Power and area Efficient Decoder for DAB audio decoder
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ABSTRACT: A new approach to design a DAB audio
decoder is introduced to improve the quality of audio
at the receiver end. Integrating an MPEG-1 Layer Il
(MP2) decoder and Advanced Audio Coding Low
Complexity (AAC LC) decoder provides basic audio
decoding for DAB in FPGA. The audio frames data
are generated from DAB channel decoder are stored
in RAM. The bit stream Demultiplexer parses the
guantized spectrum data in the audio frame and
stores them in to the audio RAM. The inverse
guantization block reads the quantized spectra from
the audio RAM, performs the inverse quantization
computations, and writes back the result to the audio
RAM. The synthesis filter reads the inverse quantized
spectra from the audio RAM, generates the time
domain Pulse Code Modulation (PCM) samples, and
writes them back to the audio RAM. The whole
projects run by using XILINX 12.1 ISE. Finally
analyze the power consumption and area occupied by
the designed architecture.
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INTRODUCTION:

Radio broadcasting is one of the most widespread
electronic mass media comprising of hundreds of
providers, thousands of HF (High Frequency)
transmitters and billions of radio receivers worldwide.
The new digital radio system, Digital Audio
Broadcasting (DAB) has the capability to replace the
existing AM and FM audio broadcast services in many
parts. Digital audio data need to be compressed for
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transmission. Digital audio compression allows the
efficient storage and transmission of audio data. The
basic task of a perceptual audio coding system is to
compress the digital audio data in such a way that the
compression is efficient as possible, i.e. the
compressed file is as small as possible and the
reconstructed (decoded) audio sounds exactly (or as
close as possible) to the original audio before
compression.  Other  requirements for  Audio
compression techniques include low complexity.
Perceptual encoding is a lossy compression technigue,
i.e. the decoded file is not a bit exact replica of the

Existing System:

AAC LC Decoder With the advantages on
compression ratio and audio quality, MPEG AAC has
been used for a wide range of applications from
Internet audio to digital audio broadcasting and
multichannel surround sound. Even in handheld
products such as mobile phones or music players, they
support the decoding of AAC files. However, there are
several complex algorithms used in the AAC decoding
flow which make it difficult to implement as an
efficient design. Moreover, power consumption is also
an important issue, particularly for portable devices.
There are three different profile defined in AAC. They
are the main profile, the low-complexity (LC) profile,
and the scalable sampling-rate profile. It allows
tradeoffs in audio quality and encoding/decoding
complexity for different applications. AAC provides
an audio signal that has CD quality at 96-128
kbps/stereo and bit rate 30% lower than that of MP3.
Among the three profiles, the LC profile can provides
nearly as high audio quality as the main profile but
with significant savings in memory and processing
requirements. In AAC audio coding, there are two
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kinds of audio transport formats. One is Audio Data
Interchange Format (ADIF), and the other is Audio
Data Transport Stream (ADTS). For the ADIF format,
it puts all data controlling the decoder (like sampling
frequency, mode, etc.) into a single header preceding
the actual audio stream. It is useful for file exchange
but does not allow for break-in or start of decoding at
any point in time. For the ADTS format, it packs AAC
data into frames with headers and allows decoding to
begin in the middle of an audio bit stream. AAC is the
most advanced MPEG standard for digital audio
compression. The design flow of the AAC LC profile
is shown in Fig.1. There are several tools used in AAC
decoding, which include bit stream parser, Huffman
decoding, pulse data decoding, Inverse Quantizer (1Q),
rescale, Middle/Side (M/S) and Intensity Stereo,
Temporal Noise Shaping (TNS), and Filter bank.

Proposed System

MP2 and AAC LC decoder are both based on the
psychoacoustic model for audio compression using a
time-tofrequency transformation. So even if two audio
decoders have different decoding algorithms, their
decoding flow charts are similar. As shown in Fig. 2. It
can be seen that both audio decoders have the
following blocks bit stream demultiplexer, inverse
quantization block, and synthesis filter. These blocks
take up most of the computation process for the two
audio decoders and lead to low power consumption.
The audio frame data are generated from the DAB
channel decoder and stored in RAM. A bit payload
module conducts the task of reading the desired bits
from RAM and transferring them to the MP2 decoder.
The bit stream demultiplexer parses the quantized
spectrum data in the audio frame and stores them into
the audio RAM via the audio RAM interface. The
inverse quantization block reads the quantized spectra
from the audio RAM, performs the inverse
quantization computations, and writes back the result
to the audio RAM.

The synthesis filter reads the inverse quantized spectra
from the audio RAM, generates the time domain Pulse
Code Modulation (PCM) samples, and writes them
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back to the audio RAM. The PCM samples are then
read out by the Digital Audio Interface (DAI) to drive
an audio Digital-to-Analog Converter (DAC) to play
the sound. The coefficients and constants needed for
each block are stored in the audio ROM. The
Processing Unit (PU) is a very compact and fully
customized circuit which is composed of adders, D-
type flipflops, and multipliers, and is designed
especially for MP2 and AAC decoding.

The PU and each block of the audio decoder exchange
data via the audio RAM Interface. The results from
each block are written to the audio RAM, and then
read out by PU for processing. After the PU has
finished processing, the results are written back to the
audio RAM and wait to be read out by another block.

With this design architecture, the computation circuits
of all the blocks are shared with only one PU and thus
the chip area can be greatly reduced. Because the
computations of each block are fixed, the control logic
for the PU is also fixed and can be implemented in
ROM to further reduce the chip area.
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Fig-2: Block Diagram of AAC LC Decoder
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RESULTS AND DISCUSSION

DAB audio decoder is developed using MATLAB
R2010a software and also run the simulation by using
Verilog code in XILINX ISE 12.1 software. Every
audio file is first converted into wave file, then that
wave file has been given as an input to the MATLAB
code and processed, to produce the encoded output.
This encoded output is given as input to the Verilog
code by using Xilinx ISE 12.1 software in ISim. It
produces a decoded data as a simulation result. This
result can be verified by using MATLAB. The
snapshots of the simulation results are shown below.

Fig- 4: Power analysis report

Table- 1: Comparison Results

Analysis Existing Proposed system
system CONCLUSIONS
Profile . AACLC+MP2 Thus the real time MP2 and AAC decoding system
Architecture ASIC FPGA supporting LC profile for DAB audio decoder was
SPARTAN 6 H : H
Power Consamption 237 (6 7 ) designed. The output of this project shgll be processed
of AAC Decoding by many blocks before hear the audio services. To
for DAB . . . . .
Mechanism(mW) verify the designed system by using simulation. The
Process (um) 0.18 FPGA result of simulation showed in both Xilinx ISE 12.1
CMOS (SPARTAN &) . .
Area Utilization (%) | 32% 307% ISim and MATLAB R2010a software provide the
same decoded output. Then the power consumption
From Fig.3 an encoded output from MATLAB is given as a and area occupied by the architecture have been
input to FIFO as 32-bit format in Verilog simulation and set : . s :
positive edge clock, enable, Wiall, FIFO empty and run, get analyzed and at the same time maintaining the high
the output as decoded data in wdata [31:0] and that must be audio quality. Future work of this project is to

| to the ing MATLAB. . . . . . .
cdual to fhe output using implementing this designed architecture using FPGA

SPARTANG. And also measure the audio quality of
AAC LC decoder by using PSNR.
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