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DESCRIPTION

Reducing Scale Factor Transmission Cost for MPEG-2 Advanced Audio Coding
(AAC) Using a Lattice Based Post Processing Technique

BACKGROUND ART

Typical transform and filter-bank audio coding techniques such as MPEG-1
layers 1 through 3, Dolby AC-3 (also kﬁown as Dolby Dagital) (Dolby, Dolby Digital
and Dolby AC-3 are trademarks of Dolby Laboratories Licensing Corporation), and
MPEG-2 Advanced Audio Coding (AAC) reduce transmission data rates by
dynamically allocating bits in both time and frequency to remove inaudible
redundancies in the audio signal. The dynamic allocation of bits is typically based on
signal dependent psychoacoustic principles. Further details of Dolby AC-3 may be
found 1n Digital Audio Compression (AC-3) Standard. Approved 10 November
1994. (Rev 1) Annex A added 12 April 1995. (Rev 2) 13 corrigendum added 24
May 1995. (Rev 3) Annex B and C added 20 Dec 1995. Further details of AAC may
be found in “ISO/IEC MPEG-2 Audio Coding by Bosi et al, presented at the 101*
Convention 1996 November 8-11, Los Angeles, Audio Engineering Society Preprint
4382).

In AAC, bit allocation 1s achieved using scale factors and global gain
parameters contained in the bit stream. The audio spectrum, transformed using a
well-known modified discrete cosine transform (MDCT) known as time domain alias
cancellation (TDAC) (see Princen et al, “Analysis/synthesis filter bank design based
on time domain aliasing cancellation,” IEEE Trans. Acoust., Speech, Signal
Processing, Vol. ASSP-34, pp. 1153-1161, Octobey 1986), 1s partitioned into bands
of approximately half critical bandwidth and the scale factors are applied
multiplicatively. The scale factors and global gain jointly represent bit allocation in
1.5 dB steps or approximately quarter bit increments (the exact bit allocation “

achieved 1s dependent on the stochastic characteristics of the audio signal and is
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further complicated by the non-linear quantizer incorporated in AAC). Increasing the
scale factor in a band effectively reduces the quantization noise in that band by
allocating more bits to that band. Conversely, decrementing a scale factor increases
the quantization noise in a particular band by reducing the bits allocated to it.

Because AAC is a forward adaptive audio encoding system, the scale factors are
conveyed to the decoder. This is achieved by differentially coding the scale factors
and then Huffman coding the differences. The Huffman codes defined in the AAC
standard, are such that large variations in the scale factor parameters from band to
band lead to excessive consumption of the available bits in the form of side
information, which complicates the scale factor derivation as explained in the next
section.

Scale Factor Calculation

Calculating the scale factors in an AAC encoder is a very difficult problem due to
the uncertainty in the noise allocation achieved by altering the scale factors and the
use of a non-linear quantizer stage. Two techniques are commonly used in AAC to
calculate scale factors, namely analysis-by-synthesis and estimation directly from the
masking model, which are described below. While the selection of the scale factors
can be arbitrary, within some limitation imposed by the standard, these two
techniques are the best known.

Scale factor calculation using analysis-by-synthesis
Scale factor calculation using analysis-by-synthesis is achieved using two
nested loops, an inner loop responsible for quantization and bit counting and an outer
loop, which analyzes the inner loop’s result and alters the scale factors accordingly.
The inner loop alters the global gain parameter contained in the AAC bit

stream to ensure that the number of bits used to code the audio spectrum 1s no more
than the number of bits available. The global gain is set to an initial value and the
spectrum is quantized. The numbers of bits used are then counted. If the number of

bits used is greater than the number of bits available, then the global gain is increased
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and the spectrum is again quantized and the number of bits used are recounted. This

process repeats until the number of bits used 1s less than the number of bits available.

The inner loop is often referred to as a "rate loop" because it controls the coding bit
rate.

The outer loop analyzes the result achieved by the inner loop and alters the
scale factors such that the quantization noise in each band meets psychoacoustic
requirements as closely as possible. The outer loop starts with all scale factors set to
zero and the inner loop is called to quantize the spectrum. The distortion (quantizing
noise) in each band is then calculated and compared to the noise requirements for
each band as calculated by the psychoacoustic model. If the distortion in any band 1s
greater than the allowable distortion calculated by the psychoacoustic model, then the

scale factor for that band is incremented. The inner loop is again called with the

‘adjusted scale factors and the process repeats until (1) the distortion in all bands 1s

less than the masking level calculated by the psychoacoustic model or (2) all scale

factors have been increased.

The analysis-by-synthesis technique suffers from several problems; first, the
technique is extremely complex and, consequently, is not appropriate for complexity-
constrained applications. Furthermore, the dual loop process described above does
not guarantee convergence on an optimal solution; however, at higher data rates it
has been shown to produce excellent results.

Scale factor estimation from the masking level

By assuming that increasing the scale factor by one unit in a band leads to a
1.5 dB reduction in quantization distortion in that band (an increase in signal-to-noise
ratio) (both the global gain and scale factors are quantized in 1.5 dB steps), the scale
factors can be derived directly from the masking model as described in “Increased
efficiency MPEG-2 AAC Encoding,” by Smithers et al, Audio Engineering Society
Conventic;n Paper, Presented at the 111" Convention, 2001 September 21-24, New

York. For this technique, the scale factors are first calculated directly from the
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masking model, for éxample, by using the expression set forth below in EQN. 1,
where s; is the scale factor for the / band and m; is the masking level in the " band

calculated by the psychoacoustic model.

Si='!0g]3(2)‘l°glo (m; ) (EQN. 1)
The spectrum is then quantized using the inner loop (or rate loop) described in the
previous section, thus eliminating the need for the high complexity outer loop. While
this technique is much simpler than the analysis-by-synthesis technique described in

- the previous section, and thus is appropriate for complexity-constrained systems, the

calculation of the scale factors from the masking model generates scale factors that
exhibit higher variation from band to band than those generated by the two loop
anélyéis-by-synthesis technique. Because the scale factors are differentially coded
and then Huffman coded (larger differences imply Jonger Huffman code words), high
vanation in thé scale factors means that the bit cost of transmitting thg scale factors is

very high, which degrades the performance of the scale factor estimation from the
masking level technique.

DISCLOSURE OF THE INVENTION

Some aspects of the present invention are directed to a method for
reducing the total bit cost of a perceptual audio encoder employing adaptive bit
allocation in which a time domain representation of an audio signal is divided into
successive time blocks, each time l@lock IS divided into frequency bands, and a scale
factor is assigned to each of ones df the frequency bands, wherein the number of bits
required to represent each block inéreases with increases In the scale factor values
and with increases in band-to-band variations in scale factor values. A preliminary
scale factor for each of ones of the frequency bands is determined, and the scale
factors for the each of ones of the frequency bands is optimized, the optimizing
including increasing the scale factor to a value greater than the preliminary scale
factor value for one or more of the frequency bands such that the increase in bit cost
of the increasing is the same or less than the reduction in bit cost resulting from the
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decrease in band-to-band variations in scale factor values resulting from increasing
the scale factor for one or more of the frequency bands. ‘

Neither of the techniques described above for calculating scale factors

in AAC explicitly takes into account the cost of transmitting the scale factors to the

decoder. In particular, the simpler direct derivation technigue can allow the scale
factor transmission cost to exceed 10% (at 128 kbps for stereo material) of the overall
data rate available for audio transmission, thus degrading the decoded performance.
1o address this problem, some aspects of the present invention employ a dynamic
programming optimization technique, including, for example, a trellis and a Viterbi
search algorithm, to reduce the bit cost of transmitting scale factor information in AAC
(MPEG-2/4 Advanced Audio Coding). Some embodiments of the invention minimize
a cost function that trades off the cost of transmitting the scale factors against the
cost of shifting the scale factors from preliminary values derived by a preliminary
scale factor calculation technique. In particular, scale factors having lower values
than others may be shifted to higher values in order to reduce the extent of variations
In scale factor value from one scale factor band to the next. Although an increase in
scale factor value causes more bits to be assigned to a scale factor band, there is an
overall bit savings in reducing the degree of band-to-band variations in scale factor
values because diﬁerences from band to band are Huffman encoded such that the
code length increases with increasing band-fo-band variations. The overall bit
savings makes more bits available to the quantizer for assignment to scale factor
bands other than those in which the scale factor value is increased for the purpose of

reducing band-to-band variations, thereby resulting an improvement in perceived
audio quality.

Although some aspects of the invention are applicable to forms of AAC
that employ two nested loops in the quantizer to derive preliminary scale factors, both
an inner iteration loop and an outer iteration loop (as described in the above-cited
Bosi et al. paper), some aspects of the invention are particularly beneficial when
employed in a form of AAC in which the outer loop, which calculates quantizer error
and derives scale factors using analysis-by-synthesis, is omitted and preliminary
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scale factors are estimated using the masking threshold derived by the perceptual
model portion of the AAC encoder. Such a modified form of AAC is described in the
above-identified convention paper of Smithers et al. The dynamic programming
technique in accordance with some aspects of the present invention is substantially
less complex computationally than the omitted outer loop, but results in encoded
signal having substantially the same quality as that produced by an AAC encoder

employing two nested loops.

According to one aspect of the present invention, there is provided a
method for reducing the total bit cost of a perceptual audio encoder employing adaptive
bit allocation in which an audio signal is received; a time domain representation of the
audio signal is divided into successive time blocks, each time block is divided into
frequency bands, and a scale factor is assigned to each of ones of the frequency
bands, wherein the number of bits required to represent each block increases with
increases in the scale factor values and with increases in band-to-band variations in
scale factor values, comprising determining a preliminary scale factor for said each of
ones of the frequency bands, optimizing the scale factor for said each of ones of the
frequency bands, said optimizing including increasing the scale factor to a value ‘
greater than the preliminary scale factor value for one or more of the frequency bands
such that the increase in bit cost of said increasing is the same or less than the
reduction in bit cost resulting from a decrease in band-to-band variations in scale factor

values resutting from increasing the scale factor for one or more of the frequency
bands, and using the optimized scale factors to encode said audio signal.

According to another aspect of the present invehtion. there is provided
a computer-readable storage medium having computer-executable instructions stored
thereon that, when executed by a computer, cause the computer to execute the
method as described above or below.
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According to still another aspect of the present invention, there is
provided a computer system comprising: a central processing unit (CPU); the
computer-readable storage medium as described above or below; and a bus
communicatively coupling the CPU and the storage medium.

5 DESCRIPTION OF THE DRAWINGS

FIG. 1 is a functional schematic block diagram of an encoding process
incorporating dynamic programming scale factor optimization according to the
present invention.

FIG. 2 is a simplified flowchart showing the application of a Viterbi
10 search algorithm to a bit cost equation of the type preferably employed in the present

invention.

FIG. 3 are plots of exemplary scale factor values versus scale factor
bands for the case of preliminary scale factors resulting from a direct scale factor
estimation teéhnique and for adjusted scale factors resulting from bit cost

15 optimization according to the present invention.

FIG. 4 are plots of exemplary waveforms indicating the bit cost of scale
factors per frame resulfing from a direct scale factor estimation technique and for
adjusted scale factors resulting from bit cost optimization according to the present
invention.

20 BEST MODE FOR CARRYING OUT THE INVENTION

FIG. 1 shows a simple, high leve] schematic of an AAC encoding process
incorporating dynamic programming scale factor optimization according to the

B AN AP L BRALE I AIAAaiSE A d s 2 ma A A e me : — am 2w ¢ -
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present invention. The figure shows the scale factor optimization according to the
present invention in conjunction with the direct scale factor estimation from model
information described above. While other scale factor derivation techniques may be
improved using the teachings of this invention, the invention is particular suitable for
use with this direct estimation technique.

In FIG. 1, the input audio is transformed using an MDCT 2, followed by pre-
processing 4 (e.g., temporal noise shaping (TNS), prediction and middle-side coding
(MS) for stereo applications). The input is also passed to a psychoacoustic model 6,
which calculates the masking level. As explained above, the masking model 1s used
directly to compute the scale factors for each band (“scale factor calculation™ 8).
While the preliminary scale factors derived by this technique approximate the
psychoacoustic requirement quite closely, the high band-to-band variation in the
scale factor values lead to a high transmission cost. To minimize this cost, scale
factor optimization 10 according to the present invention processes the preliminary
scale factors prior to their application to the MDCT spectrum in the rate loop 12 and
noiseless coding (differential Huffman coding) 14.

It is assumed that increasing the value of a scale factor by one unit in a band
increases the number of bits used in that band by a quarter bit per MDCT coefficient.
While this is not always accurate due to the unknown stochastic nature of the signal
and the non-uniform quantizer used in AAC, on the average it is a reasonable
assumption. It is further assumed that preliminary scale factors have already been
determined for appropriate psychoacoustic performance, either by the analysis-by-
synthesis or by direct-masking-estimation techniques. The following cost formula
trades off the cost of the scale factor transmission against the cost of applying more

bits to a particular band. The cost function is given below in EQN. 2.

CzZ[a" d "f)'BE +D(§; _ﬁsh;-l)"'D(Sf "Sf—l) (EQN. 2)
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In EQN. 2, C is the overall cost of shifting the scale factors, which should be

made as negative as possible in order to reduce the relative cost of scale factor

transmission. The symbol s, represents the preliminary scale factors dertved, for

example, for psychoacoustic considerations by either of the techniques discussed

above. Further, 5 is the new set of scale factors in EQN. 2 and B, is the number of

coefficients in the i™ scale factor band. The function D() is the Huffman lookup of

the differential encoded scale factors. The per-band scale ¢, is a value between 0 and

1 that estimates the number of MDCT coefficients that will be quantized to non-zero

values. The «, parameter, which is a function of the value of the scale factor, 1s

optional (if omitted, it is replaced by a constant value equal to 1) but greatly
improves the performance of the algorithm if it is estimated accurately. In this

equation, «,is assumed to be constant if the scale factors are only modified slightly

from their preliminary value. For simplicity, this may be achieved by counting the
number of MDCT coefficients in a band that has an absolute value greater than some
predefined threshold.

For the scale factor bit cost EQN. 2, the new scale factors are only allowed to
take on values greater than or equal to the preliminary values, hence the system
cannot decrease the bits allocated to a band but can only increase the number of bits
if the additional bits resulting from an increased scale factor is cheaper than the
differential coded cost of the scale factors. The function D(s; - s;1), the Huffman look
up of the differential encoded scale factors applied to the original set of scale factors,
is a constant in EQN. 2 and may be removed in practice.

It is desired to optimize the scale factor value in each scale factor band so as to
minimize the overall number of bits required. One suitable optimization may be
achieved by populating a trellis (sometimes referred to as a “lattice”) such that its

T3EL
1

nodes at each consecutive level or stage (scale factor bands “1”) are the possible
states (scale factor values “k”) for that stage and by applying a suitable search

algorithm, such as a Viterbi search algorithm, which is a minimum-cost search
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technique particularly suited for a trellis. In this context, the Viterbi algorithm
determines the minimum bit path through the trellis, thereby optimizing the scale
factor value in each scale factor band. The Viterbi algorithm computes the best
(cheapest) path to each node (scale factor value) in each stage (scale factor band) by
finding the best extension (lowest bit rate) from the previous nodes (scale factor
values). Such computations are performed for each stage (scale factor band) until the
last one. At each stage (scale factor band), the algorithm keeps track of: (1) the best
path into each node (scale factor value), and (2) the cumulative cost up to that node
(scale factor value). Knowing the best path into a node is equivalent to knowing at
each node (scale factor) value the best predecessor node (scale factor) value, thus
determining the best path through the trellis and minimizing the overall number of
bits required. The scale factor Vélue in each scale factor band is optimized for every
successive frame (block) of digital audio. The Viterbi search algorithm is well
known. See, for example, Chapter 15 (“Tree and Trellis Encoding™) ot Vector
Quantization and Signal Compression by Allen Gersho and Robert M. Gray, Kluwer
Academic Publishers, Boston, 1992, pp. 555-386.

More specifically, to minimize the cost function in EQN. 2, a dynamic
programming optimization technique, such as a Viterbi search algorithm, may be

employed as follows. A lattice or trellis is constructed with the ™ state at the i stage

denoted S, ,and the cumulative cost at any state k and stage i is denoted as C,,. Each

state in the lattice represents the possible values of the new scale factor set aiter

optimization. The algorithm is then calculated using the following steps:

1) Initialize i=0and C,, =0

2) For all k such that §,,>s,, (s, are the set of preliminary scale factors) find

4 _ A
\ /

3) If i <Number of scale factor bands i=i+1, return to step 2
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The new set of scale factors, 5,, are the path through the lattice such that C, ,is

minimized at the final stage. The Viterbi search algorithm is well understood and
efficient implementation techniques are widely available. Alternatives to a Viterbi
search algorithm may be employed such as, for example, other lattice optimization
techniques.

An example of the application of a Viterbi search algorithm to EQN. 3 1s now
described in connection with the flowchart of FIG. 2.

FIG. 2 shows a flow diagram of a process that employs a Viterbi search
algorithm to minimize the cost function of EQN. 3 for every digital audio frame. As
indicated in block 102, first, the scale factor for each scale factor band is estimated,
taking into account psychoacoustic requirements. This may be accomplished, for
example, in the manner described in the paper by Smithers et al, mentioned above.

The scale factors for each scale factor band are represented by an array, S£/i/,
where the variable “7”” may range from zero to N-1, where N is the number of scale
factor bands in an audio frame. A second array, Cost[k], represents the cumulative
cost of a path through the trellis. A matrix, History [i][k], stores the cheapest path to
each node (scale factor value) in a stage (scale factor band) in the trellis. The
variable “k” (the scale factor value) may range from zero to MAX-1, where MAX 1s
number of scale factor values.

A stage (scale factor band) counter ‘i’ is initialized to zero in initializer block

IRLL
l

104, which, in addition to initializing the scale factor band “i” to zero, also imitializes
History [i][k] to zero and Cost[k] to zero. The stage counter is incremented in block
116 until all scale factor bands 7 are processed as determined by decision block 114.
For each stage (scale factor band) 7 in the trellis, the cheapest route to each
node (scale factor value) & in that stage is determined. This is done using the two
nested loops, a loop 108 and a loop 110.
The variable & in decision block 118 is initialized to zero by block 116 and

incremented by block 128 of the first nested loop 108, the “k” loop, until all possible
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scale factor values, represented by the nodes at the i stage (z’”’ scale factor band) are
checked for cost using the second nested loop 110, the “m™ loop. In block 130, the

second nested loop 110 calculates the cumulative path cost from the i*-1 stage (-1

scale factor band) to the i stage (i* scale factor band) of the trellis in accordance
with EQN. 3 if the scale factor value for the i" scale factor band is greater than or
equal to the preliminary scale factor estimate (block 102). If the scale factor is not
greater than or equal to the preliminary scale factor for that scale factor band, then
the cumulative cost for that scale factor band is set, for example, to an arbitrarily
large value to assure that this path through the trellis is not possible. The variable m
in decision block 124 is initialized to zero by block 122 and incremented by block
132 of the second nested loop 110. The variable “m” (the number of past path
nodes) may range from zero to MAX-1, where MAX 1s the number of past path
nodes.

The cumulative cost for each set of past path nodes 1s stored in a temporary
array, TempCost[m], the value of which 1s given by:

TempCost[m]=Cost[m]+Alpha[i] *(k-SF[i] ) *B[i] /4+D(k-m),

where Alphafi] is a per scale factor band scaling to compensate for zero quantized

MDCT coefficients (see «, in EQN. 3), B/i] is the scale factor bandwidth (see B, 1n

EQN. 3) and D() is the Huffman table-lookup of the scale factor transmission cost
(see EQN. 3 ). The temporary cumulative cost is calculated and stored for all possible
values of the past pathmap nodes m in block 130. Once the cumulative costs for
transition from each of the possible past nodes, m, to the present node, £, are
calculated, as determined by decision block 124, the minimum cost is found and
stored in the array Cost2/[k] in block 126. Also, the cheapest path to the i" stage and
K" node is stored in the matrix History[i][k] in block 126.

Once all present nodes £ at the i stage, have been processed, as determined by

decision block 118, the array Cost2/[k] is copied into the array Cost/k/ 1n block 120
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in a nested i loop 106 and the processing repeats until all scale factor bands ha\;e
been processed.

Once all bands have been processed, as determined by decision block 114, the
array Cost/k] contains the cumulative cost for every path through the trellis. The
minimum value in the array Cost/k] is determined by block 134 and the indexto that
value (L) identifies the new, adjusted scale factor value for the last scale factor band
(i=N-1). An “i” counter is then repeatedly decremented by a second (non-nested) i
loop 112, starting from i = N-1 by block 140. The matrix History[i][k] 1s used to
trace back through the trellis to find each prior node along the cheapest path as the
scale factor band i steps back from N-1 to zero, thereby identifying the optimum bit
cost scale factor value for each scale factor band, which is provided at output 146.
This is accomplished in loop 112 by repeatedly decrementing i in block 140 and
determining the historical optimum scale factor value & for each scale factor band i in
block 142. Block 144 identifies the new, adjusted scale factor value for each
backwardly successive scale factor band as i is decremented from N-1 to zero.

FIG. 3 shows the effect of applying the scale factor optimization of the present
invention to the preliminary scale factors derived by means of the direct estimation
technique for a single AAC audio frame. The circles plotted in FIG. 3 represent the
unadjusted scale factors; while the plus plotted points represent the adjusted scale
factors according to an application of the present invention. The scale factor
optimization technique according to the present invention greatly reduces the
variation in the scale factors. Also the adjusted scale factors are always increased, not
just saving bits overall but decreasing the quantization noise not only in the bands in
which the scale factors are increased, but also in other bands as a result of overall bit
savings (thus allowing more bits to be allocated to other bands). The bit savings
achieved by this technique are shown in FIG. 4, which plots the cost of transmitting
the scale factors per frame of a single audio segment, both with and without the use

of the optimization according to the present invention. The upper line in FIG. 4 is the
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cost of transmission without the use of the present invention, while the lower line
shows the bit cost of transmission with the use of the present invention. From FIG. 4,
it will be seen that the bit cost per frame for the transmission of the scale factors is
greatly reduced by the present invention.

It should be understood that implementation of other variations and
modifications of the invention and its various aspects will be apparent to those skilled
in the art, and that the invention is not limited by these specific embodiments
described. It is therefore contemplated to cover by the present invention any and all
modifications, variations, or equivalents that fall within the true spirit and scope of
the basic underlying principles disclosed and claimed herein.

The present invention and its various aspects may be implemented as software
functions performed in digital signal processors, programmed general-purpose digital
computers, and/or special purpose digital computers. Interfaces between analog and
digital signal streams may be performed in appropriate hardware and/or as functions

in software and/or firmware.
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CLAIMS:
1. A method for reducing the total bit cost of a perceptual audio encoder
employing adaptive bit allocation in which
an audio signal is received;
> a time domain representation of the audio signal is divided into

successive time blocks,
each time block is divided into frequency bands, and

a scale factor is assigned to each of ones of the frequency bands,
wherein the number of bits required to represent each block increases with increases
10 in the scale factor values and with increases in band-to-band variations in scale factor

values,
comprising
determining a preliminary scale factor for said each of ones of the
frequency bands,
15 optimizing the scale factor for said each of ones of the frequency bands,

said optimizing including

increasing the scale facter to a value greater than the preliminary scale
factor value for one or more of the frequency bands such that the increase in bit cost of
said increasing is the same or less than the reduction in bit cost resulting from a
20 decrease in band-to-band variations in scale factor values resuliing from increasing the

scale factor for one or more of the frequency bands, and
using the optimized scale factors to encode said audio signal.
2 A method according to claim 1 wherein said optimizing includes
minimizing a bit cost function.

25 3. A method according to claim 2 wherein
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said minimizing minimizes the bit cost of a path through a trellis in which
its nodes are the possible scale factor values at each consecutive scale factor band.

4. A method according to claim 3 wherein
sald minimizing is performed by a Viterbi search algorithm.

D. A method according to any one of claims 1-4 wherein said determining a
preliminary scale factor for said each of ones of the frequency bands employs at least

one iterative loop.

6. A method according to any one of claims 1-4 wherein the perceptual
audio encoder Huffman encodes the differences between the values of scale factors of
heighboring frequency bands, wherein an increase in band-to-band variations in scale
factor values increases the number of bits required for the Huffman encoding.

7. A method according to claim 6 wherein said determining a preliminary
scale factor for said each of ones of the frequency bands employs at least one iterative
loop.

8. A method according to claim 7 wherein

said perceptual audio encoder generates a masking model, and

said determining employs one iterative loop and calculates scale factors
based on the masking model.

9. A computer-readable storage'medium having computer-executable
instructions stored thereon that, when executed by a computer, cause the computer to

" execute the method of any one of claims 1-8.

10. A computer system comprising:
a central processing unit (CPU);
the computer-readable storage medium of claim 9; and

a bus communicatively coupling the CPU and the storage medium.
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