This section presents the terminology used by MPEG-7. This terminology plays a major role in the
understanding of the MPEG-7 process.
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Data. Data is audio-visual information that will be described using MPEG-7, regardless of storage,
coding, display, transmission, medium, or technology. This definition is intended to be sufficiently broad to encompass graphics, still images, video, film, music, speech, sounds, text and
any other relevant AV medium. Examples for MPEG-7 data are an MPEG-4 stream, a video
tape, a CD containing music, sound or speech, a picture printed on paper, and an interactive
multimedia installation on the web.
Feature. A Feature is a distinctive characteristic of the data which signifies something to somebody.
Features themselves cannot be compared without a meaningful feature representation (descriptor) and its instantiation (descriptor value) for a given data set. Some examples are: color of an
image, pitch of a speech segment, rhythm of an audio segment, camera motion in a video, style
of a video, the title of a movie, the actors in a movie, etc.
Descriptor. A Descriptor (D) is a representation of a Feature. A Descriptor defines the syntax and the
semantics of the Feature representation. A Descriptor allows an evaluation of the corresponding
feature via the descriptor value. It is possible to have several descriptors representing a single
feature, i.e. to address different relevant requirements. Possible descriptors are: the color
histogram, the average of the frequency components, the motion field, the text of the title, etc.
Descriptor Value. A Descriptor Value is an instantiation of a Descriptor for a given data set (or subset
thereof).
Description Scheme. A Description Scheme (DS) specifies the structure and semantics of the relationships between its components, which may be both Descriptors and Description Schemes. A
Description Scheme corresponds to an entity or relationship at the level of the MPEG-7 Audiovisual Conceptual Model. A Description Scheme shall have descriptive information and may
participate in many-to-one relationships with other description elements. Examples: A movie,
temporally structured as scenes and shots, including some textual descriptors at the scene level,
and color, motion and some audio descriptors at the shot level. The distinction between a Description scheme and a Descriptor is that a Descriptor is concerned with the representation of a
Feature, whereas the Description Scheme deals with the structure of a Description.
Description. A Description consists of a DS (structure) and the set of Descriptor Values (instantiations) that describe the Data. Depending on the completeness of the set of Descriptor Values,
the DS may be fully or partially instantiated.
Coded Description. A Coded Description is a Description that has been encoded to fulfil relevant
requirements such as compression efficiency, error resilience, random access, etc.

9.5.3 Scope of the Standard
MPEG-7 addresses applications that can be stored (on-line or off-line) or streamed (e.g. broadcast,
push models on the Internet), and can operate in both real-time and non real-time environments. A
real-time environment in this context means that the description is generated while the content is being
captured
Figure 9.29 shows a highly abstract block diagram of a possible MPEG 7 processing chain, included here to explain the scope of the MPEG-7 standard. This chain includes feature extraction
(analysis), the description itself, and the search engine (application). To fully exploit the possibilities
of MPEG-7 descriptions, automatic extraction of features (or descriptors) are extremely useful. It is
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Figure 9.29: Scope of MPEG-7.

also clear that automatic extraction is not always possible, however. As was noted above, the higher
the level of abstraction, the more difficult automatic extraction is, and interactive extraction tools will
be of good use. However useful they are, neither automatic nor semi-automatic feature extraction
algorithms is inside the scope of the standard. The main reason is that their standardisation is not
required to allow interoperability, while leaving space for industry competition. Another reason not
to standardise analysis is to allow making good use of the expected improvements in these technical
areas.
Also the search engines, filter agents, or any other program that can make use of the description,
are not be specified within the scope of MPEG-7; again this is not necessary, and here too, competition
will produce the best results.
Figure 9.30 shows the relationship among the different MPEG-7 elements introduced above.
The DDL allows the definition of the MPEG-7 description tools, both Descriptors and Description
Schemes, providing the means for structuring the Ds into DSs. The DDL also allows the extension for
specific applications of particular DSs. The description tools are instantiated as descriptions in textual
format (XML) thanks to the DDL (based on XML Schema). Binary format of descriptions is obtained
by means of the BiM defined in the Systems part.
Figure 9.31 explains a hypothetical MPEG-7 chain in practice [ There can be other streams from
content to user; these are not depicted here. Furthermore, it is understood that the MPEG-7 Coded
Description may be textual or binary, as there might be cases where a binary efficient representation
of the description is not needed, and a textual representation would suffice.] . From the multimedia
content an Audiovisual description is obtained via manual or semi-automatic extraction. The AV
description may be stored (as depicted in the figure) or streamed directly. If we consider a pull
scenario, client applications will submit queries to the descriptions repository and will receive a set
of descriptions matching the query for browsing (just for inspecting the description, for manipulating
it, for retrieving the described content, etc.). In a push scenario a filter (e.g., an intelligent agent)
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Figure 9.30: MPEG-7 main elements.

will select descriptions from the available ones and perform the programmed actions afterwards (e.g.,
switching a broadcast channel or recording the described stream). In both scenarios, all the modules
may handle descriptions coded in MPEG-7 formats (either textual or binary), but only at the indicated
conformance points it is required to be MPEG-7 conformant (as they show the interfaces between
an application acting as information server and information consumer).The emphasis of MPEG-7
is the provision of novel solutions for audio-visual content description. Thus, addressing text-only
documents was not among the goals of MPEG-7. However, audio-visual content may include or
refer to text in addition to its audio-visual information. MPEG-7 therefore has standardized different
Description Tools for textual annotation and controlled vocabularies, taking into account existing
standards and practices.
To provide a better understanding of the terminology introduced above (i.e. Descriptor, Description Scheme, and DDL), please refer to Figure 9.32 and Figure 9.32.
Figure 9.32 shows possible relation between Descriptors and Description Schemes. The arrows
from DDL to Description Schemes are generated using the DDL. Furthermore, it indicates that the
DDL provides the mechanism to build a Description Scheme which in turn forms the basis for the
generation of a Description (see also Figure 9.33).
Figure 9.33 explains a hypothetical MPEG-7 chain in practice . The circular boxes depict tools that
are doing things, such as encoding or decoding, whereas the square boxes represent static elements,
such as a description. The dotted boxes in the figure encompass the normative elements of the MPEG7 standard.
The emphasis of MPEG-7 is the provision of novel solutions for audio-visual content description.
Thus, addressing text-only documents is be among the goals of MPEG-7. However, audio-visual
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Figure 9.31: Abstract representation of possible applications using MPEG-7.
content may include or refer to text in addition to its audio-visual information. MPEG-7 therefore
considers existing solutions developed by other standardisation organisations for text only documents
and support them as appropriate.
Besides the descriptors themselves, the database structure plays a crucial role in the final retrievals
performance. To allow the desired fast judgement about whether the material is of interest, the indexing information will have to be structured, e.g. in a hierarchical or associative way.

9.5.4 MPEG-7 Applications Areas
The elements that MPEG-7 standardizes supports a broad range of applications (for example, multimedia digital libraries, broadcast media selection, multimedia editing, home entertainment devices,
etc.). MPEG-7 will also make the web as searchable for multimedia content as it is searchable for
text today. This would apply especially to large content archives, which are being made accessible
to the public, as well as to multimedia catalogues enabling people to identify content for purchase.
The information used for content retrieval may also be used by agents, for the selection and filtering
of broadcasted “push” material or for personalized advertising. Additionally, MPEG-7 descriptions
allows fast and cost-effective usage of the underlying data, by enabling semi-automatic multimedia
presentation and editing.
All applications domains making use of multimedia benefits from MPEG-7. Considering that at
present day it is hard to find one not using multimedia, please extend the list of the examples below
using your imagination:
• Architecture, real estate, and interior design (e.g., searching for ideas)
• Broadcast media selection (e.g., radio channel, TV channel)
• Cultural services (history museums, art galleries, etc.)
• Digital libraries (e.g., image catalogue, musical dictionary, bio-medical imaging catalogues,
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Schemes.
film, video and radio archives)
• E-Commerce (e.g., personalised advertising, on-line catalogues, directories of e-shops)
• Education (e.g., repositories of multimedia courses, multimedia search for support material)
• Home Entertainment (e.g., systems for the management of personal multimedia collections,
including manipulation of content, e.g. home video editing, searching a game, karaoke)
• Investigation services (e.g., human characteristics recognition, forensics)
• Journalism (e.g. searching speeches of a certain politician using his name, his voice or his face)
• Multimedia directory services (e.g. yellow pages, Tourist information, Geographical information systems)
• Multimedia editing (e.g., personalised electronic news service, media authoring)
• Remote sensing (e.g., cartography, ecology, natural resources management)
• Shopping (e.g., searching for clothes that you like)
• Social (e.g. dating services)
• Surveillance (e.g., traffic control, surface transportation, non-destructive testing in hostile environments)
The way MPEG-7 data is used to answer user queries is outside the scope of the standard. In
principle, any type of AV material may be retrieved by means of any type of query material. This
means, for example, that video material may be queried using video, music, speech, etc. It is to the
search engine to match the query data and the MPEG-7 AV description. A few query examples are:
• Play a few notes on a keyboard and retrieve a list of musical pieces similar to the required tune,
or images matching the notes in a certain way, e.g. in terms of emotions.
• Draw a few lines on a screen and find a set of images containing similar graphics, logos,
ideograms,...
• Define objects, including colour patches or textures and retrieve examples among which you
select the interesting objects to compose your design.
• On a given set of multimedia objects, describe movements and relations between objects and so
search for animations fulfilling the described temporal and spatial relations.
• Describe actions and get a list of scenarios containing such actions.
• Using an excerpt of Pavarotti’s voice, obtaining a list of Pavarotti’s records, video clips where
Pavarotti is singing and photographic material portraying Pavarotti.
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9.5.4.1 Making audio-visual material as searchable as text
MPEG-7 began as a scheme for making audiovisual material as searchable as text is today. Indeed,
it is conceivable that the structure and discipline to even minimally describe multimedia may exceed
the current state of textual information retrieval. Although the proposed multimedia content descriptions now serve as much more than search applications, they remain the primary applications for
MPEG-7. These retrieval applications involve databases, audio-visual archives, and the Web-based
Internet paradigm (a client requests material from a server). TV and film archives represent a typical
application in this domain. They store vast amounts of multimedia material in several different formats (digital or analog tapes, film, CD-ROM, and so on) along with precise descriptive information
(metadata) that may or may not be precisely timecoded. This metadata is stored in databases with
proprietary formats. An enormous potential interest exists in an international standard format for the
storage and exchange of descriptions that could ensure
• interoperability between video archive operators,
• perennial relevance of the metadata, and
• a wider diffusion of the data to the professional and general public.
To support these goals, MPEG-7 must accommodate visual and other searches of such existing multimedia databases. In addition, a vast amount of the older, analog audio-visual material will be digitized
in years to come. This creates a tremendous opportunity to include content-based indexing features
(extractable during the digitization/compression process5) into those existing databases.
For new audio-visual material, the ability to associate descriptive information within video streams
at various stages of video production can dramatically improve the quality and productivity of manual,
controlled vocabulary annotation of video data in a video archive. For example, preproduction and
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postproduction scripts, information captured or annotated during shooting, and postproduction edit
lists would be very useful in the retrieval and reuse of archival material.
MPEG-7 specific requirements for such applications include
• Full-text descriptions as well as structured fields (database descriptions).
• A mechanism by which different MPEG-7 descriptions can support the ability to interoperate
between different content-description semantics (such as different database schemas, different
thesauri, and so on).
• A robust linking mechanism that allows referencing audio-visual objects or object instances and
time references (including descriptions with incomplete or missing time references) even in an
analog format.
• A structure to handle multiple versions of the same document at several stages in the production
process and descriptions that apply to multiple copies of the same material.
For audio databases we face a similar situation. The consumer music industry is currently struggling with how to reach consumers with increasingly fragmented tastes. Music, as with all broadcast
media artifacts, is undergoing the same Internet-flavored transformation as cable TV. An ideal way
of presenting consumers with available music is to let them search effortlessly for what they want.
Searchers may hum approximate renditions of the song they seek from a kiosk or from the comfort of
their own home.7 Alternately, they may seek out music with features (musicians, style, tempo, year
of creation) similar to those they already know. From there, they can listen to an appropriate sample
(and perhaps view associated information such as lyrics or a video) and buy the music on the spot.
The requirements for such types of audio-oriented applications on MPEG-7 include
• A mechanism that supports melody and other musical features that allow for reasonable errors
by the indexer to accommodate queryby- humming.
• A mechanism that supports descriptors based on information associated with the data (such as
textual data).
• Support description schemes that contain descriptors of visual, audio, and/or other features, and
support links between the different media (cross-modal).
Other interesting applications related to audio include sound effects libraries, historical speech
databases, and movie scene retrieval by memorable auditory events.
9.5.4.2 Supporting push and pull information acquisition methods
Filtering is essentially the converse of search. Search involves the “pull” of information, while filtering
implies information “push.” Search requests the inclusion of information, while filtering excludes
data. Both pursuits benefit strongly from the same sort of meta-information. Typical domains for such
applications include broadcasting and the emerging Webcasting. These domains have very distinct
requirements, generally dealing with streamed descriptions rather than static descriptions stored on
databases.
User-agent-driven media selection and filtering in a broadcasting environment has particular interest for MPEG-7. This approach lets users select information more appropriate to their uses and
desires from a broadcast stream of 500 channels, using the same meta-information as that used in
search. Moreover, this application gives rise to several subtypes, primarily divided among types of
users. A consumer-oriented selection leads to personalized audio-visual programs, for example. This
can go much farther than typical video-on-demand in collecting personally relevant news programs,
for example. A content-producer-oriented selection made on the segment or shot level is a way of
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collecting raw material from archives. The requirements for such types of applications on MPEG-7
include
• Support for descriptors and description schemes that allow multiple languages.
• A mechanism by which a media object may be represented by a set of concepts that may depend
on locality or language.
• Support efficient interactive response times.
However, new ways of automating and streamlining the presentation of that data also requires selecting and filtering. A system that combines knowledge about the context, user, application, and design principles with knowledge about the information to be displayed can accomplish this.8 Through
clever application of that knowledge, you can have an intelligent multimedia presentation system. For
MPEG, this requires a mechanism by which to
• encode contextual information and
• represent temporal relationships.
Finally, selecting and filtering facilitates accessibility to information for all users, especially those
who suffer from one or several disabilities such as visual, auditory, motor, or cognitive disabilities.
Providing active information representations might help overcome such problems. The key issue is
to allow multimodal communication to present information optimized for individual users’ abilities.
Consider, for example, a search agent that does not exclude images as an information resource for
the blind, but rather makes the MPEG-7 meta-data available. Aided by that metadata, sonification
(auditory display) or haptic display becomes possible. Similarity of metadata helps provide a set of
information in different modalities, in case the user can’t access the particular information. Thus,
MPEG-7 must support descriptions that contain descriptors of visual, audio, and/or other features.
9.5.4.3 Enabling nontraditional control of information
The following potential MPEG-7 applications don’t limit themselves to traditional, media-oriented,
multimedia content, but are functional within the metacontent representation in development under
MPEG-7. Interestingly, they are neither push nor pull, but reject a certain amount of control over
information through metadata. These applications reach into such diverse, but data-intensive domains
as medicine and remote sensing. Such applications can only increase the usefulness and reach of this
proposed international standard.
One of the specific applications is semi-automated video editing. Assuming that sufficient information exists about the content and structure of a multimedia object (see the previous section), a
smart multimedia clip could start to edit itself in a manner appropriate to its neighboring multimedia.
For example, a piece of music and a video clip from different sources could combine in such a way
that the music stretches and contracts to synchronize with specific hit points in the video, creating an
appropriate customized soundtrack.
This could be a new paradigm for multimedia, adding a method layer on top of MPEG-7 representation layer. (We by no means suggest that such methods for interaction be standardized in MPEG-7.
As with many other advanced capabilities building on the standard, it is an issue for implementers to
address.) Making multimedia aware to an extent opens access to novice users and increases productivity for experts. Such hidden intelligence on the part of the data itself shifts multimedia editing from
direct manipulation to loose management of data.
Semi-automated multimedia editing encompasses a broad category of applications. It can aid
home users as well as experts in studios through varying amounts of guidance or assistance through
the process. In its simpler version, assisted editing can consist of an MPEG-7-enabled browser for
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Figure 9.34: Overview of the MPEG-7 Multimedia DSs.
selecting video shots, using a suitable shot description language. In an intermediate version, assisted
editing could include planning, proposing shot selections and edit points, thereby satisfying a scenario
expressed in a sequence description language.
The education domain relates closely to semi-automated editing. The challenge of using multimedia in educational software lies in exploiting the intrinsic information as much as possible to support
different pedagogical approaches such as summarization, question answering, or detection of and reaction to misunderstanding or nonunderstanding. By providing direct access to short video sequences
within a large database, MPEG-7 can promote the use of audio, video, and film archive material in
higher education in many areas, including history, performing art, film music.

9.5.5 Mpeg-7 description tools
In this section, more details on the MPEG-7 description tools, which comprise all of MPEG-7 predefined descriptors and description schemes, will be presented. We can also define additional description
tools for specific applications using the MPEG-7 Description Definition Language (DDL), an extension of the XML Schema.
We can group these description tools in different classes according to their functionality (see
Figure 9.34). These description tools are standardized by three parts: Visual for descriptors related
to visual features that apply to images and/or videos; Audio for the description tools related to audio
features, covering areas from speech to music; and Multimedia Description Schemes for description
tools related to features applying to audio, visual, and audio-visual content.
Figure 9.34 provides an overview of the organization of MPEG-7 Multimedia DSs into the following areas: Basic Elements, Content Description, Content Management, Content Description, Content
Organization, Navigation and Access, and User Interaction.
Basic elements MPEG-7 provides a number of Schema Tools that assist in the formation, packaging,
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and annotation of MPEG-7 descriptions. A number of basic elements are used throughout the
MDS specification as fundamental constructs in defining the MPEG-7 DSs. The basic data
types provide a set of extended data types and mathematical structures such as vectors and
matrices, which are needed by the DSs for describing AV content. The basic elements include
also constructs for linking media files, localizing pieces of content, and describing time, places,
persons, individuals, groups, organizations, and other textual annotation.
Content Description Content Description Tools represent perceptible information, including structural aspects (structure description tools), audio and visual features, and conceptual aspects
(semantic description tools).
Structure description tools let us describe content in terms of spatio-temporal segments organized in a hierarchical structure, for example, letting us define a table of contents or an
index. We can attach audio, visual, annotation, and content management description tools
to the segments to describe them in detail.
Visual description tools include the visual basic structures (such as description tools for grid
layout, time series, and spatial coordinates) and visual description tools that let us describe
color, texture, shape, motion, localization, and faces.
Audio description tools comprise the audio description framework (including the scale tree
for creating a scalable series of audio samples, low-level audio descriptors, and the silence
descriptor) and high-level audio description tools that let us describe musical instrument
timbre, sound recognition, spoken content, and melody.
Semantic description tools let us describe the content with real-world semantics and conceptual notions: objects, events, abstract concepts, and relationships. We can cross-link the
semantic and structure description tools with a set of links.
Content Management The Content Management Tools let us specify information about media features, creation, and usage of multimedia content.
Media description tools let us describe the storage media, coding format, quality, and transcoding hints for adapting content to different networks and terminals.
Creation description tools let us describe the creation process (for example, title, agents, materials, places, and dates), classification (for example, genre, subject, parental rating, and
languages), and related materials. This information may very likely be subject to change
during the lifetime of the audio-visual (AV) content.
Usage description tools let us describe the conditions for use (for example, rights and availability) and the history of use (for example, financial results and audience).
Content Organization MPEG-7 provides also DSs for organizing and modeling collections of audiovisual content and of descriptions. We can describe each collection as a whole by their attribute
values characterized by models and statistics.
Navigation and Access Navigation and Access Tools let us specify summaries, partitions and decompositions, and variations of multimedia content for facilitating browsing and retrieval.
Summary description tools provide both hierarchical and sequential navigation modes to provide efficient preview access to the multimedia material.
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Partitions and decompositions description tools allow multiresolution and progressive access in time, space, and frequency.
Variations description tools let us describe preexisting views of multimedia content: summaries, different media modalities, (for example, image and text), scaled versions, and so
on.
User Interaction The User Interaction tools describe user preferences and usage history pertaining to
the consumption of the multimedia material. This allows, for example, matching between user
preferences and MPEG-7 content descriptions in order to facilitate personalization of audiovisual content access, presentation and consumption.

9.5.6 MPEG-7 Audio
MPEG-7 Audio comprises five technologies: the audio description framework (which includes scalable series, low-level descriptors, and the uniform silence segment), musical instrument timbre description tools, sound recognition tools, spoken content description tools, and melody description
tools.
9.5.6.1 MPEG-7 Audio Description Framework
The Audio Framework contains low-level tools designed to provide a basis for the construction of
higher level audio applications. By providing a common platform for the structure of descriptions and
the basic semantics for commonly regarded audio features, MPEG-7 Audio establishes a platform for
interoperability across all applications that might be built on the framework.
There are essentially two ways of describing low-level audio features. One may sample values at
regular intervals or one may use Segments (see the MDS description) to demark regions of similarity
and dissimilarity within the sound. Both of these possibilities are embodied in two low-level descriptor
types (one for scalar values, such as power or fundamental frequency, and one for vector types, such
as spectra), which create a consistent interface. Any descriptor inheriting from these types can be
instantiated, describing a segment with a single summary value or a series of sampled values, as the
application requires.
The sampled values themselves may be further manipulated through another unified interface:
they can form a Scalable Series. The Scalable Series allows one to progressively down-sample the
data contained in a series, as the application, bandwidth, or storage required. The scale tree may
also store various summary values along the way, such as minimum, maximum, and variance of the
descriptor values.
The low-level audio descriptors are of general importance in describing audio. There are seventeen
temporal and spectral descriptors that may be used in a variety of applications. They can be roughly
divided into the following groups:
Basic: The two basic audio Descriptors are temporally sampled scalar values for general use, applicable to all kinds of signals. The AudioWaveform Descriptor describes the audio waveform
envelope (minimum and maximum), typically for display purposes. The AudioPower Descriptor describes the temporally-smoothed instantaneous power, which is useful as a quick summary
of a signal, and in conjunction with the power spectrum, below.
Basic Spectral. The four basic spectral audio Descriptors all share a common basis, all deriving from
a single time-frequency analysis of an audio signal. They are all informed by the first Descriptor,
the AudioSpectrumEnvelope Descriptor.
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AudioSpectrumEnvelope descriptor which is a logarithmic-frequency spectrum, spaced by a
power-of-two divisor or multiple of an octave. This AudioSpectrumEnvelope is a vector
that describes the short-term power spectrum of an audio signal. It may be used to display
a spectrogram, to synthesize a crude “auralization” of the data, or as a general-purpose
descriptor for search and comparison.
AudioSpectrumCentroid descriptor describes the center of gravity of the log-frequency power
spectrum. This Descriptor is an economical description of the shape of the power spectrum, indicating whether the spectral content of a signal is dominated by high or low
frequencies.
AudioSpectrumSpread descriptor complements the previous Descriptor by describing the second moment of the log-frequency power spectrum, indicating whether the power spectrum
is centered near the spectral centroid, or spread out over the spectrum. This may help distinguish between pure-tone and noise-like sounds.
AudioSpectrumFlatness descriptor describes the flatness properties of the spectrum of an audio signal for each of a number of frequency bands. When this vector indicates a high
deviation from a flat spectral shape for a given band, it may signal the presence of tonal
components.
Signal parameters The two signal parameter Descriptors apply chiefly to periodic or quasi-periodic
signals.
AudioFundamentalFrequency descriptor describes the fundamental frequency of an audio
signal. The representation of this descriptor allows for a confidence measure in recognition
of the fact that the various extraction methods, commonly called “pitch-tracking,” are not
perfectly accurate, and in recognition of the fact that there may be sections of a signal
(e.g., noise) for which no fundamental frequency may be extracted.
AudioHarmonicity descriptor represents the harmonicity of a signal, allowing distinction between sounds with a harmonic spectrum (e.g., musical tones or voiced speech [e.g., vowels]), sounds with an inharmonic spectrum (e.g., metallic or bell-like sounds) and sounds
with a non-harmonic spectrum (e.g., noise, unvoiced speech [e.g., fricatives like /f/], or
dense mixtures of instruments).
Timbral Temporal The two timbral temporal descriptors describe temporal characteristics of segments of sounds, and are especially useful for the description of musical timbre (characteristic
tone quality independent of pitch and loudness). Because a single scalar value is used to represent the evolution of a sound or an audio segment in time, these Descriptors are not applicable
for use with the Scalable Series.
LogAttackTime descriptor characterizes the “attack” of a sound, the time it takes for the signal to rise from silence to the maximum amplitude. This feature signifies the difference
between a sudden and a smooth sound.
TemporalCentroid descriptor also characterizes the signal envelope, representing where in
time the energy of a signal is focused. This Descriptor may, for example, distinguish
between a decaying piano note and a sustained organ note, when the lengths and the
attacks of the two notes are identical.
Timbral Spectral The five timbral spectral Descriptors are spectral features in a linear-frequency
space especially applicable to the perception of musical timbre.
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SpectralCentroid descriptor is the power-weighted average of the frequency of the bins in
the linear power spectrum. As such, it is very similar to the AudioSpectrumCentroid
Descriptor, but specialized for use in distinguishing musical instrument timbres. It is has
a high correlation with the perceptual feature of the “sharpness” of a sound.
The four remaining timbral spectral Descriptors operate on the harmonic regularly-spaced components of signals. For this reason, the descriptors are computed in linear-frequency space.
HarmonicSpectralCentroid is the amplitude-weighted mean of the harmonic peaks of the
spectrum. It has a similar semantic to the other centroid Descriptors, but applies only to
the harmonic (non-noise) parts of the musical tone. T
HarmonicSpectralDeviation descriptor indicates the spectral deviation of log-amplitude components from a global spectral envelope.
HarmonicSpectralSpread describes the amplitude-weighted standard deviation of the harmonic peaks of the spectrum, normalized by the instantaneous HarmonicSpectralCentroid.
HarmonicSpectralVariation descriptor is the normalized correlation between the amplitude
of the harmonic peaks between two subsequent time-slices of the signal.
Spectral Basis The two spectral basis Descriptors represent low-dimensional projections of a highdimensional spectral space to aid compactness and recognition. These descriptors are used
primarily with the Sound Classification and Indexing Description Tools, but may be of use with
other types of applications as well.
AudioSpectrumBasis descriptor is a series of (potentially time-varying and/or statistically independent) basis functions that are derived from the singular value decomposition of a
normalized power spectrum.
AudioSpectrumProjection descriptor is used together with the AudioSpectrumBasis Descriptor, and represents low-dimensional features of a spectrum after projection upon a reduced
rank basis.
Together, the descriptors may be used to view and to represent compactly the independent
subspaces of a spectrogram. Often these independent subspaces (or groups thereof) correlate
strongly with different sound sources. Thus one gets more salience and structure out of a spectrogram while using less space. For example, in Figure 9.35, a pop song is represented by an
AudioSpectrumEnvelope Descriptor, and visualized using a spectrogram. The same song has
been data-reduced in Figure 9.36, and yet the individual instruments become more salient in
this representation.
Each of these can be used to describe a segment with a summary value that applies to the entire
segment or with a series of sampled values. The Timbral Temporal group is an exception, as their
values only apply to segments as a whole.
While low-level audio descriptors in general can serve many conceivable applications, the spectral
flatness descriptor specifically supports the functionality of robust matching of audio signals. Applications include audio fingerprinting, identification of audio based on a database of known works and,
thus, locating metadata for legacy audio content without metadata annotation.
Additionally, a very simple but useful tool is the
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Figure 9.35: AudioSpectrumEnvelope description of a pop song. The required data storage is N M
values where N is the number of spectrum bins and M is the number of time points.
Silence descriptor. It attaches the simple semantic of “silence” (i.e. no significant sound) to an Audio
Segment. It may be used to aid further segmentation of the audio stream, or as a hint not to
process a segment.
9.5.6.2 High-level audio description tools (Ds and DSs)
Because there is a smaller set of audio features (as compared to visual features) that may canonically
represent a sound without domain-specific knowledge, MPEG-7 Audio includes a set of specialized
high-level tools that exchange some degree of generality for descriptive richness. The five sets of audio
Description Tools that roughly correspond to application areas are integrated in the standard: audio
signature, musical instrument timbre, melody description, general sound recognition and indexing,
and spoken content. The latter two are excellent examples of how the Audio Framework and MDS
Description Tools may be integrated to support other applications.
Audio Signature Description Scheme While low-level audio Descriptors in general can serve many
conceivable applications, the spectral flatness Descriptor specifically supports the functionality
of robust matching of audio signals. The Descriptor is statistically summarized in the AudioSignature Description Scheme as a condensed representation of an audio signal designed to provide
a unique content identifier for the purpose of robust automatic identification of audio signals.
Applications include audio fingerprinting, identification of audio based on a database of known
works and, thus, locating metadata for legacy audio content without metadata annotation
Musical Instrument Timbre description tools Timbre descriptors aim at describing perceptual features of instrument sounds. Timbre is currently defined in the literature as the perceptual features that make two sounds having the same pitch and loudness sound different. The aim of
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Figure 9.36: A 10-basis component reconstruction showing most of the detail of the original spectrogram including guitar, bass guitar, hi-hat and organ notes. The left vectors are an AudioSpectrumBasis Descriptor and the top vectors are the corresponding AudioSpectrumProjection Descriptor. The
required data storage is 10(M + N ) values.

the Timbre description tools is to describe these perceptual features with a reduced set of descriptors. The descriptors relate to notions such as “attack”, “brightness” or “richness” of a
sound. Within four detailed possible classes of musical instrument sounds, two classes are
well detailed, and had been the subject of core experiment development. At this point, harmonic, coherent sustained sounds, and non-sustained, percussive sounds are represented in the
standard. The timbre descriptor for sustained harmonic sounds combines the above Timbral
Spectral low-level descriptors with a log attack time descriptor. The percussive instrument
descriptor combines the Timbral Temporal low-level descriptors with a spectral centroid descriptor. Comparisons between descriptions using either set of descriptors are done with an
experimentally-derived scaled distance metric.
Melody Description Tools The melody Description Tools include a rich representation for monophonic melodic information to facilitate efficient, robust, and expressive melodic similarity
matching. The Melody Description Scheme includes a MelodyContour Description Scheme for
extremely terse, efficient melody contour representation, and a MelodySequence Description
Scheme 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 content-based search, including query-by-humming.
MelodyContour Description Scheme uses a 5-step contour (representing the interval difference between adjacent notes), in which intervals are quantized into large or small intervals,
up, down, or the same. The Melody Contour DS also represents basic rhythmic information by storing the number of the nearest whole beat of each note, which can dramatically
increase the accuracy of matches to a query.
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MelodySequence. For applications requiring greater descriptive precision or reconstruction of
a given melody, the MelodySequence Description Scheme supports an expanded descriptor set and high precision of interval encoding. Rather than quantizing to one of five
levels, the precise pitch interval (to cent or greater precision) between notes is kept. Precise rhythmic information is kept by encoding the logarithmic ratio of differences between
the onsets of notes in a manner similar to the pitch interval. Arrayed about these core Descriptors are a series of optional support Descriptors such as lyrics, key, meter, and starting
note, to be used as desired by an application.
Sound recognition tools The sound recognition descriptors and description schemes are a collection of tools for indexing and categorization of general sounds, with immediate application to sound
effects. Support for automatic sound identification and indexing is included as well as tools for specifying a taxonomy of sound classes and tools for specifying an ontology of sound recognizers. Such
recognizers may be used to automatically index and segment sound tracks.
The recognition tools use the low-level Spectral Basis descriptors as their foundation. These basis
functions are then further segmented into a series of states that comprise a statistical model, such as
a hidden Markov or Gaussian mixture model, which is then trained on the likely transitions between
these states. This model may stand on its own as a representation, have a label associated with it
according to the semantics of the original sound, and/or associated with other models in order to
categorize novel sounds input into a recognition system.
Spoken Content description tools The Spoken Content description tools allow detailed description of words spoken within an audio stream. In recognition of the fact that current Automatic
Speech Recognition (ASR) technologies have their limits, and that one will always encounter outof-vocabulary utterances, the Spoken Content description tools sacrifice some compactness for robustness of search. To accomplish this, the tools represent the output and what might normally be
seen as intermediate results of Automatic Speech Recognition (ASR). The tools 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 Spoken Content description tools are divided into two broad functional units: the lattice,
which represents the actual decoding produced by an ASR engine, and the header, which contains
information about the speakers being recognized and the recognizer itself. The lattice consists of
combined word and phone lattices for each speaker in an audio stream. By combining these lattices,
the problem of out-of-vocabulary words is greatly alleviated and retrieval may still be carried out
when the original word recognition was in error.
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