


Automotive Audio Reference Design
Figure 1. Block Diagram

Audio output is through an eight-channel Santa Cruz audio DAC board, 
which incorporates four Texas Instruments TLV320DAC32 stereo audio 
DACs. The outputs of this board drive headphones or powered 
loudspeakers.

The user interface comprises a two-line by 16-character LCD display and 
pushbuttons.

Figure 1 does not show the de-bounce logic for the pushbutton inputs, 
PLLs, and reset logic. The audio sample rate is set by a PLL, which clocks 
the TLV320DAC23 audio DACs on the Santa Cruz audio DAC board. The 
audio sample rate ultimately controls the data rate through the whole of 
the reference design. The audio DACs pull data through the system from 
the CF card at the required rate. By default the reference design is 
configured for playback at 44.1 kHz.

Santa Cruz Audio DAC Board

Up to eight channels of line-level analogue audio are available from four 
TLV320DAC23 stereo audio DACs. Each TLV320DAC23 has an Inter-IC 
Sound (I2S) interface for audio samples and a serial peripheral interface 
(SPI) for control and status. In the automotive audio reference design, the 
sub channel is replicated on both left and right channels of one DAC. 
Similarly, the centre channel is replicated on left and right channels of a 
second DAC. This arrangement allows some simplification of the 
hardware and software design and easy connection to readily available 
powered speakers of the type intended for use with PCs.
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Functional Description
No further processing of the line-level outputs is required because the 
anti-alias filter is internal to the TLV320DAC23. The outputs are AC 
coupled using a series capacitor. A series termination resistor limits the 
current if the outputs are accidentally short circuited.

Table 1 shows the outputs of the Santa Cruz audio DAC board.

The Santa Cruz audio DAC board must be plugged in to the PROTO2 
connectors on the Nios development board and there is a piggy-back 
connector to allow attachment of the LCD display. The PROTO1 connector 
on the Nios development board is shared with the CF interface and is 
unavailable for use by the audio DAC board or the LCD display.

Audio Processing Hardware

Figure 2 shows the audio processing hardware. The Nios II processor 
reads audio samples from an SDRAM buffer and writes them to the 
Avalon®-to-Atlantic™ converter. The main audio processing block is 
generated using an Altera-specific internal tool. An Atlantic master sink 
in the audio processing block reads samples to be processed from an 
Atlantic slave source in the Avalon-to-Atlantic converter. An Atlantic 
master sink in the Atlantic to I2S converter reads the processed samples 
via a second Atlantic channel from an Atlantic slave source in the audio 
processing block.

Table 1. Santa Cruz Audio DAC Board Outputs

Connector Left Right

J1 Sub Sub

J2 Centre Centre

J3 Left front Right front

J4 Left rear Right rear
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Automotive Audio Reference Design
Figure 2. Audio Processing Hardware

Avalon-To-Atlantic Converter

The Nios II processor writes audio samples to the Avalon-to-Atlantic 
converter, which holds them in a FIFO buffer. The audio processor 
hardware reads the samples via an Atlantic channel connected to an 
Atlantic slave source in the Avalon-to-Atlantic converter.

Audio Processor

The audio processor reads audio samples from an Atlantic channel from 
its Atlantic master sink when required. Processed samples are read from 
the audio processor from its Atlantic slave source.

The coefficient memory is dual ported between the audio processor and 
an Avalon interface, which allows the Nios II processor to write the 
required coefficients and other data.

Both coefficients and audio samples are represented in 24-bit fixed-point 
notation with one sign bit and 23 fractional bits that represent quantities 
in the range –1 <= n < 1. To allow all the required filter types to be 
implemented, some coefficients are held in the coefficient memory as half 
their actual value and automatically applied twice by the audio processor. 
This process extends the effective range of these coefficients to –2 <= n < 
2, see “Input Scaler” on page 7 and “Second-Order Filter Block” on 
page 8.

The delay line memory buffers samples for up to 10 ms at a sample rate 
of 48 kHz.
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Functional Description
The data memory has one read and one write port and holds intermediate 
values during calculation and the state of each second-order infinite 
impulse response (IIR) filter.

Figure 3 shows the audio processor architecture. For convenience, the 
output samples from the sub and centre channels are duplicated so that 
eight output samples are generated for each pair (left and right) of input 
samples.
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Automotive Audio Reference Design
Figure 3. Audio Processor Architecture
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Functional Description
Input Scaler
The input scaler may be used as a volume control and also to attenuate 
samples to prevent overflow during subsequent processing of a filter 
response with greater than unity gain. The input scaler is specified as half 
its desired scale factor and automatically applied twice by the custom 
processor. This process extends the effective range of the scaler to –2 <= n 
< 2, which allows a unity scale factor to be implemented.

Graphic Equalizer Block
Figure 4 shows the structure of a seven-channel graphic equalizer. The 
channels have the following centre frequencies:

� Band 1: 50 Hz
� Band 2: 125 Hz
� Band 3: 315 Hz
� Band 4: 800 Hz
� Band 5: 2 kHz
� Band 6: 5 kHz
� Band 7: 12.5 kHz

Figure 4. Graphic Equalizer

Delay Line
The delay line can buffer samples for up to 10 ms at a sample rate of 
48 kHz. The delay can be set independently for each of the six output 
channel.

Balance
Balance control for the sub and centre channels is achieved by scaling and 
adding the (delayed) left and right input samples. Centre balance is 
achieved by specifying a scale factor of 0.5 for both left and right 
channels.

Nth Order Filters
Each channel has filter to select the information to be output through that 
channel. The filter has the following order:

� Sub channel eighth order
� Centre channel fourth order
� Front and rear channels second-order

Second
Order
Filter

Second
Order
Filter

Second
Order
Filter

Second
Order
Filter

Second
Order
Filter

Second
Order
Filter

Second
Order
Filter
Altera Corporation  7
Preliminary








