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Goal:

basics of SigmaDSP (ADAU1701)
- know what a SigmaDSP is

- know what an evaluation board is

learn basics of Sigma Studio
- know how to create new project and make it work with a SigmaDSP
- program a simple stereo Input/Output talk-through

- fixed point architecture

work

- parametric equalizer on SigmaDSP

- Self-Boot E2Prom (make the DSP standalone)
- Stereo mixer

- Multiplexer / Demultiplexer

- Index selectable choice



1 Evaluation board - Eval ADAU1701
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Evaluation board - Eval ADAU1701
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Evaluation board - Eval ADAU1701
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Evaluation board - Eval ADAU1701
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Evaluation board - Eval ADAU1701
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ADAU1701 - SigmaDSP 28-/56-Bit Audio Processor

- 2 ADCGs, 4 DACs

- standalone operation with self-boot from serial EEPROM
- auxiliary ADC with 4-input mux for analog control

- GPIOs for digital controls and outputs (multipurpose pins)
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ADAU1701 - SigmaDSP 28-/56-Bit Audio Processor

ADAU1701 is just a chip
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ADAU1701 - SigmaDSP 28-/56-Bit Audio Processor

a SigmaDSP can be programed only

using Sigma Studio (graphical programming)

page 11



Fixed point architecture

In fixed point representation, the number is split into
an integer part (A) and a fractional par (B).
Radix Point

24 23 22 o1 20 | 21 32 3

00000.000

Integer Part Fractional Part

This 8-bit example would be called 5.3 fixed point,
meaning A=5 bits for the integer part and B=3 bits for
the fractional part.



ADAU1701 - 28 bit fixed point architecture

Audio Signal ... 5.23 format

‘ 5 ‘ 23

0000 1000 0000 0000 0000 0000 0000 = 1.0

Control Signals and Index Table ... 28.0 format

28

0000 0000 0000 0000 0000 0000 0100 = 4



ADAU1701 - 28 bit fixed point architecture

Examples of ... 5.23 format

0000 0000 0000 0000 0000 0000 0000 = 0.0
0000 0010 0000 0000 0000 0000 0000 = 0.25
0000 0100 0000 0000 0000 0000 0000 = 0.5
0000 1000 0000 0000 0000 0000 0000 = 1.0 (@ dBFS)
0001 0000 0000 0000 0000 0000 0000 = 2.0

4

(

0010 0000 0000 0000 0000 0000 0000 = 4.0

0111 1111 1111 1111 1111 1111 1111 = (16.0 - 1 LSB)
1000 0000 0000 0000 0000 0000 0000 = -16.0

1110 0000 0000 0000 0000 0000 0000 = -4.0

1111 0000 0000 0000 0000 0000 0000 = -1.0

1111 1000 0000 0000 0000 0000 0000 = -1.0

1111 1100 0000 0000 0000 0000 0000 = -0.5

1111 1110 0000 0000 0000 0000 0000 = -0.25

1111 1111 1111 1111 1111 1111 1111 = (1 LSB below 0.0)
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ADAU1701 - 28 bit fixed point architecture

Examples of ... 28.0 format

0000 0000 0000 0000 0000 0000 0000 =
0000 0000 0000 0000 0000 0000 0001 =
0000 0000 0000 0000 0000 0000 0010 =
0000 0000 0000 0000 0000 0000 0011 =
0000 0000 0000 0000 0000 0000 0100 =
0111 1111 1111 1111 1111 1111 1111 = 134217727 (2°27)

A WNEOS

1000 0000 0000 0000 0000 0000 0000 = -134217728 (2727)
1111 1111 1111 1111 1111 1111 1100 = -4
1111 1111 1111 1111 1111 1111 1101 = -3
1111 1111 1111 1111 1111 1111 1110 = -2
1111 1111 1111 1111 1111 1111 1111 = -1
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Evaluation board - Eval ADAU1701

>

SigmaDSP - ADAU1701
3 Sigma Studio

Work



Sigma Studio - starting a project

on Hardware Configuration tab :
drag and drop USBi and ADAU1701 and connect them together

Tree ToolBax 2 X || Hardware Configuration |sch,ma.m|
-k Processors (ICs / DSPs) ~

(9] ADAUT702 |
(i8] ADAU1401 UsB |

[3¢] D193

(8] AD195

2 E2Prom =

(i66) ADAU1701 ( ’
=F | 'C;mlrj\:g:catmn Channels 206 (108 )

#( USBSerialConvAddress o

¥ EvalBoard 1940
¥ EvalBoard1940Testd1
#{ EvalBoard 1941
¥ EvalBoard1953
#{ EvalBoard 195X
| EvalBoardéx0
#( USBSerialConv
#a{ EvalBoard 170¢
| EvalBoard144¢
EvalBoard1941

.
o
.




Sigma Studio - starting a project

on Schematic tab :
drag and drop Input and Output (in 10 folder)

and connect them !!!

Tree ToolBax 2 X || Hardware Configuration Schematic |

@ Schematic Design

= (IC 1) ADAUT701
#- 24 ADI Algorthms

L4 Advanced DSP

14 Basic DSP

L4 Counters

L4 Custom Agorithms
[ Dynamics Processors
L4 GPIO Conditioning

ooz o

.

1-8-8-8-8-8-8-8

OOO0O0O0000RK

[ Fiters
&

-4 GPIO
=4 Input
Y Input
=4 Output
%y Output
1 Level Detectors/Lookup Tables
21 Mixers/Spitters
1 Muxes/Demuxes
1 Non Linear Processors
4 Sources
4 Volume Controls
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Sigma Studio - starting a project

1. Connect inputs to outputs (talk-through)

Link, Compile, and Download (one button)
and thats it !!!

D Analog Devices - SigmaStudio - [test.dspproj]
o7 File Edit View Tools Format Action Window Help

bl 2 G j.ﬂu.uﬂewww AN M |
Bl g b dor o800+
Tree ToolBax 2 x

-1 Schemaic Design

=14 (IC 1) ADAUT701
-4 ADI Agorthms
-4 Advanced DSP
(-4 Basic DSP

3. Connect your phone (music) to input jack and your phones to output jack and check if
the talk-through works
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Evaluation board - Eval ADAU1701

SigmaDSP - ADAU1701

Sigma Studio

Work
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Work 1: Parametric Equalizer

bl 0 oGN]0 EE 0D S tad e &l s Mk |
| b d oo @R+ .!
ree ToolBax 7 x

Hardware Configuration Sv:hzma\\cl

@ Hierarchy Output
% Smulation Probe
% Simulation Stimui
+T T Connection
@), Speaker Response : MLSSA

= (C 1) ADAUT701

-1 ADI Algorthms

(811 Advanced DSP

(511 Basic DSP
-3 Counters
-1 Custom Algorthms
(519 Dynamics Processors
L4 Fiters
L4 Second Order
1 Double Precision

~

A

0.

6-21 1Ch
B-212Ch
B-513Ch

L4 Miscellaneous




Work 1: Parametric Equalizer

2% || Hordvare Configuraion, | Schemstic |
I

[

Double click on the equalizer to see this GUI
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Work 1: Parametric Equalizer

1) right click on the equalizer to open the menu

R o= v/} 2) select one additional channel
to make it a stereo equalizer
Cell Settings. > |
Grow Algorithm > 1. PEQ1Chan - Double Precision > : 1
Remove Algorithm > e
3
Delete a
Cut 5
Copy 6
Paste 7
ZoomToSelection 8
Exclude from Export Files 2 e
Algorithm Version History o Tl
————————————. m =
| Disable This Control 2 [
Time. Cell Name Parameter Name ~ Address Value Data Bytes 13
14
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Work 2: Self-Boot E2Prom (make the DSP standalone)

1. Write the compiled project’s program data to the E2Prom to make work the board in
standalone mode.

BRSNS 2 S At B B A s 48 kHz Mk |

53] & oo B & opan

; Tree ToolBax

-l Processors (ICs / DSPs)

right click on ADAU1701

o | Core: 170014
. | Register Settings >

Register Window

M—o[E2Prom Read/Write Window

\—/ Wiite Latest Compilation to E2PROM
c Com nvs E: ]

Note, that switch 5 (S5) from the evaluation board must be set in the down position
to disable the write-protect.

=2 ADAU19EG
ADAUT451 \_Config [ 1C1-170x\140x Register Control | 1C2- WinE2PromLoader |
x| ADALI1452

2. After writing to E2Prom reset the board (reset button) to verify if the program loads
back.

3. Disconnect the board from the programmer and connect to power supply. Your program
is now saved on the board (independent of the computer).
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Work 3: Stereo Mixer

> Mix two audio signals
> - Input (external) audio

» - Sine wave

-4 Mixers/Splitters
1 Mixers
-4 NxM Control
(- Single Control
-1 Stereo Mixer
13 No Siew (Standard)
28- Stereo Mixer
=4 Clickless SW Slew
28 Stereo Mixer

-4 8Ch
@-E4 3¢h
-4 2Ch
- Multiple Control
L Splters

Muxes/Demuxes

Non Linear Processors
-4 Sources
L4 Chime
@4 DC
4 Oscillators
a)) Beep Sources
L1 Puise with dynamic duty cycle
1/ sawtooth wave
(-1 With Phase
-\ Sine Tone
T Sauere wave




Work 4: Multiplexer and Demultiplexer

P> The goal is to learn how to switch between paths
» Use two Butterworth filters, one high pass, one low pass.
> Switch between paths while listening.

§ Tree TodBox, 2 x H‘ Hardare ConfgurationSchemaic |
I3 Fters

-3 Neh Orclr

-1 Miscelaneous
51 Second Order
(-4 Lookup

=14 Double Precision

& 20h
1. General (2nd order) .
L. Tentn (ninked) ae—Lo N (LlLed V\— IRETS
1. Medum Size Eq .-
=Y 0
L4 Level Detectors/Lookup Tables a
L4 Mocers/Splters g
L4 Muxes/Demures 3
11 State Machine o
-1 Demuliplexers (
(

[am;

51 Index Selectable
=13 Swich

-1 No Slew (Standard) Butterworth High Pa - |
11Ch

Gan ()
-3 Clickless SW Slew ®
1 Multiplexers

511 Index Selectable
£ Switch




Work 5: Synchronized Multiplexer and Demultiplexer

» The goal is to use just one switch (synchronize the mux. and demux.)
» Replace the audio switches by index selectable switches.

> Use just one mono switch to select values 0 or 1 (in 28.0 format).

» To generate 0 and 1, use DC sources (in 28.0 format).

§ Tree ToolBax 2 x

& Schematic Design
0 User image
User Comment
Hierarchy Board
Hierarchy Input
Hierarchy Ou
% Simulaion Pro
2 Simulaion Si
+T T Connedtion
@), Speaker Response : MLSSA
&5 (C ) ADAUT7OT
-1 Demuliplexers
21 Index Selectable:
-1 M

Stereo
3 Index Selectable Del
-2 Swich
£ Motiplerers
5 Index Selectable

23 Mono
E

£ index Selectable
(-1 Clckless SW Slew
23 Swtch
-1 Cross Fade
-1 Undlassfied
-2 Non Linear Processors
111 Sources
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&2 0C
n- DC it Enty : Capture
61 Oscilators
1L Linear Sweep x| m-
B e e Mode e CelName  Perameterfame  Address Vae  Data Bytes
-4 Swich (0.1)
- Vokage Controled

000000es

0o




Work 6: Button with Multiplexer and Demultiplexer

» Replace the software switch with the GPIO input connected to a button.

> Use Toggle On-Off block that toggles between zero and one each time a rising edge is

detected on the inp

ut.

> Use Interface Read and Interface Write to save the values of the Toggle On-Off block.
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o
& (C ) A0ATDN
1 ADI Agorthms
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9+ Volume Control
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