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(7) ABSTRACT

Quantization matrices facilitate digital audio encoding and
decoding. An audio encoder generates and compresses quan-
tization matrices; an audio decoder decompresses and
applies the quantization matrices. The invention includes
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channel audio data. The audio encoder/decoder can use
different compression/decompression modes for the quanti-
zation matrices, including a parametric compression/
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QUANTIZATION MATRICES BASED ON
CRITICAL BAND PATTERN INFORMATION
FOR DIGITAL AUDIO WHEREIN
QUANTIZATION BANDS DIFFER FROM
CRITICAL BANDS

RELATED APPLICATION INFORMATION

The following concurrently filed U.S. patent applications
relate to the present application: 1) U.S. patent application
Ser. No. 10/020,708 entitled, “Adaptive Window-Size
Selection in Transform Coding,” filed Dec. 14, 2001, the
disclosure of which is hereby incorporated by reference; 2)
U.S. patent application Ser. No. 10/016,918 entitled, “Qual-
ity Improvement Techniques in an Audio Encoder,” filed
Dec. 14, 2001, the disclosure of which is hereby incorpo-
rated by reference; 3) U.S. patent application Ser. No.
10/017,694 entitled, “Quality and Rate Control Strategy for
Digital Audio,” filed Dec. 14, 2001, the disclosure of which
is hereby incorporated by reference; and 4) U.S. patent
application Ser. No. 10/017,861 entitled, “Techniques for
Measurement of Perceptual Audio Quality,” filed Dec. 14,
2001, the disclosure of which is hereby incorporated by
reference.

TECHNICAL FIELD

The present invention relates to quantization matrices for
audio encoding and decoding. In one embodiment, an audio
encoder generates and compresses quantization matrices,
and an audio decoder decompresses and applies the quan-
tization matrices.

BACKGROUND

With the introduction of compact disks, digital wireless
telephone networks, and audio delivery over the Internet,
digital audio has become commonplace. Engineers use a
variety of techniques to process digital audio efficiently
while still maintaining the quality of the digital audio. To
understand these techniques, it helps to understand how
audio information is represented in a computer and how
humans perceive audio.

I. Representation of Audio Information in a Computer

A computer processes audio information as a series of
numbers representing the audio information. For example, a
single number can represent an audio sample, which is an
amplitude value (i.e., loudness) at a particular time. Several
factors affect the quality of the audio information, including
sample depth, sampling rate, and channel mode.

Sample depth (or precision) indicates the range of num-
bers used to represent a sample. The more values possible
for the sample, the higher the quality because the number
can capture more subtle variations in amplitude. For
example, an 8-bit sample has 256 possible values, while a
16-bit sample has 65,536 possible values.

The sampling rate (usually measured as the number of
samples per second) also affects quality. The higher the
sampling rate, the higher the quality because more frequen-
cies of sound can be represented. Some common sampling
rates are 8,000, 11,025, 22,050, 32,000, 44,100, 48,000, and
96,000 samples/second.

Mono and stereo are two common channel modes for
audio. In mono mode, audio information is present in one
channel. In stereo mode, audio information is present in two
channels usually labeled the left and right channels. Other
modes with more channels, such as 5-channel surround
sound, are also possible. Table 1 shows several formats of
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2

audio with different quality levels, along with corresponding
raw bitrate costs.

TABLE 1

Bitrates for different quality audio information

Sample Depth  Sampling Rate Raw Bitrate

Quality (bits/sample)  (samples/second) Mode  (bits/second)
Internet 8 8,000 mono 64,000
telephony

Telephone 8 11,025 mono 88,200
CD audio 16 44,100 stereo 1,411,200
high quality 16 48,000 stereo 1,536,000
audio

As Table 1 shows, the cost of high quality audio infor-
mation such as CD audio is high bitrate. High quality audio
information consumes large amounts of computer storage
and transmission capacity.

Compression (also called encoding or coding) decreases
the cost of storing and transmitting audio information by
converting the information into a lower bitrate form. Com-
pression can be lossless (in which quality does not suffer) or
lossy (in which quality suffers). Decompression (also called
decoding) extracts a reconstructed version of the original
information from the compressed form.

Quantization is a conventional lossy compression tech-
nique. There are many different kinds of quantization includ-
ing uniform and non-uniform quantization, scalar and vector
quantization, and adaptive and non-adaptive quantization.
Quantization maps ranges of input values to single values.
For example, with uniform, scalar quantization by a factor of
3.0, a sample with a value anywhere between -1.5 and 1.499
is mapped to 0, a sample with a value anywhere between 1.5
and 4.499 is mapped to 1, etc. To reconstruct the sample, the
quantized value is multiplied by the quantization factor, but
the reconstruction is imprecise. Continuing the example
started above, the quantized value 1 reconstructs to 1x3=3;
it is impossible to determine where the original sample value
was in the range 1.5 to 4.499. Quantization causes a loss in
fidelity of the reconstructed value compared to the original
value. Quantization can dramatically improves the effective-
ness of subsequent lossless compression, however, thereby
reducing bitrate.

An audio encoder can use various techniques to provide
the best possible quality for a given bitrate, including
transform coding, rate control, and modeling human per-
ception of audio. As a result of these techniques, an audio
signal can be more heavily quantized at selected frequencies
or times to decrease bitrate, yet the increased quantization
will not significantly degrade perceived quality for a listener.

Transform coding techniques convert data into a form that
makes it easier to separate perceptually important informa-
tion from perceptually unimportant information. The less
important information can then be quantized heavily, while
the more important information is preserved, so as to pro-
vide the best perceived quality for a given bitrate. Transform
coding techniques typically convert data into the frequency
(or spectral) domain. For example, a transform coder con-
verts a time series of audio samples into frequency coeffi-
cients. Transform coding techniques include Discrete Cosine
Transform [“DCT”], Modulated Lapped Transform
[“MLT”], and Fast Fourier Transform [“FFT”]. In practice,
the input to a transform coder is partitioned into blocks, and
each block is transform coded. Blocks may have varying or
fixed sizes, and may or may not overlap with an adjacent
block. For more information about transform coding and
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MLT in particular, see Gibson et al., Digital Compression for
Multimedia, “Chapter 7: Frequency Domain Coding,” Mor-
gan Kaufman Publishers, Inc., pp. 227-262 (1998); U.S. Pat.
No. 6,115,689 to Malvar; H. S. Malvar, Signal Processing
with Lapped Transforms, Artech House, Norwood, Mass.,
1992; or Seymour Schlein, “The Modulated Lapped
Transform, Its Time-Varying Forms, and Its Application to
Audio Coding Standards,” IEEE Transactions on Speech
and Audio Processing, Vol. 5, No. 4, pp. 359-66, July 1997.

With rate control, an encoder adjusts quantization to
regulate bitrate. For audio information at a constant quality,
complex information typically has a higher bitrate (is less
compressible) than simple information. So, if the complexity
of audio information changes in a signal, the bitrate may
change. In addition, changes in transmission capacity (such
as those due to Internet traffic) affect available bitrate in
some applications. The encoder can decrease bitrate by
increasing quantization, and vice versa. Because the relation
between degree of quantization and bitrate is complex and
hard to predict in advance, the encoder can try different
degrees of quantization to get the best quality possible for
some bitrate, which is an example of a quantization loop.
II. Human Perception of Audio Information

In addition to the factors that determine objective audio
quality, perceived audio quality also depends on how the
human body processes audio information. For this reason,
audio processing tools often process audio information
according to an auditory model of human perception.

Typically, an auditory model considers the range of
human hearing and critical bands. Humans can hear sounds
ranging from roughly 20 Hz to 20 kHz, and are most
sensitive to sounds in the 24 kHz range. The human
nervous system integrates sub-ranges of frequencies. For
this reason, an auditory model may organize and process
audio information by critical bands. For example, one criti-
cal band scale groups frequencies into 24 critical bands with
upper cut-off frequencies (in Hz) at 100, 200, 300, 400, 510,
630, 770, 920, 1080, 1270, 1480, 1720, 2000, 2320, 2700,
3150, 3700, 4400, 5300, 6400, 7700, 9500, 12000, and
15500. Different auditory models use a different number of
critical bands (e.g., 25, 32, 55, or 109) and/or different
cut-off frequencies for the critical bands. Bark bands are a
well-known example of critical bands.

Aside from range and critical bands, interactions between
audio signals can dramatically affect perception. An audio
signal that is clearly audible if presented alone can be
completely inaudible in the presence of another audio signal,
called the masker or the masking signal. The human ear is
relatively insensitive to distortion or other loss in fidelity
(ie., noise) in the masked signal, so the masked signal can
include more distortion without degrading perceived audio
quality. Table 2 lists various factors and how the factors
relate to perception of an audio signal.

TABLE 2

Various factors that relate to perception of audio

Factor Relation to Perception of an Audio Signal
outer and Generally, the outer and middle ear attenuate higher
middle frequency information and pass middle frequency

ear transfer  information. Noise is less audible in higher frequencies
than middle frequencies.

Noise present in the auditory nerve, together with noise
from the flow of blood, increases for low frequency
information. Noise is less audible in lower frequencies than

middle frequencies.

noise in the
auditory
nerve
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TABLE 2-continued

Various factors that relate to perception of audio

Factor Relation to Perception of an Audio Signal

perceptual
frequency
scales

Depending on the frequency of the audio signal, hair cells
at different positions in the inner ear react, which affects
the pitch that a human perceives. Critical bands relate
frequency to pitch.

Hair cells typically respond several milliseconds after the
onset of the audio signal at a frequency. After exposure,
hair cells and neural processes need time to recover full
sensitivity. Moreover, loud signals are processed faster than
quiet signals. Noise can be masked when the ear will not
sense it.

Humans are better at detecting changes in loudness for
quieter signals than louder signals. Noise can be masked in
louder signals.

For a masker and maskee present at the same time, the
maskee is masked at the frequency of the masker but also
at frequencies above and below the masker. The amount of
masking depends on the masker and maskee structures and
the masker frequency.

The masker has a masking effect before and after than the
masker itself. Generally, forward masking is more
pronounced than backward masking. The masking effect
diminishes further away from the masker in time.
Perceived loudness of a signal depends on frequency,
duration, and sound pressure level. The components of a
signal partially mask each other, and noise can be masked
as a result.

Cognitive effects influence perceptual audio quality. Abrupt
changes in quality are objectionable. Different components
of an audio signal are important in different applications
(e.g., speech vs. music).

excitation

detection

simultaneous
masking

temporal
masking

loudness

cognitive
processing

An auditory model can consider any of the factors shown
in Table 2 as well as other factors relating to physical or
neural aspects of human perception of sound. For more
information about auditory models, see:

1) Zwicker and Feldtkeller, “Das Ohr als Nachrichtenempf
anger,” Hirzel-Verlag, Stuttgart, 1967;

2) Terhardt, “Calculating Virtual Pitch,” Hearing Research,
1:155-182, 1979;

3) Lufti, “Additivity of Simultaneous Masking,” Journal of
Acoustic Society of America, 73:262 267, 1983;

4) Jesteadt et al., “Forward Masking as a Function of
Frequency, Masker Level, and Signal Delay,” Journal of
Acoustical Society of America, 71:950-962,1982;

5) ITU, Recommendation ITU-R BS 1387, Method for
Objective Measurements of Perceived Audio Quality,
1998;

6) Beerends, “Audio Quality Determination Based on Per-
ceptual Measurement Techniques,” Applications of Digi-
tal Signal Processing to Audio and Acoustics, Chapter 1,
Ed. Mark Kahrs, Karlheinz Brandenburg, Kluwer Acad.
Publ., 1998; and

7) Zwicker, Psychoakustik, Springer-Verlag, Berlin
Heidelberg, New York, 1982.

III. Generating Quantization Matrices

Quantization and other lossy compression techniques
introduce potentially audible noise into an audio signal. The
audibility of the noise depends on 1) how much noise there
is and 2) how much of the noise the listener perceives. The
first factor relates mainly to objective quality, while the
second factor depends on human perception of sound.







































