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This thesis presents the algorithm optimization and efficient 16-bit fixed point
DSP implementation of MP3 encoding and decoding algorithms. In the MP3 encoding
algorithm, we propose several approaches including the removal of psychoacoustic
model, simplified iteration loop, fast rate control loop and applying of bandwidth
control and dynamic bit allocation proportional to the energy of granules. In the MP3
decoding algorithm, we propose a fast dequantization method with high SNR in fixed
point implementation and apply fast algorithms in IMDCT and subband synthesis. The
algorithms are also completely realized on a 16-bit fixed point DSP, ADSP-2181, and
the dynamic fixed point format is applied to improve audio quality. The MP3 encoder
consumes 21.05 MIPS and 44k bytes memory, and the MP3 decoder consumes 18.67
MIPS and 44.3k bytes memory. Both have superior performance than other
commercial products and paper works. Finally, this thesis also presents an integrated
design of a dual core embedded system with a 32-bit RISC, Intel® StrongARM
SA-1110, and ADSP-2181 DSP.
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CHAPTER 1. INTRODUCTION

CHAPTER 1. INTRODUCTION

1.1

MPEG/Audio Compression

Today the digital audio compression has been applied in various current
multimedia applications, like network multimedia streaming, online music store,
DAB (Digital Audio Broadcasting), digital television and portable devices (pen
drive, walkman, voice recorder, cellular phone and etc.). The MPEG/audio
compression is the most popular international standard for digital compression of

high-fidelity audio.

The state-of-the-art algorithms for audio compression, such as MPEG and
WMA, transform the audio signal for de-correlation and quantize the transformed
coefficient according to the perceptual property determined by the psychoacoustic
model (PAM) [1]. In this approach, the limitation of human hearing are exploited to
remove the inaudible components of audio signals to achieve a high compression

ratio.

MPEG/audio offers a choice of three distinct compression layers [2]. This
provides a wide range of the trade-off between the codec complexity and the

compressed audio quality. Layer I forms the basic algorithms and is suitable for the
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bit rate above 128 Kbps per channel. Layer II targets the bit rates around 128 kbps
per channel. Possible applications include the audio coding for DAB and the
storage of synchronized video-and-audio sequences on CD-ROM. Layer III is the
most complex but offers the best audio quality, particularly for the bit rate around
64 kbps per channel. This layer suits the audio transmission over ISDN and the
multimedia application on portable devices. Which layer will be employed for an
application is determined by the computational complexity and the performance

requirement [3].

1.2 Motivations

MPEG/audio Layer III, also referred as MP3, is the most popular digital audio
format on Internet now. And with the help of Internet, MP3 has also gained
popularity as a portable solid-state audio format. Recently, various kinds of devices
that support MP3 application have come out in the consumer market. However,
most of all have “decoding-only” features. Few of them support MP3 encoding
with high quality. This is solely because MP3 encoding algorithm often consumes
too much computational resources to implement on the system powered by

batteries.

A high quality MPEG/audio Layer III encoding and decoding algorithms,
which are optimized for 16-bit fixed point arithmetic, and a real-time
implementation on a low-cost 16-bit fixed-point DSP are proposed in this thesis.

ADI ADSP-2181 is chosen as the target DSP.

The prototype design of a dual core embedded system is also presented in this
thesis. The work is done by integrating the proposed MP3 codec implementation on
ADSP-2181 DSP with a 32-bit RISC, Intel® StrongARM SA-1110 CPU, on an
existing embedded system, AdvanTech PCM-7130 SBC.
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1.3 The Overview of The Proposed Method and Contributions

In this thesis, we propose several fast algorithms for MP3 encoding and
decoding. In the MP3 encoding algorithm, the psychoacoustic model (PAM), the
most computationally complex part of the entire MP3 encoding algorithm, is
removed based on several experimental results, and the PAM-based distortion
control loop is also simplified. Some techniques including bandwidth control and
dynamic bit allocation proportional to the energy of granules are added to improve

the audio quality.

Furthermore, a fast rate control loop algorithm is proposed to reduce the
complexity of non-uniform quantizer and the number of iterations. The complexity
of non-uniform quantizer is reduced by moving the time-consuming operation
outside the iteration and by applying piecewise linear approximation in the
non-uniform quantization. Thus the quantizer is divided into two parts and
consumes less than 10 and 4 DSP instructions outside and inside the iteration
respectively. The number of iterations is reduced by the precise initialization and
the fast iterative search of the non-uniform quantizer parameter. Thus the average
number of iterations is only 1.8 while the original method takes more than 45

iterations in average.

In the MP3 decoding algorithm, the dequantization operation is implemented
by applying piecewise linear approximation and Newton’s method for root-finding
to achieve higher SNR. And we adopt Lee’s fast DCT/IDCT algorithm to realize

the IMDCT and the matrixing operation in the synthesis filterbank.

1.4 The Experimental Results and Potential Applications

The results of the proposed MP3 codec optimization and implementation are

also analyzed. The MP3 encoder consumes 21.05 MIPS and 44k bytes memory and
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the MP3 decoder consumes 18.67 MIPS and 44.3k bytes memory. Both have

superior performance than other commercial products and paper implementations.

The superior performance in MP3 codec implementation mainly brings two

areas of potential application.

The low requirements of MIPS and memory are suitable for the system
powered by battery, like pen drive, walkman, voice recorder, cellular
phone and etc. Thus these devices can support both MP3 encoding and
decoding.

The system integration part gives the probability of taking the low cost
ADSP-2181 as an audio coprocessor in a large system. By applying the
firmware loading protocol proposed in this thesis, the system can
support not only MP3 but also more audio application. The innovative
feature is suitable for many products nowadays like PVR/ DVR, DVD

player/ recorder, IP phone, digital broadcasting system and etc.

1.5 Content and Organization

This thesis contains seven chapters:

Chapter 1 introduces the digital audio compression algorithms and the
motivation, overview and contribution of this thesis.

Chapter 2 introduces the MPEG/audio Layer III encoding algorithm and
brings the proposed optimization. The proposed methods are mainly
focused on minimizing the complexity of the PAM-based bit allocation
process and improving the coding efficiency. Based on a series of
experiments and analysis, the PAM is simplified, and a new fast bit
allocation algorithm is developed.

Chapter 3 introduces the MPEG/audio Layer IIl decoding algorithm

and brings the proposed optimization. The proposed methods are

4



CHAPTER 1. INTRODUCTION

focused on minimizing the complexity of the dequantization and the
filterbank.

Chapter 4 introduces the 16-bit fixed-point DSP, ADSP-2181 and brings
the MP3 codec DSP implementation of proposed methods.

Chapter 5 presents the experimental results and comparisons with other
methods.

Chapter 6 introduces an application example, a dual core embedded
system architecting by Intel® StrongARM MPU and ADI ADSP-2181
DSP, and brings the firmware design.

Chapter 7 brings the conclusions and future works.

Appendix contains the pictures of the whole system and sub-systems.
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CHAPTER 2. ENCODER OPTIMIZATION

2.1

Encoding Overview and Complexity Analysis

Figure 1 shows the block diagram of the MPEG/audio Layer III encoding
process. The 1152 consecutive PCM samples are grouping together and called one
audio frame. The time to frequency mapping transforms the audio input into the

spectral lines frame by frame.

Then these spectral components are divided into several scalefactor bands
according to the critical-band rate. The audio input simultaneously passes through
the PAM-II, psychoacoustic model II, that determines the ratio of the signal energy

to the masking threshold for each scalefactor band.

To achieve the bit rate constraint, the rate controller varies the quantizer in an
orderly way, quantizes the spectral values and counts the number of Huffman code
bits required to code the quantized values. The quantizer in MP3 is non-uniform so
that the quantization noise depends on the quantized value instead of the
quantization parameters like the general uniform quantizers. Huffman coding is
chosen as the lossless coding tool while the Huffman tables are pre-defined and
have been statistically analyzed [5]. The distortion controller adapts the
scalefactors to control the quality when the quantization noise exceeds the masking

threshold.
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Hybrid transform Encoded
PCM for ftime to Ra.te contro.l for Bitstream | bitstream
audio . » bit allocation > i 5
. frequency mapping formatting
input
’ x
‘ |
Distortion Ancillary data
Masking control for (optional)
> FFT » Threshold > noise allocation
Psychoacoustic Model 11 Iteration loop

Figure 1. MPEG/audio encoding process

The functionality of each block will be described in the following subsections.

2.1.1 Psychoacoustic model 11

The psychoacoustic model, a model of the human auditory perception,
supplies the non-uniform quantization block with the information on how to
quantized and scaled based on their perceptual relevance. The relevance is
denoted as the ability to mask other signals (maskee) for a signal (masker).
Usually in MPEG/audio coding, the maskee indicates the noise from the

non-uniform quantization of transformed coefficients.

This masking is a perceptual property of the human auditory system that
occurs when the presence of strong audio signal make a temporal or spectral
neighborhood of weaker audio signal imperceptible. Three types of auditory

masking effects are described below:

B The absolute threshold of hearing, ATH: It is characterized by the
minimum intensity of a pure tone that the ear can hear in a noiseless
environment. This threshold is frequency dependent and typically
shows a minimum (indicating the maximum sensitivity of ear) at
frequencies between 1kHz to 5kHz. A typical curve of ATH is shown in

Figure 2.
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The absolute threshold of hearing
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Figure 3.

The frequency masking: it, also called simultaneous masking, is a

frequency domain phenomenon where a weaker signal (maskee) can’t

be perceptible by a simultaneously occurring stronger signal (masker) as
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long as they are close enough to each other in frequency. The masking
threshold is measured when any signal below is imperceptible and
depends on the sound pressure level and the frequency of the masker.
As shown in Figure 3, the complete masking threshold is combined with
the masking threshold of the masker and the absolute threshold of
hearing.

The temporal masking: It is a phenomenon that relatively loud sounds
in an audio signal, such as a loud trumpet’s note, will tend to overpower

other sounds that occur just before and just after it as shown in Figure 4.

Simultaneous Masking

Pre-Masking Post-Masking

>
| | | |

40 80 120 160

-40 0 20 180
Time (ms)

Figure 4. Temporal masking effect

2.1.2 Time to frequency mapping transform

MP3 algorithm uses a hybrid transform to perform time to frequency

mapping. As shown in Figure 5, the hybrid transform includes a 32-channel

analysis polyphase filterbank, also called subband analysis, and an MDCT

filterbank.

Before passing the frequency lines (transformed coefficients) into next

stage of the encoding process, a reduction of alias is introduced here in order to

reduce amount of information for transmission.
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Figure 5. Hybrid transform for time to frequency mapping

Figure 6 is the function diagram of 32-channel analysis polyphase
filterbank. It is composed of 32 band-pass filters. The band-pass filter, Hi(n) is
generated by modulating the low-pass filter, h(n), to the i subband as (1). The

coefficient of h(n) is shown in Figure 7,

H;(n)= h(n)'cos(ﬂ.(zhi+612'(n_16)), wheren=0~511. (1)

Input audio signals Output subband signals

P
x(n) o(n) @ So(N)=1..., Po(0), Po(32), Po(64), ...}
P1(n)
@ S1(N)={..., P1(0), P1(32), P1(64), ...}

P
() @ Sat(M)={.... Pas(0), Poy(32), Pas(64), ..

Figure 6. The 32-channel analysis polyphase filterbank

The 32 consecutive audio signals are simultaneously passed into the 32

band-pass filters. The filtering (with 480 overlapped inputs) outputs are

10
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down-sampled and the output subband signal are then produced.

0.04

0.035 -

0.03+

0.025 -

0.02 -

h(n)

0.015 -

0.01+

0.005 -

L
350 400 450 500

-0.005 | | | | | |
0 50 100 150 200 250 300

n

Figure 7. The coefficient of low-pass filter, h[n]

The MDCT (Modified Discrete Cosine Transform) performs finer
resolution of the 32 subband outputs from the analysis polyphase filterbank as
shown in Figure 5. First the subband output passes windowing operation.
MDCT uses four types of window as shown in Figure 8 (a) to (d). MP3
specifies two different MDCT block lengths: long block of 18 samples and
short block of 6 samples. The normal, start and stop windows are employed in
the granule denoted as long block. And the short window is employed in the
granule denoted as short block. As shown in Figure 8 (e), each window is 50%
overlapped with neighborhood window. So the window size is 36 and 18

respectively.

The start and stop windows are the so-called adaptive windows. The start
window provides adaptation from normal window to short window and the stop

window provides adaptation from short window to normal window.

Which window is employed is determined by PAM-II. In general, the long

11
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block length provides better frequency resolution (less block effect) with
stationary characteristic, and the short block length provides better time

resolution with transient.

1 1 1
0.8 0.8 0.8
0.6 0.6 0.6
0.4 0.4 0.4
0.2 0.2 0.2
0
10 20 30 10 20 30 10 20 30
(a) Normal (b) Start (d) Short
1,
1R S S \
0.6 X X\ “/\ “/ ‘ /,/\
0.4 I ghs \\ e‘/ \ [
: 4\ | EEEL /
T g
HERE
o2 A
W et \ J,e“/
0 ‘ W QA =2 3 ‘ ‘
0 20 40 60 80 100 120

(e) The arrangement of overlapping MDCT windows
Figure 8.  The four types of MDCT window and the arrangement

The formula of MDCT is shown in (2),

n-1

x(i)=

Z(k)~cos(2—7'zn-(2-k+1+gj-(2-i+l)j,wherei =O~g—1.(2)

k=0
The n is 36 for long block and 12 for short block.

2.1.3 Iteration loop

The iteration loop plays a important role of performing “quantization” and
“Huffman coding” to achieve a high compression ratio. This block outputs the
coded data satisfying human auditory system and the correlative side

12
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information.

The iteration loop allocates the bits and the allowable noise to each
scalefactor band from two main modules: outer and inner iteration loop. The
outer iteration loop, also called distortion control loop, controls the quantization
noise produced by the non-uniform quantization within the inner iteration loop.
The scalefactor of the scalefactor band is adjusted to reduce the quantization
noise if the quantization noise is found to exceed the masking threshold
obtained from PAM-II. The outer loop is executed until the actual noise is

below masking threshold in each scalefactor band.

The inner iteration loop, also called rate control loop, does the actual
quantization. The quantized coefficients are then Huffman coded, and the
number of coded bits is counted. If Huffman coder demands bits more than the
frame can supply, the quantizer parameter needs to be adjusted. The inner
iteration loop is repeated with different quantizer parameters until the

demanding bits of Huffman coder is small enough.

The Huffman coding algorithm is based on 32 static Huffman tables,
provides lossless compression and thereby reduces the amount data to be

transmitted without loss of the quality.

2.1.4 Bitstream formatting

This block produces the MPEG/audio Layer III compliant bitstream. The
Huffman coded frequency lines, side information and frame header are
assembled to form the bitstream. Ancillary data not necessarily related to the

audio frame can be inserted into the coded bitstream.

Table 1 summarizes the complexity of MP3 encoding algorithm in DSP MIPS.
According to the analysis, PAM and iteration loops are two of the most
time-critical processes. PAM-II normally requires transcendental computations

13



CHAPTER 2. ENCODER OPTIMIZATION

such as logarithm, exponential and power, which are often computationally

demanding.

Table 1.  Predicted complexity to implement MPEG/audio encoder [4]

MP3 Encoder MIPS
Hybrid transform 25
PAM-II 90
Iteration loop 70
Etc. 5
Total 190

Another computational demanding task is the iteration loop, also called bit or
noise allocation process. The process finds the optimal quantization parameters and
scalefactors to obtain the best audio quality in a limited bit resource. Because the
quantizer is non-uniform, MP3 adapts an iterative approach to evaluate the
parameters. Thus it is based on analysis-by-synthesis scheme. The experimental
result shows that the number of iterations per audio granule reached up to 50. It
should be also mentioned that the number of iterations depends on the

characteristic of input signal and the execution cycles are also varied in each frame.

2.2 Simplified PAM-I11

As shown in Table 1, the traditional MP3 encoding algorithm consumes too
much MIPS and is hard to be implemented on power-limited devices. Since the
complexity analysis shows that both of the most computationally demanding
processes are related to ISO PAM-II, we first consider the possibility of encoding

without ISO PAM-II [4].
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2.2.1 Distortion control loop analysis

Figure 9 shows the traditional iterative approach to implement distortion
control. After the rate control loop quantizes the spectral lines, the distortion
control loop first reconstructs the spectral by inverse quantization of the
quantized value, and then we can evaluate the distortion of the quantization
works. Then if the distortion exceeds the masking threshold in the scalefactor
band, we can amplify the original signal, and then the masking threshold is also
amplified. The pre-emphasis process turns the pre-emphasis flag on and
amplifies the whole spectral by pre-defined factor if all of the upper four

scalefactor bands have unmasked distortion.

v
Rate control loop

( \ )
Distortion calculation
v
Preemphasis
v
Amplify scale-factor band
& J

Loop break condition

Figure 9.  Distortion control in the iteration loops

The motivation of PAM-II simplification is that PAM-II is ineffective over
a certain threshold of bit rate [4]. Figure 10 shows the masking threshold and
the quantization noise before applying distortion control in each scalefactor
band. The signal was encoded at 128kbps and 256kbps stereo with 44.1kHz

sampling rate.
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Distortion v.s. Masking Threshold
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Figure 10. Noise analysis before distortion control

As observed in Figure 10 (a), the distortion is much lower than masking
threshold at 256kbps mode, and then no distortion control is needed. However
at 128kbps mode, the distortion exceeds the threshold at the 19" and higher

scalefactor bands, and then the distortion control is needed to shape the noise.
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Figure 10 (b) shows the average. Similarly, the distortion only exceeds the

threshold at higher scalefactor bands.

Related research has been made to investigate the contribution of PAM-II
to the distortion control [4]. By analyzing the number of distortion control
iteration and the result of subjective quality preference tests, Oh et al. [4]
showed that PAM-II is unnecessary when the bit rate is over 256kbps. To
recover the audio quality at lower bit rate, they proposed a bandwidth control
scheme. Subjective test revealed people prefer the sound with a limited
bandwidth to the sound with full bandwidth but with unmasked distortion. In
this thesis, we also employ bandwidth control of input signal. Figure 11 shows

the bandwidth coefficient versus demand bit rate.

Cut-off frequency v.s Bit rate

32 40 48 56 64 80 96 112 128 160 192 224 256 320
Bit rate (kbps)

Figure 11. Coefficients of bandwidth controller (sampling rate is 44100 Hz): the
corresponding cut-off frequency of each bit rate is obtained from

LAME [14]

A low pass filter is applied in the bandwidth control. The it frequency line
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X¢ g (I) in the g™ granule of the ™ frame is filtered by (3),

X, (i) .ifi< nint(gf—;x576)

2

L(x; 4(i))= , 3)

0 Lif i > nint(?_;x 576)

where the cut-off frequency, Q_ is defined as the bandwidth coefficient.

c

In other words, the bandwidth control can allocate more bits for low
frequency band, and then the quality can be improved. Figure 10 (b) shows the
decrease of average distortion when bandwidth control is employed.
Experiments shows that the bandwidth control scheme is effective when the

MP3 is encoded at lower bit rate.

In this thesis, we propose removal of ISO PAM-II and related processes
like distortion control and window switching and employ efficient allocation of
limited bit resource to recover the audio quality. Later we will address the

proposed method to allocate bit resource more efficiently.

2.2.2 Removal of window switching

Modern audio compression algorithm often use dynamic window
switching to avoid preechoes. Preecho happens when we encode audio signals
that the amplitude raises violently in an instant as observed in Figure 12 (a). If
the algorithm can’t individually encode the signals of different characteristic,
the signals grouped by algorithm will be encoded by using the same
quantization parameter, i.e. the quantization noise are spreading to the whole
block, and it is hard to get better coding gain. In transform coding based
algorithm, signal of the same time-slice are always grouped first and then
encoded at a time so the preechoes are unavoidable. But the psychoacoustics

reveals that the preecho less than 18ms can be masked by a loud voice behind it.
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Thus the algorithm can group less amount of signals and encode them together
even if the preecho is produced. That is why we need dynamic window
switching in MP3 algorithm. In general PAM-II detects the appearance of
preecho by calculating the perceptual entropy (PE), i.e. the predicted amount of
bits needed to encode the granule. But PAM-II is not implemented in proposed
design for power-limited device. It is also not easy to have another metric to

detect the appearance of preecho.

Related research shows that encoding without window switching didn’t
cause significant negative effect to the audio quality [4]. Figure 12 (b) and (¢)
show the time domain waveforms encoded with and without window switching
in 128Kbps. Preecho appears as a notable difference around the 7000™ sample
(the 6000™ sample of source signal) whether the window switching is used or

not.
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(¢) Encoded without window switching

Figure 12. Time domain waveforms from using window switching or not
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2.3 Fast rate control loop

As observed in Figure 13, the rate control loop also called inner iteration loops
allocates the bit resources to each frequency line by quantization and Huffman
coding. The difficulty is to find an optimal quantizer parameter also called global
gain and select a suitable Huffman table. The ISO standard adopts a step-by-step
approach to obtain the optimal parameter from an initial value determined by
spectral flatness measure. Considering the input range of Huffman coding, more
iteration taken in quantization process will be tested to guarantee the quantization

output in the range.

In this thesis, we propose a new rate control algorithm. Figure 14 illustrates
the flowchart of the new algorithm. With the removal of PAM-II and related

distortion control loop, the iteration loops is also simplified as Figure 14.

Initialize the quantizer
parameter (step-size)

azis-da1s ayy aun |

Z.

A
Non-linear quantization

v

Huffman coding

coded bits < max_bit

\ Y J
A

Distortion control

Loop break condition

Figure 13. Rate control in iteration loops
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Dynamic bit allocation
Energy distribution between granules

\ 4

Variable initialization
Derive the initial value of quantizerStepSize

A 4

First trial
Apply quantization and count the bits needed

A 4 y

Iterative search
Apply quantization and count the bits needed

A 4 \ 4

Finalizing process
Update predict value

Figure 14. The new rate control algorithm

2.3.1 Non-uniform quantization

In ISO MP3 algorithm, the non-uniform quantizer was defined as (4),

W ND-T5
(X ()

Vi o) = ning| 2| - 0.0946 |, )
: S

where nint is a rounding function, q is the lower bound of quantization

parameter, i.e. the initial value, & is the increasing variable, and X g(i) is the

i frequency line pre-emphasized (5) and amplified (6) in the distortion control

loop.

X'f’g(i) _ Xf’g(i) y ﬁlzx(1+zl)XP(bi),and (5)
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SR C (1+2)xC(by)
Xf,g(l) = Xf,g(l) x \/E o ? (6)

where X, | (i) represents the original frequency line, i is the index of spectral
line, z, € {0,1} switches on or off preemphasis, z, € {0,1} determines
whether the scalefactors are logarithmically quantized with a step size of 2 or
V2. b, is the scalefactor band index of the i™ spectral line. P(-) is the

preemphasis table defined in [5]. C(b,) is the scalefactor of the scalefactor

band, b,.

Since the distortion control is not used in this implementation, (5) and (6)

no longer exist. Then (4) can be simplified to (7),

‘ (). 0.75
X 1
Y ,() = nin [%J — 0.0946 |, 7

where the quantization parameter A

=0+4q.

f.g

(7) is executed iteratively in the finding of an optimal A, ;. The rounding
function nint is unnecessary in fixed point implementation. We can further
rearrange (7) to (8),

3xAg g

Yeol) = x4 " x 27 @~ 0.0946- (8)

In the rate control iteration, A, ; is the only running variable. So we can

take ‘Xf,g(i)

0.75 . . .
‘ out from the iteration. Therefore the quantizer can be

decomposed into two equation where one is calculated outside the iteration (9),
—~ . A0-75
Xf,g(l) = ‘Xf,g(lx ’ (9)
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and another is calculated in the iteration (10),

3xA¢ 4

Vi () = X, () x2 ¢ —0.0946- (10)

The decomposition benefits the complexity reduction of the non-uniform
: - . .A\|0-75
quantizer. The most computationally demanding process, the ‘Xf, g(|)<

function, is only calculated once in each granule. And the iterative equation (10)
in the fixed point implementation can be simplified to one multiplication, one

shift operation and one subtraction.

The implementation of (9) is optimized for the target DSP, ADSP-2181.

The unsigned 16-bit fixed point inputs X, (i) ranged from 0 to 65535 are

divided into two regions. The first region covering range from 0 to 31 is

implemented using a 32-word lookup table. From the probability model of
‘Xf’g(i)‘ojs, the first region covered over 60 percentage of inputs. A small

lookup table is applied here to speedup the calculation. The second region from
32 to 65535 is implemented using piecewise linear interpolations. There are 11
sub-regions between 32 to 65535. The segmentation is also optimized for the
target DSP. Since ADSP-2181 supports hardware detector of leading ones/zeros,
we can derive biased l0og,(x) in one instruction cycle. Thus the boundaries of
sub-regions are proposed to be set to power of 2, i.e. 32, 64, 128, ..., 65536.
The approximation error has been analyzed in (11),
ki@ - pow075(x, (i)

g(xf,g(i)) - .0-75 > (11)
[xe.s0)

where pow(075 is the implementation of proposed approximation method, also

represented by Q,(-).

Figure 15 shows the error to real output ratio, ¢. The ratio is around *1%.
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Table 2 summaries the number of DSP instruction cycles in calculation of two

regions.
0.5%
0%
& (%, (1)
-0.5%
-1%
1 1 1 1 1 1
0 1 2 _ 6
Xl
f,g( ) x 10
_ (075 1E& .
Figure 15. The error of |Xf, o (I )\ approximation

Table 2.  The number of DSP instruction cycles in calculation of two regions

Input range | DSP instruction cycles ~ Probability Table size

0~31 4 > 60% 32 words

32 ~ 65535 9 <40% 22 words

We can rewrite the (10) as (12),

Vi (i) = X (i) x 2% x 2% — 00946, (12)

where Ay is the integer part, and A, is the fractional part of _3X1if'g . In

fixed point implementation, the multiplication of 2% can be easily

implemented by the hardware barrel shifter. And the 2°° is derived from a
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0
6

16-word lookup table that contains fixed point value 2, 2 ..., 2% The

>

implementation is denoted as Q,(-).

2.3.2 Dynamic bit allocation proportional to the energy of granules

In the MP3 bitstream, each frame has fixed amount of bit resources on the
constant bit rate. With a help of bit reservoir control, we can save the unused
bits in the reservoir if the distortion of quantization is imperceptible, and it will
benefit the encoding of succeeding frames. But in the proposed algorithm
without PAM-II and distortion control, the quality constraint is no longer exist.
Then the rate control loop will exploit all the bit resource as possible as it can to

encode one audio granule.

Normally an audio frame contains two (mono) or four (stereo) granules.
The traditional MP3 algorithm portioned out the total bits equally for granules
in each frame. An asymmetric allocation of the bit resources which is
proportional to the energy of granules is proposed to equalize the quality, i.e.

allowed distortion, between granules in the same frame.

It is general that the transformed coefficient with higher amplitude will be
quantized to higher integer values. And from the property of the Huffman code
words, the integer input with higher value is usually coded with more bits. We
can also extend the idea to the group of coefficients, i.e. granule. If the granule
has more energy or more number of coefficients with higher amplitude, it need

more bits to maintain the same quality as others.

Considering the non-uniform property of quantizer, the power function is
taken into account. From experimental results, the frequency lines below
4,000Hz dominates the full bandwidth (22050Hz) energy. In the proposed

approach, for sampling rate of 44.1kHz the score of the granule energy defined

4000 ~ : 073
as (13) takes only x576~105 spectral lines of ‘Xf,g(l)‘ for

44100/2
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calculation.
Eig = 2 Xio(i), (13)

where S(\f,g(i) are determined from (9), and E; ; is the energy score of the

granule.

The resource allocation is not exactly proportional to the granule score.

The modification as shown in (14) takes the minimum resource into account.

B, =bh Erg B
f,g — Mf,g + Z E X P> (14)
g f.0

where b, , is the minimum encoding bits given from (15), and B, is the

number of bits used to distribute to each granule given from (16). B, is the

total available number of bits in the frame.

BTf , Mono

By .

b, , = o Le.ft/nght Channel 05
| 5, Mid channel

B .
—+ » Side channel

B, = By — > b, (16)

In this thesis, we also propose the fast search approach which has two

following parts. One is the precise initialization of the quantization parameter, i.e.

Ay, - Another is the fast search of the optimal quantizer parameter.

2.3.3 Precise initialization of the quantization parameter

In the ISO MP3 algorithm, the initial value of quantization parameter is
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derived as (17),

q=8.0xIn(g, , ). (17)

The spectral flatness measure, u;  , is defined as (18). The derivation

contains complex non-linear mathematic and is inefficient on fixed point

implementation.

—[zl( (i)Z)j
e i=0

Hig = 575 ] (18)
oo Bxe )

We propose that the initialization of A, , is predicted by the one of
previous granule and a lower bound. To derive the lower bound we consider (10)
again. From the property of Huffman table, the quantized value, Y, (i), has a
upper bound, 8207. So the lower bound of A; ; comes out from the direct

derivation from (19),

Af g

8207 > R, ,(i)x2" " —0.0946

3xAf
16

= 8207 > max{R, (i)jx2 " ~0.0946

16 8207 +0.0946 . (19)
=>A¢ > —?log

2 miax%)”(f’g (I)E

= A = [?logz(miax{f(f,g (i)})— 69.35}

The lower bound, A,, guarantees the quantized value in range of Huffman

table. So the initialization with prediction is derived as (20),

Af,g(n):max{Al,Af,g(n—1)+a}, (20)
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where n is the iteration index of iterative search in Figure 14 and starts from
Zero. Af,g(—l)=AH,g, Ao’g(—1)=—150, o is the addend of the step size

and equal to zero during initialization.
The great achievement of proposed method is proved by comparing the
difference between initial value and final value. Figure 16 shows the difference

histogram of ISO MP3 method and proposed method. From the statistic, over

60 percent of predicted initial values are very close to the final values, i.e. the

difference |€| <1. The precise decision of initial value benefits to reduce the

number of iteration of the following iterative search.
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Histogram: Difference between initial value and final value
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(a) ISO MP3 method in (17) and (18)

Histogram: Difference between initial value and final value
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(b) Proposed method in (19) and (20)

Figure 16. The histogram to difference between initial value and final value of

Ay 4 - The accuracy is determined by the expected difference of initial

value and final value. (a) ISO method initializes it by the measure of
spectral flatness. (b) Proposed method initializes it by the one of

previous granule and a lower bound.
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2.3.4 Fast search of the optimal quantizer parameter

Nonuniform guantization
quantize_tj (xq, ix, quantizerStepSize);
bits = countHuffBits (ix);

v

Update Addend of Step Size

jump = updateJumpSize(bits-max_bits, step[ch]);

:[First trial )

Jump =0 Jump =0

P

Y

Update Step Size of Qauntizer
guantizerStepSize =
max(quantizerStepSize+jump, low_bound)

v

Nonuniform quantization
quantize_tj (xq, ix, quantizerStepSize);
bits_modify = countHuffBits (ix);

Y

Update Step Unit

updateUnitStep(bits, bits_modify, jump, step+ch);

A bits = bits_modify;
Update Addend of Step Size
jump = updateJumpSize(bits-max_bits, step[ch]);
No oop break condition
(Iterative search ) Yes

Bits<max_bits e

No

Nonuniform quantization
quantizerStepSize += 1,

(Final trial )

quantize_tj (xq, ix, quantizerStepSize);
bits = countHuffBits (ix);

Exit

Figure 17. The adaptive approach to iterative search optimum parameter

Figure 17 illustrates the our approach to iterative search. Table 3 describes

the symbols used in Figure 17.
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Table 3.  Symbols descriptions of Figure 17
Symbol name Description Abbreviation
Xq The frequency lines powered by 0.75 in (9) X g
IX The quantized integer value in (10) Yig
quantizerStepSize | Quantizer parameter also called global gain Ay
The 1 bound of teeing that th
low_bound e lower bound of A, ~ guaranteeing that the A
quantized value can be coded within Huffman table
jump Addend of A, | o
step Predicted value of the difference number of bits used
in Huffman coding when A, is increased by one. P
max_bits The bits budget of this granule determined from (14) B: 4
bits, bits_modify Number of bits used in Huffman coding of the o B
- quantized values ’
quantize_tj Implementation of (10) Q,()

countHuffBits

Counting the number of bits used in Huffman coding of
yf,g

updateUnitStep

Updating p, by results of the latest two iterations

updateJumpSize

Updating o by p,

The proposed approach can be divided into three parts. The first part, the

first trial, performs quantization with the initial value of A & derived from

(20). Then X;, are quantized to Yy, by Q,(-). The following C"(-) will

choose appropriate Huffman tables for y , and count the number of coded

bits, b"(0). Based on p, and the difference of b"(0) and B

f.g°

anew o 1is

derived by U(-). The o equal to zero implies that b"(0) is very close to

B,

then we omit the iterative search part and apply final trial directly.

The iterative search is applied when the o 1is not equal to zero. n is
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representing the iteration index. In the n™ iteration, (20) is used to derive the

Ay, (n), and n starts from one where Ag, (0) is used in the first trial. After the
update of Afﬂg(n), Q,() and C"(-) is used to obtain Yi, and b". The

difference number of bits with previous iteration, b" ~b"(n-1), o and

P (n —1) are sent to U 5(-), and anew p, (n) is updated. Similar with the first

trial, U’(-) determines a new o used in the (n+1)" iteration. The iterative
search block is terminated while one of the following loop break conditions

exists.

B 1 is greater than 5,
m b —b"(n—1) is less than 32,
B o iszero.

The final trial is applied to guarantee that b" < B, ,. Different from the
iterative search, the fine tune of A; = is applied here to prevent the deadlock
loop condition.

For example, let B, =1000 , Af’g(O): -80 , A, =-100 , and

pC(O):100 (obtained from previous granule), X, , are passed to Qz(') and

C"(-) then we obtain b"(0)=500. U’(-) updates by

h —

p.(0)

after the first trial. Since o is not equal to zero the iterative search is applied.

(20) will update Ay (1) as -85. Q,(-) and C"(-) are then executed again to
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obtain b"=900. U*() updates by

b"—b"(0)

p.(1)=nint %-pc(0)+l'— =95

4 o

in 1% iteration. Then Ay (2) is updated again to -86. And we will repeat the

process iteratively until any one of loop break condition exists.

In this thesis, we propose a new iteration loops algorithm. Figure 18

compares the pseudo code of ISO and the proposed method. With the removal

of PAM-II, the distortion control is also removed, and the rate control is

optimized for speedup. The solid lines in Figure 18 link the blocks with the

same functionality but optimized in proposed method. The dotted lines link the

blocks with different measurement in the proposed method. And the boldface

represent the added blocks of the proposed method.

(a) ISO iteration loop

For // Granule loop
quantizerStepSize = nint(system_const * log(sfm(xr)));
do{ // Outer loop
quantizerStepSize -= 1;
do{ // Inner loop
do{

(b) Proposed iteration loop

——3 pow075(xr, Xq);
bitAllocation(xq, frame_bits, max_bits);

quantizerStepSize += 1;
pow075(xr, xq);

For // Granule loop
> low_bound = (int)(16*log2(xq_max)/3 - 69.35);
'y quantizerStepSize = max(low_bound, predict_quantizerStepSize);
quantize_tj(xq, ix, quantizerStepSize);
—I:: bits = countHuffmanBits(ix);

jump = updateJumpSize(bits-max_bits, step);

if(jump != 0){

quantize_tj(xq, ix, quantizerStepSize);
}while(testOverflow(ix)); |

while(1){

bits = countHuffmanBits(ix);

quantizerStepSize = max(low_bound, quantizerStepSize+jump);

}while(bits > max_bits);

loop_break = distortionControl(xr, ix, threshold, scf);
}while(loop_break);
end

quantize tj(xq, ix, quantizerStepSize);
bits_modify = countHuffmanBits(ix);
updateUnitStep(bits, bits_modify, jump, step);
bits = bits_modify;

jump = updateJumpSize(bits-max_bits, step);

ar v

$ if(iter > 3 || abs(bits-max_bits) < 32 || jump == 0)

break;
)

while(bits > max_bits){
L3 quantizerStepSize +=I;

—E: quantize_tj(xq, ix, quantizerStepSize);
bits = countHuffmanBits(ix);

predict_quantizerStepSize = quantizerStepSize;

/I No distortion control
end

Figure 18. Pseudo code of iteration loops (a) ISO method (b) Proposed method
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To evaluate the performance of optimized rate control process, the number
of iterations has been analyzed by calculating the execution times of Q, (),
Q,(-),and C"(-) in each granule. The computational complexities are denoted
as p, g, ¢ individually. In encoding stereo MP3 with 128Kbps, the experiments
show that the ISO method takes 45p+450+47cC in average while the proposed
method takes 1p+2g+2c only. Table 4 lists the number of inner iteration in each
method. The proposed method takes less iteration numbers than other methods.
And due to decomposition of non-uniform quantizer, Ql(~) and Q, (), the
computational complexity of inner iteration is also much less than other

methods.

Table 4.  The average number of inner iteration

ISO Oh et al. [4] Proposed
Average 45 2.1 1.8
Max >100 3 8
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CHAPTER 3. DECODER OPTIMIZATION

3.1 Decoding Overview and Complexity Analysis

. PCM

Epcoded B1tstre?m »| Dequantization > Erequency .to audio
bitstream Decoding Time Mapping output
utpu

Figure 19. MPEG/Audio Layer III decoding block diagram

The MPEG/Audio layer III decoding process has three main parts [5]:
bitstream decoding, inverse quantization and frequency-to-time mapping as shown
in Figure 19. The first part synchronizes the encoded bitstream input and extracts
the quantized frequency coefficients and other information of each frame. Figure

20 illustrates the detail function blocks.

The second part, inverse quantization also called dequantization, reconstructs
a perceptually identical data of the frequency coefficients generated by the MDCT
block during encoding. Based on the output of Huffman decoding and scalefactor

information, the dequantization equation is represented in (21) [5].
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Huffman Huffman Magnitude & Sign
code bits Decoding A ”
g
2 1
b= 7
N 2
Encoded 2 Huffman Huffman Info &
bitstream :_:9 Information Decoding =
S @
>~
)
Scalefactor Scalefactor
Information Decoding
Ancillary
Data

Figure 20. Bitstream decoding

. sii) 4 ([ 2%'(Af,g 84 (w; ))
g i) = G100 emreny

where yf,g(i) is the output of Huffman decoding, and A, , 7, A (W)

(subblock gain only used in short block), and C(bi) are part of side information.

Synthesis PCM
Subband —>audio
Filter bank output

Alias .| Inverse .| Frequency
Reduction MDCT "| Inversion

A 4

Figure 21. Frequency to time mapping

The last part, frequency to time mapping, produces the audio PCM output
from the dequantized frequency lines. The part is a set of reversed operations of the
MDCT and analysis polyphase filterbank in the encoder. The alias reduction block
adds alias artifacts to dequantized outputs in order to obtain a correct reconstruction
of subband signals. Then the inverse MDCT reconstructs time domain subband
signals from frequency lines. The frequency inversion is then applied in order to
compensate the decimation used in the analysis polyphase filterbank. After that, the
synthesis polyphase filterbank, also called subband synthesis, is applied to the

subband signals to yield the audio PCM output.
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Among them, dequantization, IMDCT, and synthesis polyphase filterbank in
particular require a large number of arithmetic operations and produce quantization
noise in fixed point implementation. In this thesis, we propose a fast realization of
dequantization and adopt fast algorithms on IMDCT and synthesis polyphase
filterbank.

3.2 Dequantization

The dequantization equation is represented in (21). The complexity is the
calculation of y?g where yf,g(i) is an integer ranging 0 to 8207. The direct
derivation using mathematic libraries is too time-consuming and not suitable for
real-time implementation.

First the calculation of y?g is decomposed into (22) in order to minimize the

quantization noise of fixed point implementation. Comparing the dynamic range of

yi, (0 to 165543.67) and y;, (0 to 20.171), it is obvious that the

implementation of y?g produces lower quantization noise because of the smaller

dynamic range.
Vio@)=Yi(0)yi4(0) (22)

Similarly with encoder case, the power function is implemented with hybrid

scheme. First the input range is split into three section as shown in Figure 22. The

first section, 0< yf’g(i)< 32, utilizes a small lookup table to obtain the noiseless

value directly. Another two sections adopt the piecewise linear approximation
method. The segmentation is also optimized for the target DSP. In order to

minimize the approximation error, the segmentation of the second section has been
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made according to the leading-zeros of y?,g (I)

20F

256<y, ,(i)<8207
Piecewise linear approximation |
with partitioning by leading-zeros of x.

"

32<y, ,(i)<256

0<Y, (I) <32] Piecewise linear approximation |
Lookup table with partitioning by leading-zeros of x3.1
. ! 10 20 30 50 100 150 200 250
1000 2000 3000 4000 5000 6000 7000 8000
yf‘g (')
Figure 22. The implementation of yé’g (I)
Ignoring the frequency index i for general, (23) represents the approximation
of u= y?g.
Lutly!, ) L0y, , <32
U=1,(8,( g )} V1 g+ B(8:(v14)) 32y 5 <256 23)
ay(Sy(Vi o ) Vi g + B8y, ) s 256 <y, , <8207

where LUT(-) represents the lookup table method applying in 1* section, «, and
S, are the linear approximation coefficients of the 2" section, o, and f, are

the linear approximation coefficients of the 3" section, S,(-) is the segment index

of the 2" section derived from (24), and S,(-) is the segment index of the 3™

section derived from (25).
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B.(1)=nine (32 -2’} ). j=0~9
= B,(j)e{32,41,51,64,81,102,128,162, 204, 256} (24)
$,(¥1.4)=1i[B(1)< ¥y o <B(i+1)}

_ [nint(256-21) , j=0~5
B3( ): 8208 .
, =06
= B, € {256,512,1024, 2048, 4096,8192, 8208}

83(yf,g(i))= {J | B,(j)< Yig < By(] "’1)}

(25)

The approximation error has been analyzed that the error to real output ratio is
around *1%, and the SNR is around 46dB. The error is still too large and will
probably lead the following processes like IMDCT and subband synthesis to
produce more error, especially in fixed point implementation. Nevertheless in the

encoding case, the following process, Huffman coding, is noiseless.

In order to obtain the further approximation, we propose to apply the
Newton’s method in the section of 32 <y, (i)<8207.Let u= y?g(i) ,where (26)
is another representation which is suitable for the Newton’s method of root-finding.

The method will yield a value of u that approximates y?g (I)

U =y ,(i)=0 (26)

The function result is calculated through the repeated iterations that can

successively reduce the residual error ‘u3 Vi (IX . The iteration formula is shown

in (27),

OC
+

_U(f—yf,g(i):2ﬁo3+yf,g(i):l_ 2.0 Yioll) (27)
3'U02 3.U02 3 ,

where the starting value U, is obtained from (23).

The desired accuracy can be achieved in only one iteration. Figure 23 shows
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the error to real output ratio. The ratio is around *0.01% and the SNR is increased

to 86dB.

The error to real output ratio
0%

VAT AV /\/\

é -0.006%

& (yfyg

-0.01%

-0.014%

1 1 | | | 1 1 1
0 1000 2000 3000 4000 5000 6000 7000 8000

Figure 23. The error to real output ratio of y?g (I) approximation.

E(yfjg(i)):(y?g (i)—pow 3(yf7g (i))-yfjg (|))/(y$g (I)) where pow3

is the proposed implementation of y%jg (i )

The effect of fixed point implementation have been analyzed. Figure 24 shows
the error to real output ratio. The ratio is around 0.08%, and the SNR is around

82dB.
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The error to real output ratio

0.04% R

0% |
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£ (Yyq ()
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0 1000 2000 3000 4000 5000 6000 7000 8000

Figure 24. The error to real output ratio of y?g (I) fixed point approximation.

ey, o )=y ()= pow3a(y, () yi )1yl o) where

pow3fXx is the proposed fixed point implementation of y?g (I)

3.3 IMDCT and Subband Synthesis

The frequency to time mapping tool is another computationally demanding
process. Especially in IMDCT and subband synthesis blocks there are a lot of
multiply-accumulation operations with cosine coefficients. It is necessary to
perform optimization such as fast algorithm. But, in general, a fast algorithm brings

more quantization errors due to fixed point operations.

From the analysis result of Lee etc. [6], prevailing Lee’s Fast DCT algorithm
[7] is adopted for the fast algorithms of IMDCT and subband synthesis block. For
IMDCT block 9-point and 3-point Lee’s Fast IDCT is applied, and for matrixing

routine in subband synthesis block 64-point Lee’s Fast DCT is used.
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CHAPTER 4. DSP IMPLEMENTATION

4.1 Target DSP Architecture

Using the proposed architecture, we implement the MP3 encoder and decoder

by a 16-bit fixed point DSP, ADSP-2181. Figure 25 shows the block diagram of

ADSP-2181 [17].

ADSP-2181 INTEGRATION

——— 21xxCORE N
POWER. 2
DOWN
CONTROL
OGl!
PROGRAM DATA
REGISTER SRAM SRAM 8
BYTE PROGRAMMABLE
7 3 =& e e
DATA DATA CONTROLLER 3
ADDRESS ADDRESS
GENERATOR | | GENERATOR fasiicia it FLacs |7
#1 [ - AN FAYAS = N
{ } PMA BUS 4 } 14 PMA BUS """-.
[ L N
DMA BUS N/ 14, I I A4 DMA BUS | MUX 9
| / EXTERNAL
] ADDRESS
| | L—" " Bus
PMD BUS 24 NS A PMD BUS
~ = [~ EXTERNAL
— DATA
o BUS
ool | | K==L~
DMD BUS y N 7 BUS 24
i
16 /
ii N2 il N2 i? (e
INPUT REGS INPUT REGS INPUT REGS
= o s
ALU MAC SHIFTER AN Z TIMER PORT [\
TRANSMIT REG TRANSMIT REG
OUTPUT REGS OUTPUT REGS QUTPUT REGS RECEIVE REG RECEIVE REG
{} {} . {} SERIAL SERIAL L
7 ] PORT O PORT O INTERRUPTS
RBUS
5 5

Figure 25. The ADSP-2181 DSP core and peripheral integration

The ADSP-2181 is a single-ship microcomputer optimized for digital signal

processing (DSP) and other high speed numeric processing applications [17]. It
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combines the ADSP-2100 family base architecture (three computational units, data

address generators and a program sequencer) with two serial ports, a 16-bit internal

DMA port, a byte DMA port, a programmable timer, Flag I/O, extensive interrupt

capabilities and on-chip program and data memory.

The features of the ADSP-2100 family DSP core are as following [17]:

Computational units: There are three independent, full-functional
computational units including an 16-bit arithmetic/ logic unit (ALU), a
40-bit multiplier/ accumulator unit (MAC) and a 32-bit barrel shifter.
The ALU performs a standard set of arithmetic and logic operations;
division primitives are also supported. The MAC performs single-cycle
multiply, multiply/ add and multiply/ subtract operations with 40 bits
for accumulation. The SHIFTER performs logic and arithmetic shifts,
normalization, denormalization and derive exponent operations. The
SHIFTER can be used to efficiently implement numeric format control
including multiword and block floating point representations.

Data address generators (DAGs): Dual DAGs allow the processor to
generate simultaneous address for dual operand fetches and support
circular, post-modify and bit-reversed addressing modes. In
sum-of-product calculation, DAGs allow the processor to fetch two
operands and execute one ALU/ MAC/ SHIFTER instruction in single
cycle.

Program sequencer: provides single-cycle conditional branching and

executes program loop with zero loop overhead.

ADSP-2181 also integrates on-chip RAM and peripherals. The DSP core can

access the on-chip peripherals by memory-mapped control register. The integration

are as following:

80K bytes on-chip RAM: They are configured as 16K words program
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memory RAM (24 bits per word) and 16K words data memory RAM (16
bits per word). ADSP-21xx uses a modified Harvard architecture in
which data memory stores data, and program memory stores both
program and data. This allows the processor core to fetch two operands
(one from data memory and one from program memory) and an
instruction (from program memory)) in a single instruction cycle.

B Serial ports (SPORTs): There are two bi-directional, double-buffered
serial ports for serial communication. Each SPORT can use an external
serial clock or generates its own in a wide range of frequency down to 0
Hz. The SPORTs also support framing, hardware companding (A-law
and p-law), autobuffering, interrupt generation and multichannel
capability (time-division multiplexed into 24 or 32 channels).

B Timer: The programmable interval timer provides periodic interrupt
generation.

B DMA ports: There are two DMA ports, Internal DMA (IDMA) port and
Byte DMA (BDMA) port. The IDMA port is a parallel I/O port that lets
the processor’s internal memory (except for the processor’s
memory-mapped control registers) be read or written by a host system.
The read/ write access is completely asynchronous, and a host can
access the DSP’s internal memory with an overhead of one DSP
processor cycle per word while the DSP is operating at full speed. The
BDMA port allows processor load program and data from/ to external
byte memory with very low processor overhead and supports interrupt

generation while the DMA transfer is completed.

4.2 Data precision optimization in the proposed MP3 encoder

Basically ADSP-2181 performs 16-bit arithmetic. However, the double

precision, i.e. 32-bit, arithmetic provides more accuracy of processing data but also
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increases the computational complexity. As shown in Figure 26, five instructions
are needed to perform the double precision multiplication, and the complexity is

five times of the complexity of the single precision multiplication.

«— 32 bits — >

Xh | X |
mx1 mxO

X
myQO

{ADSP-21xx instructions}
Unsigned X Signed

Xi X Y mr = mx0 * myO (us);
: : | mr = mr (rnd);

Signed X Signed mro = mrl;
| Xp X Y] | mrl = mr2;

mr = mr + mx1 * myO (ss)

«— 32 bits —

R, | Ry R |

Figure 26. Double precision multiplication, R(32-bit) = X(32-bit) x Y(16-bit).

To determine the data precision, we first divide the encoding processes into
six stages as shown in Figure 27. The PCM samples are always 16-bit, and the
format is denoted as (1.15)16, 1.e. the format (a.f), means that a fixed point number
of y bits is represented by lying the binary point just after the o™ most significant
bit. It is obvious that o + B = y. The subband analysis has divided into two stages,
the windowing with partial calculation [5] and the matrixing [5]. The windowing
with partial calculation performs 16-bit multiply-then-accumulate operations and
produces 32-bit results vector Y [5]. The matrixing performs double precision
multiply-then-accumulate like Figure 26 and produces subband signals S, only the
16-bit rounding result of Ry. According to the static analysis, the dynamic range of

subband signals is —2.0< S < 2.0, therefore the format is derived as (2.14).

Then the subband signals are passed the MDCT and antialias stage. A faster
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MDCT algorithm is applied here to decrease computational complexity but also
maintain the quantization error due to fixed point arithmetic. After performing
16-bit multiply-then-accumulate operations on subband signals, the 32-bit
transformed coefficients are produced and then pass antialias block. Again the

double precision arithmetic as Figure 26 is performed, and a antialiased 32-bit

transformed coefficients X; , (i) are produced from Ry and R;.

16 ‘Ibits 32 Pits
T !

l PCM sample
(1.15)16
Subband Windowing
analysis )
Partial results Y [5]
A
- (2.30)5
Matrixing
. Subband signal, Si(t)
(2.14)16

MDCT and antialias

Transform coefficient, x; (i)

A

(2.30)3
Format converter
. Shifted transform coeff., |_fog (i )Lm
Pow075 in (MN)is

Iteration
loops

equation (9)

Modified transform coeff., |_)A(f‘g (|)L
(M-4.N+4);

v 16

Quantizer in
equation (10)

Quantized transform coeff., y, (i)
(16.0)1

Figure 27. Data precision between each stage in proposed MP3 encoder. (M.N)yg,
determined from the format converter, is the fixed point format of

transformed coefficients.

A special format converter added after antialias block is used to convert 32-bit

data with format (2.30)3, to 16-bit data while the fixed point format is determined
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by dynamic range of Xf)g(i) at run-time. It first finds the maximum of the

transformed coefficients in the granule, X; . As shown in (28), a right shift

amount, K, is derived from a special function, exps;.
k :16+exp32(Xfﬂg) (28)

The SHIFTER unit of ADSP-21xx core supports hardware exponent detector
which can count the number of leading zeros or ones of single precision data in one
instruction cycle and double precision data in two instruction cycles. The exponent

detector is functionality equal to (29),

exp16(x) = I_log2 |XH— 14 |, Xis single precision
€Xps, (X) = Llog2|XU— 30 , xis double precision | 29)

For an example, a double precision data,

Xig= (1 1111111 Oabcedefg hijklmno pqrstuvw )2 ,

the exponent detector produces result of -7. By adding of 16 as (28), k equals to 9

then the format converter shifts the 32-bit transformed coefficients, Xf,g(i), right

by 9 and produces the 16-bit shifted transformed coefficients as (30),
fo,g(i)ljlé =Xf,g (i)x2_k' (30)

Meanwhile, the maximum, X is also converted into 16-bit data,

f.g»°
[ X4, =(10abedef ghijkimn),.

The format converter compacts the 32-bit data with (2.30);, into 16-bit data
with format (M.N);¢ optimized for decreasing the quantization error due to fixed

point arithmetic. The format (M.N);¢, different between each encoding granule is
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decided at run-time, and M 1is usually negative. And of course, the shifting

operations as (30) will be inverted later.

The shifted transformed coefficients, \_xf’g (I)JO are then passed into

16 2

iteration loops. The proposed algorithm in Figure 14 performs ‘Xf,g (Ijo‘75 operation
before iterative quantization. (31) is rewritten from (9). The multiplying term, 2°,

converts the format to (M+4.N-4),c because the dynamic range of ‘xf’g(i)‘ws s

one sixteenth of the one of |_Xf p (i )Jmé .

|_)zf .9 (I)l)lé = “_Xf .9 (I )Llé‘ojs x 24
22 e

0.75
H —0.75-k+4
= ‘xf Gi) 7 x 2707

The relationship between %, (i) and \_)A(f y (i )Lm can be rewritten as (32),

Ry ()=[R ()] x207 (32)

To obtain the correct quantized value, the quantizer is modified from (10). As
shown in (33), the modification is done by adding additional offset to exponent

term.

At g
16

o)) =%, ()x2 ™" ~0.0946

I_)A(f | (i )Jm 0TSkt o
i

3t
16

* 0.0946 (33)

(3t g-12k+64)

%,0)) x2 % ~0.0946
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4.3 Data precision optimization in the proposed MP3 decoder

Jeong et al.[11] reveals that there is no audible noise due to fixed point
implementation when the MAC based MPEG/audio decoder has at lease 21-bit
multiplier and 25-bits adder. Lee et al. [6] implements MPEG audio decoding by
performing double precision arithmetic during all decoding processes in a 16-bit

fixed point DSP.

16 Ibits 32 Pits
T |

l Quantized transform coeff., y; , (i)
(16.0)15

Dequantization

Transform coefficient, x; (i)
(2.30)s

v
Stereo processing,

reordering, and antialiasing

Transform coefficient, x, g(i)
\ 4 ’

(2.30)3
Format converter
il Shifted transform coeff., |_Xf,g (i )Jms
(Msb-Nsb)16
IMDCT
Shifted subband signal, Si(t)
. (MglbNgib) 16
Subband Matrixing
synthesis Frame sample, Y
¥ @14y,
Windowing
l PCM sample output

(1.15)16

Figure 28. Data precision between each stage in proposed MP3 decoder.
(Mgp.Ngp)16, determined from the format converter, is the fixed point

format of each subband. (Mgjp.Ngip) 16, €qual to one of (Mgp.Ngp) 16 that

the subband has the coefficient of highest amplitude in the granule, is

the fixed point format of subband signal.
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As shown in Figure 28, the quantized transformed coefficients are decoded
from Huffman decoder and then dequantized. The optimized dequantizer produces
32-bit data with format (2.30);, and high accuracy as mentioned in Figure 24. Then
the succeeding stage including stereo processing, reordering and antialiasing
performs double precision arithmetic and produces 32-bit data with the same
format (2.30)3,. The format converter used in encoding is also applied here in

decoding.

Diftferent from the encoding case, the format converter converts data format in
each subband. By finding the maximum of transformed coefficients in each
subband, the individual right shift amount, i.e. format converting parameter, is
derived from (28), and the fixed point format of each subband, (Mg,.Ng) 16, 1S
determined. As shown in Figure 29, 32 formats denoted as (Mo.No) 16, (M.N})

16, --- and (M3;.N3;) 6 are corresponding to 32 subbands.

Transform coefficient Shifted transform coeff. Shifted subband signal

MoNo)is (MgibNgib) 16

IMDCT S

18, (MiNi)is 18 | (Mgib-Ngib)16

Nonzero band 18 Mo N
IMDCT (Mgib-Ngib)16 >

18

(2.30), 18, [(Ma N6

Format
converter 18

&
=

Zero band
IMDCT

(M31.N31)16 (Mglb-Ngib) 16

18 18

Figure 29. Different format between subbands and the modified IMDCT

A modified scheme of IMDCT is also shown in Figure 29. According to the
right shift amount of the subband, the algorithm can divide 32 bands into two
groups, nonzero band and zero band. The subband that one of its 18 coefficients is
not zero is denoted as nonzero band otherwise zero band. The nonzero band
IMDCT performs the 9-point and 3-point Lee’s Fast IDCT. But the zero band
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performs the simplified IMDCT that the results are produced from overlapped

block in the previous granule only.

Each IMDCT performed in each subband will produce 16-bit subband signals

with the same format (M,p.Ngiv) 16, derived from (34).

M, =max(M,) ,sb=0to31
N, =min(N,) ,sb=0to31

g

(34

After IMDCT, the subband signals are synthesized to time-domain PCM
sample through two operations, matrixing and windowing. The matrixing operation
is implemented as the 64-point Lee’s Fast DCT. The 16-bit arithmetic is performed,
and a 16-bit result vector is produced with format (2.14);6. After the windowing

operation, the PCM samples with format (1.15) ¢ are produced.
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Using the proposed architecture, the MP3 encoder and decoder are implemented
by a 16-bit fixed point DSP, ADSP-2181. Table 5 figures out the superior performance
of the proposed MP3 encoder over other commercial products. All MIPS are estimated
for 44.1KHz sampled and stereophonic audio input and 128Kbps output MP3 bitstream.
Totally we need only about 37.5k bytes program RAM to store both encoder and
decoder program code and 27.2k bytes data RAM at most during encoding or decoding.
The on-chip RAM of ADSP-2181, 48k and 32k bytes RAM for program and data, is

sufficient for the proposed MP3 codec.

The consuming MIPS of each part in proposed MP3 encoder is listed in Table 6
and compared with other works by Oh et al. [4] and Wang et al. [8]. For
signal-dependent blocks such as iteration loops and Huffman encoding, the worst-case
results are listed. Because of the removal of PAM-II, the proposed new rate control
algorithm and non-uniform quantizer, the computational loads of iteration loops in the
proposed encoder is much less than that in other two encoders. However, due to the
applying of dynamic bit allocation proportional to the energy of granules and the
implementation of dynamic data precision, the proposed can also get the similar

performance of other two encoders.
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Table 5.  The implementation result and comparisons with commercial products
Implementation Processor MIPS PM (bytes) | DM (bytes)
Algorithm: MP3 Encoder
Proposed ADSP-2181 21.05 16.8k 27.2k
Tensilica [28] Xtensa HiFi Engine 65 90k 46.6k
ADI, Melody™ ADSP-218x 40 <48k <32k
chipset [29]

CuTe Solutions [31] ADSP-218x 40 32k 16k
SpiritDSP [30] MIPS-based TX49xx 80 Not Not

mentioned | mentioned

CuTe Solutions [31] TI C54x 36 22k 21.8k
CuTe Solutions [31] TI C55x 72 62k 30.3k
CuTe Solutions [31] TI C64x 33 121k 46.7k
Algorithm: MP3 Decoder

Proposed ADSP-2181 17.67 20.7k 23.6k
CuTe Solutions [31] ADSP-218x 20 33k 17.5k
Nuntius Systems [32] ADSP-2185 36 25k 23k
Nuntius Systems [32] Proprietary SIMD 22 24k 22k

DSP core

Tensilica [33] Xtensa HiFi Engine 18 37k 27.3k
SpiritDSP [30] TI C55x 12.5 20k 12k
CuTe Solutions [31] TI C54x 31 29.7k 14.2k
CuTe Solutions [31] TI C64x 20 82k 33.2k
SpiritDSP [30] ARM7 25 31k 24k
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Table 6.  The comparison of peak consumed MIPS in different MP3 encoder

Proposed Oh et al. Wang et al.
Peak MIPS encoder encoder [4] encoder [8]
Subband analysis 7.09 5.64

10.4

MDCT 3.99 3.74
PAM-II Not presented | Not presented | 8.96
Iteration loops 4.50 (peak) 18.43 (peak) 11.87 (peak)
Huffman encoding
and bitstream 5.47 (peak) 2.07 (peak) 5.86 (peak)
formatting
Total 21.05 30.9 36.07

Table 7 lists the consuming MIPS of each part in proposed MP3 decoder and
comparison with other works by Lee et al. [6] and Bang et al. [10]. Lee et al.
implemented the MP3 decoder on Motorola DSP56654, a dual-core processor with a
32-bit RISC MCU and a 16-bit fixed point DSP. Bang et al. realized it on a self-design

VLSI of 20-bit fixed point DSP core with hardware Huffman decoder.

Table 7. The comparison of peak consumed MIPS in different MP3 decoder

Proposed Lee et al. Bang et al.
Peak MIPS decoder decoder [6] decoder [10]
Synchronization and

0.44

bitstream unpacking

6.2 (peak) NA
Scalefactor and

Huffman decoding 393 (peak)

Dequantization 2.38 (peak) 5.4 (peak) 4.51 (peak)
IMDCT 4.45 (peak) 2.8 2.85
Subband synthesis 4.45 6.3 5.97

Total 17.67 20.7 13.33
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To evaluate the audio quality of the proposed MP3 encoder and decoder, the

subjective evaluation is applied via “Double blind triple stimulus with hidden

reference” listening tests [12]. Three different audio samples as summarized in Table 8

are used in this experiment. All samples are stereophonic and sampled with 44.1KHz.

Eleven listeners are involved in the experiments.

Table 8.  Test audio samples

Signal characteristic Time Abbreviation
Violin solo in arpeggio [13] 0:37 VL
Melodious quartet [13] 0:28 QT
German female speech [13] 0:21 GF

The reference codec is the traditional MP3 encoder and decoder with ISO method

implemented in floating-point. The “Diffgrade” and “number of misidentification

items” are presented in three tests. Diffgrade is the subjective rating given to coded test

item minus the rating given to the hidden reference.

Table 9.  The subjective evaluation results (1), DG: Diffgrade. MI: Number of

misidentification over 11 listeners. The diffgrade scale is partitioned

into five ranges: “imperceptible (>0.00)”, “perceptible but not annoying
(0.00 ~ -1.00)”, “slight annoying (-1.00 ~ -2.00)”, “annoying (-2.00 ~
-3.00)” and “very annoying (-3.00 ~ -4.00)”. The “number of

misidentification” represents the number of subjects that incorrectly

identified test item and hidden reference.

Proposed encoder / ISO decoder

Bit rate VL QT GF
DG | -0.04 0.02 0.2
192Kbps
MI |7 7 10
DG | -0.2 -0.3 0.04
128Kbps
MI |6 6 9
DG | -0.7 -0.55 -0.46
96Kbps
MI |3 4 6
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Table 9 shows the results of MP3 encoded in proposed encoder and decoded in

ISO decoder. Table 10 shows the results of MP3 encoded in ISO encoder and decoded

in proposed decoder. Table 11 shows the results of MP3 encoded in proposed encoder

and decoded in proposed decoder.

Table 10.

The subjective evaluation results (2)

ISO encoder / Proposed decoder

Bit rate VL QT GF
DG | -0.02 -0.02 0.01
192Kbps
MI |9 8 9
DG | -0.1 -0.04 -0.04
128Kbps
MI |8 8 9
DG | -0.1 -0.04 -0.06
96Kbps
MI |9 9 9
Table 11. The subjective evaluation results (3)
Proposed encoder / Proposed decoder
Bit rate VL QT GF
DG | -0.25 -0.4 0.0
192Kbps
MI |6 7 7
DG | -0.7 -0.5 -0.5
128Kbps
MI |3 3 6
DG |-1.02 -0.8 -0.6
96Kbps
MI |2 3 5
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CHAPTER 6. DUAL CORE EMBEDDED SYSTEM

6.1 System Overview

In this thesis, the DSP implementation of MP3 codec is integrated into a host
system. The host system, AdvanTech PCM-7130 SBC (Single board computer)
[16], based on a 32-bit RISC, Intel® StrongARM SA-1110, supports various kind of
peripherals such as USB, CF, Ethernet and etc. The DSP system is on the
development board of ADSP-2181 DSP, ADI ADSP-2181 EZ-LAB. Figure 30
shows the architecture of the dual core embedded system. Section 6.2 will

introduce the two subsystems and the design of hardware adapter.

The interprocessor communication is done through a set of memory-mapped
mailbox register in the DSP’s internal memory. As shown in Figure 30, the
ADSP-2181 IDMA port is adopted as the communication channel. There are

several advantages of adopting IDMA port:

B The read/ write access of IDMA is completely asynchronous. It
simplifies the interprocessor design since we don’t need to build a
synchronous channel between two different processors.

B The host can access the DSP’s internal memory with an overhead of only

one DSP processor cycle per word while the DSP is operating at full
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speed. Thus DSP’s internal memory becomes the shared memory

between two processors.

USB H CF

* Embedded Linux

* Control of various peripherals

* AP and driver to communicate
with DSP system

Host system:
Advantech PCM-7130 SBC

SA-
1110

GPIO, DI/DO

Hardware adapter: * Receive GPIO control and
Altera APEX APEX 8-bit data signals
EP20K1000EFC672-2 * Generate IDMA control and

16-bit data signals

IDMA

* Implementation of MP3 codec
and AD1847 control

* A small BIOS program to
communicate with host system

DSP system:

ADI ADSP-2181 EZ-LAB ADSP-

2181

Audio I/0

Figure 30. The dual core embedded system

With the help of firmware protocol, the host can download program at
run-time, instruct DSP to execute program-dependent operations and fill (or take
out) the input (or output) of the operations to (or from) the shared memory area

based on pre-defined rules.

The firmware protocol is designed to best suite for real-time processing of

audio codec and will be described in section 6.3.

6.2 Hardware Platform

6.2.1 Host system — AdvanTech PCM-7130 SBC

The PCM-7130 is an Intel® StrongARM low-power RISC processor single
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board computer that is designed to serve power/ environment critical

applications. The features are as following [16]:

B Ultra-compact size SBC as small as a 3.5” hard disk drive (145 mm x 102
mm)

B On-board Intel StrongARM SA-1110 CPU operating at 2060MHz

B 64MB system memory on board (SDRAM)

B 32MB flash memory on board

B One 10Base-T Ethernet port

B Two RS-232 ports and one RS-485 port

B One USB host and one USB client ports

B One mini-DIN PS/2 port for keyboard and mouse

B AC97 audio interface and a buzzer

B One VGA output for CRT monitor

B 18-bit TFT active color LCD interface

B One CompactFlash slot

B One PCMCIA slot

B One IrDA interface

B 8 GPIO, 8 digital input and 8 digital output interfaces (3.3V)

B 4-wire resistive touchscreen interface

B Smart battery interface

B One TV-out supporting both NTSC and PAL signals

Figure 31 is the top view of PCM-7130 SBC, and the peripheral interfaces
are also shown. The expansion bus is directly connected to the system bus of
SA-1110 and is the best choice to connect memory mapped peripherals, like
ADSP-2181 IDMA port. But the B2B connector is proprietary and not available.
Another proper choice is the combination of GPIOs, DIs and DOs. The 8 of 26
GPIOs are not used in the design of SBC and available for connection to other
peripherals. We take the 8 GPIOs as duplex and bidirectional address/ data bus
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and 1 DI and 5 DOs as the control bus as shown in Figure 33. Since the width
of data bus are not compatible to IDMA port an additional hardware adapter is

also needed.

CRT USB  USB PS/2 Ethernet RS232
Client Host

RS232 &
LVDS RS485
LCD
Inverter— L
Expansion

Bus

SM Bus Reset DI/DO GPIO  IrDA

Figure 31. PCM-7130 SBC [15]

6.2.2 DSP system — ADI ADSP-2181 EZ-LAB

The ADSP-2181 EZ-LAB evaluation board is an example of minimum
implementation of an ADSP-2181 processor [18]. The specifications are as

following [18]:

B ADSP-2181KS-133 DSP operating at an instruction rate of 33M Hz (16M
Hz external clock)

B ADI1847 SoundPort® stereo codec including a stereo pair of YA ADCs
and a stereo pair of >A DACs.

B One stereo pair of 2V RMS AC coupled line level inputs and one stereo

pair of 20mV RMS AC coupled microphone inputs
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B One stereo pair of 1V RMS AC coupled line level outputs
B A EPROM socket to accept EPROMSs from 256K bits up to 8M bits used
in booting DSP when reset is deasserted

B One RS-232 port

21X EZ-KIT LITE [
REV. 1.0 oK

e R

-

-'_:!‘l. |

Figure 32. ADI ADSP-2181 EZ-LAB evaluation board

6.2.3 Design of hardware adapter

Host Port ) . DSP Port
SA nRST
DO[0] SA— . DSP nlS S
n
DO[1] = DSP IAL AL
DO[2] SA_nDW niy | DSP IACK —_—
SA nDR Altera APEX ™ 11 — IACK
DO[3] — EP20K1000EFC672-2 [ pgp nIWR
SA nWrite FPGA = TWR
DO[4] DSP nIRD —
DI SA nWait = IRD
[0] . DSP IAD[0:1S1DN g 1)
GP10[6:9, 17, SA_AD[0:7] :
19:20, 24] . J

Figure 33. Functional diagram of hardware adapter
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The hardware adapter here is a bridge to connect host (GPIO and DI/DO ports)

and DSP (IDMA port). Figure 33 shows the functional diagram. In this thesis, a

programmable logic device is used to complete the design, and the Altera APEX™

II FPGA (EP20K1000EFC672-2) is adopted as the bus master of ADSP-2181

IDMA port.

Table 12 and 13 explains the pin functions of host and DSP port.

Table 12. Host port pins

Pin Name(s)
SA nRST

SA nAW
SA nDW
SA nDR
SA nWrite
SA nWait

SA_ADI[0:7]

Input/

Output  Function

I Reset signal of FPGA

I Address write strobe

I Data write strobe

I Data read strobe

I Tri-state enable signal of SA_AD
O Acknowledge signal

/O Bidirectional address/ data bus

Table 13.  ADSP-2181 IDMA port pins

Pin Name(s)
DSP nlS

DSP IAL
DSP IACK
DSP nIWR
DSP_nIRD

DSP_IAD[0:15]

Input/

Output  Function

0] Port select signal

O Address latch enable

I Access ready acknowledge

O Data write strobe

O Data read strobe

/O Bidirectional address/ data bus
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Host starts IDMA transfer.

Host checks IACK control line to
see ifthe DSP is “Busy”

(=

Host uses IS and IAL control lines
to latch the DMA starting address
(IDMAA) and PM/DM selection into
the DSP‘s IDMA Control Register.

Continue

=

More ?
Host uses IS and IRD (or IWR) to :: Host checks IACK line to see if the

read (or write) DSP internal DSP has completed the previous
memory (PM or DM). IDMA operation

Done ?

( Host ends IDMA transfer l

Figure 34. General IDMA transfer protocol [17]

(=

Figure 34 shows the general IDMA transfer protocol. Bus master generates
three types of signaling to complete the IDMA write (or read) operations. As shown

as Figure 35, the signaling are as following:

B Set Address: the FPGA receives two assertions of SA_nAW and latches
low byte and high byte of starting address internally. In the second
assertion, the FPGA will generate the access timing, putting the starting
address on the DSP_IAD port and asserting DSP_nIS and DSP_IAL that
the DSP will latch the data on the DSP_IAD port into the IDMA, DMA
starting address register.

B Write Memory: the FPGA receives two assertions of SA_nDW and
latches low byte and high byte of writing data internally. In the second

assertion, the FPGA will generate the access timing and handshake with
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SA nWait

SA_AD[0:7]
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DSP_IADI[0:15]
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DSP, putting the data on the DSP_IAD port and asserting DSP_nIS and
DSP_nIWR that the DSP will write the data on the DSP_IAD port into
the internal memory located by the IDMAA. The DSP will automatically
increment the value in IDMAA after each memory access, writing or
reading, that the host do not need to update the IDMAA again in
memory access of consecutive location.

Read Memory: the FPGA receives two assertions of SA_nDR and will
generate the access timing, asserting DSP_nIS and DSP_nIRD and then
latching the data on the DSP_IAD port internally after the deassertion of

DSP_IACK, in the first assertion of SA_nDR. Host then deasserts

SA_nDR twice to latch low byte and high byte of data individually.

SET ADDRESS WRITE MEMORY READ MEMORY

RElE
|

|
|

Y Y

i

—
f
1
f

— {0201 ) 0403 {0605)
__/ _/

Figure 35. Port access timing
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6.3 Firmware Design

Figure 36 shows the hierarchical view of software, firmware and hardware
layer in this system. The implementation of MP3 programs, software part in DSP
system, has been described in Chapter 4. The hardware functionality,

communication ports, and the self-design adapter are also introduced in section 6.2.

In this thesis, the host system has an interactive GUI on the external display
device and can be controlled through touchpanel by human user. So the computing
power of the host system will be dominated in the handling of GUI. We design the
GUI by writing QT application on Linux. QT [27], product of Trolltech, is a
complete C++ application development framework and includes a class library and
tools for cross-platform development and internalization. Beside the GUI handling,
we also integrate the host programs used in communication with DSP system into
QT application. The host programs talk to DSP in some firmware protocol
described later in section 6.3.2. In the DSP side, a self-design firmware called DSP
BIOS is the housekeeper of DSP used to implement the protocol and manage the

resource.

Host system: DSP system:
StrongARM MPU ADSP-2181 DSP
MP3 programs
QT AP
BIOS

. . IDMA transfer
Device driver protocol [ ] Software
GPIO, DI/ DO . Firmware
timing b [ | Hardware

Figure 36. The hierarchical view of software, firmware and hardware layer

6.3.1 Linux Character Device Driver

In the memory management of Linux, the kernel and the user process can
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only access its own memory space. And for safety issue, the user process can’t

directly access neither memory mapped nor I/O mapped hardware devices.

The device driver provides a standard way for user process to access the
hardware devices without knowing how they work. All version of UNIX have
an abstract way to make devices logically work as well as regular files.
Therefore, the same calls (read(), write() and etc.) can be used for devices and
files [19].There are two main types of devices under all UNIX systems,
character and block devices. Character devices are those for which no buffering

is performed, and block devices are those which are accessed through a cache.

In this thesis, a character device driver is designed to generate access
timing of the host side as shown in Figure 35. Three basic operations (set
address, write memory and read memory) are performed through calls of read()
and write() from user process. The essential parts of writing driver are
registering file operation structure (actually the entry points of routines) as
below and implementing the routines that user process will invoke. The device
driver is also part of Linux kernel so the kernel needs to be re-compiled after

adding a new device driver.

/* File operation structure used in Linux kernel */
struct file operations mw_fops = {

owner: THIS_MODULE,
read: read_mw,
write: write_mw,
open: open_mw,
release: release _mw,
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The C code below represents the device handling in user programs.

Open the device

/* Open device */

int OpenDevice(){
int fd;
fd = open(DEVICE_NAMES, O _RDWR);
return(fd);

b5

Operation of “Set Address”

/* Set address */

void SetAddress(int fd, unsigned short address){
unsigned short buf[2];
buf[0] = address;
buf[1] = 1; // OP code of write address
write(fd, buf, 4);

}

Operation of “Write Memory”

/* Write memory */

void WriteMemory(int fd, unsigned short data){
unsigned short buf[2];
buf[0] = data;
buf[1] = 0; // OP code of write data
write(fd, buf, 4);

b5

Operation of “Read Memory”

/* Read memory */

unsigned short ReadMemory(int fd){
unsigned short buf;
read(fd, &buf, 2);
return(buf);

b5

Close the device

/* Close device */

void CloseDevice(int fd){
close(fd);

3}
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6.3.2 DSPBIOS

In this thesis, the DSP BIOS is burned into flash EPROM, and the DSP
will automatically load it after hardware reset is deasserted. The BIOS program
1s divided into two part, booting and housekeeping. The booting code is a series
of instructions to initial the DSP to ready-to-run state and will run only once

after BIOS is re-loaded.

HoOST SYSTEM DSP SYSTEM
Linux Shared Memory BIOS
=
. B
= Mail-box &
£ register 8 Processor IDLE Application- Booting
g & specific command code
F v
2
g (" Application Interface )
g {__ Application Interface )} —
= 10 buffer K5 I_i_l Ijlpp"ca“o“
b 4 4 A%
= | | /* Initialization */ | /* Execution */ /* Finalization */
o g | | ap_init(...) ap_go(...) ap_close(...)
Application- g
specific data 2
g Application-specific code

Figure 37. The firmware block diagram

After booting, the housekeeping code starts to run. The housekeeper
function is implemented as a never-ending, while(1), loop. The host sends
command to mail-box, and the housekeeper receives it. After the commands is
completed, the housekeeper will respond the status and then continue to receive

next commands.

There are two types of commands, IDLE and application-specific. The
IDLE command instructs the DSP entering the power-saving mode. That keeps
the processor fully functional, but operating at the slower clock rate. The host
will send IDLE command for two purpose. One is when no task is needed to be
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performed on DSP. Another is when the host want to load a new application
program the IDLE command let the DSP lock in the housekeeping loop that it

guarantees the safety program loading into application section.

The application-specific command instructs the housekeeper to call one of
the application-specific routines. The host needs to write ap id (application
identifier) in mail-box and register the entry point of the application-specific
routines after the program is successfully loading into application section. At
least three application-specific routines, ap init(), ap_go(), and ap close() are

necessary to perform tasks.

The application developer can use ap_init() routine to run the initialization,
like clearing the application-specific data, initializing the stereo codec (AD1847)

and etc. In contrast, ap_close() routine is used to finalize the task if necessary.

The ap go() routine suits for application of processing frame-by-frame,
like audio encoding or decoding. If the host needs faster responding time the

application developer may need to implement the algorithm in pipeline way.
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CHAPTER 7. CONCLUSIONS AND FUTURE WORKS

7.1 Conclusions

In this thesis, we give:

A brief introduction to MPEG/Audio Layer III coding algorithm,

A proposed fast algorithm of MP3 encoding including the removal of
PAM-II, the simplification of PAM-II related process, a fast quantization
method by applying polynomial approximation and a new fast bit
allocation algorithm,

A proposed fast algorithm of MP3 decoding including a fast
dequantization method by applying polynomial approximation and the
Newton’s method for root-finding and applying fast DCT/IDCT

algorithm in IMDCT and subband synthesis process.

and also present:

The performance analysis and subjective test of sound quality of the
proposed algorithm,

A Real-time implementation of proposed MP3 encoding and decoding
algorithm in a 16-bit fixed point DSP, ADSP-2181,

Applying dynamic fixed point format to optimize the data precision of
each process in the target DSP of 16-bit word-length only,
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B Comparison of DSP MIPS and memory usage with other

implementation.

The 16-bit fixed point implementation with the proposed optimization
algorithm only needs 21.05 DSP MIPS for MP3 encoding and 17.67 for decoding.
Compared to other pure software DSP implementation, both of the proposed
encoding and decoding algorithm are the fastest. The memory usage (16.8KB PM/
27.2KB DM for encoder and 20.7KB PM/ 23.6KB DM for decoder) can also meet
the requirement of the target DSP, 48KB PM/ 32KB DM.

And in Chapter 7, the DSP implementation of an MP3 codec is also applied in
an host system based on a 32-bit RISC processor, Intel® StrongARM SA-1110. We

also present a complete design of the dual core embedded system including:

B A hardware adapter realized by VHDL on an Altera APEX™ II FPGA
for translating the bus timing of of two subsystems, host and DSP,

B A Linux character device driver generating host bus timing,

B A firmware protocol designed for interprocessor communication, the
corresponding implementation on DSP, also called DSP BIOS, and host

software which is integrated to a QT GUI application.

7.2 Future Works

The population of MP3 brings not only the low cost and convenience digital
audio to the world but also the rapid growth of advanced audio compression
knowledge in recent ten years. Many other audio compression formats are
developed and realized like Dolby AC-3 [20], MPEG-2/4 AAC [21], Microsoft®
WMA [22], Coding Technologies mp3PRO and aacPlus [23], and Ogg Vorbis [24].
Compared to MP3, they afford better audio quality and lower bit rate. But their
computational complexities are also higher. We may apply the concepts of the

proposed algorithm in this thesis on these modern audio compression algorithm and
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decrease the computational complexity that the algorithm can be realized on low
cost fixed point DSP. Applying to the dual core embedded system in this thesis, we
can also develop multi-format codec by loading different implementation file at

run-time.

The industrial trend of SOC (System-On-a-Chip) recently brings the system
with the smaller board size, the lower manufacturing cost, the lower power
consumption and the best performance. The dual core design in this thesis can be
realized in SOC way, too. We may integrate MPU IP and DSP IP with some
peripheral controller, memory and associated hardware accelerators in a chip. Thus
the DSP unit becomes a coprocessor of MPU used to execute numeric processing

with high complexity.
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