
MPEG 2.5 LAYER III TECHNICAL INTRODUCTION

An Overview
Since 1988 MPEG group has been working on the standardisation of high-quality low-bitrate audio cod-
ing techniques. Two standards have been completed: MPEG 1 (coding of mono and stereo signals at
sampling rates of 32, 44.1, and 48 KHz) and MPEG 2 (backward-compatible coding of 5+1 multichannel
sound signals and low-bitrate coding of mono and stereo at sampling rates of 16, 22.05, 24 KHz).
A non standardizedevolution of MPEG 2 has been developed by industry, called MPEG 2.5.
It is practically the extension to the sampling rates 8, 11.025, and 12 KHz, of the current MPEG 2 stand-
ard.
The basic idea behind perceptual coding, the general audio coding theory implemented by MPEG, is to
hide the quantisation noise below the signal-dependent tresholds of hearing. In this view, the most im-
portant question in perceptual coding is: ”how much noise can be introduced to the signal without being
audible?”. The most prominent feature in psychoacoustics is masking in the frequency domain. A fainter
signal is completely masked by a masker that is louder and has a similar frequency content.

The overall processing chain of an MPEG encoder can summarised in the following four steps:
• A filter bank is used to decompose the input signal into subsampled spectral components (time to

frequency domain). Together with the corresponding filter bank in the decoder it forms an analysis-
synthesis system.

• Using either the time-domain input signal or the output of the analysis filter bank, an estimate of the
actual (time-dependent) masked threshold is computed using rules known from psychoacoustic.
This is called the perceptual encoding system.

• The spectral components are quantized and coded with the aim of keeping the noise, which is intro-
duced by quantizing, below the masking treshold. Depending on the algorithm, this step is done in
different ways, from simple block companding to analysis-by-synthesis system using additional
noiseless compression.

• A bitstream formatter is used to assemble the bitstream, which typically consists of the quantized
and coded spectral coefficients and some side information, such as bit allocation information.
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This Application Note helps the user to work with STA013 Evaluation Board, installing the PC Soft-
ware Driver, understanding how STA013 MPEG 2.5 Layer III Source Decoder works, and explaining
how to control the device functions.
The document is composed by 5 main points:
- MPEG 2.5 Layer III Technical Introduction
- STA013 Device Description
- STA013 Evaluation Board Description
- STA013 PC Software Driver Description
- General Information on STA013 Evaluation Environment
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The Layers
Recognizing a variety of application needs, the concept of a generic coding system was envisaged. De-
pending on the application, one of the three layers of the coding system with increasing complexity and
performances is chosen. In all the three layers the input PCM audio signal is converted from the time
into a time-frequencydomain.
This is done by a poliphase filter bank consisting of 32 subbands.
In Layer I and II, a filter bank creates 32 subbands representation of the input audio stream, which are
then quantized and coded under control of the psychoacoustic model from which a blockwise adaptive
bit allocation is derived.
Layer I is a simplified version of the MUSICAM coding scheme, most appropriate for consumer applica-
tions, where the very low bitrate is not mandatory.
Layer II introduces further compression with respect to Layer I, by redundance and irrelevence removal
on the scale factors, and it uses more precise quantisation.
Layer III consists of a combination of the most effective modules of the ASPEC and MUSICAM coding
schemes. Additional frequency resolution is provided by the use of a hybrid filter bank. Every subband is
thereby further split into higher resolution frequency lines by a MDCT that operates on 18 subband sam-
ples in each subband. The frame lenght is 24 ms, identical to Layer II. In Layer III, nonuniform quantisa-
tion, adaptive segmentation, and entropy coding of the quantized values are employed for better coding
efficiency. The basic block diagram of a Layer III Decoder is described in Fig. 1.
Layer III uses a short-term buffer to help the system cope with the short term difference in the bit rate
demand. Only Layer III may operates in a variable rate mode, without violating the minimum require-
ments of the standard. This layer is most useful in telecommunication, in particular with narrow band
ISDN, satellite links, and in all cases where the best quality at low bitrates is mandatory.

STA013 DEVICE DESCRIPTION
The STA013 is an MPEG 2.5 Layer III Audio Decoder capable of decoding elementary streams from 8
up to 320 Kbit/sec.
The full sampling frequencies range is supported, from 8 up to 48 KHz. For this reason we use the name
”MPEG 2.5”.
• Supportsall ISO Layer III Functionalitiesand WorldSpace Extensions.
• Programmable Input Data Interface.
• Programmable Audio Data Interface.
• Automatic Output Sampling Rate Generation.
• Programmable Oversampling Clock Frequency for DAC.
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Figure 1: STA013 Block Diagram

STA013

AN1090 APPLICATION NOTE

2/17



• Automatic MPEG Synchronisation,Sync Error Detection and Bistream Error Detection.
• Automatic Error Cancelment Techniques.
• Automatic DSP Speed Regulation for Power Consumption Optimisation.
• Low Power 3.0V and CMOS Technology.
• 10, 14.31818, 14.7456 MHz Input Clock.

STA013 can decode Layer III compressed streams only, because the lower layers I and II are not sup-
ported by this device.
It is particulary suitable for Multimedia application, because it can drive the data demand by a dedicated
pin. This signal can be used by the system controller to syncronize the data to STA013 input port.
It can work with three different standard commercial crystals, 10.00, 14.31818, and 14,7456 MHz.
The device can perform both digital Volume and Tone Control, avoiding the use of the correspondant
analog components on the application.
The most important DAC data format (I2S, etc.) are supported.
The Figure 2 describes the STA013 chip partitioning.
For any other technical information, refer to STA013 data sheet.

STA013 EVALUATION BOARD DESCRIPTION
(see Figure 4 Electrical Schematic and Figure 3 Functional Diagram)
The STA013 Evaluation Board (STA013EVB) is useful to perform functional verification of the device op-
eration.
The board is connected to an external data source by means of the Input Connector which provides to
the user the connection points in order to input the serial data to STA013 and to control the input data
flow speed. The Input Connector is indicated on STA013EVB with J6. The Serial Input Clock line for
STA013 has to be connected to pin no. 1 of J6. On the STA013EVB, it is connected to pin no. 6 of
STA013 (SCKR). The polarity of the STA013 receiver clock can be programmed, as described in the
data sheet.
The Serial Input Data line for STA013 has to be connected pin 2 of J6. The speed of input data can be
controlled by the DATA_REQ signal of STA013 (pin no. 28) and it is connected on STA013EVB to pin 4
of J6.
The STA013EVB I2C Connector (JP3) is used to interface the PC interface board to STA013. The JP3
connection point no. 2 is connected to pin 4 of STA013 and is the I2C Serial Clock line (SCL). The maxi-
mum speed for this clock is 400 KHz, as specified by I2C standard.
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The JP3 connection point no. 3 is connected to pin no. 3 of STA013 and is the I2C Serial Data line
(SDA). The STA013 I2C interface is used to:

• Bootstrap the device by downloading the appropriate configuration file. This is done to program
STA013 working with one of the three possible cristal frequencies, to select the appropriate output
data format depending on the DAC used in the other application.

• Monitor STA013 decoding operation. It is possible to read in real time all the audio program informa-
tion, as sampling frequency, channels configuration, input bitstream speed, device interface configu-
ration, and ancillary data.

• Control STA013 operation. The device implements a fully Digital Volume and Tone Control with
parameters programmable via I2C interface. A microcontroller, connected to STA013 I2C interface,
can change the parameters to control the volume level, the tones configurations, and the output data
format.

The STA013EVB can be used by connecting the I2C port to the Parallel Port of a commercial PC. The
I2C protocol is emulated by a dedicated PC Software Driver (STA013SDR) allowing the user to have on
STA013 a full control. STA013SDR has a graphical user interface for an easy control of the device func-
tions.
The pin no. 4 of STA013EVB I2C Connector is connected to the pin 26 of STA013, System Reset, to re-
set the device even by using a STA013SDR button.

The ouptut of STA013 is a digital audio signal in standard format (as described in the data sheet at page
no. 6/30). The pins no. 9, 10, 11, 12 STA013 are connected to the correspondent DAC pins no. 1, 2, 3.
and 4. The DAC used on the STA013EVBis a Sigma-Delta 18 bit architecture (CS4331-KS).
The analog output of the converter is sent to the active Speakers Connectors J1 (RCA-OUTL) and J2
(RCA-OUTR). The amplified analog outputs are even sent to the J5 Headphone Connector . The am-
plification is produced by means of an audio amplifier (TDA 2822).
On STA013EVBall the MPEG Decoder input and ouput digital signals can be monitored by the following
test points:
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TEST POINT NAME(TP) DESCRIPTION REFERENCE PIN of U2

RESET I2C Data Pin 26

SDA I2C Data Pin 3

SCL I2C Clock Pin 4

DATA_REQ Data Request Line Input Pin 28

SDI Serial Data Input Pin 5

SCKR Serial Clock Input Pin 6

SDO1 Serial Data Output Pin 9

SCKT Serial Clock Output Pin 10

LRCLK Left/Right Clock Output Pin 11

OCLK DAC Oversampling Clock Output Pin 12

(see figure 4 for details)
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STA013 MASTER CLOCK
The STA013 can use three different Master Clock frequencies, each one obtained by an external crystal
oscillator X1. The user can even evaluate these three different input frequencies by connecting a func-
tion generator to J3-SMB connector.
On STA013EVBthe mounted crystal is a standard SMD SXA Packaged commercial one.

STA013EVB SIGNAL LEVELS
The STA013 and all the components on the board work at 3V of power supply. The STA013 EVB Input
Connector is bufferized by an interface IC stage (U1A - U1F are six inverters included an 74lVX04 IC) by
allowing the user to use directly a data source with signals level up to 5V without further stages.

POWER SUPPLY
STA013EVB has to be supplied by the J4 connector. This board uses a particular layout technique to
minimizing digital and analog noise, including grounding and power supply decoupling.. The allowed
supply voltage range is 2.7V - 3.3V.
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7V

Figure 6. 1134-137.7PC INTERFACE BOARD (not in scale)
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