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1. Introduction

Audio Weaver from DSP Concepts is an environmentiéveloping optimized embedded audio
software. It enables algorithm and product deweispo more quickly and efficiently develop
audio products and technology. Audio Weaver itable for the entire lifecycle of an algorithm,
from basic research, to optimization and produtibra integration into end products, and
ongoing legacy support. Audio Weaver automatesyméthe mundane tasks associated with
developing embedded algorithms and allows the desitp focus on creating new features and
adding sophisticated functionality.

Audio Weaver supports SHARC and Blackfin procesfams Analog Devices. The SHARC is
a high performance audio processor with a nativbiBRoating-point data format. The Blackfin
is a 16-bit fixed-point processor and is suitalokeléw to mid-end audio systems as well as
portable products. Audio Weaver also allows syst&rbe prototyped on the PC and then
migrated to an embedded processor. When exeaontinige PC, you have access to the entire
Audio Weaver module library including fixed-poinoetules.

There are two versions of Audio Weaver availaldedio Weaver Designer is a free download
and allows you to develop audio processing natigalyhe PC or on supported hardware
platforms. Audio Weaver Designer also allows youaé¢velop custom audio modules on the PC.
Audio Weaver Designer is an excellent starting pamd allows you to try out most of the
features of the tool.

Audio Weaver Developer is required for developing eroducts. Developer provides access to
Audio Weaver's run-time libraries as well as sowmae to the real-time target platforms.
Developer allows you to implement Audio Weaver fiimality on your own custom hardware
and also to develop custom audio modules for areendxd processor. Refer to the DSP
Concepts web site for up-to-date pricing informatio

The focus of this User's Guide is on creating aggigiems using the existing audio module
library provided with Audio Weaver. MATLAB is usdd instantiate, configure, and tune
systems. The User's Guide is also appropriataifdio engineers that need to tune existing
systems using the GUIs provided in Audio Weavene User's Guide applies to both Audio
Weaver Designer and Developer.

The remainder of this chapter introduces the piynfeaitures and benefits of Audio Weaver.

1.1.Client Server Architecture

Audio Weaver utilizes a unique client-server amttiire as shown in Figure 1. TMATLAB
Clientinstantiates, connects, and configures audio nesduludio Weaver Script commands are
sent via TCP/IP to th8erver This Server manages symbol names and addresgeprovides
user interface functionality. The Server commuta@savith theTargetvia a simple
communication link; typically RS232 or USB. Reghé processing occurs on the Target.

Audio Weaver Script commands can be stored files"eeplayed"” at a later time. The
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MATLAB scripts also have the option of generatiegparate standalone C code which can be
compiled into an end product directly.

MATLAB Statically
Script :{> Mél-:-:rﬁB generated code

Audio Weaver

Script
GUls

torgelLevel (d enable
B]  maGainidl] Recovery

2000 1200 3

S i recavery
( - (  Rale
1 | (dB/sec)
- W 240

PC Slde vatm;[ndzdal At:e[:d;a‘z‘[‘r” {‘
ikl D@

082

. . activation | smoothing 10
Tuning interface tee | lim sl EI
. A0.00 100.00
via USB, RS-232, s | H
etc. 09 .

Real-time
Targets

Figure 1. Audio Weaver's client-server architectue.

The overall client-server architecture can be usesveral different ways based on the needs of
the developer. 3 typical usage models are destnbgt.

1.1.1. Script File Execution

The information needed to instantiate and tunestegayis stored in an Audio Weaver script file
(.aws extension). Doubling clicking on the fileeexites the script and instantiates the system on
your PC or target hardware. Audio processing lzegind the audio system may be tuned using
the supplied inspectors.
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Script file execution is suitable for product deprs using a preprogrammed turnkey solution
or for IP developers demonstrating their algorithrRequirements:

* Audio Weaver Designer and Script Files
* PC or supported hardware target

1.1.2. MATLAB System Design

The next step up in functionality is to use MATLA@connect and configure audio modules. A
wide range of audio systems can be designed useatge library of audio modules. This
MATLAB based approach makes an ideal rapid proiatypnd affords product developers with
the ability to customize the audio processing ®&rtparticular application. MATLAB can be
leveraged for system design or parameter settiag filter design) as well as for creating custom
user interfaces. Requirements:

* Audio Weaver Designer
* PC or supported hardware target
* MATLAB

1.1.3. Static Code Generation

This feature is provided with Audio Weaver Developely. Once a system is designed and
configured, specialized MATLAB scripts convert thesign to C code which is included in an
end product. Static code generation is an alteen&d the dynamic run-time environment that is
typically used in Audio Weaver. Requirements:

* Audio Weaver Developer

 MATLAB

 Embedded hardware target

* Embedded development system or Microsoft Visualtud

1.2.Cross Platform

Much of the difficulty associated with developingleedded algorithms arises from the
limitations imposed by the embedded developmentremment. By employing a unique cross-
platform approach, algorithms can be prototypetherfeature rich and friendly PC environment
and then later migrated to the embedded targeis mMmimizes overall development time and
enables many of the difficult algorithmic issuebtaddressed up front. The process is
illustrated in Figure 2.

Audio Weaver is able to generate code for multgteoedded targets from a single high-level
model. Switching between processor families ~venefloating-point to fixed-point — is
facilitated. Your investment in algorithms andteyss carries forward to your next project.
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PC High-Leve
MATLAB Mode
Embedded Embedded Embedded
Target #° Target #2 Target #3

Figure 2. The cross-platform features of Audio Weeer enable you to quickly prototype and develop the
audio system on the PC and then migrate to one orame embedded targets

1.3. Generates Optimized Code

Audio Weaver has been designed from the grounad yyetd efficient code in terms of memory
footprint and MIPs utilization. The real-time pessing functions are built upon a processor
specific set of hand optimized assembly languagetions. This set of primitives includes most
common audio processing functions (filters, mixeedays, dynamics processors, etc.) and can
be combined to form more sophisticated algorithi&en switching to a different target
processor, the underlying optimized library is agotched thereby maintaining efficiency.

System

Module Library

Processor Processor Processor
Specific Specific Specific
Assembly Assembly Assembly
Function Function Function

Figure 3. The efficiency of Audio Weaver generatedode results from hand optimized assembly functicn
separately written for each supported processor.

1.4.Hierarchy

Hierarchy is the ability to group several audio mieg into a self-contained "subsystem".
Hierarchy is critical to managing the complexitymédern audio processing systems and making
sophisticated algorithms available as reusablekslo&udio Weaver supports arbitrary nesting

of subsystems within subsystems. Wikl Hierarchy, the hierarchy extends to the generated
code and this simplifies adding new interfaces @mrol functions. Full hierarchy is easier to
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control and debug, but requires that the executaileilt whenever there is a change to an
algorithm. InVirtual Hierarchy, the hierarchy only exists in the high-level modetl the design
is flattened at build time into a single monolithietwork.

High-Level MATLAB Model

rsiubsystem #1 Subsy:s’{éli'r’i’ﬁé 777777777777777777777777777777777

| Module | | Module | | .| Module | . | Module | | Module | | |

Pl [P wz [P w2 [P wa [P = e
O

Generated Code

rS’ubsystem #1 Subsyisitiéli'r’i;é 777777777777777777777777777777777

| Module Module Module Module Module | | |

» | e

o [P wz [T w2 [P wa [P #E >

Figure 4. This figure illustrates Full Hierarchy. The hierarchical structure in the high-level MATLAB
structure is maintained in the generated code.

High-Level MATLAB Model

Subs ystem #1 Subsystem #2

_ Module Module | Module Module Module
P ow [P w2 [T #e [P w4 [P s

Generated Code

Module Module Module Module Module

Figure 5. This figure illustrates Virtual Hierarchy. The hierarchical structure is maintained in thehigh-level
MATLAB model but the generated code is reduced to aingle flattened network.

1.5. Script-Based Design
Audio Weaver is built upon a set of MATLAB scriptModules and subsystems are designed
using an intuitive sequence of MATLAB commands st8gns can be designed, built, tuned,
tested, and profiled - all from within MATLAB. Téiscript-based language lends itself to
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automation throughout the design process and alsbles MATLAB's vast library of signal
processing design functions to be leveraged.

The following MATLAB script illustrates how a 3 bdrdimiter can be constructed from a
crossover, 3 separate mono limiters, and an adddui.

SYS=awe_subsystem('ThreeBandLimiter");

% Add the modules

add_module(SYS, xover_nway_subsystem('XOver', 'Ir", 3, 4);
SYS.XOver.cutoff=[200; 3200];

add_module(SYS, limiter_module('Limit1");

add_module(SYS, limiter_module('Limit2");

add_module(SYS, limiter_module('Limit3");

add_module(SYS, adder_module(‘adder’, 3));

% Add input and output pins

pinType=SYS.XOver.inputPin{1}.type;

add_pin(SYS, 'input’, 'in’, 'Audio Input’, pinType) ;
add_pin(SYS, 'output’, 'out’, 'Audio output’, pinTy pe);

% Connecting the Modules
connect(SYS, ", 'XOver");
connect(SYS, 'XOver.outl', 'Limitl");
connect(SYS, 'XOver.out2', 'Limit2");
connect(SYS, 'XOver.out3', 'Limit3");
connect(SYS, 'Limitl', ‘adder.in1");
connect(SYS, 'Limit2', ‘adder.in2";
connect(SYS, 'Limit3', ‘adder.in3");
connect(SYS, 'adder’, );

MATLAB commands also exist for drawing diagramssabsystems.

draw(SYS);

1.6. Multirate Processing

Multirate processing is needed in many applicationsprove frequency resolution, save
memory, or reduce MIPs. Audio Weaver has natiygett for synchronous multirate
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processing. Signals can be upsampled or downsdrbglenteger factors and an unlimited
number of samples rates can exist throughout thtersy

1.7.Real-Time Tuning

Tuning is the process of optimizing the sound duali an algorithm by tweaking parameters in
real-time. Audio Weaver supports tuning via MATLABripts or by GUIs that exist on the
Server. Tuning occurs by writing directly to tlaeget's memory without interrupting the real-
time audio flow. The communication link betweer #C and the target processor is application
specific; examples include RS-232 and USB.

GUIs are instantiated by commands sent to the Sanaindividual controls are mapped to
variables on the target. GUIs and systems canbasnitialized directly from text initialization
files thus permitting operation without MATLAB. f#&w GUIs are shown below.

targetlewvel [d enable
B] maxkain [dB]  Recovery
2000 1200 v
3 — [ECOVErY
f_ o » Rate
: .' .| . . | |dB/sec]
mixerB [MixerSmoothed] E| ; = = : 2.40
& a—
gain [linear] gair [dB] again [dB] gain [dB] gain [dB) ratio [dB/dB] .-“-‘-.tte[r;Lée].tinn (-‘
1.00 0.00 0,00 50,00 50,00 1000 10000 ;
(‘ . (‘ . (- . (‘ o (- - /‘ - | currentGain
E- | - ‘ ‘ ‘ ‘ “u ! -;',‘~ - 0.E9
activation | smoothing 10
o 3] gair [dB] gain [dB] gain [dB] gain [dB] Threshold | Time [mgzec]
= (11 = = 5
-60.00 0.00 -E0.00 -B0.00 -B0.00 100.00 0.
5 i __O? ._(‘ -" __(- -" ‘(- -.’ l‘lf“ l..j"' -(_“' _,- -5'.}_‘?‘
an- | - g

Figure 6. Examples of some of the GUIs that can lmeated with Audio Weaver. Each control is mappedo a
variable on the target hardware.

1.8. Optimized Audio Module Library
Audio Weaver ships with a large library of audi@sific processing functions: filters, scalers,
mixers, delays, limiters, etc. These low-level med can be combined into higher level
subsystems providing increased functionality. Maglio modules are designed to operate on
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interleaved audio channels allowing mono, stered,:al signals to be supported in a natural
manner. Some modules incorporate built-in smogtbima sample-by-sample or block-by-block
basis yielding "clickless" operation.

Each audio module has several associated functibns.Constructor function dynamically
allocates memory at build time; the Set functionged for control and converts high-level
interface variables to lower-level parameters;Rhacess function implements the real-time
processing. The core audio module library is emitin C and is selectively optimized for each
target platform based on the efficiency of the cienp

1.9. Profiling Capabilities

Detailed memory usage information is provided aldaiime including the sizes of all
intermediate memory buffers, and the memory reguiseeach audio module. Memory usage is
broken down by heap allowing memory usage to befaly monitored. CPU utilization
information is available at run-time for each madahd subsystem in the design. The resolution
of the profiling information is target dependenigdan some cases, is cycle accurate. The
example below shows a typical profile on the SHABRGcessor.

Wire Index Type  numChannels blockSize FA ST_HEAP FAST_HEAPB SLOW_HEAP
1 Input 2 32 69 0 0
2 Output 4 32 13 3 0 0
3 Scratch 2 32 69 0 0
4 Scratch 1 32 37 0 0
5 Scratch 2 32 69 0 0
6 Scratch 4 32 13 3 0 0
Totals  ------ 51 0 0 0
Total ticks per block: 167220.0
Average ticks per block execution: 4721.7 (2. 82 %)
Instantaneous ticks per block execution: 4717.0 (2. 82 %)
Peak ticks per block execution: 4761.0 (2. 85 %)
Module Name Class %CPU T icks/Process FAST_HEAP FAST_HEAPB
SLOW_HEAP

test 27094 4 528.541 121 0 0
.autolnputConvert_1 Fract32ToFloat 0.13521 2 26.023 10 0 0
.scale ScalerDB 0.17408 2 90.9973 12 0 0
.inputMeter Meter 0.42562 7 11.4989 18 0 0
.agc AGC 1.0126 1 692.4182 38 0 0
.agc.core AGCCore 0.80724 1 349.2159 27 0 0
.agce.mult AGCMultiplier 0.20532 3 43.2023 11 0 0
.outputMeter Meter 0.42588 7 11.5787 18 0 0
.autoOutputRouter_1 Router 0.32186 5 38.0292 15 0 0
.autoOutputConvert_1 FloatToFract32 0.21417 3 57.9958 10 0 0

1.10. Regression Testing

Individual modules or entire subsystems can bedest Audio Weaver. Testing is

accomplished by sending test vectors through tlgetaystem via the tuning interface and then
comparing the output against the expected reshé.t&sting occurs on the actual target hardware
and can be scripted for a high-level of automation.
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2. Installation, Setup, and Standalone Usage

This chapter describes how to install and setupAtidio Weaver Server application. It also
discusses how to run preprogrammed Audio Weavept3caws) files and perform basic system
tuning.

2.1.Installation and Setup

The Audio Weaver installer is contained in the Al/Installer.exe. Run the installer and select
a destination directory. The installed files canpbaced anywhere on your hard drive and we'll
use <AWE> to represent the root installation dwect The Audio Weaver directories are
organized as follows:

<AWE>\Bin — Windows executables and module librAiyLs.
<AWE>\Doc — All documentation.

<AWE>\Examples — Example audio processing systBach example includes pre-
programmed Audio Weaver Script (.aws) files as aslthe original MATLAB code
for creating the system.

<AWE>\Include — Header files for creating custondiaumodules.

<AWE>\Ldr — Loader files for supported hardwaregtds.

<AWE>\Lib\Debug — Framwork and Vector libraries ded for custom module creation.
<AWE>\matlab — Audio Weaver MATLAB scripts.

<AWE>\ModuleLibs — Audio module libraries. Each dubes library has associated
MATLAB and C header files.

<AWE>\Targets — Target specific files.
<AWE>\Subsystems — Audio Weaver subsystem contam&tATLAB scripts.
<AWE>\VectorLib — Header files for vector function¥hese are needed for creating

custom audio modules.

2.2. Audio Weaver Server
Launch the Audio Weaver Server application by deuticking the executable file:

<AWE>\BIin\AWE_ Server.exe

or via the Start menu:
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All Programs—> DSP Concept®> Audio Weaver Designer 2:©& Launch AWE_Server.exe

The Server window shown below will appear:

Audio Weaver Server, - Target = Native

File Target Flash Audio Help
CPU 0.93%

Fazt Heap (868 of 10240000 words)

Fazt Heap B [0 of 10240000 words)

Slowe Heap [0 of 4194304 words)

Output ] Messages | Enors |

Target Information

Mame; Mative

Werzion; 1.0.0.1

Frocessor type: Mative
Profile clock rate: 10 MHz
Sample rate: 44100 Hz

B azic block gize: 32 samples
Communication buffer size: 0 words
Iz floating point; Y'es

Iz FLASH supported: Yes
Size of int" 4

Mumber of inputs: B

Mumber of outputs: 8

Figure 7. Audio Weaver Server main window.

Audio Weaver uses TCP/IP for interprocessor comupaitian. If your computer has a firewall or
virus checking software installed, you may get anivey message the first time you launch the
Server application and, if you are using MATLABetfirst time you try and connect via
MATLAB. It may be similar to the one shown below:
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& Symantec X |
Program Alert

1\ Low Risk

[ Y

AWE_Server is atternpting to listen for connections from other
computers,

- This program has been modified since it was last used.

Hide Details

Program: AWE_Server.exe Lo
Path: ChSourceraWWEServer\Debugh,

Date/ Time: 6/9/2007 4:27 PM

Local Address: All local network adapters @ 15001 w

wWhat do you want to do?

Configure your firewall to permit this connectioou will need to do this twice: once for the
AWE_Server.exe application and then a second tiryeu use MATLAB.

2.3. Configuring the Native PC Target

The Audio Weaver "Target" refers to the hardwaradpesed for audio processing. When

Audio Weaver is first installed, the Target is ehative PC execution. The current target is
shown in the Audio Weaver Server Window's title bar

Audio Weaver, Server - Target = Native

Audio Weaver by default uses your PC's currenttivadnput and output audio devices. If your

PC has multiple sound cards installed, you carcs#ie specific device to use under the
File->Preferences menu item.

P audio devices

Input device: |5.:.un.:|rv1.ﬁ.x HD Audio j Channels: 2, (max bits 16, max rake 450000

Cubput device: |5gundm,ﬁ.x HD Audio ﬂ Channels: 2, {max bits 24, max rake 45000)

Sample rate: |EEIUA -

The Preferences dialog also allows you to changsdimple rate of the audio processing for the

native PC target. Audio Weaver queries the soand © determine the supported sample rates
and filters the list to show rates of 44.1 kHz abhdve.

If you are using a sound file, such as WAV or MBS8the source, then the sample rate of the
audio processing is set based on the sample réte dfe.

2.4.Changing the Target
If you are using an external DSP board for audaressing, then you'll need to change the
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target. Targets are changed in Audio Weaver byging the connection type. Select the menu
item Target> Change Connection... This brings up the dialog shbalow:

Change Connection §|

Then select the connection type appropriate for yanget hardwareNote, some hardware
targets have a USB connector but appear as RS242edeto the PCRefer to the
documentation that came with your target hardwarehfe details.

If you select RS232 or Ethernet, then you'll needdanfigure additional connection options as
shown below

Connection: ’m Conmection: (S
coMport: [coms <] IP Address: [ 192.168.2.3
Baud Rate: m
Parity: ’m
Stop bits: m

Again, refer to your target specific documentafionfurther details.

2.5. Tabbed Output Window

The Audio Weaver Server shows information on 3 éablvindows. The Output Window
displays informational messages generated by thee6¢he Messages Window displays the
message traffic between MATLAB and the Server; famally, the Errors Window reports
failures. Switch between windows by clicking ol tabs at the top of the scrolling window.

Output lMessages] Errars ]

2.6. Target Information

When the Server first connects to the target, oholg the native PC target, it queries the target to
determine various parameters. This Target Infaomas shown in the Output Window at
startup. You'll see something similar to:
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Output | Meszages ] Ermars ]
T arget Infarmatian
Marme: Mative
Wergion: 1.0.0.1
Processar type: Mative
Prafile clock rate: 10 MHz
S ample rate: 44100 Hz
B asic block size: 32 samples]
Communication buffer size: 0 wordz
|z floating point: ez
|z FLASH supported: ez
Size of 'int 4
Mumber of inputs: B
Mumber of outputs: 3

Name— up to 8 character string embedded in the tdhgetidentifies it to the Server.
Version— 32-bit version information displayed as fouriBvalues.

Processor type- identifies the processor on the target. Allbleavalues are "Native"
(for PC), "SHARC", and "Blackfin".

Profile clock rate— Speed of the internal timer or clock used t@deine CPU usage.
On the PC, this equals 10 MHz; on the SHARC or Hiaahis equals the
processor clock speed.

Sample rate- Sample rate of the audio.

Basic block size Fundamental block size used by the real-time fraonkwThis equals
the number of samples per channel. The input atglopins of an Audio
Weaver system must be integer multiples of the Balsick size.

Communication buffer sizesize in 32-bit words of the buffer used for conmication
between the target and the PC. The PC uses thetéomine the maximum size
of messages that may be seht change this, you'll need to rebuild the target
executable starting from source code.

Is floating point— Boolean specifying whether the target nativelyports floating-point
processing.

Is FLASH supported Boolean specifying whether the target providéash file system.
The flash file system may be used to store scitgs that are executed when the
target processor boots.

Size of 'int— Returns the value of sizeof(int) on the targkis is used by the Server to
determine address offsets.

Number of inputs- number of audio inputs

Awﬂ) Page: 19 of 162

LD WA



DSP Concepts, LLC. Audio Weaver 2.0 User’s Guide

Number of outputs number of audio outputs

This information can be displayed at any time dgaeng the menu item TargetShow Info.

2.7.Displaying the List of Audio Modules

Audio modules in Audio Weaver are organized injoasate module libraries. For example,
there are separate libraries for floating-pointedi-point, and frequency domain processing audio
functions. The PC contains the complete set ofcamdules with each library being a separate
Dynamic Link Library (DLL). An embedded target, thre other hand, contains a subset of these
modules due to memory limitations.

You can see the list of available audio modulesddgcting Targe®List Modules. You'll see
something similar to:

205 classes found in all audio module DLLs
205 classes available on the target

From AdvancedAudioFloat32DLL.dII:

5000 ModuleButterworthFilter40

5001 ModuleSecondOrderFilterSmoothed40
5002 ModuleAllpassDelay

5003 ModuleAllpassDampedDelayOptimized
5004 ModuleAllpassDampedDelayciOptimized
5005 ModuleAllpassDelayci

5006 ModuleAllpassDelayi

5007 ModuleDelayci

5008 ModuleDelayi

5009 ModulelLatticeDelay

The modules are listed according to which DLL they contained in on the PC. In the above
list, all of the modules shown are contained inliwary file AdvancedAudioFloat32DLL.dII.
Each line thereafter contains the classID and Blasg for a module. The classID is a unique
integer that identifies the module to the target.

2.8. Running Audio Weaver Script (.aws) Files

Audio Weaver Script files are preprogrammed tdesfcontaining commands sent from
MATLAB to the Audio Weaver Server. The script 8lare identified by an .aws extension.
When Audio Weaver is installed, it associates #hes.extension with the Audio Weaver Server.
The .aws script files can be executed without AWIATLAB installed. These script files are
organized into two separate directories represgiating-point and fixed-point examples:

Examples\Scripts\float
Examples\Scripts\fract32

The native PC target is able to run both the flmapoint and the fixed-point examples. If you
have a hardware target, you may only be able tarsubset of the examples. As a rule of
thumb, use the floating-point examples for the SKA&hd the fixed-point examples on the
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Blackfin.

Double click on an .aws file to execute it. Foaeple, execute “scaler_example.aws”, located
at Examples\Scripts\float, by double clicking oe flle. The Audio Weaver Server will launch
and the inspector shown below will be drawn:

sca.. [X]
gain [linear]

100
10-

10 -

When running on the PC, the input audio is takemfthe MP3 file:

Bin\Audio\Bach Piano.mp3

Move the slider to change the level of the audio.

2.9. Manual Audio Playback Control

The Audio Menu item contains several items thaivalyou to control the real-time audio
processing.

Audio Start- Enables real-time audio processing. Appliesdih the DSP target and the
PC.

Audio Stop Pauses real-time audio processing. Applieoth the DSP target and the
PC.

If no audio system has been instantiated, thetirggareal-time audio processing will simply

copy the data from the input pin to the output dirthere are more input channels then output
channels, then the additional output channelsgarered. If there are more output channels than
input channels, then the additional output chanamddilled with zero. Audio Start and Audio
Stop are useful commands when debugging your aafip.

Play File- This menu item is only available when runningvedy on the PC. A file
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selection dialog appears and allows you to selesb®, .mp3, or .wma file for
playback.

When using a sound file as the audio source, AWhaver sets the sample rate of the audio
processing based on the sample rate of the solend fi

2.10. Executing Audio Weaver Script Files from the ServeWindow

You can also directly execute script files from fhedio Weaver Server window by selecting the
menu item File>Execute Script... and then browsing to a script file.

2.11. Audio Weaver .ini file
The Server initialization file

<AWE>\BIin\AWE_ Server.ini

persists Audio Weaver settings between launchéss file is read once when the Server is
launched and is written periodically while the Szrig active. You do not need to edit this file;
changes are made via the Server application GUparsisted to the file.

A!.l.m) Page: 22 of 162



DSP Concepts, LLC. Audio Weaver 2.0 User’s Guide

3. MATLAB Tutorial

This tutorial walks you through the process of trepmodules and subsystems within the Audio
Weaver environment. Many of the features of tlot &me presented with an emphasis on using
existing audio modules. Writing new low-level méehiis outside the scope of this tutorial and
is described separately in tAedio Weaver Module Developers Guidehe tutorial assumes
some familiarity with MATLAB.

MATLAB is an interpreted scripting language andddlthe commands shown in this section can
be typed in directly into MATLAB, or copy and padtdirectly from this User's Guide. You'll
need MATLAB version 7.3 (2006b) or later instalkedrun the MATLAB scripts.

3.1. Installation Setup

After installing Audio Weaver Designer (or Developaipdate MATLAB's search path to
include the directory:

<AWE>\matlab

where <AWE> represents the installation directofis directory contains the primary set of
MATLAB scripts used by the tool. The MATLAB mentem "File—> Setup Path..." can be
used to update the path. Once the path is seg the command:

awe_init

This launches the Audio Weaver Server applicattonfigures additional directories, and
initializes global variablesYou need to execute awe_init.m before running amyoANVeaver
script files. If you manually shut down and relalanthe Server, you need to rerun awe_init.m to
re-establish the connection between MATLAB andbtreer. If you forget to rerun awe_init.m,
you'll get an error similar to the one shown belwxt time MATLAB tries to communicate with
the Server:

?7?7? Error using ==> awe_server_command at 47
Server Command Failure:
Command sent to server: "get_target_info"
Server response: "failed, transmit timeout”

Error in ==> target_get_info at 89
str=awe_server_command('get_target_info");

Audio Weaver supports multiple simultaneous inatadhs. Install each version in a separate
directory. Then, select the version to use byigomihg the MATLAB path to point to the
appropriate <AWE>\matlab directory and and thentheassociated awe_init.m script. You
can check which version of Audio Weaver is actiyele command

>> awe_version
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ans =
ver: '2.0'

buildDate: 'Sep 12 2008’
buildTime: '10:53:59'

3.2.0n line help

All of the Audio Weaver MATLAB functions have usagestructions within the function header.
To get help on a particular function, type

help function_name

Additional help is available for audio modules. eldommand

awe_help

creates a list of available audio modules in theTMAB command window. A partial list is
shown below:

»» awe_help
bz module
adder module

agc auto attack release module

age core ar module

age core module

agc gain computer module

age limiter core module

age _module

Each of the modules appears as a hyperlink, aokirg) on an item provides detailed module
specific help. The help provided is above and hdybe comments shown in the file header and
accessed via the standard MATLAB “help” commanadutan also obtain help for a specific
module using the MATLAB command line. For exampéeget help on the FIR filter module,

type:
awe_help fir_module

The help documentation is provided in HTML formatlas shown in a MATLAB HTML
viewer.

3.3.Simple Scaler System

This example walks you through the process of orgat simple system containing a gain
control. It takes you from instantiation in MATLABrough building the system using dynamic
instantiation and finally real-time tuning.
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3.3.1. Creating an Audio Module Instance

We begin by creating a single instance of a smygatatying scaler module. This module scales
a signal by a specified gain. The module is “srhiyotarying” which means that the gain can be
updated discontinuously and that the module pedanternal sample-by-sample smoothing to
prevent audio clicks. At the MATLAB command lingé:

M=scaler_smoothed_module('foo");

The module is created and assigned to the varidtile The module also has an internal name
“foo” which will become important later on. Thenfttion “scaler_smoothed_module” is referred
to as the “MATLAB constructor function” for this rdale. Examine the contents of the variable

M by typing
M

at the MATLAB prompt. (This time we leave off teemicolon which causes MATLAB to
display the result to the command line.) We see:

foo = ScalerSmoothed // Linear multichannel smoothl y varying scaler

gain: 0  [linear] // Target gain
smoothingTime: 10  [msec] // Time constant of the smoothing process

The first line displays 3 items:
“foo” — the name of the module assigned when thdutewas created.

“ScalerSmoothed” — the underlying class name ag tyfgthe module. Modules of the
same class share a common set of functions.

“Linear multichannel...” — this is a short descriptiof the function of the module.

The next two lines list out exposed interface \l@da that the module contains. A variable may
display applicable units in brackets (e.g, [nmsacf) have a short description.

The scaler smoothed module smoothly ramps theuwgaing a first order exponential smoother.
The time constant of the smoothing operation igrotled by the variable "smoothingTime".

The module M is implemented using MATLAB'’s objectemted programming techniques. The
module corresponds to the class @awe_module ahdveaable is of class @awe_variable.
(This is not important to the novice user but feople familiar with MATLAB, it explains the
underlying MATLAB implementation.)

You can treat the module M as if it were a standdfd'LAB structure. You can get and set

values using the “.” notation:

M.gain=0.5;
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M.smoothingTime=M.smoothingTime*2;

We then find that M has the values:

gain: 0.5 [linear] // Target gain
smoothingTime: 20 [msec] // Time constant of the smoothing process

3.3.2. Creating a Subsystem

Our next step will be to create a subsystem coimgithe ScalerSmoothed module. A subsystem
is one or more audio modules together with 1/O ind a set of connections.

SYS=target_system('Test', 'System containing a scal er', 1);

The first argument is the class name of the subsysind the second argument is a short
description. The third argument specifies thatdiiesystem will be run in real-time. The
subsystem is assigned to the variable SYS and wexamine the subsystem by typing “SYS at
the MATLAB prompt:

>> SYS
= Test // System containing a scaler

This looks similar to an audio module except thét missing variables and instance names.

3.3.2.1. Adding I/O Pins

A subsystem also has “pins” that pass signals éhoan of the subsystem. Let’s add an input pin
to the system:

add_pin(SYS, 'input, 'in’, 'audio input', new_pin_ type(2, 32));
where
‘input’ — constrols whether the pin is an ‘input’ ‘output’ to the subsystem.
‘in” —a name or label for the pin. Keep this ghgince it appears on signal diagrams.

‘audio input’ — a description of the function oktpin. This can be longer and appears in
some of the automatically generated documentation.

new_pin_type(2, 32) — this specifies that the mintains 2 interleaved channels, each
with 32 samples.

In the same manner, add an output pin:

add_pin(SYS, 'output’, 'out’, 'audio output’, new_p in_type(2, 32));
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The astute MATLAB user will recognize that we arelating MATLAB'’s basic method of
updating arguments in the calling environment. di®mands above modify the object SYS in
the calling environment. Typically, to accomplisits, you need to request an output argument
from the function as in:

SYS=add_pin(SYS, 'input', 'in', 'audio input’, new_ pin_type(2, 32));

This is a valid statement within the Audio Weawvevieonment, but for the sake of simplicity,
certain functions update variables directly in ¢aéling environment. For example, the
add_pin() function updates the argument SYS ansl tiinel return argument may be omitted.

3.3.2.2. Adding Modules
Now add an instance of the ScalerSmoothed moduleetsubsystem:

add_module(SYS, scaler_smoothed_module('scale");

The add_module function always takes a systemeafirgt argument and a MATLAB
@awe_module object as the second argument. Igdointhere is no need to assign the module
to an intermediate MATLAB variable. Let's look&¥S

>> SYS
= Test // System containing a scaler

scale: [ScalerSmoothed]

We now see a module named “scale” of class “Scalet®hed” listed. Since a new instance of
the ScalerSmoothed was created, it is initializettist default values. We can see this by typing
“SYS.scale” at the command line:

>> SYS.scale

scale = ScalerSmoothed // Linear multichannel smoot hly varying scaler
gain: 0 [linear] // Target gain
smoothingTime: 10 [msec] // Time constant of the smoothing...

Note that Audio Weaver represents subsystems anldilemas structures within the MATLAB
environment. You access internal modules using.thetation. You can also set variables
directly as:

SYS.scale.gain=0.5;
SYS.scale.smoothingTime=SYS.scale.smoothingTime*2;

We then find that:

>> SYS.scale
scale = ScalerSmoothed // Linear multichannel smoot hly varying scaler
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gain: 0.5 [linear] // Target gain
smoothingTime: 20 [msec] // Time constant of the smoothing ...

This type of hierarchy is maintained throughout sud/eaver. Arbitrarily complicated
subsystems within subsystems are presented aslrsdstetures with individual variables being
the leaf items at the lowest level in the hierarchy

3.3.3. Connecting Modules

The SmoothedScaler module is contained within thisystem but it has not yet been connected
to the input and output pins. Each connection rhastpecified separately:

connect(SYS, ", 'scale");
connect(SYS, 'scale’, ");

The second and third arguments to the connect comhiawa the source and destination modules,
respectively. The subsystem itself is specifiedigyempty string. Thus, the first statement
connects the subsystem’s input pin to the inpuhefscale module. Similarly, the second
statement connects the output of the scale moduleetoutput of the subsystem. In this
example, the subsystem and module only have l1guih en the input and output and it is
unambiguous exactly what connections are specified. modules and subsystems with multiple
input or output pins, we have to use a slightlyeddnt syntax described in Section 4.3.5.

Audio Weaver also has rudimentary drawing capaslit Execute the command

draw(SYS)

This pops up a MATLAB figure window and displays

zcale

[SoalerSmonthed] ° Sut

in| in

The input and output of the subsystem are repreddnt the narrow filled rectangles at the left
and right edges of the figure. The scale modusiawvn in the center. The connections are
represented by the lines with arrows. The drawrmamd is useful for checking to make sure
that the wiring of a subsystem is correct, espgota@mplicated subsystems containing multiple
modules.

3.3.4. Building and Running the System
The subsystem is now fully defined and ready toupeon the target. In this tutorial, we will run

A!.l.lﬂ) Page: 28 of 162



DSP Concepts, LLC. Audio Weaver 2.0 User’s Guide

the subsystem natively on the PC. Issue the MATIcABimand:
SYS=build(SYS);

The build command begins a long sequence of evergded to instantiate the system on the
target. First, it runs a routing algorithm to detae the order in which to execute the modules
and then it allocates input and output buffersechiivires” to hold the data. Next the individual
modules are instantiated. When done, MATLAB wglport the total amount of memory
required to build the system

Total memory usage: used (left)
Fast Heap: 390 (10239610)
FastB Heap: 0 (10240000)
Slow Heap: 0 (4194304)

Switching to the Server window messages tab, ydiuses that a number of commands have
been sent from MATLAB to the Server:

Audio Weaver Server - Target = Mative
File Target Flash Audio Help
CPU --%

Fast Heap [302 of 10240000 words)

Fast Heap B [0 of 10240000 words)

Slow Heap [0 of 4134204 wards)

Output  Messages ] Evrars |

<< connect locahost, 12001 A
»» successlocahast, 12001

<< conhect locahast, 12001

> success locahost, 12001

<< destroy

»r success,]0240000.10240000.4134304

<< qui_logging, 1

55 success, ]

< get_heap_size

»» success,10240000,10240000,4134304, 7833024 B5332480,109252480

<¢ create_pintype.audio2w32_real 32.2,.4,48000.0

»» success,10239395,10240000,4134 304, audio 2432 _real=7E33024

< get_heap_size

»» guccess,10239995,10240000,4134304, 7833044 B22324280,109252480

< ¢ ocreate_wire wire] audio2s32_real

»» success,10239926,10240000,4134304, wire1=FE 33044

<< get_heap_size

> success,10239926,10240000,4134 304, 7533320, 65332480,109232480

<¢ get_heap_size

»» success,10239926,10240000,4154304, 7533320 65332480,109252480 wv

At this point, the system has been created in #ree8. The only thing left to do is enable real-
time audio flow. This can be done in two differaratys. First, to use the line input to the sound
card, use:

awe_server_command(‘audio_pump";
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You'll need to attach an external source, such@Bb alayer or MP3 player, to the line or
microphone input of your PC. Alternatively, to pkudio from a stored audio file, use

awe_server_command(‘audio_pump,./audio/Bach Piano.m p3");

Files can be specified with an absolute path, retative path, as shown above. Relative paths
are addressed relative to the location of the AWEEVE executable. The command
awe_server_command.m used above sends messagdy flioen MATLAB to the Server. The
string passed is the actual message sent to threr&ard you will see the string appear in the
Server window.

If you examine the system from MATLAB, you'll séet two other modules have been
automatically added to the system:

>> SYS
= Test // System containing a scaler

autolnputConvert_1: [Fract32ToFloat]

scale: [ScalerSmoothed]
autoOutputConvert_1: [FloatToFract32]

Drawing the subsystem reveals how they are contiecte

Aaudio data at the input and output of a systeaivisys represented using 32-bit fractional
values. Since the scaler_smoothed_module.m hafidémg-point data, the build process
automatically inserts format conversion modulebe Build process inserts the conversion
modules only at the inputs and outputs of a syst€ennections that you make between
modules must have matching data types. You cathsegata types on the figure drawing by

clicking on the X toolbar button on the figure window.

1[32x2] 2[32x2]

45000 45000
fract3z fract3z

Each wire in the system is annotated with additioxfarmation. The form of the annotation is

wirelndex, [blockSize x numChannels]
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sampleRate
dataType

where wirelndex is a unique integer identifying tiee. Wire indexes start at 1. blockSize and
numChannels indicate the number of samples peklalnd the number of interleaved channels.
In this case, we see that each wire contains tworols (stereo) with 32 samples per block. The
sample rate is 48000 Hz. The data arrives as32act converted to floating-point, processed by
a floating-point scaler, and then converted badkaci32.

The process of determining the sizes of the pisvares in the system is referred topas
propogation Essentially, the dimensions and sample ratéiseoinput and output pins of the
overall system are fixed by the target hardwarke pin information then flows from the inputs
pins through the wires to the output of the systénthis point, we verify that the propagated
output pin information matches the actual sizethefoutput pins.

3.3.5. Real-time Tuning

At this point, the system is running in real-timeywour PC. The audio source is either a file or
the line input on your sound card, depending uperaudio_pump command. The scaler is
configured with a gain of 0.5 and a smoothing twh@0 milliseconds.

Audio Weaver permits real-time manipulation of #ystem. As before, you can type MATLAB
commands to manipulate the system. However, clsasigenow sent to the target as well. For
example, to increase the gain type

SYS.scale.gain=1;

To slow down the rate of gain changes, increassrimothing time:

SYS.scale.smoothingTime=1000;

Now ramp the gain down to zero:

SYS.scale.gain=0;

You will now hear the audio slowly fade out. Youlalso note that each command issued in
MATLAB causes one or more messages to be senet8¢hver. Similarly, if you query a value
asin

X=SYS.scale.gain;

the value is read from the Server.

Audio Weaver also provides Server side user inteda To see the interface for the scaler, type

inspect(SYS.scale);
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The following figure appears:

5Cd...

gain [linear]

h.on
10-

0 -

This interface is referred to as @mspectorin Audio Weaver. They allow you to adjust
parameters on the Server while audio is runningahtime. There are sliders for the tunable
parameters: .gain and .smoothingTime.

Double-clicking on the title bar of the inspectevealsextended controlsThese controls are
used infrequently and are hidden during normal use.

scale [Scalers... @

gain [linear)

(.00 | status

10- | - % ackive
T Muted
" Bypassed

© {7 Inactive

zmoathing
'il]_ Tirme [mzec]

1000.00
) /- k-

Note the control labeled "Status” found on the maéel control panel. Each module has an
associated run-time status with 4 possible values

Active— The module's processing function is being call€dis is the default behavior
when a module is first instantiated.
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Muted— The module's processing function is not calledtead, all of the output wires
attached to the module are filled with zeros.

Bypassed- The module's processing function is not callestead, the module's input
wires are copied directly to its output wires. iAtelligent algorithm attempts to
match up input and output wires of the same size.

Inactive— The module's processing function is not called the output wire is
untouched. This mode is used almost exclusivelgébugging and the output
wire is left in an indeterminate state. In thiseple, setting the module to
Inactive will cause the contents of the output wirde recycled resulting in a
periodic 1.5 kHz whine.

Changing the module status is useful for debuggimymaking simple changes to the processing
at run-time.

3.3.6. MIPS and Memory Profiling

Several other useful features are available aftgiseem is built. You can determine the MIPs
and memory load of the algorithm by the command:

>> target_profile(SYS)

Wire Index Type  numChannels blockSize FA ST_HEAP FAST_HEAPB SLOW_HEAP

Input 2 32 69 0 0

1

2 Output 2 32 69 0 0
3 Scratch 2 32 69 0 0
Totals  --—---- 20 7 0 0
Total ticks per block: 2326.2

Average ticks per block execution: 69.1 (2.97
Instantaneous ticks per block execution: 69.0 (2.97
Peak ticks per block execution: 1649.0 (70

Module Name Class %CPU T
SLOW_HEAP

test 16342 3
.autolnputConvert_1 Fract32ToFloat 0.47671 1
.scale Scaler 0.48244 1
.autoOutputConvert_1 FloatToFract32 0.67505 1

%)
%)
.89 %)

icks/Process FAST_HEAP FAST_HEAPB

8.0023 31 0 0

1.1025 10 0 0
1.236 11 0 0
5.6638 10 0 0

The profile indicates that the wire buffers requrtal of 207 32-bit words and that the scaler
module itself requires 11 32-bit words. The reémlet processing load is about 2.97% of the
CPU. The profile isn't that interesting for a gystwith 1 module but will become important for

complex systems.

3.4. Automatic Gain Control

In this example an automatic gain control (AGC)malizes the output playback level
independent of the level of the input audio. Idiadnal to the AGC, the system has a volume
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control and input and output meters.

Begin by creating a subsystem that will executéhentarget processor:
SYS=target_system( 'AGC Example' );

Then we query the target to determine its capaislit
T=target_get_info;

T is a data structure containing:

name: 'Native'
version: '1.0.0.1'
processorType: 'Native'
isFloatingPoint: 1
isFlashSupported: 1
numin: 2
numOut: 2
inputPinType: [1x1 struct]
outputPinType: [1x1 struct]
fundamentalBlockSize: 32
sampleRate: 44100
sizeofint: 4
profileClock: 120000000

where numin and numOut may vary depends on thesosed card. Using T, we then add input
and output pins to the system which match the tamgeessor in sample rate. Both pins are
stereo and have a 64 sample block size.

add_pin(SYS,'input’, 'in', ", ...

new_pin_type(2, 64, T.sampleRate, 'float"));
add_pin(SYS,'output’, ‘out', ", ...

new_pin_type(2, 64, T.sampleRate, 'float"));

Then we add 4 modules and connect them together.

add_module(SYS, scaler_db_module('scale");
add_module(SYS, meter_module('inputMeter"));
add_module(SYS, agc_module(‘agch);
add_module(SYS, meter_module('outputMeter");

connect(SYS, ", 'scale";
connect(SYS, 'scale’, 'inputMeter");
connect(SYS, 'scale’, 'agch);
connect(SYS, 'agc’, );
connect(SYS, 'agc’, 'outputMeter’);

Finally, we selectively expose some of the intenwmadtrols to create an overall inspector

SYS.scale.gainDB.range=[-20 20];
SYS.scale.gainDB.guilnfo.size=[1 3];
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SYS.inputMeter.value.guilnfo.size=[1 3];
SYS.inputMeter.value.guilnfo.range=[-30 0];
SYS.outputMeter.value.guilnfo.size=[1 3];
SYS.outputMeter.value.guilnfo.range=[-30 O];

add_control(SYS,
add_control(SYS,
add_control(SYS,
add_control(SYS,

".scale’);
".inputMeter");
‘.agc.core”);
'.outputMeter";

The .range field of the variable sets the rang@@fcontrol slider or knob. The .size field
controls its graphical size on the inspector.

Finally, build the system, draw the inspector, atait real-time audio processing.

build(SYS);

awe_inspect(‘position’, [0 O])

inspect(SYS);
test_start_audio;

The script test_start_audio.m begins real-time@pthyback. On the PC, an MP3 file is used an
the audio source, and on an embedded processdinghaput is the source. The final system

built is shown below:

The AGC module is drawn in bold and is itself asigbem. Peering inside, we see:
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The inspector panel created is.
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3.5.Bass and Treble Tone Controls

This example demonstrates how to use the seconer_ditter _module.m to create bass and
treble tone controls. The steps should start logpkamiliar. We create the overall system and
then add input and output pins that match the tangerms of sample rate:

¥
[
n
¥

SYS=target_system('AGC Example");
T=target_get_info;

add_pin(SYS,'input’, 'in', ", ...
new_pin_type(2, 64, T.sampleRate, 'float"));
add_pin(SYS,'output’, ‘out', ", ...
new_pin_type(2, 64, T.sampleRate, 'float"));

We then add two instances of the second_order fittedule.m. This filter is a general purpose
second order filter ("Biquad") with a large numbébuilt-in design equations. The filters are
named "bass" and "treble".

add_module(SYS, second_order_filter_module('bass")) ;
add_module(SYS, second_order_filter_module('treble’ );

Configure the bass filter to be a low shelf. Titer is exactly what is needed for a bass tone
control. Set the corner frequency of the she§@6 Hz. and the default gain to 0 dB.
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SYS.bass.filterType=8;
SYS.bass.freq=500;
SYS.bass.gain=0;

Repeat for the treble filter but configure it asigh shelf with a corner frequency of 3 kHz.

SYS.treble.filterType=10;
SYS.treble.freq=3000;
SYS.treble.gain=0;

Connect all of the modules together. We use aigjpeem of the connect.m command which
allows us to make multiple connections with a ssnghmmand. Start at the input of the system,
go through the bass and treble modules, and théretsystem output.

connect(SYS, ", 'bass’, 'treble’, );

Add user interface information. We'll label thalsts "bass" and "treble" and set their ranges.
Then add these controls to the master inspectai pan

SYS.bass.gain.guilnfo.label="bass';
SYS.bass.gain.range=[-12 12];
SYS.treble.gain.guilnfo.label="treble’;
SYS.treble.gain.range=[-12 12];
add_control(SYS, 'bass.gain’);
add_control(SYS, 'treble.gain’);

Finally build the system, draw the inspector, atadtseal-time audio playback. The
awe_inspect('position’, [0 0]) command specifiesgbreen coordinates where the inspector
should be drawn. If not provided, the inspectaireswn to the right of the last inspector.

build(SYS);
awe_inspect(‘position’, [0 O])
inspect(SYS);
test_start_audio;

3.6.Bass Tone Control Module

We now present a more complicated example. A toascontrol is created as a subsystem
together with MATLAB design equations. The desggiuations translate high-level parameters
(frequency and gain) into lower level parametergiviiune the subsystem. The code in this
section is contained in the file bass_tone_confiadt subsystem.m Note that the bass tone
control presented here is only to illustrate certaiidio Weaver concepts. If you need a bass
tone control in your system, see the example ini@e8.5.

The design equations are written in MATLAB and allgou to control the module using

! A related but more complicated example, bass_torrol_module.m, is also provided with Audio Weav&his
other version supports both floating-point and fB2csignals.
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MATLAB scripts. However, since the control codeedaot exist on the target, you will be
unable to draw an inspector. To take it one stefhnér and write the control code in C requires
writing a custom audio module. This is beyondgbepe of this User's Guide but points your
towards the benefits of writing custom audio module

A diagram showing the overall tone control desgyshown in Figure 8. The design is quite
simple. A first order lowpass filter is appliedated, and then added back to the input. When
the scale equals 0, then the input signal is urggdn Positive scale factors increase the amount
of bass energy. Negative scale factors — up tevamum of -1 — decrease the amount of bass
energy.

Adder E—

> ’ order' t————» ScalerSmoothec
Low-pass Filter

Figure 8. Schematic diagram of the bass tone comtrsystem that will be constructed as a subsystem.

The MATLAB function bass_tone_control_module.m gatsea single input argument, NAME,
which is a string specifying the name of the module

function SYS=bass_tone_control_float_subsystem(NAME )

The first step is to create a new subsystem of¢RBassTone”, provide a short description, and
then set the .name field of the subsystem:

SYS=awe_subsystem('BassTone', 'Bass tone control’);
SYS.name=NAME;

Then we add three modules to the subsystem

add_module(SYS, butter_filter_module(‘filter', 1));
add_module(SYS, scaler_smoothed module('scaler"));
add_module(SYS, adder_module(‘adder’, 2, 0));

The first module is a first order Butterworth filteThe second module is a smoothly varying
scaler that determines the amount of bass eneagjystsummed back in. The final module is a 2
input adder.

Next, we add input and output pins to the syst&late that no restrictions are placed on the
block size, number of channels, or sample rate.
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PT=new_pin_type;
add_pin(SYS, 'input’, 'in’, 'Audio input’, PT);
add_pin(SYS, 'output’, 'out’, 'Audio output', PT);

and then connect the modules together:

connect(SYS, ", 'filter");

connect(SYS, 'filter', 'scaler’);
connect(SYS, ".in', 'adder.inl";
connect(SYS, 'scaler.out’, 'adder.in2";
connect(SYS, 'adder.out’, ".out");

At this point, we can draw the system

draw(SYS)

and obtain the rudimentary diagram shown in Figure

Figure 9. Bass tone control as drawn by Audio Wear. Note that the input pin on the left has two
connections: the first is to the filter and the seond is to the top of the adder.

Audio Weaver isn't too smart about drawing figurés. can be seen there is some confusion
because the wires overlap each other. We can nhdgalder module slightly higher in the
figure with the statement:

SYS.adder.drawInfo.nudge=[0 1];

Now drawing the system, we get the more intelligioérsion

We are almost done. The tone control still needadjustable gain setting. We will define a
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high-level interface variable “gain” as shown below

add_variable(SYS,'gainDB',float',0, 'parameter’, ' Amount of cut/boost’);
SYS.gainDB.range=[-12 12];
SYS.gainDB.units='dB";

The function add_variable() adds a scaler to amcanddule or a system. We touch upon the
add_variable function here and it is fully descdlvathin theAudio Weaver Module Developers
Guide It has a number of input arguments:

SYS - the system or module to which the variableeiag added.
‘gainDB’ — the name of the variable.

‘float’ — the data type of the variable. This tséates directly to the variable’s C data
type.

0 — the default setting of the variable.

‘parameter’ — describes the usage of the variaBbrameters are settable at run-time.
‘const’ is set at construction time and cannot deathereafter; ‘state’ is set by the
processing function; 'derived’ is a parameter Wwégighat is computed based on
another 'parameter".

‘Amount of ..." — a description of what the varialulees.

The next two lines set the range of the varialdé fo +12] and the units to ‘dB’. The range is
used to ensure that the variable is only set wigimmllowable range; the units are used for
documenting the module.

The MATLAB constructor for the bass tone controdisiost done. We still have:

SYS.setFunc=@bass_tone_update;
SYS=update(SYS);

return;

The ‘@’ syntax in MATLAB is used to specify a paantto a function. The .setFunc field of the
structure specifies a MATLAB function that is call@henever a variable in the bass tone
control is set. In this case, we’ll use the .satFHo adjust the gain of the scaler based on the
.gainDB field in the structure. The statement

SYS=update(SYS);
forces the .setFunc to be called once after the toa® control is created.

Later on in the file we find the definition of th&et function:
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function M=bass_tone_update(M)

gain=undb20(M.gainDB)-1;
M.scaler.gain=gain;

return;

The function bass_tone_update is a sub-functiondauthin

bass _tone_control_float_subsystem.m. The funcomverts the high-level .gainDB setting to a
linear gain found within the scaler module. Foamyple, if a module is instantiated and the
gainDB set to 6:

M=bass_tone_control_float_subsystem('B");
M.gainDB=6;

then scaler.gain is set to nearly 1.0:

>> M.scaler
scaler = ScalerSmoothed // Linear multichannel smoo thly varying scaler

gain: 0.995262 [linear] // Target gain
smoothingTime: 10  [msec] // Time constant of the smoothing process

If we then set the gain to 0 dB:
>> M.gainDB=0;
we find that:

>> M.scaler
scaler = ScalerSmoothed // Linear multichannel smoo thly varying scaler

gain: 0 [linear] // Target gain
smoothingTime: 10 [msec] // Time constant of t he smoothing process

This calculation is performed by the .setFunc.

Next, we'll run the bass tone control in real-tiorethe Server. Issue the following MATLAB
commands:

SYS=target_system('Test', 'System containing a bass tone control);
add_pin(SYS, 'input’, 'in’, 'audio input', new_pin_ type(2, 32));
add_pin(SYS, 'output’, 'out’, 'audio output’, new_p in_type(2, 32));
add_module(SYS, bass_tone_control_float_subsystem(’ bass");

connect(SYS, ", 'bass’);
connect(SYS, 'bass', );
SYS.bass.gainDB=6;
SYS=build(SYS);
Draw(SYS);
test_start_audio;

The 4" line is of interest. It instantiates the basstoantrol, names it “bass” and adds it to the
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system. The last line starts real-time audio msicy. Once audio is flowing, you can adjust the
gain of the tone control from the MATLAB prompt bgtting:

SYS.bass.gainDB=12;

Note that “SYS” represents the overall system, shasthe bass tone control module, and
“gainDB” is the high-level interface variable.

If we draw the overall system, we see a little mofermation displayed. First, at the high-level:

Modules with dark borders, like the bass moduldicate a subsystem. You can look inside the
subsystem by right-clicking and selecting "Navigateor "Open in New Window", or by using
the MATLAB command:

draw(SYS.bass);

Examining the bass tone control within MATLAB rel&

>> SYS.bass
bass = BassTone // Bass tone control

gainDB: 6 [dB] /I Target gain in DB
filter: [ButterworthFilter]

scaler: [ScalerSmoothed]

adder: [Adder]

The high-level variables to a subsystem are alwhgsvn first. They are followed by the internal
modules. If the system is built, then the modalesreordered according to their execution
order. The execution order may be different thiendrder that they were added to the
subsystem. The process of determining executioerasdeferred to a®uting. Routing a

system also allocates all of the wires, includiagih wires. During routing, Audio Weaver
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reuses scratch wires in order to reduce the overathory footprint of the algorithm.

As before, we can change the parameters of thersyistreal-time.

SYS.bass.gainDB=6;
changes the low frequency gain to 6 dB. We cam @ligain detailed profiling information:

>> target_profile(SYS)

Wire Index Type numChannels blockSize FA ST_HEAP FAST_HEAPB SLOW_HEAP

1 Input 2 32 69 0 0

2 Output 4 32 13 3 0 0

3 Scratch 2 32 69 0 0

4 Scratch 2 32 69 0 0

5 Scratch 2 32 69 0 0

6 Scratch 4 32 13 3 0 0

Totals  --—---- 54 2 0 0

Total ticks per block: 167406.5

Average ticks per block execution: 2550.4 (1. 52 %)

Instantaneous ticks per block execution: 2550.0 (1. 52 %)

Peak ticks per block execution: 2552.0 (1. 52 %)

Module Name Class %CPU Ticks/Process FAST_HEAP FAST_HEAPB SLOW
Test 1.4391 2403.3427 97 0 0

.autolnputConvert_1 Fract32ToFloat  0.13529 226.0366 10 0 0

.bass BassTone 0.76893 1284.3058 62 0 0

.bass filter ButterworthFilter 0.24422 407.9958 36 0 0

.bass. filter.filt  BiquadCascade 0 0

.bass.scaler ScalerSmoothed ~ 0.22766 380.3142 14 0 0

.bass.adder Adder 0.29706 495.9958 12 0 0

.autoOutputRouter_1 Router 0.32043 534.9946 15 0 0

.autoOutputConvert_1 FloatToFract32  0.2144 358.0057 10 0 0

= Test // System containing a bass tone control

autolnputConvert_1: [Fract32ToFloat]
bass: [BassTone]

autoOutputRouter_1: [Router]

autoOutputConvert_1: [FloatToFract32]

An important concept in Audio Weaverhgrarchy Hierarchy allows you to construct more
complicated audio functions out of existing piecé&fe bass tone control was constructed out of
lower-level modules: Butterworth filter, scalendsan adder. In the case of the bass tone
control, the hierarchy only exists within the MATBAepresentation. That is, the “BassTone”
class only exists in MATLAB and there is no cormasging class on the target processor. When
the system is built, Audio Weaver flattens out BassTone class into 3 separate modules.
Flattening is useful because it allows us to mairtéerarchy in MATLAB without having to
introduce new classes on the target procésgaudio Weaver flattens the system behind the
scenes while presenting the hierarchical versidhaaiser to manipulate. To see the actual

% This document describes high-level usage of thdid\Weaver. The code generator of the Audio Weisvable
to take the bass tone control and generate code'®assTone” class that resides on the targeis iSlprocess is
described in thé&udio Weaver Module Developers Guide
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flattened system running on the target, use

draw(flatten(SYS))

You'll see that the bass tone control subsystegong and that its 3 internal modules have been
promoted to the top level.
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4. Key System Concepts

This section goes into further detail regarding &egcepts in Audio Weaver. These were
touched upon in the tutorial in Section 3, andgaven full coverage here. The concepts explain
how Audio Weaver operates behind the scenes anledahe relationship between pins, wires,
modules, and subsystems.

Audio Weaver makes heavy use of MATLAB’s objeckotied features. An object in MATLAB
is a data structure with associated functions dhots. Each type of object is referred to as a
class,and Audio Weaver uses separate classes to repres@tile, modules, and subsystems.
The class functions are stored in directories skat with the “@” symbol. Under
<AWE>\matlab\ are found 3 class directories:

<AWE>\matlab\@awe_module\
<AWE>\matlab\@awe_subsystem\
<AWE>\matlab\@awe_variable\

It is important to understand how to use and mdatpuhese classes in order to properly use all
of the features of Audio Weaver. We describe eda$s in turn and then conclude with an
explanation of how pins are represented.

4.1. @awe_variable

A variable in Audio Weaver represents a singleaoait array variable on the target processor.
Variables are added to modules or subsystems tlstngdd_variable.m command described in
the Audio Weaver Module Developers Guidéven if you are not developing modules, it is@o
to understand the @awe_variable object so thatgauully utilize variables.

A new scalar variable is created by the call:

awe_variable(NAME, TYPE, VALUE, USAGE, DESCRIPTION, ISHIDDEN, ISCOMPLEX)

Variables in Audio Weaver have a close correspocelém variables in the C language. We
have:

NAME- name of the variable as a string.
TYPE- C type of the variable as a string. For exanipié or ‘float’.
VALUE- initial value of the variable.

USAGE- a string specifying how the variable is usedudio Weaver. Possible values
are:

‘const’ — the variable is initialized when the méalis allocated and does not
change thereatter.
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‘parameter’ — the variable can be changed in ies-and is exposed as a control.

‘derived’ — similar to a parameter, but the valtithe variable is computed based
on other parameters in the module. Derived vagmble not normally
exposed as controls.

‘state’ — the variable is set in real-time by tmeqessing function.
DESCRIPTION- a string describing the function of the variable

ISHIDDEN — an optional Boolean indicating whether the \@das visible
(ISHIDDEN=0) or hidden (ISHIDDEN=1). By defaulSHIDDEN=0.

ISCOMPLEX- an optional Boolean indicating whether the \#aas real valued
(ISCOMPLEX=0) or complex (ISCOMPLEX=1). By defaulsCOMPLEX=0.

You typically do not use the awe_variable functitnectly. Rather, the function is automatically
called when you add variables to modules or subBysusing the add_variable.m function.

M=add_variable(M, VAR1, VAR2, ...)

The first argument to add_variable.m is the modulsubsystem, and all subsequent arguments
are passed directly to the awe_variable.m function.

The add_variable.m function is used to addlarvariables. Use the function

add_array(M, NAME, TYPE, VALUE, USAGE, DESCRIPTION, ISHIDDEN, ...
ISCOMPLEX);

to add arrays. Audio Weaver supports 1 and 2 dsmoeal arrays. The 2 dimensional array
representation is maintained in MATLAB. On thegity however, a 2 dimensional array is
flattened into a 1 dimensional array on a colummedlymn basis. Both scalar and array
variables are represented as @awe_variable objects.

We now look carefully at one of the variables ia Hgc_example.m system. At the MATLAB
prompt, type:

SYS=agc_example;
struct(get_variable(SYS.agc.core, 'targetLevel))

The get_variable.m command extracts a single viariabm a module and returns the
@awe_module object. (If you instead try to ac&@¥S.agc.core.targetLevel you'll only get the
value of the variable, not the actual structufehe MATLAB struct.m command turns an object
into a data structure revealing its internal fieldou'll see:

name: 'targetLevel'
hierarchyName: '.agc.core.targetLevel'
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value: -20
size: [1 1]
type: 'float’
isComplex: 0
range: [-50 50]
usage: 'parameter’
description: 'Target audio level'
arrayHeap: "
memorySegment: ‘AWE_FAST_ANY_DATA'
arraySizeConstructor: "
constructorCode: "
guilnfo: [1x1 struct]
format: '%g’
units: 'dB'
isLive: 1
isVolatile: 1
isHidden: 0
isPreset: 1
isArray: 0
targetinfo: [1x1 struct]
fieldNames: {24x1 cell}
isLocked: 1
class: 'awe_variable'

We describe some of the fields which are commodited here. Refer to the Audio Weaver
Module Developers Guide for a complete description.

range— a vector or matrix specifying the allowable rarmg the variable. This is used to
validate variable updates and also to draw knoldsshders. This vector uses the
same format as the pin type described in Sectibn User editable.

For example, the SYS.agc.core.targetLevel varinbtethe default range

>> SYS.agc.core.targetLevel.range
ans =

-50 50

and this is used to set the range of the inspé&caimb. You can change the range to +/- 10 dB by
setting

SYS.agc.core.targetLevel.range=[-10 10]
prior to drawing the inspector.

format- C formatting string used by sprintf when disjphaythe value as part of a
module. Follows the formatting conventions of @erintf function. User
editable.

For example, the default format for the .targetlleragiable is '%g'. When you display the
module in the MATLAB output window, you see
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>> SYS.agc.core

core = AGCCore // Automatic Gain Control gain calcu lator module
targetLevel: -20 [dB] // Target aud io level
maxAttenuation: 100 ==[dB}7fMaimum at tenuation of the AGC

maxGain: 12 [dB] // Maximum ga in of the AGC

If you change the format to:

SYS.agc.core.targetLevel.format="%.2f"

then MATLAB will display

core = AGCCore // Automatic Gain Control gain calcu lator module
targetLevel: -20.00 [4B] / TargeEaud io level
maxAttenuation: 100  =fdBi*/f Mrximum at tenuation of the AGC
maxGain: 12 [dB] // Maximum ga in of the AGC

Note that the .format field does not effect howtheable is displayed when returned to
MATLAB, as in

SYS.agc.core.targetLevel

In this case, Audio Weaver returns the numerichleraf .targetLevel to MATLAB and let's
MATLAB determine how to display it.

units- a string containing the underlying units of ttagiable. For example, ‘dB’ or ‘Hz'.
This is used by documentation and on user integfacels. User editable.

isLive— Boolean variable indicating the variable isdesy on the target (isLive = 1), or
if it has not yet been built (isLive=0). This g&aout equalling 0 when the module
is instantiated and the set to 1 by build.m. Nswrieditable.

isHidden— Boolean indicating whether a variable is hiddeldden variables are not
shown when a subsystem is displayed in the MATLABat window. However,
hidden variables may still be referenced. Usetabtb.

The .isHidden field can be used to hide variabde the user typically does not interact with. For
example, allocate d'%order Biquad filter:

>> M=biquad_module(‘filter’)
filter = Biquad // 2nd order IIR filter

b0: 1 /I First numerator coefficient

b1: 0 /I Second numerator coefficient
b2: 0 /I Third numerator coefficient

al: 0 /l Second denominator coefficient
a2: 0 /I Third denominator coefficient
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All 5 of the tunable filter coefficients are showAfter the filter is built, state variables are
added. You can see them by typing:

>> M.state
ans =

0
0

Of course, this assumes that you know what thebkes are called. To automatically show
hidden variables in the MATLAB output window, set

AWE_INFO.displayControl.showHidden=1;

Then, looking at the Biquad filter, all of the hafdvariables will be automatically shown:

filter = Biquad // 2nd order IIR filter

b0: 1 /I First numerator coefficient
b1: 0 /I Second numerator coefficient
b2: 0 /I Third numerator coefficient
al: 0 /l Second denominator coefficie nt
a2: 0 /I Third denominator coefficien t
state: 0
0]

See Section 5.2.9 for a description of all usaabé fields in the AWE_INFO structure.

isPreset- Boolean indicating whether the variable is ideld in the presets. User
editable.

This field is used by the create_preset.m funatiescribed in Section 9.5.5.

4.2. @awe_module

This class represents a single primitive audio ggemg function on the target. A module
consists of the following components: a set of rgrmgut and output pins, variables, and
functions. All of these items exist in MATLAB amdany of them have duals on the target itself.

4.2.1. Class Object
To create an audio module object, call the function

M=awe_module(CLASSNAME, DESCRIPTION)

The first argument, CLASSNAME, is string specifyitige class of the module. Each module
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must have a unique class name and modules on ther%ee instantiated by referencing their
class name The second argument, DESCRIPTION, is a shoxrig®on of the function of the
module. The DESCRIPTION string is used when digptathe module or requesting help.

After the module class is created, set the padradmeof the module:

M.name="moduleName";

Note that there is a distinction between the CLABSMN and .name of a module. The
CLASSNAME is the unique identifier for thgpeof the module. For example, there are
different class names for scalers and biquad $iltdhe .name identifies the module in the
system. The .name field must be unique withincilveent level of hierarchy in the system. At
this point, we have a bare module without inputdpots, variables, or associated functions.
These must each be added.

We'll now look more closely at the fields withireti@awe_ _module object. Instead of looking at
a bare module as returned by awe_module.m, welll & a module that is part of a system that
has already been built. We'll choose the core neodithin the agc subsystem:

SYS=agc_example;
struct(SYS.agc.core)

MATLAB displays

name: ‘core’
className: 'AGCCore'
description: 'Automatic Gain Control gain ca Iculator module’
classID: []
mfilePath: [1x85 char]
mfileDirectory: [1x91 char]
mfileName: ‘agc_core_module.m’
mode: 'Active’
clockDivider: 1
inputPin: {[1x1 struct]}
outputPin: {[1x1 struct]}
scratchPin: {}
variable: {1x17 cell}
variableName: {1x17 cell}
control: {1x10 cell}
wireAllocation: ‘distinct’
getFunc: []
setFunc: ]
processkunc: ]
bypassFunc: @generic_bypass
muteFunc: @generic_mute
preBuildFunc: @agc_core_prebuild_func
isHidden: 0

% The function classid_lookup.m can be used to deter if a class name is already in use. Reféudio Weaver
Module Developers Guider more information.
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isPreset: 1
isLive: 1
hierarchyName: '.agc.core'
hasFired: 1
targetinfo: [1x1 struct]
codeMarker: {[1x1 struct] [1x1 struct] [1 x1 struct] [1x1
struct]}
isTopLevel: 0
guilnfo: [1x1 struct]
drawlinfo: [1x1 struct]
doclinfo: [1x1 struct]
isLocked: 1
class: 'awe_module'
fieldNames: {36x1 cell}

The complete list of fields is described in #adio Weaver Module Developers Guidgome
commonly used fields are described below.

inputPin— cell array of input pin information. This infoation is set by the add_pin.m
function and should not be changed. You can adbées§eld to determine the
properties of the input pins. Each cell value aord a data structure such as

>> SYS.agc.core.inputPin{1}
ans =

type: [1x1 struct]
usage: 'input’
name: 'in'
description: 'Audio input'
referenceCount: 0
isFeedback: 0
drawlinfo: [1x1 struct]
wirelndex: 1

The type subfield reveals evey more information

SYS.agc.core.inputPin{1}.type

ans =
numChannels: 2
blockSize: 32
sampleRate: 44100
dataType: 'float’
isComplex: 0
numChannelsRange: ]
blockSizeRange: []
sampleRateRange: []
dataTypeRange: {'float’}
isComplexRange: 0

outputPin— similar to inputPin. It is a cell array desantdpthe output pins.

scratchPin- similar to inputPin. It is a cell array desand the scratch pins.
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isHidden— Boolean specifying whether the module shouldhmvn when part of a
subsystem. Similar to the .isHidden field of @awvaiable objects. User
editable.

isPreset- Boolean that indicates whether a module wilifmduded in generated presets.
By default, this is set to 1. User editable.

4.2.2. Input, Output, and Scratch Pins

Pins are added to a module by the add_pin.m fumctiéach pin has an associated Pin Type as
described in Section 4.4. After creating the Pypd, call the function

add_pin(M, USAGE, NAME, DESCRIPTION, TYPE)

for each input, output, or scratch pin you warddd. The arguments are as follows:
M- @awe_module object.
USAGE- string specifying whether the pin is an ‘inpbytput’, or 'scratch’.
NAME- short name which is used as a label for the pin.
DESCRIPTION- description of the purpose or function of the. pi
TYPE- Pin Type structure.

M.inputPin, M.outputPin, and M.scratchPin are eethys that describe the pins. Each call to
add_pin.m adds an entry to one of these arraygndigpg upon whether it is an input, output, or
scratch pin.

Some processing functions require temporary memstonage. This memory is only needed
while processing is active and does not need foeb&sted between calls. (On the other hand,
memory that needs to be persisted by a module eetaals to the processing function appears
in the instance structure and has usage "staldie) mechanism for allocating this temporary
memory and sharing it between modules is accongaislyscratch pins Scratch pins are added
to a module via add_pin.m with the USAGE argumenta 'scratch’'Scratch pins are typically
not used by audio modules, but are often requisedutsystems:or subsystems, the routing
algorithm automatically determines scratch pinisualid time.

4.2.3. Variables

Every audio module has an associated set of vagablhese variables are shown in MATLAB
and also appear on the target as wdlll of a module’s variables exist in both MATLARIaom
the target processor.

Use the add_variable.m command to add variablas tmudio module. The short syntax is:
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add_variable(M, VAR)

where M is the @awe_module object and VAR is thev@aariable object. Using the short
syntax requires that the variable object alreadgdrestructed. The longer and more useful
syntax for adding variable is:

add_variable(M, NAME, TYPE, VALUE, USAGE, DESCRIPTI ON, ISHIDDEN, ...
ISCOMPLEX);

where the ? and subsequent arguments are passed to the avablean function. See Section
4.1 for a description of these parameters.

After adding a variable to an audio module, it goad idea to also specify its range and units.
The range field is used when drawing user inteddskders and knobs, in particular) and also
for validating variable assignments. The unit;igtreminds the user of what units the variable
represents. You set these as:

M.variableName.range=[min max];
M.variableName.units='msec;

Note that after a variable is added to a modulaptears asfeeld within the module’s structure
and the name of the field equals the name of thahla. Attributes of an individual variable are
referenced using the “.” structure notation.

As an example, let’s look at the variables wittia scaler_smoothed_example_module.m
function. We see:

add_variable(M, 'gain’, 'float’, 0, 'parameter’, 'T arget gain’);
M.gain.range=[-10 10];
M.gain.units='linear";

add_variable(M, 'smoothingTime', 'float’, 10, 'para meter’, 'Time
constant of the smoothing process’);

M.smoothingTime.range=[0 1000];

M.smoothingTime.units='msec;

add_variable(M, 'currentGain’, 'float', M.gain, 'st ate', 'Instantaneous
gain applied by the module. This is also the start ing gain of the
module.’, 1);

add_variable(M, 'smoothingCoeff', 'float’, NaN, 'de rived’, 'Smoothing

coefficient', 1);

Only the first two variables, .gain, and .smootfimge are visible and thus need range and units
information.

Array variables are handled in a similar fashiooept that all arrays are indirect arrays - the
instance structure type definition contains a it the array. For example, an FIR filter has
separate arrays for coefficients and state vasable
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add_variable(M, 'numTaps', ‘int', L, ‘const’, 'Leng th of the filter");
M.numTaps.range=[1 5000 1];
M.numTaps.units='samples'’;

add_array(M, 'coeffs', 'float’, [1; zeros(L-1,1)], '‘parameter’, 'Coefficient
array");

M.coeffs.arrayHeap="AE_HEAP_FAST2SLOW/;

M.coeffs.arraySizeConstructor='S->numTaps * sizeof( float);

add_variable(M, 'statelndex’, 'int', 0, 'state’, 'l ndex of the oldest state

variable in the array of state variables');
M.statelndex.isHidden=1;

% Set to default value here. This is later updated by the pin function
add_array(M, 'state’, 'float', zeros(L, 1), 'state’ , 'State variable array");
M.state.arrayHeap="AE_HEAP_FASTB2SLOW/;
M.state.arraySizeConstructor='"ClassWire_GetChannelC ount(pWires[Q]) * S->numTaps

* sizeof(float)';
M.state.isHidden=1;

4.3. @awe_subsystem

This class represents both top-level systems dosl/stems; they are equivalent and no
distinction is made in Audio Weaver. A subsysteas hll of the characteristics of an audio
module: a class name, input and output pins, bkesaand associated sub-functions. In
addition, a subsystem contains two other items:

1. Internal modules
2. Connections between the modules and the subsysfgmand output pins.

Key subsystem functions are described next.

4.3.1. Subsystem Constructor Function

The call to create a new empty subsystem is sirtoléne call to create a new module described
in Section 4.2

SYS=awe_subsystem(CLASSNAME, DESCRIPTION);

You have to provide a unique class name and a deedription of the function of the
subsystem. (To be precise, the CLASSNAME only bdsetunique if you are generating C code
with the new subsystem class. Then, the CLASSNAME&to be unique among all of the
subsystems and audio modules.)

After the subsystem is created, set the partiodane of the subsystem:

SYS.name='subsystemName’;

At this point, we have an empty subsystem; no megjydins, variables, or connections. Pins
and variables are added using add_pin.m and addbleam just as for @awe_module objects.
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4.3.2. Adding Modules
Modules are added to subsystems one at a time thgrfgnction

add_module(SYS, MOD)

The first argument is the subsystem while the se@gument is the module (or subsystem) to
add. Once a module is added to a subsystem, éaapas a field within the object SYS. The
name of the field is set to the module's name. Wexican be added to subsystems in any order.
The run-time execution order is determined by théing algorithm.

As modules are added to the subsystem, they asmdpg to the .module field. You can use
standard MATLAB programming syntax to access thisrmation. For example, to determine
the number of modules in a subsystem:

count=length(SYS.module);

Or, to print out the names of all of the modulesa subsystem:

for i=1:length(SYS.module)
fprintf(1, '%s\n’', SYS.module{i}.name);
end

4.3.3. Adding Pins
The syntax for adding input and output pins to gatesns mirrors the syntax for adding these
items to modules. Refer to Section 4.2.2 for tbaids. Scratch pins are frequently used by
subsystems to hold intermediate wire buffers betwaedules. Fortunately, allocating these
temporary connections between modules is handlesratically by the routing algorithm.
There is no need to add scratch pins to subsystems.

In some cases, you want to add a pin to a subsybians of the same type as an internal
module. For example, the Hilbert subsystem usesadme pin type as the Biquad filter. This
can be achieved programmatically as shown below:

add_module(SYS, biquad_module('bqll?);
pinType=SYS.bgll.inputPin{1}.type;

add_pin(SYS, 'input’, 'in’, 'Audio Input', pinType) ;
add_pin(SYS, 'output’, 'out’, 'Audio output’, pinTy pe);

4.3.4. Adding Variables

Variables are added to subsystems in the same masitieey are added to modules. Refer to
Section 4.2.3 for the details.
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4.3.5. Making Connections
Connections between modules are specified usinggheect.m command. The general form is:

connect(SYS, SRCPIN, DSTPIN);

where SRCPIN and DSTPIN specify the source andr@gigin pins, respectively. Pins are
specified as strings to the connect.m command ubmgyntax:

moduleName.pinName

Consider the system shown below that is containddmmultiplexor_example.m.

out

To connect the output of the sine generatorl te&oend input of the multiplexor, use the
command:

connect(SYS, 'sinel.out’, 'mult.in2');

The module names "sinel" and "mult" are obviousbse they were specified when the
modules were created. The pins hames may not\neusbsince they appear within the
module's constructor function. To determine thmesof a module's pins, you can either utilize
the detailed help function awe_help described tiSe 3.2 (recommended)

awe_help multiplexor_smoothed_module
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Pins

Input Pins

. HName: inl @
Des&fiﬂtiﬂﬂr'Iﬂﬂut'signal

Data type: float
Channel range: Unrestricted
Elock size range: Unrestricted
Sample rate range: Unrestricted

Complex support: Real

« MName: inz =
DesCriptitt s Trphee” aignal
Data type: float
Channel range: Unrestricted
Elock size range: Unrestricted
Sample rate range: Unrestricted
Complex support: Real

. HName: in3 ;
DesdIpEIH " TEAIE signal
Data type: float
Channel range: Unrestricted
Elock size range: Unrestricted
Sample rate range: Unrestricted
Complex support: Real

Output Pins

MName: out
Description: Output signal
Data type: float
Channel range: Unrestricted
Elock size range: Unrestricted
SJample rate range: Unrestricted
Complex support: Real

or have MATLAB draw the module

M=multiplexor_smoothed_module('foo");
draw(M)
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Several short cuts exists to simplify use of thenawt command.

If the module has only a single input or output, piren you need only specify the module name,;
the pin name is assumed. Since the sine waveraenenodule in the multiplexor example has
only a single output pin, the example above redtwes

connect(SYS, 'sinel’, 'mult.in2";

Inputs and outputs to the subsystem are specifigdedbempty string. Thus,

connect(SYS, ", 'mult.inl");

connects the input of the system to the first ingfuhe multiplexor. Similarly,

connect(SYS, 'mult', ");
connects the output of the multiplexor to the otigftthe system.

By default, the connect command performs rudimgreaior checking. The function verifies
that the named modules and pins exist within thsystem. At build time, however, exhaustive
checking of all connections is done. Audio Weaxarfies that all connections are made to
compatible input and output pins (using the ramf@rmation within the pin type). You can
enable this exhaustive checking when a connectiomeide by supplying a"argument:

connect(SYS, 'mult, ", 1)
This is useful when debugging wiring failures thet revealed at build time.

Output pins are permitted to fan out to an arbytrarmber of input pins. Input pins, however,
can only have a single connection.
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Audio Weaver is setup to handle several speciasatconnections at build time. First, if an
input pin has no connections, Audio Weaver wilkeinsa source module and connect it to the
unconnected input. Either a source_module.m (flmasource_fract32_module.m is added
based on the first input to the sysfenif a module has an output pin without a conmexti
Audio Weaver inserts a sink module base on thetgipgof the unconnected pin

sink_module.m Floating-point data
sink_fract32_module.m Fixed-point data
sink_int_module.m Integer data

If the subsystem has a direct connection from patipin to an output pin, then a copier_module
is inserted. If a module output fans out to N otgpof the subsystem, then N-1 copier modules
are inserted

4.3.6. Top-Level Systems

Thus far, we have been using the tesystemandsubsystennterchangeably. There is a slight
difference, though, that you need to be awarelbie highest level system object that is passed to
the build command must bea@p-level systerareated by the function:

SYS=target_system(CLASSNAME, DESCRIPTION, RT)

The top-level system is still an @awe_subsysteraablijut it is treated differently by the build
process. The main difference is how the outpuippaperties are handled. In a top-level system,
the output pins properties are explicitly specifegl not derived from pin propagation. As an
added check, the pin propagation algorithm veriiied the wires attached to a top-level system's
output pins match the properties of each outpubpihe target. The top-level system functions
are described in more detail in Sections 5.3.158@.

In contrast, internal subsystems are created by tal

SYS=awe_subsystem(CLASSNAME, DESCRIPTION)

4.4.Pins
The function new_pin_type.m was introduced in ®#c8.3.2.1 and returns a data structure
representing a pin. The internal structure ofragain be seen by examining the pin data
structure. At the MATLAB command prompt type:

* Audio Weaver is guessing at the type of pin thesds to be connected.
® This is always correct since the pin type is iitedrfrom the module's output pin.

® This is required since each output of the subsyssestored in a separate buffer.
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new_pin_type

Be sure to leave off the trailing semicolon — ttasises MATLAB to display the result of the
function call. We see:

ans =

numChannels: 1
blockSize: 32
sampleRate: 48000
dataType: 'float’
isComplex: 0
numChannelsRange: ]
blockSizeRange: []
sampleRateRange: []
dataTypeRange: {'float’}
isComplexRange: 0

The first 5 fields of the data structure specify ¢hrrentsettings of the pin; the last 5 fields
represent thallowable range®f the settings. The range information is encaakgdg the
convention:

[] — the empty matrix indicates that there are anstraints placed on the range.
[M] — a single value indicates that the variabla oaly take on one value.
[M N] — a 1x2 row vector indicates that the varabhbs to be in the range M <=x <= N.

[M N step] — a 1x3 row vector indicates that theialale has to be in range M<=x<=N
and that it also has to increment by step. In MABLnotation, the set of
allowable values is [M:step:N].

By default, the new_pin_type.m function returnsrawith no constraints on the sampleRate,
blockSize, and numChannels. The dataType is daetido be floating-point and the data must
be real.

Additional flexibility is built into the range cotraints. Instead of just a row vector, range can
have a matrix of values. Each row is interpreted aeparate allowable range. For example,
suppose that a module can only operate at the samaujels 32 kHz, 44.1 kHz, and 48 kHz. To
enforce this, set the sampleRateRange to [320AMA%48000]. Note the semicolons which
place each sample rate constraint on a new row.

Audio Weaver also interprets NaN’s in the matrixfabey were blank. For example, suppose a
module can operate at exactly 32 kHz or in theeat®y1 to 48 kHz. To encode this, set
sampleRateRange=[32000 NaN; 44100 48000].

The new_pin_type.m function accepts a number abopt arguments:

new_pin_type(NUMCHANNELS, BLOCKSIZE, SAMPLERATE, DA TATYPE, ISCOMPLEX);
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These optional arguments allow you to propertiehefpin. For example, the call

new_pin_type(2, 32, 48000)

returns the pin

ans =

numChannels: 2
blockSize: 32
sampleRate: 48000
dataType: 'float’
isComplex: 0
numChannelsRange: 2
blockSizeRange: 32
sampleRateRange: 48000
dataTypeRange: {'float’}
isComplexRange: 0

This corresponds to exactly 2 channels with 32 $asmgach at 48 kHz.

The pin type is represented using a standard MATIs&Bcture. You can always change the
type information after new_pin_type.m is callecbr Example,

PT=new_pin_type;
PT.sampleRateRange=[32000; 44100; 48000];

The current values and ranges of values are bothdad in Audio Weaver for a number of
reasons. First, the range information allows gordihm to represent and validate the
information in a consistent manner. Second, thargormation is available to the module at
design time, allocation time, and at run-time. &oample, the sample rate can be used to
compute filter coefficients given a cutoff frequgme Hz. Third, most modules in Audio
Weaver are designed to operate on an arbitrary aupftthannels. The module's run-time
function interrogates its pins to determine the hanof channels and block size, and processes
the appropriate number of samples.

Consider the bass tone control subsystem introduncgéction 3.6. The subsystem was
connected to stereo input and output pins anddhud the internal wires hold two channels of
information. If the bass tone control were coneddb a mono input, then all of the internal
wires would be mono and the module would operaexpscted.This generality allows you to
design algorithms which operate on an arbitrary fa@mof channels with little added
complexity.

Usage of new_pin_type.m is slightly more complidatean described above. In fact, the 5
arguments passed to the function actually speledyangesof the pin properties and the current
values are taken as the first item in each rafge.example, consider a module that can operate
on even block sizes in the range from 32 to 64is Ehspecified as:

new_pin_type([], [32 64 2])
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ans =

numChannels: 1
blockSize: 32
sampleRate: 48000
dataType: 'float’
isComplex: 0
numChannelsRange: ]
blockSizeRange: [32 64 2]
sampleRateRange: []
dataTypeRange: {'float’}
isComplexRange: 0

Note that the first argument, the number of chasnglempty. An empty matrix places no
constraints on the item. Notice also that theenirblockSize equals the first value, 32, in the
range of allowable block sizes. Additional examnsgigghlight other ways to use this function.

You can also specify that a pin can hold eitheatfltg-point or fract32 data. Pass in a cell array
of strings as theargument to new_pin_type:

>> P=new_pin_type([], ], [], {'float’, 'fract32'})
P=

numChannels: 1
blockSize: 32
sampleRate: 48000
dataType: ‘'float’
isComplex: 0
numChannelsRange: ]
blockSizeRange: []
sampleRateRange: []
dataTypeRange: {'float' 'fract32'}
isComplexRange: 0

Some modules do nothing more than move data arodrdmples include the
interleave_module.m and the delay_module.m. Thesg#ules do not care about the data type,
only that it is 32-bits wide. The new_pin_typeumdtion uses the shorthand *32' to represent
all 32-bit data type. This currently includesdlo 'fract32', and 'int':

>> PT=new_pin_type([], I, [I. *32))
PT =

numChannels: 1
blockSize: 32
sampleRate: 48000
dataType: 'float’
isComplex: 0
numChannelsRange: ]
blockSizeRange: []
sampleRateRange: []
dataTypeRange: {'float' 'int' 'fract32'}
isComplexRange: 0
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5. MATLAB Function Reference

This section documents additional Audio Weaver MABLcommands. The goal is to describe
the functions and demonstrate how they are uspdhictice. Help can also be obtained for each
function from within MATLAB by typing

help functionName

5.1. Automatic Assignment in the Calling Environment

The standard MATLAB programming model is to passapeeters by value. If a function

updates one of its input arguments, then it musetened as an output argument for the change
to occur in the calling environment. For examphe, add_module.m function takes an audio
module as an argument and adds it to an existingystem. The syntax is:

SYS=add_module(SYS, MODULE)

where SYS is an @awe_subsystem object and MODUREB ®awe_module object. You'll
note that SYS appears as both an input and outguireent to the function add_module.m.

In some cases, Audio Weaver overrides the defaAlf M\B behavior in order to simply the
scripts. The function add_module.m can be callgdout an output argument

add_module(SYS, MODULE)

in which case the variable SYS is automaticallyatpd in the calling environment. This works
properly as long as SYS is not derived from arnrinegliate reference or calculation. For
example, suppose that SYS contains an internalystdme named ‘preamp’. To add a module to
'preamp’, you may be tempted to use the syntax

add_module(SYS.preamp, MODULE)

However, this will fail because the first argumeB\¥,S.preamp, is derived from an intermediate
calculation (actually, a reference). Instead, grplicitly need to make the assignment in the
calling environment:

SYS.preamp=add_module(SYS.preamp, MODULE)

The most common time that users stumble with thrgept is when the use the awe_setstatus.m
command described in Section 5.4.4. When youlamaging the status of a module within a
subsystem you must reassign the output argument as

SYS.mod=awe_setstatus(SYS.mod, 'bypassed’);
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5.2. General Audio Weaver Commands
The section describes general commands used t@uoosmand control Audio Weaver.

5.2.1. awe_init.m
HOME=awe_init;
Configures MATLAB for use with Audio Weaver and rahes the Server application. The

MATLAB path is updated and the global variable AWRFO is set. When called, the function
returns the home directory for Audio Weaver.

HOME=awe_init(REMOVE)

An optional Boolean argument allows you to speaihether a list of other Audio Weaver
directories should be added to the MATLAB pathy dgfault, REMOVE=0 and the directories
are added. Removing the directories also causeglitibal variable AWE_INFO to be erased.

You must call awe_init.m prior to building a systesn using any commands
which interact with the Server. In addition, yaawvh to call this function
whenever the Server is shutdown and relaunchedtdeut$ Audio Weaver.

5.2.2. awe_help.m

awe_help

By itself, the function lists out all audio modublekich are available in Audio Weaver. Clicking
on an item in the list pulls up detailed help foe selected module. You can also get detailed
help on a module by passing the module's .m file sescond argument. For example,

awe_help scaler_smoothed_module

The function identifies suitable module files byeapg all .m files on the Audio Weaver module
path and searching for the string '‘AudioWeaverMetdstmewhere in the file. If the string
exists, then the .m file is assumed to containuaiicamodule.

5.2.3. awe_server_launch.m

This function manually launches the Audio Weavawv&eand is called automatically by
awe_init.m.

awe_server_launch

The function returns immediately. To shut down $®sver, use

awe_server_launch('close")

A!.l.m) Page: 64 of 162



DSP Concepts, LLC. Audio Weaver 2.0 User’s Guide

Note that any time you manually launch the Audioawér Server, you have to rerun awe_init.m
to reestablish communication with the Server.

5.2.4. awe_diary.m

Saves commands sent from MATLAB to the Audio Wed&erver to a text file. The function
can be called several different ways.

awe_diary(‘on’, FILENAME)

Begins command logging to the file named FILENAMEhe file is created in the current
directory.

awe_diary(‘'on', FILENAME, APPEND)

An optional second argument allows you to specifiether the commands should be appended
(APPEND=1) to the file, or if the file should firbe deleted (APPEND=0). By default,
APPEND=0.

awe_diary('off)

terminates command logging and closes the file.
awe_diary('status')

or
awe_diary;

provide status information about the current loggiperation.
awe_diary('play', FILENAME)

Sends the messages contained in FILENAME to thacAtaver Server, one message at a
time.

For example, suppose that you want to store dh@tommands associated with the
test_gui_scaler_smoothed.m script into a text fissue the commands:

awe_diary('on’, 'test_gui_scaler_smoothed.aws");
test_gui_scaler_smoothed;
awe_diary('off");

At this point, all of the commands sent to the $erare contained in the file
test_gui_scaler_smoothed.aws. You can then répéagommands from MATLAB by issuing:
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awe_diary('play’, 'test_gui_scaler_smoothed.aws");

You can also playback diary files directly from Wows Explorer. The .aws extension is
associated with the Audio Weaver Server. Simplyldie-click an .aws file to execute it.

By default, the diary file is written in the curtddATLAB working directory. You can specify
an alternate directory by setting the global vdeab

global AWE_INFO;
AWE_INFO.diaryControl.outputDirectory="c:\myfiles\s cripts’;

In addition to logging text script files, the Audideaver diary can also create compiled script
files. Refer to Section 9.5.4 .

5.2.5. awe_getini.m and awe_setini.m

STR=awe_getini(SECTION, KEY);
awe_setini(SECTION, KEY, VALUE)

These complementary calls are used to query anthrealues from the Audio Weaver Server
initialization file. This text file is found in:

<AWE>/bin/AWE_Server.ini

You can use these calls, for example, to deterimhifhedio Weaver is executing natively on the
PC or on an embedded target. For example, the code

if (str2num(awe_getini('Settings', 'UseRS232Target' ) ==1)
% On the DSP, use line in
awe_server_command(‘audio_pump");
else
% On the PC, use an MP3 file
awe_server_command(‘audio_pump,audio/Bach Piano .mp3";
end

checks value of the "UseRS232Target" key. If adt,tit issues the "audio_pump" command to
begin real-time execution on the embedded tar@#terwise, if set to 0 (on the PC), it issues the
"audio_pump,audio/Bach Piano.mp3" and begins playlbaan MP3 file.

5.2.6. awe_home.m

Returns the current home directory of Audio Weasea string. Internally, the function queries
MATLAB to determine the location of the file awe rhe.m and bases the home directory off the
location of this file.

5.2.7. awe_server_command.m

OUT=awe_server_command(IN)
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Sends a text command directly to the Audio Weaegv&. IN is the string to send. The result
from the Server is returned in OUT. If the Semeports an error, then execution halts.

[OUT, SUCCESS]=awe_server_command(IN)

An optional second output argument can be usedpoetrrors. The Boolean SUCCESS
specifies success (=1) or failure (=0) of the comthaCommands will then fail silently and you
should examine the returned string OUT to deterrtheeexact failure.

The awe_server_command.m function is used intgrbglAudio Weaver. There are only a few
instances of when you would call this function dihg

awe_server_command(‘audio_pump")

Begins real-time audio processing. The line inpuns line outputs on the PC or embedded
target are used. You'll need to connect an extemace, such as a CD player or MP3 player, to
your PC or embedded target.

awe_server_command(‘audio_pump,file.mp3");

Begins playback of the compressed audio file 'thig3". The location of the file is relative to
the AWE_Server.exe executable. Audio Weaver suppdP3 and WAV files, and file
playback is only supported on the PC. The functiam also be called with the absolute path of
an audio file.

awe_server_command(‘audio_pump,c:\audio\file.mp3");

To halt audio playback, use

awe_server_command('audio_stop’)

The awe_diary.m function can be used to playbadgtdiles. The Server can also playback
files directly. The command

awe_server_command('script,file.aws")

executes all of the Server commands containederafs. Files paths are relative to the
AWE_Server.exe executable. Absolute paths arepswitted. This command is equivalent to
the Server's Fil® Execute Script... menu command.

5.2.8. awe_version.m

Returns the current version of Audio Weaver asta simucture. For example, this release
returns:

>> awe_version
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ans =

ver: '2.0'
buildDate: 'Sep 4'
buildTime: '2008 17:19:18'

The field .ver is a string of the form "M.N" whekkis the major version and N is the minor
version. This release returns "2.0".

5.2.9. AWE_INFO

This global variable was first introduced in Sectth1l and controls some aspects of Audio
Weaver. AWE_INFO is a structure with the followifiglds:

AWE_INFO.displayControl — determines whether hidglariables are displayed in
module and subsystem structures. Refer to Sedtion

AWE_INFO.testControl — Used internally by DSP Captsefor automated regression
tests.

AWE_INFO.drawControl — Controls whether variableses, and pin names are shown
by the draw.m command. Used internally by the draeaommand.

AWE_INFO.docControl — Controls aspects of documtoriageneration. Refer to the
Audio Weaver Module Developers Guide more detalils.

AWE_INFO.inspectorControl — Used internally by #hee _inspect.m command.

AWE_INFO.buildControl — Refer to theudio Weaver Module Developers Guiddost
of the fields are used internally by the build.nmezoand. Two user settable ones
are:

.profileMemory — specifies if memory heap infornaattis monitored during the
build process. Refer to Section 5.3.4 of this ds8uide.

.echoCommands — specifies if all of the Server camis and responses are
echoed to the MATLAB output window. This is primiaiused when debugging
and you want to monitor the communication betweeliAB and the audio
Server.

AWE_INFO.plotControl — Used internally by DSP Coptse
AWE_INFO.diaryControl — Used internally by the awleary.m command.

AWE_INFO.windowsVersion — a string indicating therently used version of
Windows. This string is returned by the DOS comdharer”. The string has the
form "X.Y.Z" where X is the major build version aivdand Z are minor build
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versions. Version 5 indicates that Windows XPisise. Version 6 indicates that
Windows Vista is in use. (Audio Weaver uses thad@ivs version information
to determine how closely inspectors can be spaced.)

5.3. Building and Run-Time Commands

The commands in the section relate to buildingéinget system and getting real-time MIPs and
memory usage information.

5.3.1. target_system.m
SYS=target_system(CLASSNAME, DESCRIPTION, RT)

This function allocates an empty top-level systemeixecution in Audio Weaver. This is the
first call that you should make when creating a sggtem. Arguments:

CLASSNAME - string specifying the class name of dlerall system. The
CLASSNAME is optional when dynamically instantiagisystems using the
Audio Weaver Server. When generating standalode,dbhe CLASSNAME is
required.

DESCRIPTION - a string containing a short desaniptf the purpose of the system.
This argument is optional and can be set to thetystpng.

RT — a Boolean specifying whether the system valbhilt and run in real-time. Set
RT=1 for real-time execution; otherwise set RT#0not specified, it is assumed
that RT=1.

The function returns SYS, an object of class @aulesystem. The system SYS will be
instantiated by sending commands to the Server.

After creating a new target system, you must add fhat are compatible with the target
hardware (sample rate, number of channels, andklsiae). Refer to the target hardware
documentation for a description of the specificatalities of the target hardware. There is some
inherent flexibility in Audio Weaver that you netalbe aware of.

1. If an input pin of the top-level system has morarotels than the corresponding pin of
the target hardware, then Audio Weaver passeargkt channels to the system and fills
the remaining channels with zeros.

2. If an input pin of the top-level system has fewearnels than the corresponding pin of
the target hardware, Audio Weaver ignores the nemgichannels from the target
hardware.

3. If an output pin of the top-level system has mdramnels than the corresponding pin of
the target hardware, Audio Weaver ignores the reimgichannels and just outputs the
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lower channels.

4. If an output pin of the top-level system has fealginnels than the corresponding pin of
the target hardware, Audio Weaver outputs the lashannels and fills the remaining
channels with zeros.

5. The target hardware has an underlying block sizegwusually equals the size of the
DMA buffer). The block size of the top-level systenust equal the target hardware
block size, or be an integer multiple of the tatggtdware block size.

The argument RT effects only pin propagation. TER, then the properties of the system's
output pins are derived from pin propagation. Tisathe pin properties are derived from the
modules connected to the output pins. In contifaR{T=1, the properties of the system's output
pins are specified by the add_pin.m call. Pin pgation verifies that the propagated pin
information matches the properties of the outpaospi

5.3.2. matlab_target_system.m
SYS=matlab_target_system(CLASSNAME, DESCRIPTION)

This command is similar to target_system.m exdegut the system will be built and run
completely in the MATLAB environment. Arguments:

CLASSNAME is optional when dynamically instantiaginystems using the Audio
Weaver Server. When generating standalone cod&tASSNAME is required.

DESCRIPTION — a string containing a short desariptf the purpose of the system.
This argument is optional and can be set to thetyestpng.

Note that MATLAB target systems do not have an Rjument. That is because the MATLAB

target only simulates the processing and is noticesd by the properties of physical output pins.

5.3.3. prebuild.m
SYS=prebuild(SYS);

This function prepares an Audio Weaver system fecation. The function is called
automatically by build.m, but there may be timeewit needs to be manually executed. The
function performs the following operations:

1. Determines the execution order of the modulesearsistem.

2. Propagates pin information starting from the inpputs, through all of the modules, to
the output pins. This resolves pin sizes and samgtés.

3. Calls any prebuild functions associated with moslaed subsystems. In some cases, this
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resolves array sizes.
4. Allocates wires buffers and scratch pins.

For example, consider a system containing a simgier module:

SYS=target_system('Test', 'Meter prebuild example’) ;
add_pin(SYS, 'input’, 'in’, 'audio input', new_pin_ type(2, 32));
add_pin(SYS, 'output’, 'out’, 'audio output’, new_p in_type(2, 32));
add_module(SYS, meter_module('meter"));

connect(SYS, ", 'meter’);

The system has 2 input channels and the meter el an internal array .value which stores a
separate value for each input channel. The .\eai@y should be of size 2x1. Examining the
module, we see:

>> SYS.meter
meter = Meter // Peak and RMS meter module

meterType: 0 /I Operating module of the meter.
value: [] /I Array of meter output values, o ne per channel

At this point, .value is the empty array. The piformation has not yet been propagated from
the input of the system to the meter module. Ridibg the system clears up the array size an
initializes the values to O:

>> SYS=prebuild(SYS);
>> SYS.meter
meter = Meter // Peak and RMS meter module

meterType: 0 /I Operating module of the meter.
value: [0 // Array of meter output values, on e per channel
0]

Because prebuild.m updates variables sizes in sases, it is good practice to use the following
steps when creating and configuring systems:

1. Create the overall target system.
2. Add input and output pins

3. Add audio modules

4. Connect audio modules

5. Build or prebuild the system

6. Configure variable values

Step #5 ensures that all variable sizes are clegrdsbfore you start setting them.
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5.3.4. build.m
SYS=build(SYS);

Builds an audio system and gets it ready for read-texecution in Audio Weaver. The function
calls prebuild.m in order to propagate pin inforimathrough the system, determine run-time
order, and to allocate scratch buffers. Next, eacHule is instantiated on the target and the
overall system created.

The global variable

AWE_INFO.buildControl.profileMemory

controls the build process. If profileMemory=1¢gttefault), then memory profiling information
is tracked while the system is built. This is tlg slower, but makes detailed memory profiling
information available to the target_profile.m cormda

Audio Weaver may automatically insert additionaldules when a system is being built. If the
data type of a system input or output pin doeswetth the data type of the target hardware, then
Audio Weaver inserts a fract32_to_float_module.miaat_to fract32_module.m. For example,
consider a system with a stereo floating-pointescadodule.

SYS=target_system(‘Test', 'Scaler match example");

add_pin(SYS, 'input’, 'in’, 'audio input', new_pin_ type(2, 32));
add_pin(SYS, 'output’, 'out’, 'audio output’, new_p in_type(2, 32));
add_module(SYS, scaler_module('scale’, 1));

connect(SYS, ", 'scale";

connect(SYS, 'scale’, ");

All Audio Weaver targets pass data in fract32 fdrtoaand from the audio processing. The
system SYS has floating-point inputs and outpétsdio Weaver automatically inserts format
conversion modules to the system. Before beinlg, tné system has a single module:

>> SYS
= Test // Scaler match example

scale: [Scaler]

After the system is built, format conversion modutave been added:

>> SYS
= Test // Scaler match example

autolnputConvert_1: [Fract32ToFloat]
scale: [Scaler]
autoOutputConvert_1: [FloatToFract32]

As expected, the fract32 input is converted totitmgpoint for processing by the scaler module.
Then the floating-point result is converted to fB&cto match the target's output pin.
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1 [32x2] 2 [32x2]
45000 45000
fract32 fract32

You can disable data type matching by setting:

AWE_INFO.buildControl.matchDataType=0;

When disabled, building the above system will faflou have to manually insert the type
conversion modules yourself.

Audio Weaver also automatically matches the nurobehannels in your system to match the
number of channels supported by the physical haelwih there is a mismatch, then router
modules are automatically inserted.

Consider the scaler example again. The syster imgaut and 2 output channels. If the system
is built on the Audio Weaver Demo Board, which Basputs and 4 outputs, then there would be
a mismatch at the output: 2 channels from SYS eciaadl to 4 channels on the target. Audio
Weaver automatically corrects this by insertingater module. After building, the system will
be:

>> SYS
= Test // Scaler match example

autolnputConvert_1: [Fract32ToFloat]
scale: [Scaler]

autoOutputRouter_1: [Router]

autoOutputConvert_1: [FloatToFract32]

1,32x2] 2[32x4]
43000 48000

fract32 fract32

You can disable matching the number of channekseltyng:

AWE_INFO.buildControl.matchNumChannels=0;

Automatic matching of data types and number of nklnis a new feature
introduced in Audio Weaver 2.0. Along with this alga, all target platforms were
standardized to have a common fract32 data typgormatic matching simplifies
the overall process of building systems, especaila floating-point target since
the required type conversion modules are autonigtioserted.
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5.3.5. target_profile.m
target_profile(SYS, FORMAT)

Computes profiling information (processor and megmudilization) for a system running in
Audio Weaver. Arguments:

SYS - @awe_subsystem or @awe_module object

FORMAT - an optional string that is passed to peofilisplay that controls the
formatting of the output data. Refer to the fumetprofile display.m for an
explanation on how to use this argument.

The system or module SYS must be running in rea¢-tivhen the profile is computed.

When called with no output arguments, the functi@plays detailed profiling information to the
MATLAB output window. When called with an outpugament:

SYS=target_profile(SYS)

The function computes the profiling information astdres it back within the .targetinfo field of
each subsystem/module within the system.

For example, run the test script
SYS=agc_example;

This instantiates and builds the system SYS. Theofile the system as:
target_profile(SYS)

Without a trailing semicolon, the following infortian will be displayed to the MATLAB
output window:

Wire Index Type  numChannels blockSize FA ST_HEAP FAST_HEAPB SLOW_HEAP
1 Input 2 32 69 0 0
2 Output 2 32 69 0 0
3 Scratch 2 32 69 0 0
4 Scratch 1 32 37 0 0
5 Scratch 2 32 69 0 0
Totals ~ ------ 31 3 0 0
Total ticks per block: 2330.7
Average ticks per block execution: 196.5 (8.4 3 %)
Instantaneous ticks per block execution: 204.0 (8.7 5 %)
Peak ticks per block execution: 8029.0 (34 4.48 %)
Module Name Class %CPU T icks/Process FAST_HEAP FAST_HEAPB
SLOW_HEAP
test 43841 1 02.2572 106 0 0
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.autolnputConvert_1 Fract32ToFloat 0.60327 1 41237 10 0 0
.scale ScalerDB 0.58582 1 3.6902 12 0 0
.inputMeter Meter 0.8056 1 8.2739 18 0 0
.agc AGC 1172 2 6.6096 38 0 0
.agc.core AGCCore 0.65698 1 4.9027 27 0 0
.agce.mult AGCMultiplier 0.51497 1 1.7069 11 0 0
.outputMeter Meter 0.69979 1 5.9085 18 0 0
.autoOutputConvert_1 FloatToFract32 0.51764 1 3.6514 10 0 0

=test//

autolnputConvert_1: [Fract32ToFloat]
scale: [ScalerDB]
inputMeter: [Meter]
agc: [AGC]
outputMeter: [Meter]
autoOutputConvert_1: [FloatToFract32]

The top section reports wire usage. The systeminesja total of 6 wires and there is detailed
size information for each wire. All together, thies require 510 words of storage, and all
words are 32-bit integers in Audio Weaver. The rmgnbreak down is per heap, and the wires
are allocated within the memory heap named "FASTAPIE

The second half of the information pertains tortiedules. The first line with the class name
"test” is the overall system. Below is a break ddwy subsystem and by module. The overall
system requires 2.709% of the CPU, which in thgeda a 263 MHz SHARC 21371 processor.
The column "Ticks/Process" is target specific amtidates the average number of clock ticks
needed to execute the function. On the SHARC, eladik tick represents 1 processor cycle, or
about 3.8 nanoseconds. On the PC, each clockgpksents 100 nanoseconds. The clock tick
measurements are smoothed in real-time by a fidgrdIR filter. The smoothing is roughly
equivalent to averaging the tick counts over 103 ¢a the processing function.

You can also call the profiling function with antput argument:
SYS=target_profile(SYS);

In this case, the profiling information is storedhin the system structure SYS. The wire usage
is contained within each of the input, output, anchtch pins. For example, examining the first
input pin, we see

>> SYS.inputPin{1}
ans =

type: [1x1 struct]
usage: 'input’
name: 'in'
description: "
referenceCount: 0
isFeedback: 0
coord: [NaN NaN]
wirelndex: 1
heapSize: [3x1 double]
heapName: {3x1 cell}
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The memory heap names are seen immediately, Wiglendividual heap sizes are under the
.heapSize field:

>> SYS.inputPin{1}.heapSize
ans =

69
0
0

Similarly, per module profiling information is canhed in the .targetinfo field of each module.
For example

>> SYS.agc.targetinfo
ans =

heapSize: [3x1 double]
heapName: {3x1 cell}
mangledName: "
objectAddr: []
profileTime: 1.6915e+003
profilePercent: 1.0119

5.3.6. target_get_heap_info.m

This call returns the names and sizes of all merheaps on the target. By default, the function
returns the current sizes of the heaps

>> target_get_heap_info
ans =

10239423
10240000
4194304

The size of each heap is in 32-bit words. Thetionalso returns the names of the heaps when
called as:

>> target_get_heap_info('names')
ans =

'FAST_HEAP'
'FAST_HEAPB'
'SLOW_HEAP'

When memory profiling is enabled in Audio Weavéistcall is made before and after each
audio module is instantiated on the target. Byganmg the memory sizes before and after
instantiation, the memory requirements of each reodan be determined.
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5.3.7. target_get_classlist.m

Queries the Server to determine which audio modalksses are available. When called with no
return argument, the function lists out the avadatbasses to the MATLAB output window. A
partial example is shown below:

>> target_get_classlist;
205 Module Classes on Server

Class Name DLL Name ClassID A ddress  Num Public Num Private
ModuleCopier FrameDLL.dll 1 0 x1014089C 0 0
ModuleDeinterleave FrameDLL.dIl 2 0 x1014087C 0 0
ModuleDelay FrameDLL.dIl 3 0 x1014085C 3 1
ModuleDelayMsec FrameDLL.dll 4 0 x10140838 2 1
ModuleDelayNTap FrameDLL.dll 5 0 x10140818 2 2
ModuleDownsampler  FrameDLL.dll 6 0 x101407F8 1 0
Moduleinterleave ~ FrameDLL.dIl 7 0 x10140798 O 0

L=target_get classlist;

When call with an output argument, the functiomne$ an array of structures, one per audio
class. Each structure contains the class name,Habhte, address of the class object on the
target, the integer classID, and the number ofipwrid private words in the instance structure.
For example:

>>L(3)
ans =

className: 'ModuleDelay'
dlIName: 'FrameDLL.dII
addr: 269748316
classID: 3
numPublic: 3
numPrivate: 1

5.3.8. target_get_info.m
Queries the Server to determine properties ofdtget. The function returns a data structure
with the fields shown below:

>> target_get_info
ans =

name: 'Native'
version: '1.0.0.1'
processorType: 'Native'
isFloatingPoint: 1
isFlashSupported: 1
numin: 2
numOut: 4
inputPinType: [1x1 struct]
outputPinType: [1x1 struct]
fundamentalBlockSize: 32
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sampleRate: 44100
sizeofint: 1
profileClock: 120000000

where numin and numOut may vary depends on thesoserd card . The fields contain the
information below:

name-— short string (8 characters as most) that idestthe target. 'Native' indicates that
the processing is occuring on the PC.

version— version string in the form #.#.#.#.

processorType string specifying the type of processor. Valogsently supported are
‘Native', 'SHARC', and 'Blackfin'.

isFloatingPoint— Boolean specifying whether the processor has(trat emulated)
floating-point capabilities. This does not refettihe data type of the I/O pins
which are always fract32.

isFlashSupported Boolean specifying whether there is a flashditstem on the target.
numin numOut— number of input and output channels.

inputPinTypeoutputPinType- structures returned by new_pin_type() which dbsdhe
input and output pins.

fundamentalBlockSize underlying blockSize used by the DMA operatiortloe target.
The blockSize of wires connected to the input dpoupins must be multiples of
the fundamentalBlockSize.

sampleRate- audio sample rate, in Hz.

sizeoflnt— value of the C expression sizeof(int). Thiased by the Server to determine
structure offset addresses.

profileClock— speed of the underlying clock used for modutdilong. On the PC, this
equals 10 MHz. On the SHARC and Blackfin, thisaguhe processor's clock
speed.

5.4.Commands Related to Audio Modules and Subsystems

5.4.1. add_control.m
Adds a single variable to a module's inspectoris €ammand is described in Section 8.
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5.4.2. add_module.m
SYS=add_module(SYS, MOD)

Adds a module to an @awe_subsystem object. Argtsmen
SYS - @awe_subsystem object to which to add theuleod
MOD - @awe_module object returned by one of the ufedonstructors.

The updated system is returned as an output argurfaro output argument is supplied

add_module(SYS, MOD)

then the system object SYS is updated in the cpdlimvironment. The module appears as a field
within the structure SYS and the field name is tekkem the module's name, MOD.name. (The
module's name is set as the first argument to thadule constructor function.) The module
name must be unique within the subsystem, anddtieraodule function checks for this. If a
duplicate module name is supplied, the followingeoccurs

??7? Error using ==> add_module
A module with that name already exists in the syste m

5.4.3. add_pin.m
M=add_pin(M, USAGE, NAME, DESCRIPTION, TYPE)

Adds a single input, output, or scratch pin to aaw@_module or @awe_subsystem object.
Arguments:

M - @awe_module or @awe_subsystem object.

USAGE - a string indicating whether this is anutygoutput', or 'scratch’ pin.
NAME - a short name, or label, that is used toftifiethe pin.

DESCRIPTION — a longer description that appeath@module documentation.
TYPE — a pin type structure returned by new_pinetyp

Examples of how to use this function are provide&ection 3.3.2.1. Note that the set of input
names must be unique as well as the set of ouipsit fhe add_pin function checks for this and
reports the following error if this condition isolated:

?7?? Error using ==> add_pin
An input pin named 'in' already exists. Choose ano ther name
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5.4.4. awe_getstatus.m and awe_setstatus.m

These functions apply to audio modules and to |1bBys that have been compiled and exist
natively on the target. In contrast, flattenedsygbems do not support these calls. These
functions query and change the run-time status@fualio module. Each audio module has an
associated status that affects its run-time belnavio

‘Active’ — the audio module is running and its mssing function is being called.

'Muted' — the module's output buffers are filledhageros; the processing function is not
called.

'‘Bypassed' — the module's inputs are copied dyréxiks outputs. The generic version
copies the'f input pin to the'f output pin. A module may also define a custom
bypass function if the generic version is not appede. Refer to thAudio
Weaver Module Developers Guifte further details about custom bypass
functions.

'Inactive’ — Nothing happens. When inactive, a a@d output buffers are unchanged.
Be careful when using inactive mode because theentsof the output buffers is
undefined and will be propagated to downstream nesdunactive mode is used
primarily for debugging. When a module is placedhiactive mode, you may
hear a periodic squeal at the block rate. Thisiecwhen the module's output
buffer is not touched and the previous contentcanéinuously recycled.

Some modules allow you to modify the run-time tatia the inspector. The status control
appears as 4 radio buttons as shown below:

Status
+ Ackive
" Muked
(" Bypassed
(" Inactive

The run-time status can be changed during desiga dr in real-time. Note that changes occur
instantly without smoothing and audible clicks nagult. To set a module's run-time status, use
the command

M=awe_setstatus(M, STATUS)

where M is an @awe_module object and STATUS isiagstvith one of the values 'active’,
'muted’, 'bypassed’, and 'inactive’. The funatesarns an object reflecting the change in status.
You can also change the status of individual maluiea subsystem as:

SYS.subsystem.module=awe_setstatus(SYS.subsystem.mo dule, STATUS);

To query a module's run-time status, use the comdman
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STATUS=awe_getstatus(M)

Every module has an associated run-time statusub&ystem may also have a run-time status if
it exists natively on the target. If the subsystsiftattened, then only the status of individual
modules may be changed.

5.4.5. check_connections.m
STATUS=check_connections(SYS)

This functions checks the wiring within an @awe ssi#em object looking for wiring errors and
completeness. This function is called automatyadliring the build process to ensure that the
system can be properly built. Input arguments:

SYS - @awe_subsystem object.
The function returns an integer STATUS that isripiteted as:
-1 There is a wiring error

0 There are no wiring errors, but the wiring is ooinplete. There are 1 or more
pins in the subsystem that are not connected

1 There are no wiring errors and the wiring is cteteo The system is ready to
build.

Connections within a subsystem are made by theemtmrm command. Each connection is from
a named source module / output pin to a namednddistn module / input pin. The
connection.m function catches several differeningierrors:

1. The named source module / output pin does not.exist
2. The named destination module / input pin does xigt.e
3. A module's input pin has multiple connections géefan-in).

4. A system output pin has multiple connections (dlefgn-in).

STATUS=check_connections(SYS, FIXUP)

An optional second argument instructs the functmfix a subset of the wiring errors. If
FIXUP=1, then the corrections are made. If FIXURtH@ default), then the corrections are not
made. The function can fix the following wiringgiems:

1. For every unconnected system input pin, the funciidds a sink module.

2. For every unconnected module output pin, the foncéidds a sink module.

A!.l.m) Page: 81 of 162



DSP Concepts, LLC. Audio Weaver 2.0 User’s Guide

3. For every unconnected system output pin, the fanadds a source module.
4. For every unconnected module input pin, the fumciidds a source module.

The source and sink modules are named "autoSoulktea "autoSink_NN", where NN is an
integer.

Note that the function has to guess at the pin dffgbe source modules that are added. That is
because the pin type information is derived fromgburce module and propagated downstream.
The following logic is used to derive the pin type:

1. The type of the first system input pin is used.
2. If the system has no inputs, then the type of itls¢ dutput pin is used.

3. If the system has no inputs and no outputs, them#fault pin type returned by the
function new_pin_type.m. is used.

Be aware that this heuristic can often lead to nairines in pin dimensions and sample rates. It
is good practice to never have unconnected pins.

5.4.6. connect.m
SYS=connect(SYS, SRC, DST)

Creates a single wiring connection within an Audieaver subsystem. Arguments
SYS - @awe_subsystem object.
SRC - string specifying the starting pin of the mection
DST - string specifying the ending pin of the cartioa

The general syntax for specifying a pin is ‘'mod@efé.pinName’. An empty module name is
used to specify an input or output of the subsystéhmt is, when SRC is of the form
.pinName’, it specifies a subsystem input pimmiirly, when DST is of the form ".pinName’, it
specifies a subsystem output pin.

The function accepts several different variatiohSRC and DST to expedite wiring. If a
module has only a single input or output pin, tiiea can leave off the ".pinName’. For example,
to connect two scaler modules 'scaleA’ and 'scalmsg:

connect(SYS, 'scaleA', 'scaleB’)

To connect the system input pin 'inl' to a scaledute, use

connect(SYS, ".inl', 'scaleA")
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If the system has 1 input pin, then this can betehed to

connect(SYS, ", 'scaleA");

If the source module has N output pins and thartgin has N input pins, then

connect(SYS, 'sourceModule’, 'destinationModule")

connects thé'f output of sourceModule to th8 input of destinationModule. The function
returns the updated system as an output argurendlemonstrated by the calls above, if you do
not accept an output argument, then the variablge SYupdated in the calling environment.

You can also connect multiple modules in seriesgiiie syntax

connect(SYS, 'scaleA', 'scaleB', 'scaleC', 'scaleC' );

This is equivalent to 3 separate calls

connect(SYS, 'scaleA, 'scaleB");
connect(SYS, 'scaleB', 'scaleC");
connect(SYS, 'scaleC', 'scaleD");

Audio Weaver also supports feedback on a blockibgkbbasis. The location of the feedback
must be explicitly identified using a fourth argumh& the connect function

SYS=connect(SYS, SRC, DST, ISFEEDBACK)

By default, ISFEEDBACK=0 and a standard feedforn@ydnection is made. Set
ISFEEDBACK-=1 to indicate feedback. See Sectionf@r2 detailed discussion of using
feedback within Audio Weaver systems.

The connection function performs rudimentary eatoecking when called. An optional fifth
input argument performs more detailed checking:

SYS=connect(SYS, SRC, DST, ISFEEDBACK, CHECK)
When CHECK=1, the function calls check_connectiont verify the integrity of the wiring.
By default, CHECK=0.

5.4.7. delete_connection.m
SYS=delete_connection(SYS, MOD1, PIN1, MOD2, PIN2)

Deletes a single connection within a subsystenesdentially undoes a call to connect.m.
Arguments:

SYS - @awe_subsystem object.

A!.l.m) Page: 83 of 162



DSP Concepts, LLC. Audio Weaver 2.0 User’s Guide

MOD1 — string specifying the name of the source al@d
PIN1 — string specifying the name of the outputgmthe source module
MOD?2 — string specifying the name of the destinratimodule
PIN2 — string specifying the name of the input @mthe destination module
The function returns the updated subsystem objEleis call is typically never used in practice,

but is used internally by Audio Weaver when prepga subsystem for real-time execution.

5.4.8. delete_module.m
SYS=delete_module(SYS, MOD)

Deletes a module from a subsystem. Arguments:
SYS - @awe_subsystem object.
MOD - string specifying the name of the module

The function deletes the module from the subsystethalso deletes any connections to the
module. The function returns the updated subsystgectt SYS. This function is typically not
used in practice, but is used internally by somtnefother Audio Weaver functions (flattening,
in particular).

delete_module(SYS, MOD)
If no output argument is accepted, then the funatipdates the object SYS in the calling

environment.

5.4.9. draw.m

draw(SYS)
draw(MODULE)

Draws a graphical representation of a module osysibm in a MATLAB figure window. This
is useful when developing and debugging subsystdfsexample, to draw an agc_multiplier.m
module, issue the commands:

>> M=agc_multiplier_module('mult’);
>> draw(M)

The following drawing appears in a MATLAB figure mdow:
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EEX

Fle Edt View Insert Tools Desktop Window Help

DedE hRame € 08 8O

The module name and class name (in brackets) avensim the center of the figure. The input
and output pins are indicated by filled rectangled identified by pin labels.

When you draw a subsystem, the figure window shibesndividual modules as well as
connections. For example, if you instantiate aravch limiter subsystem,

>> SYS=limiter_module('lim', 96);
>> draw(SYS)

the figure shown below is drawn:

lim [LookAheadLimiter]

The figure contains the following information:
* Input and output pins are shown on the left anktregiges, respectively.

* Internal modules are drawn together with curremaupeeter settings.
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* Internal connections are drawn.
» The top left corner indicates
subsystem name [class name].
A toolbar on the figure window allows you to adjtis¢ display:
# - Zooms in
= - Zooms out
& - scrolls the display
N - Displays wire information (toggle)
V- Displays module variables (toggle)
hin Displays pin names (toggle)
¢ - Refreshes the drawing

All of the tools labeled "toggle" are global angbpto subsequent drawings. The state of
the toggle buttons is stored in the global variable
>> AWE_INFO.drawControl
ans =
showVariables: 0

showWireTypes: 0
showPinNames: 1

When wire information is shown, each connectiothindiagram is labeled with its wire index,
block size, number of channels, and sample rakes nbtation used is

Wire index,[blockSize numChannels]
sampleRate
dataType

Displaying wire information for the previous systehows:
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1,32%1] 2,[32%1]
48000 48000
flost flost

out

1.[32x1]
43000
Q

The wire index identifies a wire within the subgyat Wires are always indexed in the same
manner: wire(s) attached to input pins (#1), véyettached to output pins (#2), and
intermediate scratch wires (#3, and #4). The widexes shown are local to the subsystem.
That is, within every subsystem, the wires are xedeas input wires, output wires, and then
scratch wires.

Some modules may utilize the same wire for bothiigmd output. This "straight across" wire
buffer allocation is specified within the moduletsstructor function. Further details are found
in theAudio Weaver Module Developers Gui{ldo modules in the limiter_example.m have
straight across wiring.)

A subsystem drawing also gives insight into thecakien order of the internal modules. The
modules execute from left to right and top to bwttoFor example, after the limter_example.m
builds, the subsystem contains the modules:

>> SYS=limiter_example;
>> SYS
=test//

autolnputConvert_1: [Fract32ToFloat]
scale: [ScalerDB]
lim: [LookAheadLimiter]
firstMeter: [Meter]
secondMeter: [Meter]
autoOutputRouter_1: [Router]
autoOutputConvert_1: [FloatToFract32]

The modules are executed in the order listed.t Bcale' executes, then 'lim', and so forth.
Looking at the subsystem drawing, we see this saering enforced.
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1,[32x2]

2[32x4]
48000
tract3z

45000
fractiz

Figure 10. Limiter example figure drawing.

Audio Weaver tries its best to make legible drawibgsed on the order of execution of the
modules. In some cases, the drawings are diffioulinderstand because of overlapping wires
and modules. Consider the example below taken &dmo_subsystem_example.m. The figure
has a feedback wire — from the output of EchoHightGuhe first input of
EchoFeedbackScaleAdd. Also, the output of theegyss taken from EchoDelay. Both of these
connections are not at all clear from the drawing.

Audio Weaver allows you toudgethe location of modules and system pins to imptbee
drawings. Modules and pins have a .drawinfo.nucide which specifies a drawing offset. By
default, the nudge values are empty indicating thaitems will be drawn at their automatically

computed positions. Within the subsystem construécho_subsystem.m), the following 2
lines are added:

SYS.outputPin{1}.drawinfo.nudge=[0 1];
SYS.EchoHighCut.drawInfo.nudge=[0 -1];

The nudge values are 1x2 arrays with X and Y daffsét positive X nudge value moves the item
to the right; a positive Y nudge value moves theniup. With these changes, the drawing now

appears as shown below. The output pin has béssdrand the EchoHighCut module lowered.
The connections are clear.
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out

When subsystems are drawn using the draw.m comrntamdjodules are color coded according
to their status:

Active = Green Muted = White

zcale
[Scaler]

Bypassed = Yellow Inactive = Red

zcale

[Scaler]

If you make a change to the module status usimge#n inspector or programmatically from
MATLAB using the awe_setstatus.m command, therdtagving in a figure window will not be

automatically updated. Instead, you need to ménteftesh the window using tt€# toolbar
button or right-clicking on an empty part of thgure window and selecting Redraw.

5.4.10.findconnection.m
C=findconnection(SYS, MOD1, PIN1, MOD2, PIN2)

Locates connections within a subsystem and reto®l array describing the individual
connections. Arguments:

SYS - @awe_subsystem object.

MOD1 - string specifying the name of the source at@d Set this to the empty string to
specify an input of the system.
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PIN1 — name of the source pin.

MOD2 — name of the destination module. Set thitéoempty string to specify an
output of the system.

PIN2 — name of the destination pin.

The function returns a cell array of structure$ier® is one cell array entry per connection and
each structure contains the fields:

.srcModName — name of the source module. An estpityg specifies an input to the
system.

.srcPinName — name of the pin on the source module.

.dstModName — name of the destination module. Awptg string specifies an output of
the system.

.dstPinName — name of the pin on the destinatioduieo

The real power of this function comes from its iéptio support wild cards. Use the string *' to
specify any module or pin. For example, consiterlimiter_example shown in Figure 10.

To determine what modules are connected to theubofghe "scale” module, use:

>> C=findconnection(SYS, 'scale’, *', ™', '*)

C=

[1x1 struct] [1x1 struct]

The returned cell array C contains two entriesoliag at each entry in detail we see:

>> C{1)
ans =

srcModName: 'scale'
srcPinName: 'out'
dstModName: ‘firstMeter’
dstPinName: 'in'
isFeedback: 0

>> C{2}
ans =
srcModName: 'scale'
srcPinName: 'out'

dstModName: ‘lim’
dstPinName: 'in'
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isFeedback: 0
Thus, there are two connections from "scale" tstifeter” and from "scale” to "lim".
Are there any connections from the input of theéesysdirectly to the output of the system?
>> C=findconnection(SYS, ", ™', ", *")
C=
{t

No, the result is an empty cell array.

5.4.11 findconnectiondst.m
[MODINDEX, PININDEX]=findconnectiondst(SYS, MOD, PI NNAME)

Locates specific pins in a subsystem that can bd as the destination of a connection. The pin
is returned as a module index and a pin indexs Tthiction is used to automate wire and
routing operations within a subsystem. Arguments:

SYS - @awe_subsystem object.

MOD - string specifying the name of the module. eknpty string specifies an output of
the system.

PINNAME - string specifying the name of the dedima pin.

The function locates the named module within tHesgstem and returns its index as the first
output argument MODINDEX. MODINEX=0 indicates thdOD specifies a subsystem output.
MODINDEX=-1 indicates that a module named MOD wasfound. Similarly, PININDEX
specifies the index of the destination pin (a seynic on a module or a system output pin).
INDEX=-1 indicates that the index was not found.

As an example, refer back to system created bgdhpt limiter_example.m shown Figure 10.
Let's locate the input pin "in" on the "lim" modul@his is thedestinationof a connection:

>> [MODINDEX, PININDEX]=findconnectiondst(SYS, 'lim ", 'in")
MODINDEX =

3

PININDEX =

1

Thus, we are connected to pin 1 on module 3 withénsubsystem. Looking inside, we find:
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>> SYS.module{3}
lim = LookAheadLimiter // Multi-channel soft knee | imiter with look
ahead
max_abs: [MaxAbs]
core: [AGCLimiterCore]
delay: [DelayMsec]
mult: [AGCMultiplier]
>> SYS.module{3}.inputPin{1}
ans =
type: [1x1 struct]
usage: 'input’
name: 'in'
description: 'Audio Input'
referenceCount: 0
isFeedback: 0

coord: [NaN NaN]
wirelndex: 3

5.4.12 findconnectionsrc.m
[MODINDEX, PININDEX]=findconnectionsrc(SYS, MOD, PI NNAME)

This function is similar to findconnectiondst.m ept that it locates pins within a subsystem that
can serve as the source, or starting point, oha@ction. This includes any system input pins or
module output pins. Arguments:

SYS - @awe_subsystem object.

MOD - string specifying the name of the module. eknpty string specifies a system
input pin.

PINNAME — name of the pin on the module or subsyste

As an example, refer back to system created bgdhpt limiter_example.m shown in Figure 10.
To locate the output pin "out" of the module "stalse

>> [MODINDEX, PININDEX]=findconnectionsrc(SYS, 'sca le', ‘out’)
MODINDEX =

2

PININDEX =

1

This points to the module at index 2:
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>> SYS.module{2}
scale = ScalerDB // DB multichannel scaler

gainDB: 30 [dB] // Gain in DB

And the first output pin on this module:

>> SYS.module{2}.outputPin{1}
ans =
type: [1x1 struct]
usage: 'output'
name: 'out'
description: 'audio output'
referenceCount: 0
isFeedback: 0

coord: [NaN NaN]
wirelndex: 3

5.4.13.findmodule.m
MODINDEX=findmodule(SYS, MOD)

Locates a named module within an Audio Weaver sibay. The function returns the index of
the module. Arguments:

SYS - @awe_subsystem object.
MOD - string name of the subsystem.

The function returns MODINDEX, the index of the reammodule within the .module{} cell
array. If MODINDEX=-1, then the module was notfoll Set MOD equal to the empty string
to specify the overall subsystem. In this caseduhetion will return MODINDEX=0.

As an example, refer back to system created bgdhpt limiter_example.m shown in Figure 10.
To determine the index of the module "secondMetes®, the call

>> index=findmodule(SYS, 'secondMeter")

index =

5

Peering into the system, th8 Bodule is

>> SYS.module{index}
secondMeter = Meter // Peak and RMS meter module

meterType: 0 /I Operating module of the me ter
value: [1.0018
1.00951]
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5.4.14 findpin.m
INDEX=findpin(M, 10, PIN)

Searches a module or subsystem and returns the aidenamed pin. Arguments:
M - @awe_module or @awe_subsystem object.

IO — a string set to either 'input’ or ‘outputhisTspecifies whether the input or output
pins should be searched.

PIN — string name of the pin to locate.

The function returns the index of the named pfrthé named pin is not found, the function
returns -1.

For example, consider the limiter_example.m shawfigure 10. The agc_multiplier module
has two input pins as shown below:

mult
[AGCMultiplier]

To locate the index of the input pin 'in’, issue dommand:

>> index=findpin(SYS.lim.mult, 'input’, 'in")
index =

2

5.4.15 flatten.m
SYS=flatten(SYS)

Refer to Section 1.4 for a comparison of Virtuagkdrchy and True Hierarchy. This function
eliminates virtual hierarchy and returns a "flagghsubsystem. Arguments:

SYS - @awe_subsystem object.

The flatten.m function traverses a subsystem aactkes for subsystems with virtual hierarchy.
When a virtual subsystem is found, all of the meduh the subsystem are promoted one level to
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the upper system, reconnected, and finally tharalgyirtual subsystem is deleted. This process
repeats until all virtual subsystems have beertefiad.

As an example, consider the subsystem createdeltg st script limiter_example shown original
in Figure 10. The system shown is the one pridlattening. The actual system running on the
target is

draw(flatten(SYS))

What is happening here? Well, the limiter subsyst®8YS.lim, uses virtual hierarchy. The
limiter contains the 4 modules shown below:

During the build process, all 4 of the modules casipg the limiter subsystem are promoted
one level in the hierarchy and rewired. The detagule, lim_delay, however, is not flattened
out. It uses full hierarchy and the target prooessntains a module of class DelayMsec.

The standard Audio Weaver build.m command perfdtattening as part of the overall build
process.

Examining the last figure closely, one sees thaintimes of the modules from the limiter
subsystem have beemangled. That is, the names have been prepended withaiime of the
original subsystem. This can also be seen inlgiiehed system shown below:
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>> flatten(SYS)
=test//

autolnputConvert_1: [Fract32ToFloat]
scale: [ScalerDB]
lim_max_abs: [MaxAbs]
lim_core: [AGCLimiterCore]
lim_delay: [DelayMsec]
lim_mult: [AGCMultiplier]
firstMeter: [Meter]
secondMeter: [Meter]
autoOutputRouter_1: [Router]
autoOutputConvert_1: [FloatToFract32]

Typically, the user does not need to be concerntdflattening — it occurs automatically behind
the scenes. The flattened system is hidden andiséirecontinues to interact with the original
hierarchical system. However, the flattened system fact instantiated on the target. The
hierarchical system SYS maintains the mapping frlmehierarchical system to the flattened
system. Making a change to the hierarchical sysi@uses a corresponding change in the
flattened system. The mapping is maintained withen.targetinfo.mangledName field of each
module. For example, the mangled name of thedinibre module on the target is:

>> SYS.lim.core.targetinfo.mangledName
ans =

lim_core

5.4.16.get_variable.m and set_variable.m

Extract and assign individual @awe_variable objedisese functions apply to audio modules
and subsystems. These functions are needed,es, tiacause of the object oriented nature of
the Audio Weaver MATLAB functions. When accessagariable "var" within a module "M",
as in:

M.var

Audio Weaver returns thealueof the variable, not the variable object itsdffyou wish to gain
access to the actual variable object, use the call:

V=get_variable(M, NAME)
where
M — the @awe_module object.
NAME - a string specifying the name of the variable

The function returns an @awe_variable object. éxample, the following code gets the
underlying @awe_variable object for the "gain” ghte of a smoothed scaler module:

Awa) Page: 96 of 162

LA WEAV



DSP Concepts, LLC. Audio Weaver 2.0 User’s Guide

M=scaler_smoothed_module('scaler’);
V=get_variable(M, 'gain’);

Similary, the set_variable.m command can be usedaowrite an existing variable to a given
@awe_variable object. The term "overwrite" is usedause the variable must already exist
within the audio module. The syntax for this cormhés:

M=set_variable(M, NAME, VAR)
where
M — the @awe_module object.
NAME - a string specifying the name of the variable
VAR - @awe_variable object.

The get_variable.m and set_variable.m functiongyieally not used in practice. You can
always access the internal fields of a @awe_variabject even when it is part of an audio
module. For example, to access the "range" fietl@variable "gain”, use:

range=M.gain.range;

5.4.17.isfield.m

This function is similar to the standard isfielchétion within MATLAB applied to
@awe_module and @awe_subsystem objects. Thedaraitermines if a module or subsystem
has a specified variable. The syntax is:

BOOL = isfield(M, FIELDNAME)
where
M — the @awe_module object.
FIELDNAME - a string specifying the name of a vaia

The function returns 1 if the module M has a fiettned FIELDNAME. Otherwise, the function
returns 0. Note, the function only queries vagalihat are part of the audio module or
subsystem and not any of the private object fields.

5.4.18.module_count.m
COUNT=module_count(SYS)

Returns the number of modules at the top levelsaftasystem.
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COUNT=module_count(SYS, 1)

An optional second argument allows you to spetiét the count should be recursive. In this
case, the function returns the total number of negdwithin the entire subsystem including any
modules within subsystems. For example, the systeated by limiter_example.m contains 6
modules at the top level:

>> module_count(SYS)

ans =

6

and a total of 9 modules when modules within thekAheadLimiter subsystem are counted:

>> module_count(SYS, 1)
ans =

9

5.4.19.new_pin_type.m
Creates a structure that represents a pin on ao exatiule or subsystem. A pin contains
information about the current number of channdixlbsize, sample rate, data type, and
complexity, as well as the allowable range for eaicthese items. Refer to the discussion in
Section 4.4.

5.4.20.process.m
[SYS, WIRE_OUT]=process(SYS, WIRE_IN, NUMBLOCKS)

Sends audio data block-by-block through an audstesy in non-real-time. This function is
primarily used for regression testing. Arguments:

SYS - @awe_subsystem object. This must be a tap-$ystem.

WIRE_IN — cell array of input wire data. The dé&daeach input pin is represented by a
matrix of dimension [L x blockSize numChannelshere L is the number of blocks.
Note that each channel of data is in a separatergobf the matrix. WIRE_IN contains
a cell array of matrices.

NUMBLOCKS = the number of audio blocks in the siatidn, equal to the variable L
above.

Note that each input pin must contain the same euambblocks. If this condition is violated,
the function will return an error. (You may be wiening why NUMBLOCKS needs to be
specified as an argument; can't the function detexitinis from the size of the input pin data?
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The reason is that some modules, such as the sme generator, do not have any input pins and
therefore the number of blocks needs to be exiylisiated.)

The function returns the updated system object &¥a&e variables are updated) and a cell array
of output wire information. WIRE_OUT has the saimien as WIRE_IN, with one cell array
entry per output pin. For each output wire, ther@ matrix of data of size [L x blockSize
numChannels].

When the system is built using a MATLAB target syst all processing occurs natively within
MATLAB. When the system is built for the Audio Ser, then the processing happens on the
target processor (PC or SHARC) itself. Module esgion tests generally rely on the process.m
function. (The approach used by DSP Conceptslidata the audio module library is to
perform the processing twice; once in MATLAB, andecond time on the target processor.
The outputs of both implementations are then coegptr detect errors. The MATLAB
implementations of the audio module processingtfans are not provided in Audio Weaver
Developer or Designer; they are used internalllpBy Concepts. The MATLAB target system
is provided to allow you to test your own custondiaumodules.)

The example shown below is contained with the s@itgprocess_example.m. The script
demonstrates how to send data through an Audio @eawdule and then plots the output
results.

We start by creating a MATLAB target system witmfut, 1 output, and operating at a sample
rate of 44.1 kHz:

% Create a subsystem with a single second_order _fil ter module.
blockSize=64;

SR=44100;

SYS=target_system( ‘'test’ , 'Process.m example system' );
add_pin(SYS, 'input’ , ‘in" , ‘Audio input' , hew_pin_type(1, blockSize,
SR));

add_pin(SYS, ‘'output' , ‘'out" , ‘Audio output' , hew_pin_type(1, blockSize,
SR));

add_module(SYS, second_order_filter_module( 'sof' ));

connect(SYS, " , ‘'sof' );

connect(SYS, 'sof , " );

The second order filter module is configured tahmeak filter with Q=1 and 12 dB of gain at 2
kHz:

SYS.sof filterType=12;
SYS.sof.freq=2000;

SYS.sof.Q=1;
SYS.sof.gain=12;
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Configure the build process to disable automatta tigpe matching. This prevents
fract32_to_float and float_to_fract32 modules frbaing inserted and allows us to send floating-
point data directly to the module. Then build slystem:

global AWE_INFO;
AWE_INFO.buildControl.matchDataType=0;
SYS=build(SYS);

Since this system operates natively in MATLAB, monetnands are sent to the Audio Server.

A linear chirp signal with duration 0.25 secondsrisated in MATLAB. The length of the signal
is rounded up to the nearest 64 sample block size.

duration=0.25;
L=SR*duration;

numBlocks=ceil(L/blockSize);
L=numBlocks*blockSize;
n=0:(L-1);

n=n(:);

T=n/SR;

x=chirp(T, 0, duration, SR/4);

The input wire cell array is created, the data @asksrough the system, and the resulting data
extracted from the first output wire:

WIRE_IN={x};
[SYS, WIRE_OUT]=process(SYS, WIRE_IN, numBlocks);
y=WIRE_OUT{1};

Lastly, the results are plotted.

subplot(211);

plot(x);
set(gca,'YLIM', [-5 5]);
title('Input data’);

subplot(212);

plot(y);
set(gca,'YLIM', [-5 5]);
title("Output data’);

The resulting figure is shown below. The top sgiafe shows the input to the system. Note that
it has an amplitude of +/-1. The bottom subfigsinews the output of the system. Note that it
has a peak gain of 4 which equals 12 dB:
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Figure 11. Example of the output generated by thprocess.m function. The top figure is the input ginal, a
linear chirp. The bottom figure is the output of the second order filter module. The filter is confjured as a
peaking filter centered at 2 kHz.

5.4.21.update.m

Explicitly calls the update (or set) function adated with a module. This function is used only
in a few instances; typically all updates happeomatically. For example, if you instantiate a
scaler_smoothed_module.m, and then change the kimgaime:

M=scaler_smoothed_module('scaler’);
M.smoothingTime=15;

Audio Weaver will automatically call the functionader_smoothed_set. (This function is an
internal function defined within scaler_smootheddule.m). This function computes the
smoothing coefficient based on the sample ratesamabthing time.

The only time that the update function is calleglextly is at the end of the module constructor
function. The update function is called to inizal any derived parameters to default values.

A module's set function is specified as a funcpomter within the private fields of the class
object. To see the update function (or even toraesit), access it as:

>> M.setFunc

ans =

@scaler_smoothed_set
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5.5. Displaying Module Documentation

Audio Weaver modules include on-line help in HTMitrhat. For example, to see the generated
help for the Hilbert transform module, type

awe_help hilbert_module

at the MATLAB command line. Behind the scenes, MAB checks if documentation already
exists for the module. Since the hilbert_modulunttion exists in the directory

<AWE>\Subsystems

it checks if the file

<AWE>\Subsystems\Doc\Hilbert.html

exists. The name "Hilbert.html" is based on thelale's class name. If the file exists, it is
opened and displayed in the MATLAB HTML browsef.itldoesn't exist, then the
documentation is generated on the fly using Micfiodtord and then saved in HTML format.
The process of generating new documentation i€ govolved and can take 20 to 30 seconds to
complete.

If the HTML file exists, you can force it to be gl using the optional argument shown below:

awe_help hilbert_module —rebuild

The process of documenting modules is detailedeitidio Weaver Module Developers Guide.
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6. Audio Module Library

Audio Weaver includes with a library of over 20@aumodules. Most of the modules are
designed to operate on multiple interleaved auldanoels and arbitrary block sizes providing
significant design flexibility. This section givas overview of the audio module library. The
focus is on the floating-point version of the likyra Most functions have similar fixed-point
versions identied by a"_fract32" prefix on theresponding MATLAB file.

Each audio module has an associated MATLAB contrdanction ending with the string
"_module”. The constructor functions are locatethie directory

<AWE>/ModuleLibs/<Module Pack>/matlab

Where <Module Pack> is the category of the modulger which it is located. For example,
scaler_module.m is located in <AWE>/ModulesLibssBAudioFloat32/matlab.

Often, several modules are combined into a subsygteviding a useful function. These are
Virtual subsystems and are flattened after buildimese subsystems are found in

<AWE>/Subsystems

This section contains a short overview of each rreodDetailed help is available either online
via the MATLAB awe_help.m command or in tAedio Weaver Module Reference Guide

6.1. Delay Modules

MATLAB Constructor Class Name Description

delay_module.m Delay Sample-based time delay

delayi_module.m Delayi Interpolated time delay

delaymsec_module.m DelayMsec Time delay in which the delay is specified
in milliseconds

delayntap_module.m DelayNTap Integer time delay with multiple outputs

6.2. Dynamics Processors

MATLAB Constructor Class Name Description

agc_auto_attack_release_module.m  AGCAutoAttackRelease Program dependent peak follower for use
in Automatic Gain Controls

agc_core_ar_module.m AGCCoreAR AGC gain calculator module

agc_core_module.m AGCCore Automatic Gain Control gain calculator
module

agc_gain_computer_module.m AGCGainComputer Soft knee gain computer

agc_limiter_core_module.m AGCLimiterCore Soft knee gain computer for use in peak
limiters

agc_multiplier_module.m AGCMultiplier Mono x N-channel multiplier

agc_noise_gate_core_module.m AGCNoiseGateCore Noise gate gain calculator module which
mutes low-level signals

agc_release_module.m AGCRelease Release peak follower for use in dynamics
processors
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The modules that implement dynamics processingharécore” modules:
agc_core_ar_module.m, agc_core_module.m, agc_tinsibee_module.m, and
agc_noise_gate_core_module.m. These modules ceragumhe varying gain that is applied to
the signal using the agc_multiplier_module.m.

For example, limiter_module.m encapsulates alhefrhodules required to implement a peak
limiter with optional look ahead.

M=limiter_module('lim");
draw(M)

The AGCLimiterCore module accepts a single monatiiggnerated by the MaxAbs module.
The input represents the peak absolute value of #fle input signals that the AGCLimiterCore
is acting on. The output of AGCLimiterCore is @i varying gain that multiplies the input
signal sample by sample. This design permitsithigdr to simultaneously limit multiple audio
channels using the same time varying gain.

An optional second argument to limiter_module.nwa# you to specify a look ahead time, in
milliseconds:

M=limiter_module('lim’, 5);
draw(M)
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The look ahead inserts a time delay into the asjoal path. This allows the limiter to "look
ahead" by several milliseconds and limit the admised on future audio samples.

Similarly, the agc_module.m implements an autongdia control using the
agc_core_module.m coupled with an agc_multiplierdat®.m. The agc_core_module
computes a time varying gain based on the RMS isiguial level.

in in =ore oLt
[AECCare]

mmiult
[AGChultiplier]
in
6.3. Filters

MATLAB Constructor Class Name Description
biguad_cascade_module.m BiguadCascade Cascade of second order Biquad filters
biqguad_module.m Biquad 2nd order IIR filter
biguad_smoothed_module.m BiguadSmoothed 2nd order smoothly updating IIR filter
butter_filter_module.m ButterworthFilter Butterworth filter
fir_module.m FIR FIR filter
graphic_eq_subsystem.m GraphicEQMMBandNNOrder  Graphic equalizer with MM bands each of

order NN.
hilbert_module.m Hilbert 6th order Hilbert transform
second_order_filter_module.m SecondOrderFilterSmoothed  General 2nd order filter designer with

smoothing

The "biquad" and "fir" filters implement recursiaad FIR filters and are configured using raw
filter coefficients. They are not easy to use sglire some understanding of digital signal
processing. The butter_filter_module.m, graphigs sebsystem.m, hilbert_module.m, and
second_order_filter_module.m, on the other hande lmailt in coefficient calculation functions.
These functions convert from high-level parametsush as cutoff frequency and filter order, to
low-level parameters. These modules are morelyeasied in practice.

The second_order_filter_module.m is particularlgfuk It implements 20 different first and
second order filter types including unity gain:

0 = Pass through mode (gain = 1)

1 = Scaler with level gain

2 = 1st order Butterworth LPF. [freq].

3 = 2nd order Butterworth LPF. [freq].
4 = 1st order Butterworth HPF. [freq].
5 = 2nd order Butterworth HPF. [freq].
6 = 1st order Allpass. [freq].
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7 = 2nd order Allpass. [freq, Q].

8 = 2nd order low shelf [freq, gain].

9 = 2nd order low shelf [freq, gain, Q].
10 = 2nd order high shelf [freq, gain].
11 = 2nd order high shelf [freq, gain, Q].
12 = 2nd order Peak EQ [freq, gain, Q].
13 = 2nd order Notch [freq, Q].

14 = 2nd order bandpass [freq, Q].

15 = 1st order Bessel LPF [freq]

16 = 1st order Bessel HPF [freq]

17 = 1st order asymmetrical low shelf [freq, ga in]
18 = 1st order asymmetrical high shelf [freq, g ain]
19 = 1st order symmetrical low shelf [freq, gai nj
20 = 1st order symmetrical high shelf [freq, ga in]

Audio Weaver also provides a subsystem, sof n_stdsym, that implements a cascade of
second order filters. At construction time, yoedfy the number of filter sections. For
example,

M=sof n_subsystem(filt', 6);
draw(M)

Yields

in| in il out in il oLt in i oLt in il oLt in il oLt in il oLt out
[SefpndOrderFiterSmoohe=CndOrdetFiter Smocgh {3 =t RndOrdetFiterSmoog =[G =CpndOr derFiter Smooh=f =L prdOrderFitter Smacthe g =CRncOr derFitterSmoofghecd]

The graphic_eq_subsystem.m provides a flexibleemgintation of a graphic equalizer. At
instantiation time, you specify the number of numtifebands and the order of each stage (either
4" or 8"). 4" order is fine for up to 10 bands" 8rder should be used for more than 10 bands.
The subsystem is initialized with default frequesdor band edges and these change be changed
thereafter. For example:

SYS=graphic_eq_subsystem('geq’, 7, 4);

designs a 7 band equalizer with drder filters. An optional®argument allows the subsystem
to operate on fract32 data

SYS=graphic_eq_subsystem(‘'geq’, 7, 4, 'fract32";

6.4. Math Functions

MATLAB Constructor Class Name Description

abs_module.m Abs Absolute value

adder_module.m Adder Multi-input adder

clipasym_module.m ClipAsym Asymmetric clipper module with separate
upper and lower clipping thresholds

db_to_lin_module.m DBToLin Decibels to linear conversion
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divide_module.m
max_abs_module.m

multiplier_module.m
polynomial_module.m
reciprocal_module.m
scale_offset_module.m
sqrt_module.m
square_add_module.m

subtract_module.m
sum_diff_module.m

table_interp_module.m

table_lookup_module.m

Divide
MaxAbs

Multiplier
Polynomial
Reciprocal
ScaleOffset
Sqrt
SquareAdd

Subtract
SumbDiff

Tablelnterp

TableLookup

6.5. Measurement and Display

MATLAB Constructor
clip_indicator_module.m

meter_module.m
rms_module.m

Class Name
ClipIndicator

Meter
RMS

Divides signals.

Computes the maximum absolute value of
all input channels on a sample-by-sample
basis

Multi-input multiplier

Sample-by-sample polynomial nonlinearity
Computes the reciprocal (1/x)

Linear multichannel scale and offset
Square root

Squares all inputs and then sums them
together.

Subtracts the last input from all other
inputs

Simultaneously computes the sum and
difference of two inputs

Table driver interpolation module.
Supports linear and spline modes

Evenly spaced table lookup

Description

Detects clipping by measuring when a
signal level exceeds a specified threshold

Peak and RMS meter module
RMS detector with built-in smoothing

All of the measurement and display modules opemateultiple input channels. The
clip_indicator_module.m and meter_module.m proddeparate state variable output per
channel while the rms_module.m computes the filt&®1S value over all input channels.

6.6. Miscellaneous / Signal Management

MATLAB Constructor
copier_module.m
deinterleave_module.m

float_to_fract32_module.m

float_to_int_module.m
fract32_to_float_module.m

int_to_float_module.m
int_to_fract32_module.m

interleave_module.m
multiplexor_module.m

multiplexor_smoothed_module.m

Class Name
Copier
Deinterleave

FloatToFract32

FloatTolnt
Fract32ToFloat

IntToFloat
IntToFract32

Interleave
Multiplexor

MultiplexorSmoothed

Description
Copies input wire to output wire

Deinterleaves a multichannel audio signal
into separate mono signals

Converts floating-point data in the range [-1
+1] to fract32 representation. Values
outside the allowable range are clipped.
Floating-point to integer conversion
Converts fract32 values to floating-point in
the range [-1 +1].

Integer to floating-point conversion
Converts 32-bit integer data to 32-bit
fractional representation. Values in the
range [-2731 2”31] are converted to [-1 +1].
Interleaves multiple audio signals

N to 1 multiplexor module without
smoothing

N to 1 multiplexor module with smoothing
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sink_module.m Sink Copies the data at the input pin and stores
it in an internal buffer

source_module.m Source Source buffer holding 1 block of data

sample_and_hold_module.m SampleAndHold Sample and hold module

zero_cross_detector_module.m ZeroCrossingDetector Zero crossing detector

6.7.Mixers and Routers

MATLAB Constructor Class Name Description

mixer_module.m Mixer M-input x N-output mixer

mixer_smoothed_module.m MixerSmoothed M-input x N-output smoothly varying mixer

router_module.m Router Channel routing module with no smoothing

router_smoothed_module.m RouterSmoothed Smoothly varying channel router module

smixer2x1_module.m SMixer2x1 2-input x 1-output smoothly varying mixer
module

6.8. Multirate Processing

MATLAB Constructor Class Name Description

downsampler_module.m Downsampler Downsampler (or decimator) - keeps 1 out
of every D samples

upsampler_module.m Upsampler Multi-channel upsampler. Inserts L-1 zeros
between each sample

fir_decimator_module.m FIRDecimator Polyphase implementation of an FIR anti-
alias filter followed by a downsampler.

fir_interpolator_module.m FIRInterpolator Polyphase implementation of an upsampler

followed by an FIR filter.

Audio Weaver supports multiple synchronous samgiest The up and downsample factors are
integers and must be chosen so that the resulliog Bize contains an integral number of
samples.

6.9. Scalers

MATLAB Constructor Class Name Description

mute_smoothed_module.m MuteSmoothed Smoothly mutes and unmutes a signal

scaler_db_module.m ScalerDB Scaler with a dB control

scaler_db_smoothed_module.m ScalerDBSmoothed Smoothly varying linear scaler with a dB
control

scaler_module.m Scaler Linear scaler

scaler_smoothed_module.m ScalerSmoothed Smoothly varying scaler

scalern_module.m ScalerN Scaler with an independent gain per
channel.

scalern_smoothed_module.m ScalerNSmoothed Smoothly varying scaler with an
independent gain per channel.

volume_control_module.m VolumeControl Volume control with Fletcher-Munson type

loudness compensation

Audio Weaver contains several different varietiesaaler, or gain, modules. In some cases,
there are both smoothed and unsmoothed version$ie lunsmoothed version, the gain change
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happens immediately and the discontinuity may pcedan audible click. A smoothed scaler, on
the other hand, performs sample-by-sample smootksirgy a first order recursive filter. In
general, a smoothed module takes more computdtaonthe corresponding unsmoothed
version.

The smoothed scaler module is configured by settinggain” parameter. Internally, the
module ramps from the instantaneous "currentGairigain" using a first order filter. The rate
of smoothing is determined by the value of "smawkioeff", and this in turn, is derived from
the current sample rate and the parameter "smapithmre". For example, if the scaler smoothed
is configured for a 20 msec smoothing time, thematantaneous gain change from 0 to 1.0 will
have the following trajectory:

Time response of the scaler smoothed module

Time (msec)

You'll note that in 1 smoothing interval (20 msebg smoothing operation has reached
1-exp(-1) = 63%

of the desired target gain. After 2 smoothingnveiés, you reach 86% of the desired gain, and so
forth. You have to wait 5 smoothing intervals éach 99% of the desired gain.

This type of first order smoothing is used througfithe Audio Weaver module library: scalers,
mixers, routers, filters, etc.

6.10. Sources

MATLAB Constructor Class Name Description

dc_source_module.m DCSource Source buffer holding 1 wire of constant
data

pink_noise_module.m PinkNoise Generates random noise with a 1/f
spectrum

randi_module.m Randi Low frequency noise generator

sine_gen_module.m SineGen Sine wave generator

sine_smoothed_gen_module.m SineSmoothedGen Smoothly varying sine wave generator

white_noise_module.m WhiteNoise Uniformly distributed white noise generator

6.11. Spatial Processing

MATLAB Constructor Class Name Description
balance_module.m Balance Left/Right balance control
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7. Advanced System Design Features

This section discusses advanced system designdsancluding multirate processing and
feedback.

7.1. Multirate Processing

Audio Weaver supports multirate processing thrathghuse of decimator and interpolator
modules. There are two restrictions that mustisenred:

1. The block size must always be an integer numbeaoiples.
2. All audio modules execute at the same rate in time.

This second restriction is equivalent to requitiingt blockSize/sampleRate be equal throughout
the audio layout.

For example, consider a system operating at aiBplsablock size with a sample rate of 48 kHz.
If this is interpolated by a factor of 3, then tlesulting audio signal will have a block size of 96
samples and a sample rate of 144 kHz. Note thadtim cases the time duration of each block
equals 32/48000 = 96/144000 = 2/3 msec. Now coaton through a factor of 8 decimator.
The block size is then 12 samples and the sami@aesd 8 kHz; the time duration of each block
remains 2/3 msec.

Each audio buffer is marked with its block size aathple rate. As a result, each audio module
within the signal chain can locally determine atitize this information to compute filter or
smoothing coefficients.

In floating-point systems, there are 4 multiratedoles that provide decimation or interpolation:

downsampler_module.mDownsampler or decimator. It keeps 1 out ofreie
samples; no filtering involved.

fir_decimator_module.ms Combined FIR filter and decimator module. Thecpssing is
implemented using an efficient polyphase realizatio

The output block size equals the input block sixeddd by D. The output sample rate equals
the input sample rate divided by D. In all casles,decimation factor D must evenly divide the
input block size so that the output block sizensrdeger. This requirement is checked by the
module's prebuild function.

upsampler_module.m Upsampler or interpolator. The module insertszeros
between each sample.

fir_interpolator_module.m Combined upsampler and FIR filter. The process
implemented using an efficient polyphase realizatio
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There are no restrictions placed on the upsamdicigpr L. The output block size equals the
input block size times L. The output sample rafeads the input sample rate times L.

There are equivalent modules for fixed-point preoes
downsampler_module.fthe same module supports float and fract32 gaies).
fir_decimator_fract32_module.m
upsampler_module.ifthe same module supports float and fract32 gates).

fir_interpolator_fract32_module.m

7.2.Feedback
Feedback is a key building block for audio algarithand is frequently used in reverberation and
dynamics processors. There are a number of issueep in mind when using feedback in
Audio Weaver. This section describes how to aedlieck to a system and gives a complete
example of a subsystem incorporating feedback.

7.2.1. Feedback and Feedfoward Connections
Most connections in Audio Weaver deedforward. That is, the output of a module (or the
input of the subsystem) serves as input for sulss#gquodules. Audio data flows from left to
right in the signal flow diagram.

lMdl lMdI iMdl lMdl iMdl l
%fe‘ %;e‘ %fe‘ %:e‘ %fe

Figure 12. System containing only feedfoward concéons.

Feedbacloccurs when an audio signal travels from righefoin the signal flow diagram. The
output of a module serves as input to an earlieaieg module in the system.
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Module ‘ Module ‘ Mociule > Mociule
) #1 ) #2 ) #3 #E )
Module
7R

Figure 13. System containing both feedfoward andce&dback connections.

Systems with feedback can only be realized wheretisea delay in the feedback path. Audio
Weaver automatically inserts the delay for you, #reddelay occurs on a block-by-block basis.
If you need less delay you'll need to reduce toelbkize.

Point-to-point connections in Audio Weaver are dpatvia the connect.m function described
in Section 5.4.6. The connect.m command has aar@tfourth argument which is used to
indicate feedback.

SYS=connect(SYS, SRC, DST, ISFEEDBACK)

When you make a feedback connection, you expliaityntify the location at which the feedback
and the associated delay occur. Recall that cdimmsdetween modules correspond to buffers
of data. The routing algorithm allocates buffessraeded and attempts to reuse buffers
whenever possible in order to conserve memory. MWhedback occurs, a new wire buffer is
allocated andhever reused This wire buffer holds the delayed data and engnts the delay of

1 block.

7.2.2. Behavior Depends on the Feedback Location

The location of the feedback connection affectdaigavior of the system. For example,
suppose that the feedback connection in the prexd@agram occurs between modules 4 and 2.
Then the delay will be inserted at that location:
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Module Module Module Module
Pl P w2 [P 2 P s >
-n Module

| Z [ €

Figure 14. Specifying the connection between modu#t and module 2 as feedback inserts the delay &t
location shown.

where n = blockSize. Note that the delay occus Esult of the buffer manageme#t.delay
module is not inserted at this locatiofthe modules in the subsystem will execute in the
following order:

Module #1
Module #2
Module #3
Module #4
Module #5

Conceptually, the diagram can be redrawn as sh@&awisince there is only 1 feedback
connection:

Module | Module | Moqzule ‘ Module 3
) #1 ) #2 ) #3 #5
>
Module
#4
-n
Z [€

Figure 15. Redrawing Figure 14 to indicate a singlfeedback signal.

Alternatively, suppose that the feedback occura/éet modules 3 and 4. Module 3 will then
havebotha feedforward and a feedback connection. If didaek buffer is allocated for the
output of module 3, then the input to module 5 aifio be delayed — but this is not the desired
behavior. To deal with this special case topoldgylio Weaver automatically inserts a copier
module into the system at the output of moduldBe feedback connection is isolated from the
feedfoward connection by the copier. The systethds as shown below:

Awﬂ) Page: 113 of 162



DSP Concepts, LLC. Audio Weaver 2.0 User’s Guide

Module ‘ Module ‘ Mociule ‘ Mociule
) #1 ) #2 ) #3 #5 )
Module Copier
|’> #4
-n
Z [«

Figure 16. Resulting signal flow when the feedbagboint is specified between module 3 and module £
copier module is automatically inserted to isolat¢he feedfoward and feedback connections at the outp of
module 3.

The modules in the system will execute in the fellt order:

Module #1
Module #4
Module #2
Module #3
Module #5
Copier Module

Although the systems in Figure 15 and Figure 16tarecturally different due to differences in
the feedback location, the outputs will be identasalong as module 4 is time invariant.

Feedback connections cannot be made to the inmutput of a subsystem; they must be
internal to a subsystem. This is a logical probieith these types of connections. What does it
mean for system input or output to be feedback® cdmnect.m function checks for this.

7.2.3. Explicitly Specifying Feedback Pin Information

There is one final complexity associated with ugegpback. Recall that the routing algorithm
propagates pin information throughout the systd&ime algorithm starts at the input pins and
then propagates the pin type (humChannels, bloekSampleRate, and dataType) from module
to module. If feedback occurs in a system, thanmast explicitly set the pinType at the source
of the feedback wire; it is impossible for Audio ¥er to ascertain this information
conclusively simply by examining the wiring diagramh you are developing a subsystem that
has feedback, the ideal time to specify the pinTofthe feedback is within the subsystem's
prebuild function.

Having to explicitly set the pin type informatioeveals a difference between the systems shown
in Figure 15 and Figure 16. In Figure 15, Moduls the source of the feedback data. Thus, you
would set Module 4's output pin information. Irepdo-code:
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SYS.Module4.outputPin{1}.type=SYS.inputPin{1}.type;

In Figure 16, the automatically inserted copier oleds now the source of the feedback data.
Thus, you must determine the name of this moduliesat the data type of its output pin:

SYS.autoCopier_1.outputPin{1}.type=SYS.inputPin{1}. type;

7.2.4. Feedback Delay System

An example of how feedback is used in practiceorgained in the file
feedback _delay subsystem.m. This subsystem redheesystem shown below:

>
Feedback i

connection
scale [€—————— delay

P
add

The feedback connection lies between the delaytsndcaler modules, and redrawing the
system to explicitly show the feedback yields tregchm below:

>

add >

scale [—Pp

— delay

z |«

The total delay in the feedback path equals thekS@e+delay.currentDelay.

Portions of the MATLAB source file are shown belaith key items related to feedback
highlighted.

function  SYS=feedback_delay_ subsystem(NAME, MAXDELAY)

% —— ——— ———
% Set default input arguments
% —— ——— ———
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if (nargin<2)
MAXDELAY=1024;
end

% — — e e
% Creates the subsystem
% — — e e

SYS=awe_subsystem( 'FeedbackDelaySubsystem' , 'Recursive system implementing a
feedback delay module' );

SYS.preBuildFunc=@feedback_delay_prebuild; ; : ;
SYS.name=NAME: Specify a prebuild function

% Add the modules

add_module(SYS, adder_module( 'add" , 2));
add_module(SYS, delay_module( 'delay’ , MAXDELAY));
add_module(SYS, scaler_module( 'scale’ ));

% Add input and output pins

pinType=new_pin_type;

add_pin(SYS, 'input’ , ‘in" , ‘Audio Input' , pinType);
add_pin(SYS, ‘'output" , ‘out" , ‘Audio output' , pinType);

% Connect the modules together

connect(SYS, " , ‘'add.inl" ); :
connect(SYS, ‘add , " ); Feedback connection
connect(SYS, ‘'add" , ‘'delay’ ); v made here
connect(SYS, 'delay’ , ‘'scale’ ,1);

connect(SYS, 'scale’ , 'add.in2' );

SYS.delay.currentDelay=MAXDELAY;
SYS.scale.gain=0.8;

% Add the GUI

add_control(SYS, ".scale.gain’ );

add_control(SYS, ".delay.currentDelay' );

return

% -- - e
% Prebuild function. It sets the size of the outpu t pin of the delay

% equal to the size of the subsystem input pin.
% -- - e e

function  SYS=feedback_delay_prebuild(SYS) Prebuild function defined.
numChannels=SYS.inputPin{1}.type.numChannels; The size of the delay

blockSize=SYS.inputPin{1}.type.blockSize; e
output pin is set equal to

SYS.delay.outputPin{1}.type.numChannels=numChannels : the size of the system
SYS.delay.outputPin{1}.type.blockSize=blockSize; input pin.

% Now call the general prebuild function so that th e pin inform
% propagated throughout

SYS=prebuild(SYS);
return

Call the generic prebuild function so that
the wire sizes are propagated to all interrjal
modules.
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8. Creating User Interfaces

Audio Weaver allows you to design custom user faters for audio modules and subsystems.
The user interfaces are designed by MATLAB commardbtranslated into Audio Weaver
script. The user interfaces created are drawh&®yudio Weaver Server and exist outside of
the MATLAB environment. This section begins witlhef tutorial that demonstrates how to
use existing user interfaces and to create intesfémr a custom subsystem.

8.1. Quick Tutorial

Run the example system agc_example.m. The sosfntiates the system shown below and
begins real-time execution

The script also draws the user interfaces, catispectors shown here:
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targetlewvel [d enahle
gainD B [dE] value value B] maxGain [dB]  Recovery value value
0.00 -11.52 13.21 -20.00 12.00 v 1241 -10.70
0- 1 - L - ! — [ECOYENY - L
f_ T, k> Rate
L |8 . [dBdsec)
5 5 ; ~ : 240 B -
mas
10- 1 - ratio [dB/dE] | Attenuation ‘/‘ {
10 10 . (dE] . - 10 10
10,00 10000

0 -@- 1. gy | (.‘ (“ currentz ain 454 - 15 -
: 3.0

achivation | sm-:u:uthlng

2 2l Threshold | Time [mzec) 2l 20 -
10| o
-A0.00 100.00

25 -25 - 25 -25 -

20- | - ol E| e e TR 30 | 30-

Figure 17. 4 inspector panels drawn by the agc_exgple.m script.

Looking at the end of the agc_example.m file, themands to configure the inspectors are:

SYS.scale.gainDB.range=[-20 20];
SYS.scale.gainDB.guilnfo.size=[1 3];
SYS.inputMeter.value.guilnfo.size=[1 3];
SYS.inputMeter.value.guilnfo.range=[-30 0];
SYS.outputMeter.value.guilnfo.size=[1 3];
SYS.outputMeter.value.guilnfo.range=[-30 O];

These commands specify the ranges of controlsteiddizes on the inspector panels. The
commands to draw the inspectors are:

awe_inspect(‘position’, [0 O])
inspect(SYS.scale);
inspect(SYS.inputMeter);
inspect(SYS.agc.core);
inspect(SYS.outputMeter);

The first comand, inspect('position’, [0 0]), spesi the screen position at which to draw the first
inspector. The remaining 4 commands draw an inepéwr each of the 4 internal modules. The
inspectors are positioned from left to right (ahd order of inspector drawing was purposefully
chosen to mimic the audio signal flow in the subeys)
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If you double-click on the title bar of a windovingtinspector dialog may increase in size
revealing additional "extended controls”. For epéanthe outputMeter module reveals two
more controls:

wvalue value

-16.75 1475 Status

0 Ogg « e
oM
" Bypassed
3 3 " Inactive

meterType

FastPeaks ample -

2088 | 208

L /e

a0 a0

Double-clicking on the title bar returns the ingpedo its "normal” size.

8.2.Using Controls
This section contains a few tips for using the @ttpr controls.

1. Clicking on a slider advances the control part way.
2. Grabbing and moving a slider updates the variatgiguously.

3. An edit box directly above a slider or knob shotes turrent value. Clicking on an edit
box allows you to type in a value.

4. Left clicking on a knob instantly turns the knobtkat it is positioned over the click
location.

5. Turn a knob by left clicking, and holding, a poant the knob. While you are actively
turning a knob, you can increase the turn radiuadce precisely adjust the value.

6. Knobs can wrap around from the minimum to the maxmvalue. Beware!

8.3. Creating Subsystem Control Panels

Now let us go a step further and draw a singlercbpanel containing the individual inspectors
for all 4 modules. Add the following lines priar the "build" command within the
agc_example.m script:

add_control(SYS, '.scale");
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add_control(SYS, ".inputMeter";
add_control(SYS, ".agc.core");
add_control(SYS, ".outputMeter");

The first command exposes all of the controls fthminternal module "scale" on the overall
inspector. The second command exposes all ofah&ats from the "meterl” module and
positions these controls to the right of the "statmtrols. This repeats for two more modules.
The add_control.m commands add GUI informatiorh®3YS object — they don't draw the

controls themselves. After the system is built amthing on the Server, the overall control
panel is drawn by:

inspect(SYS)
[test] E|
targetlevel [d enable
aainDE [dE) value walue Bl maxzain [dB)| Recovery value walue
oo0 | 1246 | 1884 | 2000 | 1zom a0s | 125
20 - a a 0 a

TECOvENyY

f fk Fate
[dB #sec)
-5 : Bl & 240 il -5

- - ratio [dB/dE] Attenuatlon f‘ .
10 A0 (8] |- a0 | A0

1000 10000

0-3- R {5 0 (-‘ currents ain 454 15
I 173

activation | smocthing | 10
20 S 205 Thieshold | Time [mzec) 20 -20
o |- (dE) 5 3
-50.00 100.00
-25 25 . f 25 W -25 S
20- | - Sy - L ‘ ‘ 103 3y .

Figure 18. Overall inspector panel combining thendividual controls from the 4 internal modules.

In this example, we combined several control pamétsan overall control panel. The same
process applies to adding controls for individuailiables. The form of the command is similar,
except that we specify the full path name of aalda as the second argument. For example, to
expose only the "gainDB" and "targetLevel" variahlase the following commands:

add_control(SYS, '.scale.gainDB");
add_control(SYS, '.agc.core.targetLevel);
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targetLevel [d
gainCE [dB] EB]

0.00 -20.00
20-

0-a@-

10 -

20 -

8.4. Ganging Controls Together

In certain applications, it is useful to have agirninspector control affect multiple variables on
the target. For example, your audio system mayg lsaparate gains for left and right signals and
instead of having two different inspector contrgisl want a single control that affects both
gains parameters. Tying a single control to midti@riables is referred to gangingin Audio
Weaver.

Consider the system shown in Figure 19 below. $¥stem is contained within the example
script test_gui_ganged.m. The system has a sitgpagq stereo output, and separate processing
for the left and right channels. (Note that tlsigiicontrived example since you could achieve the
same result more easily and more efficiently bypgistereo processing throughout.) To expose
individual controls for the left and right gainguwwould use the commands:

add_control(SYS, 'L.gain’);
add_control(SYS, 'R.gain");

However, to gang the controls together, supplylleacey of variable names to the add_control
command:

add_control(SYS, {'L.gain’, 'R.gain"});

Both gain variables are then attached to the saspector control.
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1[32:2] 3[3221] 33201 3[3221] 2[32¢2]
48000 45000 45000

float float float

Figure 19. Example system used to demonstrate gang of inspector controls.

Similarly, we can gang together the set of inspeobotrols for the second order filter modules.
The second order filter module has 6 different mané are on the non-expanded panel and 2 on
the expanded panel:

freq (Hz) gain [dB]

. #5000 B00
-@-- EI:I | |
z e Skatus
| ' [t ] * ackive
O g |- " Muted
" Bypassed
" Inactive

10 -

e 2 smioothing
i ' Time [mzec]
: oo |-
- 10.00
filker Tvpe Q )
Bypazz -l iy -

To gang together the entire inspector panels,hesedmmands:

add_control(SYS, {'eqL’, 'eqR'}, 'right’, 0);
add_control(SYS, {'eqL’, 'eqR'}, 'right’, 1);

The first command gangs together the controlsHertiase inspector while the second command
affects the controls on the expanded panel.

There are a few things to keep in mind when gantgpggther controls. First, the same inspector
value is written to all of the variables. If yoaed finer control, such as a balance control that
uses different gains for different scalers, yaudéd to develop a custom audio module with its
own set function. Second, the variable updatesatréruly simultaneous. Instead, they'll be
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separated by a few milliseconds in time. If yoedhé&uly simultaneous updates, then develop a
custom inspector.

8.5. Overriding Default GUI Settings

Compare the combined inspector panel with the shewn in Figure 17. All of the controls are
there, but some of the (quite useful) labels shmithe window title bars are gone. For
example, what do the first two level meters gragirsespond to? We can improve the
combined inspector by overriding some of the vdeaiames. By default, Audio Weaver
utilizes the variable name as a label shown ornsygector. Override this default behavior by
adding the command

SYS.meterl.value.guilnfo.label="Input Meter";

prior to issuing the add_control(SYS, ".meterlimowand. The inspector now draws as

|
t
11| Ihput Meter | Input Meter
-24.77 -24 62
0 1]
-20 20
-400 - 40
-0 - E0

All of the default information needed to draw aspector control comes from the detailed
information within each @awe_variable object. Asjwst saw, the default information can be
overridden by setting fields within the variablgsilnfo field. Other examples include:

1. Changing the range of a knob or meter:

SYS.agc.core.currentGain.guilnfo.range=[-5 5];
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currentG an
4.38

|
4 4 L

2 -

Note that the range information could have beemgéd in the @awe_variable object
itself:

SYS.agc.core.currentGain.range=[-5 5];

Changing it here would have restricted the rangd&ddth MATLAB usage and when
drawing the inspector.

2. Changing the units shown

SYS.agc.core.currentGain.guilnfo.units='dB’;

|
current
[zain [dB]

.82
A

3

As before, the units information could also haverbmcorporated into the @awe_variable
object itself (which would have been a better ijlea!
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8.6.Changing Control Sizes

Audio Weaver uses a set of normalized coordinateswdrawing controls. The coordinates are
chosen such that a knob has a size of exactly fhikby 1 Y-unit:

ratic [dB.AdB)

10.00

«—>
1 X-Unit

1 Y-Unit

Sliders and meters each have a size of 1 X-uniRaridunits:

gainDB [dB] [mpLt Meter
Q.00 -24.56
20- | -
1]
10 -
-20
0 -3-
10+ | - 401
200 - -B0 -

By setting the control sizes to be simple multipdéan underlying normalized coordinate
system, it is easy to position multiple controlgmoups:

targetlewvel [d
gainDB [dB] | Input Meter | Input bMeter B]
0.00 -26.61 -23.94 -20.00
20- | - .
I:I I:I -r‘ :
10- | - - 4
-20 -20 ]
0-@- ratio [dB./dB]
10.00
_-I I:l _ . '4':' b B '4':' b B r' . )
20- - -B0 - -0 - ‘
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You can also override the default size of a corliyomodifying the .guilnfo field. For example,
the knobs and sliders in the overall dialog showRigure 18 have been vertically aligned by
setting the control sizes:

SYS.scale.gainDB.guilnfo.size=[1 3];
SYS.inputMeter.value.guilnfo.size=[1 3];
SYS.outputMeter.value.guilnfo.size=[1 3];

8.7.Changing the Inspector Layout

The inspector panel shown in Figure 18 consists s#parate "sub-inspectors”, one for each
internal module. By default, Audio Weaver drawb-guspectors and individual controls from
left to right. Subsequent controls are added eaight of the last control.

An optional 3 argument to add_control.m allows you to speciypbsition of the control. The
syntax is:

M=add_control(M, HNAME, POSITION)
where POSITION is either:

1. A 1x2 vector [offsetX offsetY] of normalized contnanits. The control is drawn at
position [X Y] + [offsetX offsetY] where [X Y] ishie position of the last control drawn.

2. One of the relative positioning strings ‘rightpRight’, 'below’, 'bottomLeft’, or
‘bottomRight’. The control is drawn relative te fosition of the last control. This is
described below.

The difficulty with using the [offsetX offsetY] syax is that you must know the size of the last
control drawn in order to effectively use this foofthe command. The relative positioning
strings are much more useful and we focus on tisgige below.

The 'right' command positions the next control irdrately to the right of the last control added.
The 'below' command positions the next control idiakely below the last control added. The
'topRight' command positions the next control atttip edge of the dialog to the right of the
right-most control. The 'bottomLeft' command piosis the next control at the bottom edge of
the lowest control all the way to the left. ThettbomRight' command positions the next control
below the lowest control and to the right of thghtimost control. A few examples will make
this clear. Consider the group of controls shoeiow:
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targetlevel [d
gainDB [dB] | Input Meter | Input Meter EB] maxlG ain [dE]
0.00 -21.80 -21.59 -20.00 12.00
20-] - { q ( q
] ] ‘ ’ ‘ ’
nax
10- - ratio (dB/dB) | Attenuation
dB
10.00 100.00
-20 -20

0-&- :c;"::ii‘l

activation | smoothing

4 4 Thres?]old Time [meec]

-50.00 100.00

f:"i?:i':

"gainDB" is the first control drawn and always aprseat the top left corner of the
inspector dialog.

"Input Meter" is drawn to the "right" or "toprightf "gainDB".
"targetLevel" is drawn to the "right" or "toprightit "InputMeter".

"ratio” is drawn "below" "targetLevel"

"activationThreshold" is drawn "below" "ratio".

"maxGain" is drawn to the "topright" of "activatidbhreshold".
"maxAttenuation” is drawn "below" "maxGain".
"smoothingTime" is drawn "below" "maxAttenuation”.

Another way to understand the relative positiorstrqgs is to consider the controls being drawn
in a matrix:

"right" positions the next control one column te tiight of the last control.

right

T

Contro Contro
N-- N

"below" positions the next control one row dowmfrtche last control.
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Control
N-2
; below
Control
e
; below
Control
N
"topRight" starts adds a new column to the riglgesdnd positions the next control in the
first row.
Contro Contro
N-3 N
4§
Contro ppRight
N-2
/
Contro
ot

"bottomLeft" adds a new row at the bottom and parsg the next control in the first

column.
Contro Contro
N-4 N-2
Contro Contro
N-& N--

/oottomLeft

Contro
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"bottomRight" adds a new row at the bottom andtarttie right.

Contro Contro
N-4 N-2
Contro Contro
N-C N--
. _bottomRight

Contro
N

8.8. Inspector Control Types

We have thus far seen several different types ofrots: knobs, sliders, meters, and checkboxes.
There are several other types of controls and éifeeudt control type is assigned based on the
following logic. The following steps are evaluafeom start to finish and terminate when a
suitable match is found.

1. If the variable is an array, then controlType="gaidd the following is drawn:

coeffz

Idx

(]
[1]
[2]
(2]
[4]
(5]
[6]
(7]
(]
(2]
[10]
[11]
[17]

—
o}
—

>

‘T e o Y s e Y o o o Y o

2. If the variable has usage ‘const’, then controlFgmanst' and the variable is drawn as a
read-only edit box

one_hannel
Outpuk
0

3. If the variable has no range information, then oaiype="edit' and it is drawn as an edit
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box:

b0
1.00

4. If the variable has usage ‘parameter’, has typedimd there are only 2 items, then
controlType="checkBox'

isMuted

r

5. If the variable has usage 'parameter’, has typedird there are 3 to 9 items, then
controlType='dropList’. For each allowable integalue, you can specify a string to
provide an easy-to-read drop list.

Bypass Y
zain

Butter 1stLPF
Butter2ndLPF

Butter 1stHPF
Butter2ndHPF
Allpass1st

Allpassznd

ShelfLow hl

6. If the variable has usage 'parameter’, has typedimd there 10 or more items, then
controlType=knob'. Or, if the variable has usgpgeameter' and type ‘float’, then
controlType="knob'.

freq [Hz]

250,00

7. If the variable has usage 'state’, has type higt'heas exactly 2 items, then
controlType="LED'.

isClipping

8. If the variable has usage 'state’, has type fidt'reas 3 or more items, then
controlType="meter'. Or, if the variable has usatge' and type ‘float’,
controlType="meter".
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current
Gain [dB]

0.00
100

50

R0 -

-100 -

9. Otherwise, a default controlType cannot be assigodhlis variable.

The default .controlType string can be overriddéor example, the agc_core_module.m uses a
knob for the recoveryRate control. You can chahgeto a slider using the command:

SYS.agc.core.recoveryRate.guilnfo.controlType="slid er,;
[ecovery
Rate
[dB fzec]
240
20-
18-
recovery
Rate
[dB Azec) 10 -
240

8.9. Module Status Control

An audio module can be in 1 of 4 run-time statediv®, Muted, Bypassed, and Inactive, as
described in Section 3.3.5. The module statustissing a group of radio buttons. To add a
module status control, use the syntax:

add_control(SYS, '.moduleName.moduleStatus');

where "moduleName” is the name of the module. ¢dmgrol has a normalized size of 1 by 1
and appears as shown below:
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Status
{+ Active
" Muted
" Bypassed
" Inactive

Note that the variable "moduleStatus” does nottexithin the module. Instead, special case
code is used to instantiate this control.

8.10. Changing Polling Behavior

Audio Weaver has a wide assortment of control tygsedescribed in the previous section. The
Meter and LED control types poll the target at aHiOrate and refresh their values. The default
behavior of the other control types is to nevet.pdhat is, if the variable on the DSP changes,
the value shown on the inspector will never be tgulaThis includes variable changes caused
by MATLAB scripts. Thus, it is possible for thesjmector to not accurately reflect the state of
the DSP.

There are several solutions to this problem. if geed a variable to update, then perhaps it
should be marked as a 'state' and have a Metdf@rdontrol assigned to it. Alternatively, you
can manually indicate that the variable should dieeg:

SYS.module.variable.guilnfo.isPolling=1;

To indicate that the module status control showolti pou would set the isPolling field
associated with the module and not the variabte. ekample

SYS.module.guilnfo.isPolling=1;

Finally, you can manually issue the

awe_inspector_update

command from MATLAB. This causes all controls ®redrawn.

8.11. Drawing Arrays of Controls

The default controlType assigned to an array végiaba grid control. The grid control displays

a 2 dimensional matrix of values and is similaatoExcel spreadsheet. There are times when an
array of control (knobs, sliders, meters, etcthae convenient than a grid control. For

example, consider an 4-input 2-output mixer_modul&.he mixer gains are stored ina 4 x 2
matrix .gain of cofficients and the default insmedhterface would appear as:
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gain [dB]
Idx | [O] [1]
m 1 0
[1] 0 0
[z] 0 0
[5] 0 0

Mixers are typically drawn with knobs. Would it pessible to draw an "array of knobs"? Yes,
simply override the controlType by setting

SYS.mixer.gain.guilnfo.controlType='knobs";

The inspector then draws as:

gain [dB] gain [dB]

100 0o

qgain [dB] gain [dB]

000 000

gain [dB]_ gain [dB]

oo 000

gain [dB] gain [dB]

000 000

This is getting closer, but not exactly what wastvaviixer interfaces typically have each
column dedicated to an input channel and each emicdted to each output. We need to
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transposehe array of coefficients:

SYS.mixer.gain.guilnfo.transposeArray=1;

This yields the final mixer interface, which isfact specified in the mixer_module.m script.

gain [dE] gain [dB] gain [dE] gain [dE]

1.00 0.00 0.00 0.00

gain [dB] gain [dB] gain [dE] gain [dB]

0.00 0.00 0.00 0.00

Certain other modules use arrays of controls whiawidg themselves. For example, the
meter_module.m is designed to operate on multioklesignals and uses a separate meter control
for each audio channel. The meter_module.m soviptrides the default grid control with a
'meter' module. The interfaces shown in Figuradd Figure 18 have two controls shown for
both the meterl and meter2 modules. That is bedhese modules are displaying stereo
information and thus a pair of meters is shown.

8.12. Base and Extended Controls
We saw in Section 8.1 that some inspectors cowgjdiécbetween showing and hiding an
"extended" panel by double-clicking on the title.b&ypically, the frequently used controls
appear on the base panel while the less frequesdg items, such as the module status, appear
on the extended panel.

Controls are placed on the extended panel via tar@gb fourth argument to the add_control.m
command. The full syntax of the command is:

M=add_control(M, HNAME, POSITION, ISEXPANDED)

ISEXPANDED is a Boolean, and if it equals 1, thatcol is placed on the extended panel. By
default, ISEXPANDED=0 which places the control be hormal panelWhen creating an
inspector for a module, you should first add altlo# controls that appear on the normal panel
and then add all of the controls that appear ondlRkended panelExtended controls can appear
to the right of, or below, the standard controls.
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The interpretation of ISEXPANDED is also slightlyfdrent when adding a set of controls from
an internal module to a high-level inspector. His tase,

ISEXPANDED=0 — Add all of the controls from the bgsanel of the internal module to
the base panel of the overall inspector.

ISEXPANDED=1 — Add all of the controls from the ertled panel of the internal
module to the extended panel of the overall ingpect

ISEXPANDED=2 — All of the controls — including tlextended ones — appear on the
normal control panel.

In some cases, you call add_control.m twice forsdi@e module to position controls on both the
base and extended panels:

add_control(SYS, ".agc.core', 'topRight’, 0);
add_control(SYS, '.agc.core', 'topRight’, 1);

8.13. Further Control Attributes

An "attribute string” specifies additional detakgarding how a control is drawn. The attribute
string provides fine grained control over, for exde) the number of tick marks displayed or the
numeric values at which tick marks are display&te attribute string information is control
specific and consists of a set of key/value pdksyl=valuel key2=value3'Note that there is a
space between key value pairs and not a comhha. attribute string is contained within the
.guilnfo.attribStr field.

The list of attributes is fairly lengthy. A fewmwmnonly used attributes are called out below.

Logarithmic knob or slider In audio, it is useful to have a knob that actsa logarithmic
scale for controlling frequency. To enable thed, s

module.variable.guilnfo.attribStr="mapping=log";
You can see an example of this within the sine_gerdule.m

Restricting knobs and sliders to even values

module.variable.guilnfo.attribStr="stepSize=2";

Converting a linear value to dB for meter displa@ften an audio module performs
calculations in linear space whereas the prefatigulay is in dB. Instead of performing
the linear to dB conversion on the target, youmariiorm it in the meter itself. Use

module.variable.guilnfo.attribStr="mapping=db20;
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8.13.1.Grid Control Attributes

format=format_specifier — a printf style formatuse when formatting values, default %g
min=val — default —1e10, the minimum displayabliigaon the grid

max=val — default 1e10, the maximum displayableeain the grid

colwidth — default 50, value must be >= 50, widftftolumn in pixels

sidewidth — default 30, value must be >= 30, wialtfirst column in pixels

8.13.2.Edit and Constant Control Attributes

format=format_specifier — a printf style formatuse when formatting values, default
%.2f

stepsize=step — default 0, the amount by whichlaysg values will be quantized
min=val — default -100, the minimum displayableueabn the meter

max=val — default 0, the maximum displayable valoghe meter

readonly — O or 1, default O; when set preventsue editing the value

8.13.3.Checkbox Control Attributes
readonly=val — 0 or 1, default 0; when set prevémsuser changing the selection

8.13.4.Drop List Control Attributes
readonly=val — 0 or 1, default O; when set prevémsuser changing the selection

8.13.5.Knob and Slider Control Attributes

min=val — default 0, the minimum value of the sfide

max=val — default 1, the maximum value of the slide

value=val — default 0, the initial position of thkder

format=format_specifier — a printf style formatuse when formatting values, default
%.2f

units=units_name — no defult, used to name thes ufnit example dB
mapping=[log|lin[ear]] — default linear. The valsedisplayed according to the mapping.
Log is not possible unless min > 0.

ticks=nTicks — default is 2, range is 2-32, thithis number of tick marks to display
useticks=[0|1] — default is 0, when 1 tickmarks duawvn

fixedticks=nFixedTicks — default is 2, range is2-fis is the number of fixed ticks to
display

tickmarks=vl, ... , VN — a list of labels to applytickmarks up to a maximum of 8
values, no default

stepsize=step — default 0, the amount by whichlaysg values will be quantized
control=[knobl|slider] — default slider. If knobr@tary knob control is shown instead of a
slider.

height=val — default is natural control height,ues larger than default stretch the control
vertically downwards. If control=knob, this valueignored.Do not set this value. The
height is automatically calculated based on guilsifze.

continuous=[0|1] — default 1, when 1 all changesaasigned as they happen, otherwise
changes are sent only when the user releases tingemo
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8.13.6.LED Control Attributes
There are no attributes associated with the LEDRrobn

8.13.7.Meter Control Attributes

format=format_specifier — a printf style formatuse when formatting values, default
%.2f

units=units_name — no default, used to name this,uor example dB
mapping=[db20|undb20|lin[ear]] — default db20. Takie is displayed according to the
mapping.

ticks=nTicks — default is 2, range is 2-32, thithie number of tick marks to display
useticks=[0|1] — default is 0, when 1 tickmarks duawvn

tickmarks="v1, ... , vN” — a list of labels to apply tickmarks up to a maximum of 8
values, no default

stepsize=step — default 0, the amount by whichlaysg values will be quantized
meteroffset=offs — default 0, an amount to be addealues before use

min=val — default -100, the minimum displayableueabn the meter

max=val — default 0, the maximum displayable valoghe meter

height=val — default is natural control height,ued larger than default stretch the control
vertically downwards.Do not set this value. The height is automaticedliculated
based on guilnfo.size.

8.14. Module Level .guilnfo

We've seen how a variable's .guilnfo field can $eduto customize the control attached to it.
Modules and subsystems also have a .guilnfo fletl¢an be used to modify the appearance of
their inspector panel. Two characteristics ofittgpector panel can be customized:

M.guilnfo.showMore — a Boolean value that specifidgether the normal inspector (=0)
or the extended inspector (=1) should be initiahpwn. By default,
showMore=0 and the normal inspector appears.

M.guilnfo.caption — specifies the string that sltbappear in the inspector’s title bar. By
default, this is empty and the dialog title bartedms the string

moduleName [className]
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9. Flash File System

Some hardware targets provide on board flash meowrijgured to work with Audio Weaver.
The flash memory stores files, usually compiled idbud/eaver Scripts, that execute upon boot
up. This feature allows the hardware target toatpdan standalone mode, that is, without having
a PC attached.

Flash memory is divided into separate sectionss Varies from target to target, but generally the
flash memory is divided into 3 separate sections:

1. Boot kernel — A small program that is responsiblelfooting the main executable. It
also provides the ability to update, or reflask, timain executable. Refer to your target
specific document to learn how to access the bextek.

2. Main Executable — The primary Audio Weaver exed@tafd his contains the real-time
framework, audio module library, and tuning inteda The Server interacts with the
main executable.

3. Flash File System — Utilizes the balance of flagnmary not allocated to the boot kernel
or main executable. Used to store script and filata

The Native PC Target emulates a Flash File Systestdring the files locally on the hard disk.

When the Server connects to a hardware targetatbet reports back its capabilities and
features to the Server. This information is digpthwithin the Server's Output Window. One of
the lines shown indicates whether the target pes/al Flash File System:

Is FLASH supported: Yes

9.1. Script File Types

Script files fall into two separate categoriesxt tript files and compiled script files. Text
script files contain the commands sent from MATL#ABthe Server. These text commands
instantiate and configure audio processing as agetiraw inspectors. Text commands provide
access to the full range of Audio Weaver featu@smpiled script files contain the commands
sent from the Server to the hardware target. Thesenands instantiate and configure audio
processing only; they do not draw user interfadesxt script files have an .aws extension while
compiled script files have an .awb extension. Cidedpscript files contain a subset of the
commands found in text script files.

Audio Weaver makes another distinction betweerpsétes. Audio Weaver Scridiles

instantiate audio processing, set default parasieded draw user interfaceBreset Scripfiles
store only parameter changes and changes to msidiles (i.e., Actived, Bypassed, Muted, and
Inactive). There can be text and compiled versadresach of these files. Altogether, there are 4
different types of files recognized by Audio Weaver
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Audio Weaver Script text file for instantiating an audio systemtisetdefault
parameter values, and drawing user interfaces.

Compiled Script binary version of Audio Weaver Script. Contaamty commands sent
to the target; omits commands used only by theeé3gsuch as those for drawing
inspectors.

Preset Script- text file for setting parameter values.
Compiled Preset compiled version of a Preset Script.

Audio Weaver also provides & file type — Other — for storing data that is nueipreted by
Audio Weaver. The other file type is provided &sran additional feature for application code
running on the target.

The file type information is stored in an attributerd associated with each file. A file can also
be marked as beingomot filg that is, it is interpreted after the system bodenerally all
Audio Weaver files stored in the Flash File Systrauld be marked as being boot files.

9.2. Startup Behavior

This section describes the behavior of an Audio Wetarget after it has booted and done basic
system initialization. These steps apply onlyystams containing a Flash File System. Systems
without a Flash File System simply wait for commssdnt from the PC to the target over the
tuning interface.

1. The target interrogates the flash memory lookingafealid directory structure stored in
high memory. If the directory structure is notiidy and the data is uninitialized (set to
all OxFF), the target searches starting at theofdlash memory looking for the first non
OxFF entry. This determines the amount of unusechany available for the Flash File
System. The Flash File System follows any minimallocation sizes required of the
specific flash memory devices and then writes aptgmirectory structure containing no
files.

2. The processor searches sequentially through tteh Hide System looking for any
compiled files that are marked to execute at biow.t All marked files are executed in
the order found.

9.3. Connection Behavior

When the Server first connects to the target,atdees through the flash file system looking for
Audio Weaver text script files and text presetdciiles that are marked to execute at boot time.
The Server copies the file one at a time from tlash-File System to a temporary directory on
the PC. Each file is then executed by the Semvéryau'll see an entry in the Server's Output
Window as each file is processed.
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9.4. Using the Flash Manager Window

The Flash File System is managed using a graphsaalinterface provided by the Server, or
through commands sent from MATLAB. This sectiosaées the graphical user interface,
called the Flash Manager, provided by the Ser@ection 9.5 describes how to manipulate the
Flash File System using MATLAB scripts.

The Flash Manager is accessed from the Audio Weaaar window using the Flas® Flash
Manager menu item.

IiEI Audin Help

[ |

This menu item is only available if the target pdes a Flash File System.

The Flash Manager window initially appears as shbelow:

Flash Memory Manager. E|

Flash file system on target
Marme | Size | Type | Attribute | Add...

Compile Script...
Capture Preset, .,

Total: 212992 bytes
Used: 0 bytes
Fragmented: 0 bytes

Available: 212416 bytes Close

The bottom left corner of the window provides adbrdown of the memory usage in the Flash
File system. The four values are interpreted hsvis:

Total — Overall size of the Flash File System iteky

Used — Number of bytes in use by files.

Fragmented — Number of bytes lost due to fragmiematf the memory or file deletion.
Available — Number of bytes available for new files

In the Flash File System, files are written buttacally never erased. When a file is "deleted",
its directory entry is marked as being deletedweler, the file continues to consume flash
space. This lost memory is listed as "Fragmernitetlie Flash File Manager. To recover the
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fragmented memory, you have to erase the entishfHde System (Using "Delete All") and then
recopy the files in one at a time.

9.4.1. Adding Files
To add a file to the Flash File System, click oa ‘tAdd..." button. This pulls up the Add File

dialog:
Add File To Flash X]
Select file to add
ﬂ Erowse

g F CPN. . \ExamplestSoriptsifloattage example, AWE

File type: | audic Weaver Script ﬂ Attribute: | 16 [~ Boot file

First browse to the location of the file you wishatdd. This file typically has an .aws or .awb
extension.

Then specify the type of file you are adding in dnep list. There are 5 possible choices:

|.ﬁ.uu:|i|:| W'eaver Scripk j

Audio \Weaver Scripk
Compiled Scripk
Preset Scripk
Compiled Preset
Other

The Attribute edit box specifies properties of tite using an 8-bit integer value. The value is
interpreted as 8 Boolean values combined on aybiitbasis:

Bit Meaning

RESERVED

Indicates that the file is processed at staitap t
RESERVED

Indicates that the file is compiled

Indicates an AWS script

Indicates a Preset script

RESERVED

RESERVED

~No o~ WNEO

The design has more flexibility than is currentgquired and only a few combinations of bits
make sense.

Attribute Byte Description
16 Audio Weaver Script file (non-bootable)
18 Audio Weaver Script file (bootable)
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24 Compiled Script file (non-bootable)
26 Compiled Script file (bootable)

32 Preset Script File (non-bootable)

34 Preset Script File (bootable)

40 Compiled Preset File (non-bootable)
42 Compiled Preset File (bootable)

The attribute byte is automatically set when ydedene of the first four file types from the
drop list. The check box

[ Book File

allows you to specify if the file should be proca$sat boot time. Checking this box sets bit 1 of
the attribute byte and effectively adds 2 to thiei@a

The "Other" file type is included for future expams Currently the target does not process files
of this type.

Once you've specified the file to add and settttsbate byte, click the Add button to copy the
file from the PC to the target. Copying to flasemory may take several seconds depending
upon the size of the file. After a file is add@dppears in the Flash File Manager directory
window. The memory sizes in the bottom left coroiethe window are also updated.

In order to conserve flash memory on the targetRlash File System restricts file names to 24
characters in length.
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Flash Memory Manager E'

Flash file system on karget
Marme | Size | Type | Attribute | | add, ., |
agec_example, aws 2032 Book scripk 15 |
Erase Flash |

Compile Script., .. |

Capkure Preset... |

Toktal: 212992 bytes
Used: 5032 bytes
Fragmented: 24 bytes

Awailable: 207360 bytes Close |

Each file stored in the Flash File System must leauaique name. If you add a file that has the
same name as an existing file, you will be prompted

The file "agc_example. aws' already exists on the target. Are wou sure wou want bo overarite it?

Clicking Yes deletes the existing file and thensatlee new file.

9.4.2. Copying Files from the Flash File to the PC
The Flash File Manager allows you to copy filesrirthe Flash File System to your PC's hard
drive. This feature is used to manually defragnme@tory or to copy files to another target
board.

Begin by selecting one of the files in the Fladle Manager directory window. This causes the
"Save As..." button to be enabled. Then click "Sase." and specify the directory in which to
copy the file.
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Save FLASH file to @

Savein; |j Sciptz _V_| & EF *

5 | e
L..i_@ 3 Flaat

MuRecent | ifrack3z
Documents

F—
L&

Desktop

ky Documents

ky Compliter

My Metwork. File name; |agu:_e:-:ample.aws __Y_J Save
Places
Save as type: |,-'.‘-.II Files [*.%) LJ Cancel

o

Then click "Save" to complete the operation.

9.4.3. Deleting Files

The Delete button allows you to delete one fila &itne. This button is only available if a file is
selected in the File Manager directory window. ddiel a file affects only bit 7 of the attribute
byte. The actual file contents remains in flash mgnand the bytes used are listed as
fragmented.

To delete all files in the Flash File System clackthe "Delete All" button. You will be

prompted:

Are wou sure you wank ko delete all files from the target FLASH?

Yes Mo |

Deleting all files essentially reformats the enfitash File System. The flash memory used by
the Flash File System is erased and an empty dmestructure is written. Reformatting
memory is the only way to recover fragmented memory
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9.4.4. Compiling Files

Compiling a text script file removes messages (ascimspector drawing commands) handled by
the PC and converts the text commands into a n@rgact binary representation. The text file
with .aws extension is converted to a binary filthwawb extension.

Begin by clicking on the "Compile Script..." buttofhis brings up the dialog

Audio Weaver Script Compiler E|

Select file to compile

igllN[ N, .. . | ExcamplesiSoriptsifloatiage example, aws j Browse, .,
Cutput: | A ExamplestSoripksifloatiage_example, AWE j Browse, .,

conca_|

Click the upper "Browse..." button and select an .a@rgt. This is used as input to the script
compiler. Then click the lower "Browse..." buttordagelect a destination file. You should
name this with an .awb extension. Finally, cli@opile” to complete the conversion process.

9.4.5. Capturing Presets

A preset file places the system into a known sifttr the system has been instantiated. Preset
Script files are generated by MATLAB (see Sectidh®) and only contain commands to set
parameter values or to change a module's run-tiatess If you open a Preset Script file in a
text editor, you will see commands of the form:

set value, ...
set_module_state, ...
write_float_array, ...
write_int_array, ...
write_fract_array, ...

A preset file is used in several different way#sti-since they are Audio Weaver Script files,

they can be executed from the File menu in ordsetdhe system into a known state. Second,
they can be added to the Flash File System in d@odest the system to a known state after the
Server connects. Finally, preset files can alsodsel astemplatedor creating new preset files.

The template file specifies all of the parameterd module statuses that need to be read from the
target. When used as a template, only the variadnees are used; the variable values specified
in the template file are ignored.

The process of creating a new preset file fronmgptate is callCapturing a PresetBegin by
building the system associated with the preseenThlick on the "Capture Preset..." button.
This brings up the Capture Preset dialog:
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Audio Weaver Preset §|

Select preset file

Template: | | j Browse. ..
Output: | j Browse, ..

cons_|

Specify the preset file to use as a template (that) and then specify the name of the new preset
file to generate (Output). The Template and Ougiaut be the same file; this simply overwrites
the preset file with new values. Then click thap@ire" button. Capturing a preset interacts
with the currently active system on the targetr éach symbol in the preset file, the Server reads
the current value from the target and writes aratguipreset output file. It may take several
seconds to capture a large preset.

9.5. Accessing the Flash File System Using MATLAB
This section describes how to access the FlastSygeem using MATLAB commands.

9.5.1. Flash Memory Directory
To obtain a directory of files residing in flash mery, use the command

target_flash_dir

This prints the directory information in the MATLAButput window. To get directory
information programmatically, use

L=target_flash_dir;
The function returns an array of structures, ondifge with the following fields:

fileName — name of the file (string)
.attrib — attribute byte described in Section 9.4.1

The attribute byte is also dissected into sep@atdean fields for ease of use:

.isStartup
.isCompiled
ISAWS
.isPreset
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9.5.2. Adding Files
Files are added one at a time using the command

target_flash_add(FILENAME, ATTRIB)

where FILENAME is a string specifying the file tdcdhand ATTRIB is the 8-bit attribute byte
discussed in Section 9.4.1. FILENAME must be asin2d characters in length; this is checked
by the function. The function also checks FILENAMG&es not already exist in the Flash File
System.

9.5.3. Deleting Files
To delete individual files use

target_flash_delete(FILENAME)

where FILENAME is the name of the file to delefBo completely erase flash memory —
essentially reformatting it — use

target_flash_erase

This command takes several seconds to executecdrhmand executes without prompting you
to confirm the erasure.

9.5.4. Creating and Compiling Files

The MATLAB command awe_diary.m is the primary metlior creating Audio Weaver Script
(.aws) files. This command is discussed in Sedi@¥ and essentially captures all of the
commands sent from MATLAB to the Server and logs1thio a specified file. Typically, you
wrap the building of a system and drawing of itgp@ctors in pairs of awe_diary commands as
shown below:

awe_diary(‘on’, 'myscript.aws');
build(SYS);
inspect(SYS.modulel);
inspect(SYS.module2);
awe_diary('off");

In this example, all of the commands needed talhbi system SYS on the target and draw two
inspectors are captured in the file myscript.aws.

Audio Weaver Developer provides a function awe_dtenp which automates the process of
compiling script files. See theudio Weaver Platform Developers Guide more details on this
function.
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9.5.5. Creating Preset Files

The function create_preset.m automates the pradessating preset scripts for a particular
system. The syntax for the function is:

create_preset(SYS, FILENAME)
where
SYS - @awe_subsystem object
FILENAME — name of the file to store the preset in.

Internally, create_preset.m relies on awe_diarg.wapture commands sent to the Server. See
Section 5.2.4 to understand exactly how FILENAMEpsto a specific directory on your hard
disk. The preset file contains only the 5 commigpes listed in Section 9.4.5. All other
commands are filtered out.

create_preset.m utilizes the .isPreset field oheaciable (module) to determine if the variable
(module) is placed into the preset. By defauRyéset is set to O for all variables except those
having a usage of "parameter”. That is, only paters are included in preset files, not state
variables, constants, or derived variables. Snhgijléhe status of every module in the system is
added to the preset by default. You can overhidedefault preset creation behavior by manually
setting the .isPreset field of a particular moduleariable.

9.6. Flash Manager Example

This section concludes with an example of how tlizetthe flash memory manager in practice.
We store one of the Audio Weaver example systerflash and configure the board to execute
the script upon boot up. Both compiled and texhe@nds are stored. The compiled files are
executed when the DSP boots; the text script fitesexecuted when the Server connects. We
will use the automatic gain control system anddthe system and create a preset using
MATLAB.

1. Startup Audio Weaver using the awe_init.m command.

2. Then create the automatic gain control examplesgystUse the diary function to capture
all of the Server commands:

awe_diary('on', 'agc_example.aws");
SYS=agc_example;
awe_diary('off;

The system is returned in the variable SYS.

3. Create a preset for the system using

create_preset(SYS, 'agc.pss’);
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Remember, this is the presemplatefile.

4. Using the Flash Memory Manager, compile the script

agc_example.aws > agc_example.awb

5. Now store the following two files in the flash figgstem and mark them as shown:

agc_example.aws  Audio Weaver Script. Boot File Att rib=18
agc_example.awb  Compiled Script. Boot file. Attrib =26

Ensure that these are the only two files in thetflile system.

6. Shut down the Audio Weaver Server and reset tigetarThe target will execute
agc_example.awb at boot time and you'll immediatelgr audio being processed.
Manually launch the Server. The Server will cortraa execute the agc_example.aws
script file. This destroys and reinstantiatespgtaessing. The user interface is also
drawn.

7. Using the inspectors, tune the system to an audiffigrent state. In this example,
lowering the targetGain variable of the AGC Core40 dB will make the audio much
quieter.

8. Capture these settings using the preset agc.pem the Flash File System window,
select Capture Preset. Specify agc.pss as thdaenije and agc40.pss as the output
file. (If you are interested, you can compare pggand agc40.pss in a text editor. You'll
notice that the targetLevel variable of the AGC &€appears as -20 in agc.pss and -40 in
agc40.pss.

9. Compile the script

agc40.pss > agc40.psb
This is now a compiled preset file.

10. Write agc40.pss and agc40.psb to the flash fileesys Mark the files as shown below:

agc40.pss Preset Script. Boot File Attrib=34
agc40.psb Compiled Preset. Boot File Attrib=42

11. Shut down the Server and reset the target. Thettarill execute agc_example.awb
followed by agc40.psb. The example will be runnwith the updated tuning values.

12.Then launch the Server. The audio processingbsilestroyed, rebuilt and the system
tuned to the parameters contained in agc40.pss.
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10.Example Systems

A large number of example systems are provided Mittlio Weaver. The examples are
provided as Audio Weaver Script files (.aws) aslaslthe original MATLAB code that
generated the scripts. The examples are a goodoagst started with Audio Weaver and
demonstrate how to use many of the different madue typical application.

The examples are contained in the folder

<AWE>\Examples

Each MATLAB script creates the system, starts tiwa¢ audio processing, and in some cases,
draws a user interface. For example, the secatet ditter module example, is launched from
MATLAB as

SYS=second_order_filter_example;
The functions return the running system as themedtgument SYS.

Prebuilt Audio Weaver script files are also prodder each example. The script files are in the
folders:

<AWE>\Examples\Scripts\float
<AWE>\Examples\Scripts\fract32

The scripts in the float directory utilize floathpgint processing while scripts in the fract32
directory utililze fixed-point. All scripts willun on the PC since it contains the complete audio
module library. If you are using an embedded taten use the script files pertaining to the
target's data type; float for SHARC and fract32Btackfin. Further information about data
type support in the examples is found in Sectio2.10

10.1. Overview of the Examples

This section briefly describes each example andtiaddl information can be found at the start
of each MATLAB script file. The first set of examep implement fairly complex audio
processing chains and are representative of theegsong actually found in commerical audio
products. The second set of examples demonstesteges of individual audio modules.

10.1.1.Complete Audio Systems

Name Description
agc_example.m Automatic gain control
limiter_example.m Peak limiter with programmablesgthold and soft knee
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noise_gate_subsystem_example.m

Noise gate whiaksrtaw-level signal values

stereo_processing_example.m

controls, two band limiter, volume control, FM gitlone rejection
filter, and muting.

Typical signal chadd ts process stereo signals. Contains tone

three_band_limiter_subsystem_example.m  Three banitgl containing a Linkwitz-Riley crossover angaeate

limiters in each frequency band

reverb_example.m

Stereo reverb using an 8 by 8sutag matrix.

avr_processing_example.m

management, equalization, compressor / limitere titalay, and
channel mutes.

Typical processing fooral7.1 channel home theater system. Ba

xover_biquad_example.m

Processing for a high-eud &peaker. 3 band crossover,
equalization, limiters, and time delays.

yamaha_mgl12_example.m

Approximation of the Yamal&l Rmixer.

10.1.2.Smaller Module-Specific Eexamples

Name

Description

balance_example.m

Simple balance control

dec_int_example.m

Decimator and interpolator

delay_example.m

Time delay

fader_example.m

Front-back fader implementation

feedback_delay_example.m

System that creates anusatg feedback.

geq_3band_example.m

Three band graphic equalizer

geq_5band_example.m

Five band graphic equalizer

geq_7band_example.m

Seven band graphic equalizer

geq_l10band_example.m

Ten band graphic equalizer

graphic_eq_band_example.m

Single stage of a gragjuializer

limiter_example.m

Peak limiter

Ir_example.m

Two band Linkwitz-Riley crossover

mixer_smoothed_example.m

Smoothly updating mix@rmputs to 4 intermediate channels and then tc
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output channels

multiplexor_example.m

Multiplexor switches betwesawveral different signal generators. Watch o
— can be quite loud!

ut

router_example.m

Demonstrates router module whetdrtt channels based on an index
variable

scaler_db_example.m

Scaler module that is adjustdB

scaler_db_smoothed_example.m

Smoothly varying so@delule that is set in dB

scaler_example.m

Standard linear scaler modul@p@&ts positive and negative gains. Not
smoothly updating.

scaler_smoothed_example.m

Standard linear scaléulmo Supports positive and negative gains.
Smoothly updating.

scalern_db_smoothed_example.n

Stereo scaler witirae dB gains for the left and right channels.

second_order_filter_example.m

Demonstrates thergeperpose second order filter module with 20
different filter types. A cascade of 3 sectionsriplemented.

smixer2x1_example.m

Demonstrates a smoothly varimgput — 1 output mixer module.

xover_nway_subsystem_example

m  Demonstrates peelemhstruction properties of a 3 band LinkwitzeRil
crossover. Sine wave used as input signal. Warnithis is loud!

10.1.3.Examples referred to the in the User's Guide

Name Description

bass_tone_control_example/m Creates a bass toteldanluding a MATLAB set function.

process_example.m Demonstrates how to pass datagytha system for regression testing

10.2. Data Type Support

Many of the examples support both floating-poird &ired-point processing. By default, the
MATLAB scripts query the target to determine théiveadata type and instantiate either
floating-point or fixed-point processing to mattie target. For example, if you are running

natively on the PC and type

SYS=second_order_filter_example;

the example will use the floating-point versioritodé second order filter module. The system

diagram verifies this:
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1[32x2] 2[32x2]
44100 44100
fract32 fract32

The example script accepts an optional argument:

SYS=second_order_filter_example(ISFLOATINGPOINT)

which allows you to override the default behavido demonstrate the fixed-point filter on the
PC, type

SYS=second_order_filter_example(0);

This creates the overall system

1[32x2] 2[32x2]
44100 44100
fract32 fract32

out

Note that the type conversion modules are missiagtiaat the fractional version of the module
is used. If you look within the second_order_filtmodule.m script, you'll see the logic which
selects the appropriate data type based on thet fargperties.

T=target_get_info;

if (nargin < 1)
ISFLOATINGPOINT=T.isFloatingPoint;
end

SYS=target_system(‘test’, ", 1);

if ISFLOATINGPOINT)
dataType="float’;
else
dataType="fract32";
end

Keep in mind that the type conversion modules meglipy the floating-point module are
automatically added by the build process.

10.3. test_start_audio.m

Real-time audio is started by the example scrigtghe command test_start_audio.m. This
script queries the Server to determine if audioeisig processed natively on the PC. If so, then

ﬁwj)) Page: 153 of 162



DSP Concepts, LLC. Audio Weaver 2.0 User’s Guide

the MP3 file

<AWE>\bin\Audio\Bach Piano.mp3

is played. Otherwise, if executing on an embeddggkt, then audio is started with

awe_server_command(‘audio_pump")
and the A/D's serve as the source of the audio.

This script is provided as a convenience when destnating examples on the PC; it allows
examples to run without connecting an external@device. Feel free to edit this file to change
the default audio file or to specify A/D inputs the PC.
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11 Troubleshooting Guide
This section describes common problems encountened using Audio Weaver.

11.1. Error in subsref.m or subsasgn.m

Each of the object classes, @awe_variable, @aweulmaghd @awe_subsystem, have
overloaded reference and assignment functions. stihsref.m function is called whenever you
access an internal field of an object such as:

x=object.field;
or

x=objectl.object2.field(1:2)

Similarly, the subsasgn.m function is called whemgwou make an assignment to the object:

object.field=x;
objectl.object2.field=x;

If Audio Weaver fails within one of these functigmisen the actual error occurred higher up in
the call stack within the user code. To correetgloblem, look at the call stack when the failure
occurred, and locate the erroneous reference mnassnt operation. For example, suppose that
the field name "range" is mistyped as "ranger"e @lsignment:

SYS.scale.gainDB.ranger=[-20 20];

will fail and generate the error message

??7? Error using ==> awe_variable.subsasgn
Reference to non-existent field 'ranger’

Error in ==> awe_module.subsasgn at 70
M.variable{i}=subsasgn(M.variable{i}, T , D);

Error in ==> awe_subsystem.subsasgn at 94
M.module{i}=subsasgn(M.module{i}, T(2:end), D);

Error in ==> agc_subsystem_test at 30
SYS.scale.gainDB.ranger=[-20 20];

You'll note that the first 3 functions in the csilick are different versions of subsagn.m applied
to variables, modules, and subsystems; ignore thEse actual error is the assignment made at
line 30 of agc_subsystem_test.m.
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11.2. Server Failures

If an error occurs with a command sent to the Setlae failure will manifest itself within the
function awe_server_command.m. To debug this,igord MATLAB to stop in the debugger
when an error occurs

dbstop if error

Rerun the script. When the failure occurs, inspieetvalues of the variables IN and OUT. IN
holds the last command sent to the Server. OUTshiblel response from the Server. These
variables will give you clues to the specific fadu

11.3. MATLAB and the Audio Server Lose Synchronization

MATLAB uses a full duplex transmission protocol wihe Audio Server. Every command sent
to the Audio Server generates a corresponding .repiyat is command N-1 receives reply N-1,
command N receives reply N, and so forth.

It is possible for the TCP I/P connection betweeTMAB and the Audio Server to become out
of sync. This typically occurs when a commanceistso the Audio Server and the user presses
Control-C to interrupt execution, or the Audio Sarexecutable is halted and restarted while
MATLAB is awaiting a response from the Audio Servém these rare situations, MATLAB

sends command N and receives the reply for commahd The loss of synchronization finally
manifests itself when MATLAB is parsing a Servespense and is unable to locate the expected
information. To identify the problem, check if taing received back by MATLAB matches

the last response shown in the Server windowotif then MATLAB and the Server are out of
sync.

The loss of synchronization also occurs if you @mtrio the Audio Weaver from MATLAB and
run script files from Windows Explorer (i.e., byudde clicking on an .aws file). You should
either use MATLAB or manually run script files. wys shutdown and restart the Server when
you switch between MATLAB and manually executingsdiles.

To correct the synchronization problem, you wileddo exit and restart both MATLAB and the
Audio Server.
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displayControl...........ccooeeiiiie, 49
awe _iNitM ... e 64
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awe_subsystem...........ccccee 54
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awe_variable.........ccccoeeviiiiiiiiii e, 45
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Bach Piano.mp3

tESt il 154
balance_example.m .........ccccccoiiiiiiiiiinnnn. 151
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base panel

14 15] o101 (o] CO 134
bass tone control............ccccceceiiinni e eee.. 36

example ... 37
bass_tone_control_example.m................... 2.15
bass_tone_control_float_subsystem.m............
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inspector control position..............c...... 127
Biquad

filter ... 36
biquad_cascade_module.m..................... 105.
biquad_module.m .........ccccceeiiaaaes 105
biquad_smoothed_module.m...................... 5.10
Blackfin ..o 7
blockSize

] 60
blockSizeRange

PN 60
bottomLeft

inspector control position..............cc..... 128
bottomRight

inspector control position.............ccc..... 129
Build.m ... 28,72
butter_filter_module.m................ooeerrieee 105
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module status.........cooeevveieiiiiiiiieiiienn 33, 80
caption
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