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What is Super Bit Mapping?

Super Dit Mapping (GOM) is a form of digital processing which converts high-resolution signals recurded by a 20-it

master recorder into 16-bit signals which can be recorded on a CD. Although 20-bit signals have 16 times more
resolution than 16 bit signals, the EOM proccas can effectively convert them to 16-bit signals by taking advantage

of psychoacoustic principles. As a resull. SBM makes it possible to use high guality 20-bit masters in the production

of 16-bit CDs which sacrifice little of the original sound quality when playcd back on home CD players.
In order to understand the remarkable benefits of SBM. let’s look at the differences between 16-bit and 20-bit

recording.

The Connection Between Sound Quality
and the Number of Bits
There is a strong relationship between the number of
bits (the wordlength of a PCM data word) and sound
quality. In the digital realm, sound is expressed in 1"
and “0." These, the smallest building blocks, are called
“bits.” A single bit represents only twao possibilities, 1 or
0. With two bits, however, there are four combination
possibilities: *11," “10,” *01," and “00.” Accordingly.
with three bits there are eight (111, 110, 101, 100, 011,
010, 001, and 000} and with four bits the combinations
douple again to sixteen (1111, 1110, 1101, 1100,
1011, 1010, 1001. 1000, 0111, 0110, 0101, 0100,
Q01 1, 0010, 0001, and 000U). As you can see, each
time a bit place is added, the number of combinations
doubies.

With this in mind, we can see that a word length of
16 Lits provides wo 10 the sixteentn puwer, 0r 55.530
different combinations. Similarly, adding only four bits
to create 20 bits results in a startling number of

Fig.1 Digital Bit Number and Waveform Representation
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combinations: 2 to the twentieth power, or 1,048,576
combinations. This is sixteen times the 65,536
combinations possible with 16-bit recording.
Essentially, the greater the number, the higher the
sounc resolution as each combination represents one
sound level. In simple terms, 20-bit recording can
record a much greater amount of data, making
possible a more accurate representation of the music.

As an example, what is the difference between
digitizing a sound wave by 2 bits or 4 bits? Fig.1
provices a good illustration. With 2 bits, there are only
tour levels with which the sound wave may be
represented. But with 4 bits. there are sixteen different
levels, so the wavetorm may be more accurately
represented by the different combinations. Thus, the
greater number of bits, the closer the resulting sound
wave is to the original, with a smoother waveform and
less conversion errof, commaniy referred 10 as
quantization noise.
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The frequency characteristics of noise resulting
from thie convaersion error are shown in Fig 2. whirh
shows the noise floor levels (levels of quantization
noisa) far hath 18 hits and 20 hits. Since 20-bit
recording has much less conversion error, its noise
flanr is some 24 dR lawer.

Fig 2 Nigital Bit Number and Quantization Noise
Floor
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Decibels (dB) is a logarithmic unit of measure for
both dynamic range and S/N ratio, with a 6 dB
increase representing a doubling of the sound volume

> over a given level. Accordingly. a drop of 6 dB

represents a halving of sound level.

Since the conversion error of 16 bits is 16 times
greater than that of 20 bits, the noise is 24 dB higher.
That is, the noise level is "doubled” four times.

Reterring to the comparison of sound waves in Fig.
1 and the comparison of noise floor levels in Fig. 2.
sound reproduction possible with 20 bits is smoother,
with higher fidelity and less noise, than with 16 bits. As
the hidelity to the onginal sound source 1S Improved, we
can also expect improvements in low-level signals
which can be considered those which represernt
“depth” and “soundstage.”

Processing when the number of bits differ
The advent of the 20-bil digilal recorder represenis d
marked Improvement In studio sound, with the oulput
being almoat identical to that of the mixing conoole.
However, there remains the question of how best to
convart 20 bite into the 18 bits required for CD. While
the simplest way was to truncate the last four bits to
make 16 hite it iz clear that thig is nat the hact
approach.

The problem with truncation is easily understood by
lnoking back at the relationship between the number of
bits and resulting sound quality. For example, while
there are eight combinations in 3 bits, if the last digit is
left off, the number of combinations is reduced to four,
the same as with two bits. Thus. if the last four bits of
20 bits are left off to achieve 16 bits, then the number
of combinations. and the resulting sound quality, will
be the same as with 16 bits. Given this, there is no
point in using a 20-bit recorder instead of a 16-bit unit.

Indeed, this truncation of 20 bits into 16 would be
worse than an original 16 bit recording because the
truncation recording would not have a dither signal in
its 16th bit.

Psychoacoustics: human auditory
perception

As audiophiles with test discs may have experienced,
when listening to sine waves of different frequencies
with the same amplitude. the perceived volume of
sound differs. Though we may not be aware of this
phenomena in everyday life, it is one distinctive aspect
of human auditory perception.

These characteristics have been scientifically
measured, and have been compiled onto what is
known as the “Loudness Curve,” which is shown in
Fig.3. These are the amplitudes of different
frequencies which produce the same perceived
volume, In simple terms, the human ear i1s more
sensitive at certain frequencies than others. Though
there are shight varniations at ditterent sound pressure
levels, the general tendency is for sensitivity to be
highest between 500 and 5,000 Hz. Not shown is the
data for very high frequencies where the sensitivity of
the human ear is poor and essentially unmeasurabple.

Interestingly, this range between 500 and 5,000 Hz
centers un the range of ihe humarn volce and many
musical instruments. Thus, if the resolution of this
‘highly audibie al low volume” cone is improved, e
perceived fidelity will greatly increase.

As Fig.2 shows, 20-bil recoiding allows Lhie
reproduction of sounds 24 JB yuieler Wan wills 168-bil
recording throughout the ontire band, including tho
“highly audible at low volume” range from 500 - 5.000
Hz. Making saund seem improved to human eare ic ta
make it so that "even the smallest sounds are more
audible” than those reproduced hy 16 bits, particularly
in the “highly audible at low volume” range.




Fig.3 Loudness Curve
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The Principle of SBM

Now we will explain how SBM converts a 20-bit signal
into a 16-bit signal without losing sound quality. Fig.2
shows quantization noise floor levels for both 16-bit
and 20-bit signals. The total energy of the quantization
noise is calculated by adding up the quantization noise
values across the frequency range. This is determined
by the number of quantized bits. In the figure, the
areas of the shaded rectangles for both 16 bits and 20
bits do not change size as long as the number of bits
does not change. However. even though the area size
(total noise energy) cannet be changed, it is possible
to “reshape” the pattern of noise using Sony's original
Noise Shaping technology. which has been
incorporated in SBM.,

Taking into account the previously explained
psychoacoustic principles, it is possible to shift the
quantization noise from the frequency range where the
human ear is most sensitive to a range where the ear
1S less sensitive. This makes i1 possible for 16-bit
reproduction W svund likg 20-Lit reproductivn.

Specifically, SBM reorients quantization noise to
the frequencies above 15,000 Hz where the human
ear is far less sensitive. Az a result, deep bass and
mid-range sound are far more dynamic. Fig.4
illustrates how the quantization noise is re-distributed
into the higher frequenciee, even though ite total
volume remains unchanged.

Fig.4 Principle of Super Bit Mapping
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Noise Shaping and SBM

Those familiar with audio technology realize, however,
that one change often causes other changes. With this
Noise Shaping technigue, many may wonder how the
musical waveforms will be affected when the
frequency characteristics of the noise floor are
changed.

How 20-bit sound information is obtained from 16
bits can be explained using a simplified wave. Fig.5
shows a very gently sloped wave quantized at 20 bits
and at 16 bits. One question which soon arises is why
there are so many small pulses in SBM. Actually.
these many small pulses are part of the secret of SBM
operation. For easier understanding, a part of the SBM
processed wave in Fig.5 is shown in Fig.6. The solid
ine represents the SBM wave, while the dotted line
shows the 20-bit wave.

The following explanation uses the expression
LSB. meaning Least Signimecant Bit. Essentially, the
LSB Is | divided by 2« - |, with N being the number of
bits. Fur example, the L3DB of 10 bits is: /2 -1, or
1/65,535.




Fig.5 Digitizing a Smoothly Sloped Waveform
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Looking at the 16 samples, from the 16th to the
31st sample, in Tig.G, although there aro two 20-bit
LSBs in 20 bits (equal to 2/16 LSB of 16 bits), SBM
hao only two pulsoe with the height of the 16-hit 1 LSR
sample while all the others are 0 LSBs. If the average
of tho SBM wave, tfrom the 16tk ta the 31at aample s
calculated it will be 2 LSB - 16 = 2/16 LSB, expressing
the eame amount of information as with 20-hit
cperation. Similarly, if the average of the SBM wave
from the 32nd to the B3rd cample is calrulated it will
be 4 LSB - 16 = 4/16 because there are 4 pulses with
the haight of the 18-bit 1 LSB samnle. expressing the
same information as with 20-bit operation,

in this way. SBM expresses 20-bit information
through averaging 16-bit 1 LSBs which appear in a
given range. This phenomenon is similar to the
reproduction of photos in newspapers wherein light
and shade density are expressed by the size and
density of very small dots.

Along with this high density, however, there are
pulses with the height of a 16-bit 1 LSB sample. These
are concentrated mainly in the high frequency range,
centering on 22,050 Hz (half of the CD sampling rate
of 44,100 Hz). These groups of pulses generated to
express 20-bit information were neither in 16 bits nor in
the original waveform, so they can be regarded as one
form of noise. While noise in the high frequency range
is increased by these groups of pulses, the human ear
does not easily recognize them as noise since they are
gathered above 15.000 Hz where human hearing is
not so sensitive.

This “noise gathering” process i¢ called Noise
Shaping, wherein errors generated in re-quantization
are fed back to the input in order to reduce operation
error. Primary noise shaping, the simplest form, will be
used to explain the principle of signal processing.
Signals generated by teedback are explamned to clanty
the principle of its operation.

Fig./ shows the operation of a very simpie 1-bit
guantization of input signals, while Fig.B shows the
same operation when primary nolse shaping is
employed. It a constant "0.6" is input Nto the simple 1-
LIl yuanlizing process, ovutput is always “1" (as is
shown in Fig.7) because the input is greater than “0.5."
With this, a differenoe of “0.1" alwaye ariees. This ie for
the same reason that (as shown in Fig.5) the fine steps
bolow 1 LSB of 18-bit oparation were last when the 20-
bit signals are rounded off to 16 bits.

Fig.7 Simplified 1-bit Quantization
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When a constant “0.6" is input to a 1-bit quantizing
operation in which primary noise shaping is performed,
output will vary as shown in Fig.8, and following the
changes in the signal as indicated in the table will
explain the operation.

If at first the value ot D (the delay element] is U, and a
value of 0.6 is then input, the signal at point a will be
0.6 and the value at point b will be 1 1t this vaiue 1s
quantized by 1 bit. If the input, however, continues to
be 0.6 and the sum of the values ot d and the input will
be 0.2, then the value at point b will be 0 if this value is
quantized by 1 bit. A this point, the vaiue at point ¢ will
be the difference between the values at points a and b,
namely 0.2, wilh (his sigual then becoming delayed by
one sample to formulate the new delay element value
D.

The output thus varies by the signals led back (o
reduce operation error, with the ratio (average valuc of
10 samples) of “1" the same as the input value of 0.6 if
the average of the autput signals in a given time frame
(10 samples in this case) is calculated. In simple
tarma SRM is a form of signal nracessing on the lower
4 bits of 20 bits when quantizing 20 bits as 16 bits.




Fig.8 1-bit Quantization with 1st-order Noise
Shaping
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Actual Noise Shaping Operation in SBM

If errors are fed back. even though the fidelity of a
certain frequency range is improved, the noise level is
increased in other frequency regions. as shown in
Fig.4. Fundamentally, the shape of the noise floor is
‘re-shaped” by error feedback, which is why this
approach i1s called "noise shaping.”

In the simple feedback circuit shown in Fig.8 the
frequency characteristics of quantizing noise take a
simple form. with a gradual increase towards the high
frequencies, as shown in Fig.4, with insigniticant
improvements at middle and low frequencies.

Nolse shaping which achieves frequency
characteristics that take advantage of the principles of
psychoacouslics cannol be performed by such
designs, 5o more complicated teedback circuits are
employed in SBM. Fig.10 shows such a noise shaping
circuit used in SBM. In order to control the frequency
characteristios of quantization noisc, errore are fed
back through a 12-tap digital filter. The coefficients of
these 12 filtere determine the frequency characteristics
of the quantization noise.

In 8BM, though, how are the frequency
chararcteristing of nuantization noise actually
determined? This is explained in Fig.11, which shows
the frequency characteristics of SBM guantization
noise. When compared to the loudness curve of Fig.3
vou can see that the frequency characteristics of
quantization noise in the middle and high frequencies
are guite similar, although the signal around 10,000 Hz
is suppressed, and there is no increase in low-
frequency noise.

Why does SBM use a different curve than the
loudness curve? When SBM was first being
developed. the standard loudness curve was adopied
for noise shaping. Comparative listening tests,
involving a broad spectrum of studio engineers,
producers. and music industry figures revealed a
number of peculiarities in the middle and high
frequencies, although sound reproduction was
definitely improved over ordinary 16-bit operation,

Subsequent listening tests, using a 20-bit master
tape as a control, allowed us 0 eventually arrive at
noise shaping frequency characteristics that would
achieve sound reproduction closest to that of the 20-bit
master fape in all parameters of music information.
The final result is shown in the SBM curve in Fig 11

While there are a number of reasons why this curve
differs from the standard loudness curve, one
explanation is that the standard loudness curve
measures human sound perception using a sine-wave
sweep, while music sources have a wide spectrum
with interaction causing shifts in frequency
characteristics.

Fig.10 Super Bit Mapping
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Fig.9 Frequency Characteristics of 1st-order Noise Shaping
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Actual SBM Waveforms

Fecdback circuite become rather complicated, as
shown in Fig.10, and it may be easy to conclude that
the actual EBM wave signal be more complicated than
what is shown in Fig.5.

In actual SBM operation, 1 LSB pulses are only
generated in primary noise shaping. and pulses of
different sizes are genarated if the number of filter
steps are increased to allow improved resolution at
middle and law frequencies In SBM noise shaning.
pulses which are 1 1o 5 steps in size (referred to 16 bit
| SRs) are genarated. As the number of steps is

Fig.12 Actual Super Bit Mapping Waveform
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increased, noise in the high frequencies increases
accordingly In contrast. however. resolution at middle
and low frequencies is improved by a number that can
he expressed hy a simple equation:

puise group density X number of steps

Fig 12 shows a 500 Hz sine wave at -80 dB generated
by 24 bits, with the audio signal converted by SBM into
16 bits. Pulses 1 to 5 steps in size are generated,
which follow the 24-bit sine wave.




About Characteristics

Let us now add an explanation of “16 bits rournded with
dither” to our explanation of waveforms and other
rharacteristics. Essentially, “18 bits rounded with
dither” means that the original 20-bit signal is rounded
ta 16 hits anly after random noise is added to the last 4
bits of 20 bits, while 16 bits rounded” means the
signal is only roiinded from 20 bits to 16 bits, Since
random noise is added in *16 bits rounded with dither.”
the S/N ratin deteriorates clightly. Onc merit, however,
is that signals below 16 bits are output as modulated
signals of randnm noice.

Fig.14 shows reproduced waves of 20 bits, 16 bits
rounded. SBM. and 16 hita rauinded with dither, Theee
are measured by a very low-level sine wave of -90 dB
and filtered by low-pass filters with a cutaff frequency
of 16,000 Hz. With 16 bits rounded, triangular dither of
16 bits + 1 LSBis used (Measurement was
performed according to the simulation shown in Fig.13)

Looking at the overall picture nf the wavefarm,
though much of the original sine wave information is
retained, the dither noise is present in roughly half the
amplitude. Although the result matches well with
human auditory perception. it seems as though the
sound is half-buried in noise.

Fig.15 shows spectrums of outputs from a 20-bit
converter in 20 bits, 16 bits rounded, SBM. and 16 bits

Fig.i3 Simpiitied Listening Model Simulation
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In 16 bits rounded. the noise floor is high, not
surprisingly, and many higner harmonics are
generated. In 16 bits rounded with dither, the noise
floor is slifl higher, aithough no higher harmonics are
generated.

In 3BM. no nignher harmonics are generated, and
the noise floor in the range below 5,000 Hz is
approximately e same as with 20 bits, however noise
increases above 15,000 Hz.
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Fig.14 Waveform Comparison by Simplified Listening Model
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Fig.15 1 kHz /-90 dB Sine Wave Spectrum Comparison
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Fig.16 1 kHz Sine Wave Signal Linearity Comparison
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Achieving Satisfactory SBM Reproduction
To maximize the banefite of SBM, there are two major
points which require attention in relation to playback
hardware

As Fig.11. indicates. SBM improves the S/N ratio
hy snma 12 dR in the middle and low frequency ranges
over commonly used 16 bits with dither. This, however,
ia a charanteriatic in the digital state. and some amount
of added noise can be expected after D/A conversion.
if the noise floor after conversion is not lower than that
of the SBM naise floor, the amount of S/N
improvement will naturally be lower. Fig.17 explains
this relationship between the two noise floors.

If the S/N ratio after conversion is 100 dB
(compared to the original digital signal and S/N ratio is
within the range limited by 22,000 Hz and without level
weighting), the S/N ratio in the lower and middle
ranges is only improved by 2 dB because the
theoretical 8/N threshold of 16 bits is 98 dB. However,
if the S/N ratio is 110 dB after conversion, the S/N ratio
of the middle and lower ranges is improved by 12 dB.
as can be seen in the middle graph of Fig 17. I the
S/N ratio is 120 dB after conversion, the sound source
can be reproduced taking full advantage of SBM.

While it may be easy to draw the conclusion that if
hardware having an S/N ratio less than 110 dB is used
for playback, SBM has little to offer in terms of actual
sound improvement over original 16-bit operation. note
that the total S/N ratio of conventional 16-bit recording
in CD production is about 90 dB. and the total S/N ratio
when a CD is played back does not go over 90 dB.
even if the S/N ratio after conversion is over 80 dB.

However, the S/N ratio of a CD produced using
SBM processing is 100 dB, so some S/N improvement
over CDs recorded with 16-bit operation is audible it
played back on hardware with an S/N ratio better than
90 dB. Thisis shown In FiQ.18.

The actual value of an $/N ratio varies slightly
according 10 the conditions of measurement, o the
above figures cannot be considered exact. In general
rerms, however, if an S/N ratio above 94 dB (A-
weighting) is given tor a CD player in 118 Specifications,
some actual 3/N improvement can be expected. ifa
CD player with an S/N ratio over 114 dB is used, the
full bencfite of SBM can be realized.

The precision of the D/A converter is also
important. SBM expresses the low level signals of 20-
bit operation in 16 bits by using many fine pulses. as
shown in Fig 12, with theap SRM-pracessed signals
converted to analog by the D/A converter. If the steps
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of the D/A converter are not precise enough, however,
the sizea of the nulaes will differ from the original
values and the low-level signal information will become
distorted.

Basically, if the D/A converter is as precise as 16
bits. some benefit of SBM can be expected. But it's not
simply a matter of the number of bits, though, because
there are 1-bit D/A converters which deliver 20-bit
precision through pulse density modulation. While D/A
converter precision may be hard to determine. in most
cases the "dynamic range” value will be indicated in
the specifications. If it is over 98 dB. then the precision
of the D/A converter is above 16 bits and the player
will be able to deliver the benefits of SBM. Just as with
the S/N ratio, the dynamic range of conventional 16-bit
sound sources is about 80 dB, so any player with a
dynamic range above 90 dB will deliver sound
reproduction with some improvement when playing
back SBM-processed software.

In Conclusion : the sound of SBM

If performed skillfully, 20-bit information can be
expressed in 16 bits. But can a sound wave with so
many pulses really reproduce 20-bit sound quality? To
answer this, let's simulate the human sense of hearing
with a simple model. and compare the sound waves
visually. Human ears are like microphones having very
poor frequency response at low and high frequencies.
In particular, response is extremely poor above 15,000
Hz.

Taking this into account, Fig.13 shows a CD player
in which an analog low pass filter is used to remove
frequencies above 16,000 Hz to produce a response
that roughly matches that of the human ear. Fig.14
shows 100 Hz sound wavetorms produced by 20-bit,
16-bit and SBM operation, all at the extremely low
level of -9U dB. While the 20-bit wave is rather smoorth,
the 16-bit wave is abrupily siepped due to limitations in
resolution. Using SBM, however, the wave ciosely
resembles that of the 20-bit wave since the pulse
groups are “averaged” by selective removal with a iow-
pass tilter. The resulting SBM wave sounds quite
satisfactory to the human ear, closely resembling the
onginal waveform,

CDe¢ recorded ueing the SBM process can be
played back on any CD player as they are, without any
special madification, and the human ear will perraive
sound as though it contained the same amount of
infarmation as with 20-hit operation




Fig.17 S/N including D/A Conversion and Effects Fig.18 S/N including D/A Conversion and Effects
of 3BM of SBM (eampared with conventional 16-bit CD)
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