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1. Overview

This Developers Guide describes creating custormoanddules for Audio Weaver. Itis a
companion to th&udio Weaver User's Guidehich focuses on developing audio systems using
MATLAB scripts. This document is intended for algiom developers creating custom audio
modules.

This guide assumes that you've read througtititko Weaver User's Guidend can develop
audio systems using MATLAB scripts. This is partarly important for module developers
since many of the key concepts — pins, variableglutles and system objects - will be built upon
here. Modules are developed using a combination &sembly code and MATLAB scripts,
and understanding the MATLAB scripts describechim tysers Guide is critical. This
Developers Guide is suitable for Audio Weaver Desigand Audio Weaver Developer. With
Audio Weaver Designer, you will be limited to demging custom audio modules on the PC.
Audio Weaver Developer gives you the added fleiibdf creating custom audio modules for
the SHARC or Blackfin processor.

If you are creating a custom hardware target ferwish Audio Weaver, you should refer to the
Audio Weaver Platform Developers Guide.

1.1. Requirements

Developing custom audio modules for the native &@Get requires Audio Weaver Designer
together with

 MATLAB version 7.3 (2006b) or later
* VisualStudio version 7 (2003)

The audio module code is compiled and packagedaimtaudio module Dynamic Link Library
(DLL). The DLL is read by the Server when it labes and makes the audio modules in the
DLL available to the Server.

To develop custom audio modules for the SHARC acBiin you'll need Audio Weaver
Developer together with

 MATLAB version 7.3 (2006b) or later
* VisualStudio version 7 (2003)
* VisualDSP++ 4.5 2007 release for SHARC or Visualb8B.0 SP3 for Blackfin.

You first create an audio module DLL using Visual80; this describes the audio module to the
Server. You then rebuild the target executableliakdn your custom modules using
VisualDSP++.
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1.2. Overall Development Environment

The Audio Weaver environment utilizes MATLAB, a P@sed Server, a hardware target, and
development tools for the hardware target, as shovangure 1. Much of the design is
orchestrated by MATLAB including describing modylgenerating code, and generating
documentation.

Steps 1 through 9 shown above the dark line inr€iguare for creating custom audio module
DLLs on the PC. The main output is an audio modlle shown as item 9. The DLL
encapsulates all of the information required bySleever to natively execute an audio module.
This includes the module C functions — Construc®et, Get, Process, and Bypass — and schema
information describing the module instance datacstire to the Server. A DLL may contain one
or more audio modules.

The custom module DLL is copied into the same dingcas the AWE_Server executable.
When the Server is launched, it loads all of thdi@module DLLs contained in the executable
directory and the new modules are then availablede.

Items 10 through 15 shown below the dark line muFe 1 are associated with creating custom
audio modules on an embedded target. You firsttertne custom audio module DLL on the PC
and then compile the generated module source(fitsa 6) using VisualDSP++. Several
libraries and source files are pulled togetheréate the new executable for the target (item 15).

Also shown in Figure 1 is a C code initializer fiilem 20). This file is used when the target
lacks a tuning interface, and initializes the ayghacessing to a known state.

This document focuses exclusively on items 1 thinoRig- those associated with creating custom
audio module DLLs on the PC. ThAaidio Weaver Platform Developers Guidé&es you

through the remaining steps needed to update tie aodule library on an embedded target
and to create C code initializers.
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2. Scaler Smoothed M odule Example

This section walks through a complete example cdwadio module, starting from the high-level
MATLAB model and continuing through the generatede. This example is identical to the
scaler_smoothed_module.m contained in the Basio®ldat32 module library. We go through
this module in a systematic fashion and refereheesource files listed in Section 2.9. Section 7
contains additional module examples which highlagiwanced features.

This module example is part of a larger audio medRILL containing several example modules.
The base directory for the audio module examples is

<AWE>\ModuleLibs\Examples\

where <AWE> refers to the root directory of the AuWeaver installation. The directory
contains several subdirectories and this directmycture must be followed when creating other
custom audio module libraries.

2.1. Module M -files

Each audio module has an associated module Mi#l®, 1 shown in Figure 1. For this
example, the file is found in

<AWE>\ModuleLibs\Examples\matlab\scaler_smoothed_ex ample_module.m

and a listing is shown in Section 2.9.1. When fjat initialize Audio Weaver using
awe_init.m, this file will be placed on your MATLABath. The module m-file completely
describes the audio module to MATLAB. It contains:

Input and output pins descriptions - Data typesplmer of channels, block sizes, sample
rates, etc.

Instance structure variables — Date types, variadiees, array sizes, memory allocation
rules.

Documentation — Descriptions of variables, pingl #axt describing the overall audio
model.

MATLAB implementation of the module — Processingdtion (optional), and if needed,
set function, bypass function, and get functiommefgé may also be a prebuild
function which is called when a system is built.

User interface — Individual variables are exposatitéed to controls. Controls are
positioned and configured.

All of these items above are documented inAhdio Weaver User's Guidelhe specific items
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in the module m-file pertaining to module genenatiwe variables, code markers, and wiring
allocation guidelines described in Sections 5.4d 5.2.

Subsystems are very similar to modules, but alswado a list of internal modules and a list of
connections between modules.

2.2. Audio Module I nstance Structure

Every audio module has an associated instancesttatdure that holds the variables — state and
parameters — needed by the module. In this exani@ee are 4 variables described in the
module m-file:

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);

M.currentGain.range=M.gain.range;
M.currentGain.units='linear";

add_variable(M, 'smoothingCoeff', 'float’, NaN, 'de rived’, 'Smoothing
coefficient', 1);

The type definition for the instance data structareontained in the file
ModScalerSmoothedExample.h and is automaticallgigged by Audio Weaver:

typedef struct _awe_modScalerSmoothedExamplelnstanc e
ModulelnstanceDescriptor instance;
float gain; /l Target gain
float smoothingTime; /l Time constant of the ...
float currentGain; /I Instantaneous gain applied ...
float smoothingCoeff;  // Smoothing coef ficient

} awe_modScalerSmoothedExamplelnstance;

The instance structure begins with a common suttsirel of type ModulelnstanceDescriptor.

This substructure points to the module's input@uigut wires, points to the real-time function
currently used by the module (Processing, Bypaddeatkd, etc.), and points to the class instance
structure.

The module header is followed by the instance bé&mdescribed in the MATLAB file. There
IS a one-to-one correspondence between the vasightavn in the instance structure and those
added by MATLAB. The description of each variaisleised as a comment.
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The header file also contains a few other itemsst,Rhere is a bit mask for each variable in the
data structure. The mask corresponds to the pnsifithe variable within the instance structure.
Note that the module header is 8 words long ans the first bit starts in thé"%it position.

These bit masks can be used by the _Set() and) fGetf{ions to determine which variable
within the instance structure has been modified.

#define MASK_ScalerSmoothedExample_gain 0x00000100

#define MASK_ScalerSmoothedExample_smoothingTime 0x 00000400
#define MASK_ScalerSmoothedExample_currentGain 0x00 000200
#define MASK_ScalerSmoothedExample_smoothingCoeff 0 x00000800

The header file also defines an offset for eactaimtse variable. Again, this is the offset from the
start of the data structure, in 32-bit words. Ehefisets are provided to help implement system
control using a host interface.

#define OFFSET_ScalerSmoothedExample_gain 0x0000000 8

#define OFFSET_ScalerSmoothedExample_smoothingTime 0x0000000A
#define OFFSET_ScalerSmoothedExample_currentGain 0x 00000009
#define OFFSET_ScalerSmoothedExample_smoothingCoeff 0x0000000B

There is a unique class ID.

#define CLASSID_SCALERSMOOTHEDEXAMPLE (CLASS_ID_MOBASE + 32768)

This integer uniquely defines the module clash&Server. Next is the definition of the
module's constructor function. In this case, siheemodule does not have any arrays, the
generic module constructor ClassModule_Constridsarsed.

#ifdef AWE_INCLUDE_CONSTRUCTOR_FUNCTION

/I This points the constructor for this class to th e base constructor

#define awe_modScalerSmoothedExampleConstructor(ARG 1, ARG2, ARGS3, ARG4,
ARGS5) ClassModule_Constructor(CLASSID_SCALERSMOOTHE = DEXAMPLE, ARG1, ARG2,
ARG3, ARG4, ARG5)

#endif

And finally, there are definitions for the processand set functions:

void awe_modScalerSmoothedExampleProcess(void *pins tance);

UINT awe_modScalerSmoothedExampleSet(void *plnstanc e, UINT mask);

Note that many of the items are surrounded by #ifédendif pairs. This allows various features

! The generic module constructor applies to modihiasdo not have indirect arrays in the instande gtucture. It
is used by a large number of modules. The cortstrfignction awe_modScalerSmoothedExample_Constr{)as
provided as a macro so that the module can berowtstl within subsystems. We'll see shortly thatdonstructor
function is defined as NULL within the module'ssdastructure.
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of the modules to be enabled or disabled at contipile.

2.3. Audio Module Source Code (.c and .h files)

Each audio module has a set of associated functibhgse functions, and their definitions, are
placed in .c and .h files, respectively. At a miaom, every audio module requires a processing
function. In addition, a module may specify sel’edional functions:

Constructor() — Performs additional memory allomatdr initialization when a module is
instantiated. If a module has an indirect arraghsas an FIR filter, then a
constructor function is required. In many caseA,TMAB can generate the
constructor function automatically.

Set() — Implements a module's control functionscltiranslate high-level interface
variables to low-level variables. The Set() fuantis automatically called
whenever an internal variable of a module is writhy the Server during tuning.

Get() — Implements a module's control functionschtiranslate low-level variables to
high-level interface variables. The Get() functisrmutomatically called by the
Server whenever an internal variable of a moduteasl during tuning. Very few
modules actually implement this function.

Bypass() — Implements custom bypass functionalRgquired when one of the standard
bypass functions is not suitable.

The module .c source file also contains a sieffes structurghat describes the module to the
Audio Weaver run-time and dynamic memory allocafiamctions. For example, this module
contains the class structure:

AWE_MOD_SLOW_ANY_CONST
const ModClassModule awe_modScalerSmoothedExampleCl ass =

{
#ifdef AWE_INCLUDE_CONSTRUCTOR_FUNCTION
{ CLASSID_SCALERSMOOTHEDEXAMPLE, NULL },

#else
{ CLASSID_SCALERSMOOTHEDEXAMPLE, NULL },

#endif
ClassModule_PackArgCounts(4, 0),//(Public wor ds, private words)
awe_modScalerSmoothedExampleProcess, /I Proce ssing function
IOMatchUpModule_Bypass, // Bypass function
awe_modScalerSmoothedExampleSet, /I Set func tion
0, Il Get function

}.

The class structure contains pointers to the 5tiomg listed above. The constructor function is
NULL indicating that the module requires no memouyside of its instance structure and that
the generic constructor should be used instead.

The class ID, CLASSID_SCALERSMOOTHEDEXAMPLE whichdefined above, is a unique
integer identifying the module to the Server. Whestantiating a module of this class, the
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Server is told to instantiate a module of class dMleScalerSmoothedExample”. This string
identifier is then translated to the underlyingssl#D through thenodule DLLshown as item 9

in Figure 1. Ensuring that each audio module hasigque classID can be tedious. To facilitate
this process, each module library has a text fil@ed classids.csv, shown as item 3 in Figure 1,
containing a comma separated list of audio modamestheir class IDs. A portion of the file is
shown below:

IDOFFSET=32768

ScalerSmoothedExample,0
ScalerExample,1
FaderExample,2
FaderExampleFract32,3
PeakHoldExample,4
DownsamplerExample,5

The classID for the ScalerSmoothedExample modulaleghe IDOFFSET (32768) plus the
value listed next to its class name below (0).s€I®s starting with 32768 are reserved for
custom audio modules.

2.4. Audio Module SchemeFile

The schema file provide a "blueprint” of all of ttreailable objects on the target processor to the
Server. This enables the Audio Weaver Server tamtisite and manipulate objects by name
rather than hexadecimal IDs or offsets. The sch@dm#or each module pack is embedded in the
module DLL and is shown as item 9 in Figure 1 olt@ains definitions for all of the available
audio modules in the module pack.

The entire schema file for the example module fpr&shown in Section 2.9.7. The portion
corresponding to the ScalerSmoothedExample modideawn below.

ModuleScalerSmoothedExample 0xOxBEEF8800, BaseModul e

{
gain float  // Target gain
smoothingTime float  // Time constant. .
currentGain float  // Instantaneous g ain ...
smoothingCoeff float  // Smoothing coeff icient

}

Note the one-to-one correspondence between thensctiescription and the C type definition
shown above. Furthermore, the C substructure MxasianceDescriptor maps to the
BaseModule descriptor in the schema file.

To create an instance of a smoothly varying saalehe target, the Server is told "create an
instance of class ModuleScalerSmoothedExample alhd Scalel". The Server converts this
to the command "create an instance of object OXxEBBEE" via the schema file. The
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hexadecimal value OXBEEFOC16 corresponds to thguentlass ID

CLASS_ID_MODBASE + 32768

contained in the class structfiréOn the target, the array of module class objedisversed
looking for class ID OXBEEF8800. Once the clagediis found, the corresponding constructor
function, stored as a pointer in the class stregtisrused to allocate one instance of the object.
The address of the newly instantiated object isrned to the Server, and the Server associates
the object's address with the name "Scalel”. Hmee® maintains this mapping between symbol
names and actual memory addresses.

The schema file also lists the module's instancizs and is used to compute offsets from the
start of an object. When the value "Scalel.garset during tuning, the Server translates this to
a specific address on the DSP (PC) using the "$talgect address as a base, and then adding
an appropriate offset. In this case, the offseaéq8, the size of BaseModule.

2.5. Generating Module Code

The MATLAB file scaler_smoothed_example_module.ra aa&omplete description of the audio
module with sufficient information to generate @llthe source files and documentation. You
can generate the source files for a smoothly vgrgoaler using the commands:

M=scaler_smoothed_example_module('temp");
awe_generate_module(M);

The files

Include/ModScalerSmoothedExample.h
Source/ModScalerSmoothedExample.c

will be created in MATLAB's current working directo You can specify a particular directory
for code generation by using an optional secondraent:

awe_generate_module(M, DIR);

You can also specify that the C code should be d&tted using the ident.exe utility (supplied) via
a third argument:

awe_generate_module(M, DIR, 1);

Modules are usually not created in isolation, at@art of a particular module pack library.
Modules need to be created as a unified librathabthe combined schema file

2 As a side note, CLASS_ID_MODBASE = 0x BEEF0800jchitis defined in Framework.h.
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ExamplesSchema.sch can be written. The MATLABp$ariake _examples.m generates code
for the entire Examples module library. The sciiist creates a cell array of audio modules:

MM=cell(0,0);
MM{end+1}=downsampler_example_module(‘temp");
MM{end+1}=fader_example_fract32_module('temp");
MM{end+1}=fader_example_module(‘temp");
MM{end+1}=lah_limiter_example_module('temp");
MM{end+1}=peak_hold_example_fract32_module('temp");
MM{end+1}=peak_hold_example_module('temp);
MM{end+1}=scaler_example_module('temp");
MM{end+1}=scaler_smoothed_example_module(‘temp";

Some of other example audio modules are subsystenstilize modules found in other
libraries. We indicate this dependency relatiopslsing the lines

[DependMM, DependName]=make_core32(0);
USESLIB{1}.MM=DependMM,;
USESLIB{1}.str=DependName;

[DependMM, DependName]=make_basicaudiofloat32(0);
USESLIB{2}.MM=DependMM,;
USESLIB{2}.str=DependName;

[DependMM, DependName]=make_basicaudiofract32(0);
USESLIB{3}.MM=DependMM,;
USESLIB{3}.str=DependName;

Then call a function to generate the source codthéooverall library:

awe_generate_library(MM, DIR, 'Examples’, USESLIB, GENDOC);

Code for each module in a module pack is separgeaigrated followed by the combined
schema file. The third argument, 'Examples’, $gscihe module pack name and the forth
argument specifies the dependencies on other mpdales. The fifth argument, GENDOC,
controls whether documentation in HTML format shibbé generated.

When you run the MATLAB script make_examples yosdeé something similar to the following
written to your MATLAB output window

Generating code for module: DownsamplerExample

Unchanged output file:

<DIR >\Source\ModuleLibs\Examples\include\ModDownsa mplerExample.h
Unchanged output file:

<DIR >\Source\ModuleLibs\Examples\Source\ModDownsa mplerExample.c
Generating code for module: FaderExampleFract32

Unchanged output file:

<DIR>\Source\ModuleLibs\Examples\include\ModFaderEx ampleFract32.h
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Unchanged output file:

<DIR >\Source\ModuleLibs\Examples\Source\ModFaderE xampleFract32.c

Generated a total of 8 modules

You'll note that all source files are marked aschanged”. Audio Weaver only overwrites
generated files if there has been an actual change. minimizes file changes and makes it
easier to work with source code control systems.

2.6. Template Substitution

Audio Weaver uses template substitution to genexatilo module source and header files. The
template files are shown as item 2 in Figure 1, taradfiles are used

<AWE>\matlab\module_generation\templates\awe_module _template.c
<AWE>\matlab\module_generation\templates\awe_module _template.h

The template files contain boiler plate text togethith string substitution variables and special
preprocessor directives. Consider a portion ofiteewe_module_template.h:

/*
* @file $baseHFileName$
*/

#ifndef _MOD_$className$_H
#define _MOD_$className$_H

#include "ModCommon.h"
#include "MathHelper.h"
#include "FilterDesign.h"
$hFilelnclude$

$hFileDefine$

Each substitution point is shown as SNAMES in ttraplate file. These substitution points are
replaced with the code markers added via awe_aédtadker.m commands in the module file.
For example, when generating the scaler_smoothadhge module, the string variable
$baseHFileName$ is replaced by "ModScalerSmoothaatipie.h" and $className$ is replaced
by "ScalerSmoothedExample" to yield:

/*
* @file ModScalerSmoothedExample.h
*/

#ifndef _MOD_ScalerSmoothedExample_H
#define _MOD_ScalerSmoothedExample_H

#include "ModCommon.h"
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#include "MathHelper.h"
#include "FilterDesign.h"

By making changes to the template files, you cakemdnolesale changes to the entire module
library!

The template files also contain special forms eppocessor directives — independent of the
standard C preprocessor directives. Further dovawie _module_template.h, you'll find the
function declarations:

void $processFunctionName$(void *pInstance);

##if $useCustomSetFunction$
UINT $setFunctionName$(void *pinstance, UINT mask);
##endif

##if $useCustomGetFunction$
UINT $getFunctionName$(void *plnstance);
##endif

##if $useCustomBypassFunction$
void $bypassFunctionName$(void *pInstance);
##endif

The symbol ## identifies a preprocessor directegerved for the code generator. The directives
are evaluated during code generation based oretbes/of the variables, for example the value
of $useCustomSetFunction$ determines if code wikliminated or exist in the generated file.
The scaler smoothed example module has

$useCustomSetFunction$ defined as 1
$useCustomGetFunction$ defined as 0
$useCustomBypassFunction$ defined as 0.

This yields the generated code:

void ModuleScalerSmoothedExample_Process(void *plns tance);

UINT ModuleScalerSmoothedExample_Set(void *plnstanc e, UINT mask);

The variables used during template substitutionefiegred to as "code markers”. Many code
markers are generated automatically by the awe rgenenodule.m function. Some code
markers are explicitly defined in scaler_smoothedngple_module.m.

awe_addcodemarker(M, ‘processFunction’,
'Insert:code\lnnerScalerSmoothed_Process.c');

awe_addcodemarker(M, 'setFunction’,

‘Insert:code\lnnerScalerSmoothed_Set.c");

awe_addcodemarker(M, 'srcFilelnclude’, #include "F ilterDesign.h™);

Code markers beginning with the string "Insertusm&input to be read from a specified file. For
example, the processing function template in awealuigo template.c is:
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AWE_FAST_CODE
void $processFunctionName$(void *pInstance)

##if $usePreProcessFunction$
$preProcessFunction$
}

##endif
$processFunction$

##if $usePostProcessFunction$

$postProcessFunction$

}
##endif
}

The string $processFunction$ is taken from the file

code\lnnerScalerSmoothedExample_Process.c

shown in Section 2.9.2. You'll note that this iseb@ode missing even the function definition
(which is in the template file). The other coderkeas — "preProcessFunction” and
"postProcessFunction” are not defined. After textgosubstitution, we end up with the final
processing function ModScalerSmoothedExample.c shovection 2.9.5.

2.7. Building the Audio Module DL L

At this point, the source code for all of the mauin the Examples library has been generated.
Open up and rebuild the VisualStudio solution file

<AWE>\ModuleLibs\Examples\Examples.sIn

The solution builds the DLL and then copies it itite
<AWE>\Bin
directory so that it can be referenced by the Serkarther details on this step can be found in

Section 8.1.

2.8. Summary of StepsIinvolved in Writing an Audio Module
To summarize, the steps required in writing a nadi@module are:

1. Create the MATLAB module m-file described in Sentih 1. It defines
a. Input and output pins

b. Instance structure variables
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c. Links to inner C code.
d. Documentation

e. User interface

2. Write the inner C code for the processing function.

3. Write the inner C code for the other module funesioConstructor(), Set(), Get(), and

Bypass(), if needed.

4. Pick a unique integer ID (any number in the rangje68 to 63487) for the new module
class ID. Add this information to the file classickv associated with the module library.

5. Add the module function to the specific module pkistary generation script, for
example make_examples.m. Run the script file teege the source code and create the

schema file.

6. Add the generated .c and .h files to the projecbtolding the audio module pack library
(e.g., BasicAudioFloat32Lib.vcproj). And build thierary.

7. Build the audio module DLL so that the new modwes visible by the Server.

2.9. Scaler Smoothed Example Source Files

2.9.1. scaler_smoothed example modulem

function M=scaler_smoothed_example_module(NAME)
% M=scaler_smoothed_example_module(NAME)

% Creates a smoothly varying scaler module with a s
% and single output pin. This module operates on f

% signals. Arguments:

% NAME - name of the module.

% Copyright 2007. DSP Concepts, LLC. All Rights R
% Author: Paul Beckmann

%

% $Revision: 1.1 $

% AudioWeaverModule [This tag makes it appear under
%

% Create the high-level object with interface varia
%

M=awe_module('ScalerSmoothedExample’, 'Linear multi
scaler');

M.name=NAME,;
M.preBuildFunc=@scaler_smoothed_example_prebuild;
M.processFunc=@scaler_smoothed_example_process;
M.setFunc=@scaler_smoothed_example_set;

ingle input
loating-point

eserved.

awe_help]

channel smoothly varying

AWY)
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PT=new_pin_type;

add_pin(M, 'input’, 'in', ‘audio input', PT);
add_pin(M, 'output’, ‘out’, ‘audio output', PT);

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

add_variable(M, 'smoothingTime', 'float’, 10, 'para
the smoothing process');
M.smoothingTime.range=[0 1000];
M.smoothingTime.units='msec’;

add_variable(M, 'currentGain’, 'float', M.gain, 'st
applied by the module. This is also the starting g
M.currentGain.range=M.gain.range;
M.currentGain.units='linear";

add_variable(M, 'smoothingCoeff', 'float’, NaN, 'de
coefficient', 1);

awe_addcodemarker(M, ‘processFunction’,
'Insert:code\lnnerScalerSmoothedExample_Process.c')
awe_addcodemarker(M, 'setFunction’,
'Insert:code\lnnerScalerSmoothedExample_Set.c');
awe_addcodemarker(M, 'srcFilelnclude’, #include "F
M.wireAllocation="across";

%
% Documentation
%

M.doclInfo.discussion={'Scales all input channels by

‘Changes to the gain parameter are exponentiall
IIR) at the sample rate, with the time constant det
smoothingTime parameter. ', ...

‘This module is controlled by varying the gain
currentGain represents the instantaneous smoothed g
‘currentGain exponentially approaches gain with

smoothingTime. ', ...

The module"s prebuild function initializes th
gain. Thus, the module begins in a converged state

%
% Add the inspector information
%

M.guilnfo.isExpanded=0;

M.gain.guilnfo.controlType="slider’;
add_control(M, ".gain");

add_control(M, '.moduleStatus’, 'right’, 1);
add_control(M, '.smoothingTime', 'below’, 1);

arget gain’);

meter', 'Time constant of

ate', 'Instantaneous gain
ain of the module.’, 1);

rived’, 'Smoothing

ilterDesign.h™);

a single gain value. ',

y smoothed (first order
ermined by the

variable. Internally,

ain that is applied. ', ...
a time constant equal to

e currentGain equal to the

%
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%
% Call the prebuild function and force the low-leve
% added.

%

return;

%
% Prebuild function. Behavior is based on the data
% input pin

%

function M=scaler_smoothed_example_prebuild(M, FORC

M.currentGain=M.gain;
M.currentGain.range=M.gain.range;

% Propagate the type of the input pin to the output
M.outputPin{1}.type=M.inputPin{1}.type;

return;

%
% Set function. Computes the smoothing coefficient
%

function M=scaler_smoothed_example_set(M)

% Compute the smoothing coefficient based on the sm
SR=M.inputPin{1}.type.sampleRate;

M.smoothingCoeff = design_smoother(M.smoothingTime,

return;

oothing time

SR, 1);

2.9.2. InnerScaler SmoothedExample Process.c

awe_modScalerSmoothedExamplelnstance *S =
(awe_modScalerSmoothedExamplelnstance *)pinstance;
Wirelnstance **pWires = ClassModule_GetWires(S);
float targetGain = S->gain;

float smoothingCoeff = S->smoothingCoeff;

float *src = (float *)pWires[0]->buffer;

float *dst = (float *)pWires[1]->buffer;

UINT channels = ClassWire_GetChannelCount(pWires[0]
UINT blockSize = ClassWire_GetBlockSize(pWires[0]);
float currentGain;

UINT i;

for (i = 0; i < channels; i++)

/* The same currentGain is used for each channel.
from the final channel back into the state. */
currentGain = S->currentGain;
awe_vecScaleSmooth(src + i, channels, dst + i, ch
targetGain,
smoothingCoeff, blockSize);

S->currentGain = currentGain;

Then we store the result

annels, &currentGain,
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2.9.3. InnerScaler SmoothedExample_Set.c

awe_modScalerSmoothedExamplelnstance *S =
(awe_modScalerSmoothedExamplelnstance *) pinstance;
Wirelnstance **pWires = ClassModule_GetWires(S);

float SR;

if (mask & MASK_ScalerSmoothedExample_smoothingTime )
{
SR = (float) ClassWire_GetSampleRate(pWires[0]);

S->smoothingCoeff = design_smoother(S->smoothingT ime, SR, 1);

}

return(0);

2.9.4. ModScaler SmoothedExample.h
/**
* @addtogroup Modules

* @?{
*

/************************************************** kkkkkhkkkkhkkkhkkhhkkkhkkkkhkk
*

* Audio Framework
*

*
kkkkkkkkkhkkkhkkkhkkkhkkkhkkkhhkkhkkkhkkkhkkkkhkkkhkkkkk kkkkkhkkkkhkkkkhkkkhkhkkkhkkkkk

* ModScalerSmoothedExample.h

kkkkkkkkkhkkkkkkkhkkkhkkkhkkkhhkkhkkkhkkkhkkkkhkkkhkkkkk kkkkkkkkkhkkkkhkkkhkhkkkhkkkkk

*

Description: Linear multichannel smoothly varying scaler

Copyright: DSP Concepts, LLC, 2007

* % Ok ok

kkkkkkkkkhkkkhkkkhkkkhkkkhkkkhhkkkhkkkhkkkhkkkhhkkkhkkkkk ************************/

/*
* @file ModScalerSmoothedExample.h
*/

#ifndef _MOD_SCALERSMOOTHEDEXAMPLE_H
#define _MOD_SCALERSMOOTHEDEXAMPLE_H

#include "ModCommon.h"
#include "MathHelper.h"

#define MASK_ScalerSmoothedExample_gain 0x00000100

#define MASK_ScalerSmoothedExample_smoothingTime 0x 00000200
#define MASK_ScalerSmoothedExample_currentGain 0x00 000400
#define MASK_ScalerSmoothedExample_smoothingCoeff 0 x00000800
#define OFFSET_ScalerSmoothedExample_gain 0x0000000 8

#define OFFSET_ScalerSmoothedExample_smoothingTime 0x00000009
#define OFFSET_ScalerSmoothedExample_currentGain 0x 0000000A
#define OFFSET_ScalerSmoothedExample_smoothingCoeff 0x0000000B
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#define CLASSID_SCALERSMOOTHEDEXAMPLE (CLASS_ID_MOBASE + 32768)

#ifdef __ cplusplus
extern "C" {
#endif

1
/I Overall instance class
1

typedef struct _awe_modScalerSmoothedExamplelnstanc e
ModulelnstanceDescriptor instance;

float gain; /I Target gain

float smoothingTime; /l Time consta nt of the smoothing
process

float currentGain; /I Instantaneo us gain applied by the
module. This is also the starting gain of the modu le.

float smoothingCoeff;  // Smoothing c oefficient

} awe_modScalerSmoothedExamplelnstance;

#ifdef AWE_INCLUDE_CLASS_OBJECT

extern const ModClassModule awe_modScalerSmoothedEx ampleClass;

#endif

#ifdef AWE_INCLUDE_CONSTRUCTOR_FUNCTION

/I This points the constructor for this class to th e base constructor

#define awe_modScalerSmoothedExampleConstructor(ARG 1, ARG2, ARG3, ARG4, ARG5)
ClassModule_Constructor(CLASSID_SCALERSMOOTHEDEXAMP LE, ARG1, ARG2, ARG3, ARG4,
ARG5)

#endif

void awe_modScalerSmoothedExampleProcess(void *pins tance);

UINT awe_modScalerSmoothedExampleSet(void *plnstanc e, UINT mask);

#ifdef __ cplusplus
}
#endif

#endif // _MOD_SCALERSMOOTHEDEXAMPLE_H

/**
* @}
* End of file.
*
2.9.5. ModScaler SmoothedExample.c
/**
* @addtogroup Modules
:/ @
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/**************************************************
*

* Audio Framework

*
*
kkkkkkhkkkkhkkkhkkkhhkkhkkkhkkkhkkhhkkhkhkkkhkkkkkkkhkkkx
*
kkkkkkhkkkkhkkkhkkkhhkkhkkkhkkkhhkkhkkkhkkkhkkkkkkkhkkkx

*

*  Description: Linear multichannel smoothly v
*

* Copyright: DSP Concepts, LLC, 2007

*

*kkkkkkkkkkkkhhhhhhhhhkhhhkkhkkkkkkkkkkkkkkhkkhhrhhikx

/*

* @file

*

#include "Framework.h"

#include "Errors.h"

#include "VectorLib.h"

#include "ModScalerSmoothedExample.h"

#include "FilterDesign.h"

/*
** Set default memory sections on the SHARC and Bla

** sections are used for any unspecified code and d
**

#if defined(__ADSP21000_) || defined(__ ADSPBLACKFI
#pragma default_section(CODE, "awe_mod_slowcode")
#pragma default_section(ALLDATA, "awe_mod_slowanyda
#pragma default_section(SWITCH, "awe_mod_slowanydat
#endif

#ifdef __ cplusplus
extern "C" {
#endif

/*
** Audio module class object. This describes the a
** framework. It contains pointers to functions an

** yariables.
*%

AWE_MOD_SLOW_ANY_CONST
const ModClassModule awe_modScalerSmoothedExample

{

#ifdef AWE_INCLUDE_CONSTRUCTOR_FUNCTION

{ CLASSID_SCALERSMOOTHEDEXAMPLE, NULL },
#else

{ CLASSID_SCALERSMOOTHEDEXAMPLE, NULL },
#endif

ClassModule_PackArgCounts(4, 0), /I (Public w

awe_modScalerSmoothedExampleProcess,

kkkkkkkkkhkkkhkkkhkhkkkhkkkkhkk

kkkkkkkkkhkkkhkkkhhkkkhkkkkhkk

kkkkkkkkkhkkkhkkkhkhkkkhhkkkhkk

arying scaler

*************************/

ckfin. These
ata items.

udio module to the
d number of

ords, private words)
1
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Processing function
IOMatchUpModule_Bypass,
awe_modScalerSmoothedExampleSet,

3

#ifdef AWE_INCLUDE_CONSTRUCTOR_FUNCTION
/*
** Memory allocation function. This is required be

** requires additional memory outside of its instan
**

0, /I Get function

AWE_MOD_SLOW_CODE
#endif

/*
** Real-time Processing function.
**

AWE_MOD_FAST_CODE
void awe_modScalerSmoothedExampleProcess(void *pl

awe_modScalerSmoothedExamplelnstance *S =
(awe_modScalerSmoothedExamplelnstance *)pInstance;

Wirelnstance *pWires = ClassModule_GetWires(S)

float targetGain = S->gain;

float smoothingCoeff = S->smoothingCoeff;

float *src = (float *)pWires[0]->buffer;

float *dst = (float *)pWires[1]->buffer;

UINT channels = ClassWire_GetChannelCount(pWire

UINT blockSize = ClassWire_GetBlockSize(pWires|

float currentGain;

UINT i;

for (i = 0; i < channels; i++)

/* The same currentGain is used for each chan
result
from the final channel back into the state
currentGain = S->currentGain;
awe_vecScaleSmooth(src + i, channels, dst + i
targetGain,
smoothingCoeff, blockSize);

S->currentGain = currentGain;

}

/*
** Set function which updates derived parameters ba

** module's interface variables.
*%

AWE_MOD_SLOW_CODE
UINT awe_modScalerSmoothedExampleSet(void *plInsta

awe_modScalerSmoothedExamplelnstance *S =

(awe_modScalerSmoothedExamplelnstance *) plnstance;
Wirelnstance *pWires = ClassModule_GetWires(S)
float SR;

// Bypass function

/I Set fu nction

cause the module
ce structure.

nstance)

s[0]);
0]);

nel. Then we store the
C*

, channels, &currentGain,

sed on the

nce, UINT mask)
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if (mask & MASK_ScalerSmoothedExample_smoothing Time)
SR = (float) ClassWire_GetSampleRate(pWires[0 D;
S->smoothingCoeff = design_smoother(S->smooth ingTime, SR, 1);
}
return(0);

#ifdef __ cplusplus
}

#endif

/**

* @}

*

* End of file.
*/

2.9.6. classids.csv

% Class ID list for the examples that are included in the Audio Weaver
% documentation.

IDOFFSET=32768

ScalerSmoothedExample,0
ScalerExample,1
FaderExample,2
FaderExampleFract32,3
PeakHoldExample,4
DownsamplerExample,5
LAHLimiterExample,6
PeakHoldExampleFract32,7

2.9.7. ExamplesSchema.sch
ModuleDownsamplerExample 0xOXxBEEF8805, BaseModule

{

D int /I Decimation fact or. 1 out of every
D samples is output
}
ModuleFaderExampleFract32 0xOxBEEF8803, BaseModule
{

scaleFval float  // Scaler Front

scaleBval float  // Scaler Back

smoothingTimeF float  // Time constant o f the smoothing
process

smoothingTimeB float  // Time constant o f the smoothing
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process

scalerF *ModuleScalerSmoothedFract32
multichannel smoothly varying scaler

scalerB *ModuleScalerSmoothedFract32
multichannel smoothly varying scaler

inter *Modulelnterleave // Interlea
signals

ModuleFaderExample OxOxBEEF8802, BaseModule
{

fade float  // Front/back Bala
only. -1 =rear only.

smoothingTime float  // Time constant o
process

scalerF *ModuleScalerSmoothed // Line
smoothly varying scaler

scalerB *ModuleScalerSmoothed // Line
smoothly varying scaler

inter *Modulelnterleave // Interlea
signals
}

ModuleLAHLimiterExample OxOXBEEF8806, BaseModule
{

maxDelayTime float  // Maximum delay t

max_abs *ModuleMaxAbs // Computes the
value of all input channels on a sample-by-sample b

core *ModuleAGCLimiterCore // Soft
for use in peak limiters

delay *ModuleDelayMsec // Time dela
delay is specified in milliseconds

mult *ModuleAGCMultiplier // Mono
multiplier

}
ModulePeakHoldExampleFract32 OxOXBEEF8807, BaseModu

{

Reset int I reset the curre

attackTime float  // Envelope detect
constant

decayTime float  // Envelope detect
constant

decayCoef fract32 // Computed coeffi
decay

attackCoef fract32 // Computed coeffi
attack

peakHold *fract32 // Array of peak v

peakDecay *fract32 // Array of decayi

ModulePeakHoldExample OxOXBEEF8804, BaseModule

asis

/I Linear
/I Linear

ves multiple audio

nce. +1 = front
f the smoothing
ar multichannel
ar multichannel

ves multiple audio

ime
maximum absolute

knee gain computer
y in which the

x N-channel

nt peak values
or attack time

or decay time
cient used for
cient used for

alues
ng peak values
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{

Reset int I reset the curre

attackTime float  // Envelope detect
constant

decayTime float  // Envelope detect
constant

decayCoef float  // Computed coeffi
decay

attackCoef float  // Computed coeffi
attack

peakHold *float  // Array of peak v

peakDecay *float  // Array of decayi

ModuleScalerExample 0xOXBEEF8801, BaseModule
{

gain float  // Linear gain

}
ModuleScalerSmoothedExample 0xOXxBEEF8800, BaseModul

{

gain float  // Target gain

smoothingTime float  // Time constant o
process

currentGain float  // Instantaneous g
module. This is also the starting gain of the modu

smoothingCoeff float  // Smoothing coeff

}

2.9.8. ExamplesSchema.cpp
Not shown. This is a C file with initialized binaarrays.

2.9.9. Examples.h

extern const ModClassModule awe_modDownsamplerExamp
extern const ModClassModule awe_modFaderExampleFrac
extern const ModClassModule awe_modFaderExampleClas
extern const ModClassModule awe_modLAHLimiterExampl
extern const ModClassModule awe_modPeakHoldExampleF
extern const ModClassModule awe_modPeakHoldExampleC
extern const ModClassModule awe_modScalerExampleCla
extern const ModClassModule awe_modScalerSmoothedEx

#define LISTOFCLASSOBJECTS \
&awe_modDownsamplerExampleClass, \
&awe_modFaderExampleFract32Class, \
&awe_modFaderExampleClass, \
&awe_modLAHLimiterExampleClass, \
&awe_modPeakHoldExampleFract32Class, \
&awe_modPeakHoldExampleClass, \

nt peak values
or attack time

or decay time
cient used for
cient used for

alues
ng peak values

e
f the smoothing
ain applied by the

le.
icient

leClass;

t32Class;

S;

eClass;

ract32Class;

lass;

Ss;

ampleClass;
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&awe_modScalerExampleClass, \
&awe_modScalerSmoothedExampleClass

#define USESDLLS "BasicAudioFloat32DLL.dIl,BasicAud ioFract32DLL.dII"
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3. MATLAB Function Reference

This section describes Audio Weaver's MATLAB fuoas related to module generation. Audio
Weaver makes heavy use of MATLAB’s object orierfieatures. An object in MATLAB is a
data structure with associated functions or meth&asch type of object is referred to adass,
and Audio Weaver uses separate classes to repres@tile, modules, and subsystems. The
class functions are stored in directories that stdh the “@” symbol. Under <AWE>\matlab\
are found 3 class directories:

@awe_variable\
@awe_module\
@awe_subsystem\

It is important to understand how to use and mdatpuhese classes in order to properly use all
of the features of Audio Weaver. We begin by desag each class and then document
additional MATLAB commands used for constructingdules.

3.1. @awe variable

A variable in Audio Weaver represents a singleastak array variable on the target processor.
Even if you are not developing modules, it is gtmdnderstand the @awe_variable object so
that you can fully utilize variables.

A variable in Audio Weaver represents a singleasoat array variable on the target processor.
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. The
arguments are:

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

% Scalar is a mathematical term and refers to abkeicontaining only a single value. Do not coeftiss with a
scaler which is a specific type of audio module.
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change thereatfter.
‘parameter’ — the variable can be changed at mae-aind is exposed as a control.

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

‘state’ — the variable is set at run-time by thegaissing function.
DESCRIPTION- a string describing the function of the variable

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

ISCOMPLEX- an optional Boolean indicating whether the \#eas real valued
(ISCOMPLEX=0) or complex (ISCOMPLEX=1). By defausCOMPLEX=0.
Note, Audio Weaver only supports complex valuedysy not scalars.

You typically do not use the awe_variable.m functitrectly. Rather, the function is
automatically called when you add variables to neslor subsystems using the add_variable.m
or add_array.m functions documented in SectionaBd3.7.

Only 32-bit data types are supported. Allowabfgetsyare: float', 'int', 'uint', ‘and ‘fract32'".

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 viarfabm a module and returns the
@awe_module object. (If you instead try to ac&¥S.agc.core.targetLevel you'll only get the
valueof the variable, not the actual structure.) Th&TMAB struct.m command turns an object
into a data structure revealing each of its intefieltls. You'll see:

name: 'targetLevel'
hierarchyName: '.agc.core.targetLevel'
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: "
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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'

Many of the fields are set when the variable wakeddo the module or at build time. Some of
them can be set after a module has been built.

name-— string indicating the name of the variable. sTlwas set when the variable was
added to the module. Not user editable.

hierarchyName- hierarchical location of the variable in the @lesystem. Initially
empty and then set by build.m. Not user editable.

value— current value of the variable. Although it denread and written by the user, it is
easier to access the value simply by referencing

SYS.agc.core.targetLevel

size— 1x2 element vector used to represent the singatrices, [rows columns]. For
scalars, this is always [1 1]. Set when the véialms added to the module or by
the prebuild function. Not user editable.

type— string specifying the underlying data type @& Hariable. Allowable values are
float’, ‘fract32', 'int', and 'uint’. Set when thagiable was added to the module.
Not user editable.

isComplex- Boolean indicating whether the variable contamsplex data. Set when
the variable was added to the module. Only arcaysbe complex, not individual
scalar variables. Not user editable.

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

usage- a string specifying how the variable is usedudio Weaver. Set when the
variable was added to the module. Not user editaBbssible values are:

‘const’ — the variable is initialized when the méalis allocated and does not
change thereafter.
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‘parameter’ — the variable can be changed at me-aind is exposed as a control.

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

‘state’ — the variable is set at run-time by thegaissing function.
description- a string describing the purpose or usage of#niable. User editable.

arrayHeap— used to specify array allocation informatioriite code generator. User
editable.

memorySegmentused to specify array allocation informatiorttie code generator.
User editable.

arraySizeConstructor used to specify array allocation informatiorttie code generator.
User editable.

constructorCode specifies variable initialization when a modalgsts within a
subsystem and is used by the code generator. edgable.

guilnfo — structure used to hold GUI related informati@ome fields are user settable.
Refer to the chapter in taudio Weaver User's Guidbat discusses creating
custom inspector interfaces.

format- C formatting string used by when displaying esun the MATLAB output
window. Follows the formatting convention of thengf function. User editable.

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

isLive— Boolean variable indicating whether the variableesiding on the target (isLive
= 1), orif it has not yet been built (isLive=0}his starts out equaling O when the
module is instantiated and the set to 1 by build\ot user editable.

isVolatile— Boolean indicating whether the variable is clehgutside of MATLAB and
needs to be read from the target each time. Regadivariables from the target
only occurs when isLive=1. By default, only ‘constriables have isVolatile set
to O; all others are set to 1. User editable.

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. Usetabts.

isPreset- Boolean indicating whether the variable is ideld in presets. Used by the

A!-l-m) Page: 330f129



DSP Concepts, LLC. Audio Weaver 2.0 Module Developers Guide

create_preset.m function. User editable.

isArray — Boolean indicating whether the variable is dagcar an array. Scalars values
occur in the instance data structure. Arrays hieters in the instance data
structure. This field is set when the variablérs instantiated and should not be
changed thereafter.

targetinfo— internal data structure used when tuning thealibe at run-time. Not user
editable.

fieldNames- internal cell array of field names (actually tr@mes of the fields in this
data structure). It is used to accelerate ref@gndlot user editable.

isLocked- internal field used to accelerate referencest user editable.

class— string specifying the underlying object cla3#is is always ‘awe_variable'. Not
user editable.

The .isHidden field can be used to hide variabde the user typically does not need to know
about. For example, allocate 8 @rder Biquad filter:

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

b0: 1 /I First numerator coefficient

b1l: 0 /I Second numerator coefficient
b2: 0 /I Third numerator coefficient

al: 0 /I Second denominator coefficient
a2:0 /I Third denominator coefficient

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 that thisuleoldas a variable named .state. To show all
hidden variables in the MATLAB output window, set

AWE_INFO.displayControl.shownHidden=1;

Then, looking at the Biquad filter, the hidden testaariable will be shown as well:

filter = Biquad // 2nd order IIR filter
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b0: 1 /I First numerator coefficient
b1: 0 /I Second numerator coefficient
b2: 0 /I Third numerator coefficient
al: 0 /I Second denominator coefficie nt
a2:0 /I Third denominator coefficien t
state: O
0]

3.2. @awe_module

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

3.2.1. ClassObject
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
must have a unique class name, and modules orethier&re instantiated by referencing their
class nanfe The second argument, DESCRIPTION, is a shoxrig®n 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 padgicwdmeof the module:

M.name='moduleName’;

Note that there is a distinction between the CLASSM and the .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 $iltdthe .name identifies the module within a
system and must be unique within the current le¥&ierarchy in the system. At this point, we
have a bare module without inputs, outputs, vaeglbr 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 and
has already been built. We'll choose the core neodithin the agc_example:

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

* The function classid_lookup.m can be used to deter if a class name is already in use. Reféyudio Weaver
Module Developers Guider more information.
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MATLAB displays

name: ‘core’
className: 'AGCCore'
description: '‘Automatic Gain Control gain ca Iculator module’
classID: []
mfilePath: [1x85 char]
mfileDirectory:
'<DIR> \Source\ModuleLibs\BasicAudioFloat32\matlab'
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’
resetFunc: ]
getFunc: []
setFunc: ]
processFunc: ]
bypassFunc: @generic_bypass
muteFunc: @generic_mute
preBuildFunc: @agc_core_prebuild_func
isHidden: 0
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}

where

name— name of the module within the subsystem. Thipiecified when the module is
instantiated and cannot be changed thereafter.uditeditable.

className- name of the underlying module class. This ec8gd when the module is
instantiated and cannot be changed thereafter.uditeditable.

description— short comment indicating what the module ddgdser editable.

classID— unique integer which identifies the module clasghe target. This value is set
by the code generator and is normally blank. Netr @ditable.
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mfilePath— full path to the m-file which instantiated th@dule (the one containing the
call to @awe_module). Used by the code generadot.user editable.

mfileDirectory— the directory portion of mfilePath. Not useitable.
mfileName- the file name portion of mfilePath. Not usettaule.

mode-— string indicating the current module statusisan be either 'Active’, 'Bypassed’,
‘Muted', or 'Inactive’. Used internally and is nser editable. Use the functions
awe_setstatus.m and awe_getstatus.m to maniphtataddule status.

clockDivider— integer indicating how often the module willfog within the layout.
This is currently always set to 1 (meaning run g¥ene). This is reserved for
new Audio Weaver functionality planned in the fetuiNot user editable.

inputPin— cell array of input pin information. This infoation is set by the add_pin.m
function and should not be changed. You'll fredlyesiccess this 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

outputPin— similar to inputPin. It is a cell array desanipthe output pins.
scratchPin- similar to inputPin. It is a cell array desanidp the scratch pins.

variable— a cell array of @awe_variable objects correspantb the variables in this
module. This array is updated by the add_variabfenction. Not user editable.

variableName- a cell array of strings, one for each variabléhe module. This cell
array is used to speed up variable accesses.afraigis updated by the
add_variable.m command. Not user editable.

control— holds internal information related to the ingpec Not user editable.

wireAllocation— a string specifying how wires should be alloddte the module.
Possibilites are ‘across' and ‘distinct'.

getFunc— optional MATLAB function pointer specifying theodule's get function. This
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function is called whenever a variable in the medslqueried. Used very rarely.
Normally this is set to the empty matrix.

setFunc- optional MATLAB function pointer specifying theodule's set (or control)
function.

processFune- optional MATLAB function pointer specifying thmodule's processing
function. The processing function is a MATLAB irephentation of the audio
processing performed by the module.

bypassFune- optional MATLAB function pointer specifying threodule's bypass
behavior.

preBuildFunc— optional MATLAB function pointer specifying theodule's prebuild
functionality. The prebuild function is called grito building the module or
generating code and resolves pin types and aizag.si

isHidden— Boolean specifying whether the module shoulghmvn when part of a
subsystem. Similar to the .isHidden field of @awvaiable objects. User
editable.

isPreset- Boolean that indicates whether the module véliricluded in generated
presets. By default, this is setto 1. User bthta

isLive—Boolean indicating whether the module has bedhdmd is running on the
target. When a module is first instantiated, ihiset to 0 and then changed to 1
by the build process. Not user editable.

hierarchyName- hiearchical name of the module within the sutesys This is filled in
during the build process. Not user editable.

hasFired— Boolean field that is used internally by thetnog algorithm. Not user
editable.

targetinfo— data structure holding target specific inforraati This is filled in by the
build process and is used internally for tuningpt Nser editable.

codeMarker a cell array holding all of the code marker@d€ markers are used for
module generation and described in Section 5.2 usler editable.

isTopLevel- Boolean set by the buid process. A value oidicates that a module is the
highest level item in a system. All modules has&apLevel=0; only the top-
level subsystem has .isTopLevel=1. Not user elditab

guilnfo — data structure used for drawing inspectors. e&fads are user editable. See
the Section in thAudio Weaver User's Guidbat discusses creating custom
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inspector interfaces.

drawInfo— data structure used internally when creatingvohigs of subsystems and
modules. Not user editable.

docInfo— data structure containing documentation inforomat This is set in the
module's m-file and is used by the automated doatatien generator. Some
user editable fields. Refer to the Section 6.

isLocked- internal field used to accelerate referencest user editable.

class— string specifying the underlying object cla3#is is always ‘awe_module’. Not
user editable.

fieldNames- internal cell array of field names (actually tr@mes of the fields in this
data structure). It is used to accelerate refe@gndlot user editable.

3.2.2. MATLAB Functionsfor Constructing Modules

The following functions are commonly used for consting audio modules. They are briefly
mentioned here and are documented later on irgthoe.

add_variable.m — adds a scalar variable to an audaule object. See Section 3.6
add_array.m — adds an indirect array to an audidubecobject. See Section 3.7

add_pin.m — adds an input, output, or scratch@emntaudio module object. See Section
3.5.

add_codemarker.m — adds information related to gederation. See Section 5.2.

add_control.m — exposes a single control on theeict®r. See th&udio Weaver User's
Guide

set_variable.m — replaces an existing module viriaBee Section 3.10

get_variable.m — extracts a variable from a moduleé returns an @awe_variable object.
See Section 3.10

3.2.3. Internal Module Functions

Every module in Audio Weaver has an associated M@ lfunction file that constructs an
@awe_module object describing the module. Audi@Vée uses the convention that these
module constructor functions end in *_module.nii. addition to configuring the module’s
input and output pins, and defining instance vaesthe constructor function also assigns a
number of method functions, and these functiongygieally contained as sub-functions in the
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constructor file.

There is a close coupling between the module @@t&unctions the module subfunctions on the
target processor. The table below gives a bristuigtion of the functions available.

MATLAB Function | Target
Name Function Name Purpose

*_module.m * Constructor() Constructs an instance of a module class. The
function allocates memory for the base instance
structure. The MATLAB function sets default

values while on the target default values are ghsse
into the constructor. Required.

[processFunc *_Process() Real-time processing function. Required for C
code. Optional for MATLAB.

.setFunc *]Set() Implements the module's control functionality.
The function converts high-level interface
parameters to lower-level derived values. This
function should be called whenever a variable in a
module is modified. Optional.

*

.getFunc {Get() The counterpart to the _Set() function but is used

when module variables are reddost modules do
not use this functionWhen a module instance
variable is read, this function is first called and
then the instance variable is returned. It co@d &
used, for example, to convert a measurement from
energy to dB.

-bypassFunc *|Bypass() Implements the module's bypass functionality.
This is an optional function; when it is empty, a
generic bypass function is used instead.

-preBuildFunc N/A This function exists only in MATLAB and it is
called as part of the build procedure. The prebuil
function propagates pin information and may
update array sizes. The prebuild function is Usefu
for setting variable values that depend upon the| pi
type. The prebuild function is optional; if it dset
exist, the pin type information from the module's
first input pin is propagated to the output.
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3.2.3.1. MATLAB Module M-File

The MATLAB m-file associated with an audio moduteates and returns an instance of the
module. The typical function signature for a madui-file is

function M=new_module(NAME, ARG1, ARG2,...)

where NAME is a string module name and ARG1, AR&2,optional arguments. Good
practice is to set default values for all argumexisept NAME. For example:

if (nargin < 2)

ARG1=1;
end
if (nargin < 3)
ARG2=3;
end

The main difference between the MATLAB instantiationction and the C constructor is that
the C constructor is responsible for all memorgadtion. MATLAB, on the other hand, has the
option of doing memory allocation in the prebuiloh€tion.

3.23.2. .processFunc

This function provides a MATLAB implementation dfet module's processing function. The
function signature is:

function [M, WIRE_OUT]=new_process(M, WIRE_IN)
where
M —is the @awe_module object.
WIRE_IN — a cell array of corresponding to the ingata to be processed by the module.

Note that M serves as both an input argument atglibtesult of the function. The function
modifies the state variables within M and then mesuthe updated object. WIRE_OUT is a cell
array containing the output data.

Each element within the WIRE_IN cell array is anWmatrix representing the input data at a
particular pin. Each column of the input data espnts a different channel. The audio data is
processed and the result written to WIRE_OUT. dé@mple, the processing function for the
scaler_module.m computes

function [M, WIRE_OUT]=scaler_process(M, WIRE_IN)

WIRE_OUT=cell(size(WIRE_IN));

for i=1:length(WIRE_OUT)
WIRE_OUT{i}=WIRE_IN{i}*M.gain;
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end

return;

One difference between MATLAB and C is that theesim MATLAB serve only to pass data in
and out of the processing function. Pin informai® determined in MATLAB from fields in the
audio module structure. For example, to deterrtieesample rate of the first input, use

M.inputPin{1}.type.sampleRate

whereas in C, you would use

SR = (float) ClassWire_GetSampleRate(pWires[0]);

3.2.3.3. .SetFunc

Implements the main control functional for a moduléis function is called whenever a
variable within the audio module is updated. Tinection signature is:

function M=new_set(M)
where
M —is the @awe_module object.
Note that the MATLAB set function does not have ASK argument indicating which variable

changed.

3.234.  .getFunc

Implements secondary control functionality. Thiadtion is called when a variable in the
module is read. The function signature is idehticdhe .setFunc

function M=new_get(M)
where
M —is the @awe_module object.

3.2.35. JbypassFunc

Provides a custom bypass function for a modulee flihction signature is identical to the
.processFunc

function [M, WIRE_OUT]=new_hypass(M, WIRE_IN)
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where
M —is the @awe_module object.

WIRE_IN — a cell array of corresponding to the ingdata to be processed by the module.

3.2.3.6. .preBuildFunc

This function is called when a system is builtéaecution on a target. The function updates any
internal variables which depend upon the sampéks dock size, or number of channels. The
function also implements non-standard pin propagdtinctionality. The function signature is:

function M=new_prebuild(M)
where
M —is the @awe_module object.

The function updates and returns the module obect

3.3. @awe_subsystem

This class represents both systems and subsydteggsare equivalent and no distinction is made
in Audio Weaver. A subsystem has all of the chiaréstics of an audio module: a class name,
input and output pins, variables, and associatbefwuctions. 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.

3.3.1. ClassObject

The call to create a new empty subsystem is sirtoléne call to create a new module described
in Section 3.2.1

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
using the new subsystem class. Then, the CLASSNAR0 be unique among all of the
subsystems and audio modules.)

After the subsystem is created, set the partiodane of the subsystem:
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SYS.name='subsystemName’;
At this point, we have an empty subsystem; no mesjydins, variables, or connections.

As before, we'll look at the internal fields of@bsystem and we'll use a running subsystem as an
example. The @awe_subsystem object is derived émoi@awe_module object. In fact, the
first 36 fields of a subsystem are identical to@mie object. The only new fields are:

isPrebuilt: 1
preProcessFunc: []
postProcessFunc: []

buildFunc: @pcserver_build

drawFunc: []
module: {1x6 cell}
moduleName: {1x6 cell}
connection: {1x7 cell}
flattenOnBuild: 1
targetSpecificinfo: [1x1 struct]

isPrebuilt— a Boolean specifying where the system has ajrieaein through the prebuild
process. This is used internally and is not udeakele.

preProcessFune pointer to a MATLAB function which is called prito the subsystem
being executed. Itis the MATLAB dual to the ‘pre€essFunc' code marker and
is used for simulating subsystems in MATLAB.

postProcessFune pointer to a MATLAB function which is called aftthe subsystem
has executed. Itis the MATLAB dual to the 'postfassFunc' code marker and is
used for simulating subsystems in MATLAB.

buildFunc— pointer to a MATLAB function which builds thelssystem on the target.
This is empty except for top level systems.

drawFunc— pointer to a MATLAB function which overrides avieng of the module in
figure windows. This is not yet used and is preddor future enhancements.

module— cell array of the internal modules used by thfesgstem. Not user editable.

moduleName- cell array of internal module names. This isdu® accelerate references.
Not user editator.

connection- cell array describing all of the connectionshea subsystem. This array is
populated by calls to connect.m. Not user editable

flattenOnBuild— a Boolean describing how this subsystem isdtedtiring code
generation and building. When creating new modl#sses out of subsystems,
set .flattenOnBuild = 1. See Section 7.3 for aaneple.

targetSpecificinfe- a data structure populated by the build procéss.used to enable
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real-time tuning on a target. Not user editable.

3.3.2. MATLAB Functionsfor Constructing Subsystems

All of the functions listed in Section 3.2.2 whiale used to construct modules also apply to
subsystems. Additional commands for constructulgsgstems are:

connect.m — creates a wiring connection betweerpin®in a subsystem.

get_module.m — extracts a module from a subsystehreturns the @awe_module
object.

These commands are documented inAhdio Weaver User's Guide

3.3.3. Internal Subsystem Functions

Each subsystem has a set of subfunctions that mtiveamodule functions described in 3.2.3.
Fortunately, for most subsystems, generic or géeenzgersions of the functions can be used.
The table below describes the operation of eatheofunctions in the context of generated code.

MATLAB Target
Function Name Function Name Purpose

*_module.m *| Constructor() This MATLAB code must be manually written as
described above. Modules are manually added,
configured, and connected.

The C code version of this function is automaticall
generated. The function calls the base module
constructor function and then calls the

_Constructor() function for all internal modules.
The internal modules parameters are set according
to their values at build time.

[processFunc *_Process() Audio Weaver automatically generates the
MATLAB and C versions of these functions.

.setFunc *]Set() In all cases, this must be manually written.

.getFunc *1Get() In all cases, this must be manually written.

-bypassFunc *|Bypass() The generic function utilized by modules can alsp
be used here.

-preBuildFunc N/A Not needed. The existing pin propagation functipn
can propagate the information through subsystev‘ns.
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3.34. Top-Level Systems

Thus far, we have been using the tesystemandsubsystenmterchangeably. There is a slight
difference, though, that you need to be awareltie highest level system object that is passed to
the build command must ba@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 vertieg the wires attached to a top-level system's
output pins match the properties of each output parcontrast, internal subsystems are created
by calls to

SYS=awe_subsystem(CLASSNAME, DESCRIPTION)

and the type information for output pins is detered by pin propagation.

3.4. new_pin_type.m

This function returns a data structure represerdipm. The internal structure of a pin can be
seen by examining the pin data structure. At t#eTMAB command prompt type:

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 encaagdg the
following 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.

Awa) Page: 46 of 129

LA WEAV



DSP Concepts, LLC. Audio Weaver 2.0 Module Developers Guide

[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 theiatale has to be in range M<=x<=N and that it
also has to increment by step. In MATLAB notatithe 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 figgtioint and the data real.

Additional flexibility is built into the range infonation. Instead of just a row vector, the range
can have a matrix of values. Each row is integutels a separate allowable range. For example,
suppose that a module can only operate at the sanaugls 32 kHz, 44.1 kHz, and 48 kHz. To
enforce this, set the sampleRateRange to [3200®MA}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 theeahty1 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);

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 $asngach at 48 kHz. Note, that the pin type is
represented using a standard MATLAB structure. ¥aw always change the type information
after new_pin_type.m is called. For 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
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reasons. First, the range information allows goriihm 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 auoflchannels. 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 look ahead limiter subsystem introduneSection 5.3.2. It can be connected to
mono, stereo, or 5.1 channel signals and all oiin@g and buffer allocation will be
automatically handledThis generality allows you to design algorithmsathoperate on an
arbitrary number of channels with little added cdexty.

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])
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 chasnelempty. 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 examsgigyhlight other ways to use this function.

You can also specify that a pin can hold eitheatflay-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: []
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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. Thesgules 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, [, *32"
PT =
numChannels: 1
blockSize: 32
sampleRate: 48000
dataType: 'float'
isComplex: 0
numChannelsRange: []
blockSizeRange: []
sampleRateRange: []

dataTypeRange: {'float' 'int' 'fract32'}
isComplexRange: 0

3.5. add_pin.m

Pins are added to a module by the add_pin.m fumctitach pin has an associated Pin Type as
described in Section 3.4. 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 ‘inptbutput’, 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 arraygndidpg upon whether it is an input, output, or
scratch pin. For example, to determine the nurobaput pins that a module has, use

length(M.inputPin)

or to print out all of the names of the output pins
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for i=1:length(M.outputPin)
fprintf(1,'%s\n’, M.outputPin{i}.name);
end

Some processing functions require temporary memsionage. This memory is only needed
while processing is active and does not need foeb&isted between calls. (On the other hand,
memory that needs to be persisted by a module beteals to the processing function appears
in the instance structure and has usage "stagdlorating temporary memory and sharing it
between modules is accomplishedsbyatch pins Scratch pins are added to a module via
add_pin.m with the USAGE argument set to 'scratBlktatch pins are typically not used by
audio modules, but are often required by subsystEorssubsystems, the routing algorithm
automatically determines scratch pins at build time

In some cases, you want to add a pin to a subsytbt@ns 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:

add_module(SYS, biquad_module('bqll));
pinType=SYS.bgll.inputPin{l1}.type;

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

3.6. add_variablem
M=add_variable(M, VAR)

Adds a single scalar variable to an @awe_modu@awe_subsystem object and returns the
updated object. Arguments:

M - @awe_module or @awe_subsystem object to wini@dd the variable
VAR - @awe_variable object returned by awe_variable

Alternatively, you can construct the variable oe tly as:

M=add_variable(M, ARGS...)

where ARGS are arguments which get passed to @anebie. In this case, the arguments are
ordered as:

M=add_variable(M, NAME, TYPE, DATA, USAGE, DESCRIPT ION, ISHIDDEN, ...
ISCOMPLEX)

When called with no output arguments, as in

add_variable(M, VAR);
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the input module M is updated in the calling enmirent.

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 inspectoidgsd and knobs, in particular) and also for
validating variable assignments. The units strerginds 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 modulpjtears asféeld 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. RédeBection 2.2 to see the correspondence
between variables in the MATLAB object and variaile the C type definition.

3.7. add_array.m
M=add_array(M, VAR)

Adds an array to an @awe_module or @awe_subsydigrot@nd returns the updated object.
Arguments:

M - @awe_module or @awe_subsystem object to wini@dd the array
VAR - @awe_variable object.

Alternatively, you can construct the array on tlyeak:

M=add_array(M, ARGS...)

where ARGS are arguments which get passed to @anable. In this case, the arguments are
ordered as:

M=add_array(M, NAME, TYPE, DATA, USAGE, DESCRIPTION , ISHIDDEN, ...
ISCOMPLEX)

The size of the array is specified when it is fadtled. You can also subsequently change the
array size in the module's prebuild function. Whkemg so, you need to change the .size field of
the variable and then the data itself. For exantpkestate variables used by the Biquad module
are stored in a matrix of size 2 x numChannelswéler, numChannels is not known until the
module is built and therefore code within the Bidgaebuild function is used to update the array
size:

M.state.size=[2 M.inputPin{1}.type.numChannels];
M.state=zeros(2, M.inputPin{1}.type.numChannels);
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Audio Weaver supports 1 and 2 dimensional arrdyge 2 dimensional array representation is
maintained in MATLAB. On the target, however, dighensional array is flattened into a 1
dimensional array on a column by column basis.hBoalar and array variables are represented
as @awe_variable objects.

Array variables appear as pointers in the modwd&airce structure. For example, an FIR filter
has separate arrays for coefficients and statalas:

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[0]) * S->numTaps

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

The C type definition for this FIR filter is found the file ModFIR.h:

typedef struct _awe_modFIRInstance

ModulelnstanceDescriptor instance;

int numTaps; /I Length of t he filter

int statelndex; /I Index of th e oldest state variable
float* coeffs; /I Coefficient array

float* state; /I State varia ble array

} awe_modFIRInstance;

Using indirect arrays enables arrays to have virigngth and also to be placed in distinct
memory banks. This is last time is useful, forrapée, on the SHARC processor to enable
simultaneous memory reads.

3.8. add_module.m
Modules are added to subsystems one at a time thg@rfgnction

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, éaap@s a field within the object SYS. The
name of the field is determined by the module'senaiModules can be added to subsystems in
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any order. The run-time execution order is deteeaiby the routing 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

3.9. connect.m
Creates a connection between two pins in a sulyayside general form is:

connect(SYS, SRCPIN, DSTPIN);

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

moduleName.pinName

Consider the system shown below and contained nwthultiplexor_example.m.

out

To connect the output of the sine generatorl tsé&wend input of the multiplexor, use the
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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 (recommended)

awe_help multiplexor_smoothed_module

Pins
Input Pins
MName:
Deacription:
Data type:

Channel range:
Elock size range:
SJample rate range:
Complex support:

MName:

Deacription:

Data type:

Channel range:
Elock size range:
SJample rate range:
Complex support:

MName:

Deacription:

Data type:

Channel range:
Elock size range:
SJample rate range:
Complex support:

Qutput Pins

Hame:

Description:

Data type:

Channel range:
Elock size range:
SJample rate range:
Complex support:

or have MATLAB draw the module

inl

Input =ignal
float
Unrestricted
Unrestricted
Tnreztricted
Eeal

ing

Input =ignal
float
Unrestricted
Unrestricted
Tnreztricted
Eeal

ind

Input =ignal
float
Unrestricted
Unrestricted
Tnreztricted
Eeal

out

Output signal
float
Tnrestricted
Unrestricted
Unrestricted
Eeal

AW
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M=multiplexor_smoothed_module('foo");
draw(M)

Several short cuts exists to simplify use of thenaxt.m 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 waveaenanodule in the multiplexor example has
only a single output pin, the example above redtmes

connect(SYS, 'sinel’, 'mult.in2");

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

connect(SYS, ", 'mult.in1");

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

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

By default, the connect command performs rudimgreeaior 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 Weaaifies 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 connecsiomeide by supplying &"argument:

connect(SYS, 'mult, ", 1)

This is useful when debugging wiring failures thet revealed at build time.
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Output pins are permitted to fan out to an arbytrarmber of input pins. Input pins, however,
can only have a single connection.

Audio Weaver is set up to handle several specedsaf connections at build time. First, if an
input pin has no connections, Audio Weaver insegsurce module and connects it to the
unconnected input. Either a source_module.m {flmasource_fract32_module.m is added
based on the first input to the systenif a module has an output pin without a conmexti
Audio Weaver inserts a sink module based on the tyae of 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

3.10. get_variablem and set_variable.m

Extract and assign individual @awe_variable objactsin an audio module. This is needed
because of the object oriented nature of the AWdsaver interface. When accessing a variable
"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” ahte of a smoothed scaler module:

® Audio Weaver is guessing at the type of pin theids 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 subsayssestored in a separate buffer.
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M=scaler_smoothed_module('scaler);
V=get_variable(M, 'gain’);

Similary, the set_variable.m command can be useé€piace an existing variable with a given
@awe_variable object. "Replace” is used becauwseahable must already exist within the
audio module. The syntax for this command is:

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 functionganedy used in practice. You can always
access the internal fields of a @awe_variable olgfeen when it is part of an audio module. For
example, to access the "range" field of the vaeidphin”, use:

range=M.gain.range;

get_variable.m and set_variable.m also apply to @awbsystem objects.
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4. C Run-Time Environment

This section describes the portion of the C ruretenvironment used by audio modules. This
includes the module processing and constructottifums, memory allocation, and how the
modules interface to the Server running on thestarg

Each audio module has an associated header fil&€MedNamdn containing a class definition,
and a source file Ma@lassName containing the associated class structure amctiins. The
header and source files are generated by MATLABjths important to understand their
contents and how all of the pieces fit together.

4.1. Data typesand Structure Definitions

Let's begin by looking at the class definition fioee smoothly varying scaler found in
ModScalerSmoothedExample.h:

typedef struct _ModuleScalerSmoothedExample

ModulelnstanceDescriptor instance; // Common module header
float gain; /I Target gain

float smoothingTime; // Smoothing time cons tant
float currentGain; // Instantaneous g ain applied
float smoothingCoeff; // Smoothing coeff icient

} ModuleScalerSmoothedExampleClass;

The first field "instance" is the common headerdusg all audio modules and the type
ModulelnstanceDescriptor is defined in

<AWE>\Include\Framework.h.
Framework.h contains the primary data types anitiehs used by Audio Weaver. Most of the

definitions are used internally by the Server,dtgw apply to audio modules.

4.1.1. Modulelnstance Structure

Following the instance header are all of the modplecific variables. Only 8 types of module
variables are currently supported:

int — 32-bit signed integer

uint — 32-bit unsigned integer

float — 32-bit floating-point value
fract32 — 32-bit fractional in 1.31 format

int * - pointer to an array of signed integers
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uint * - pointer to an array of unsigned integers
float * - pointer to an array of floating-point veds
fract32 * - pointer to an array of fractional vatue

You'll note that only 32-bit data types are curestipported. This is for simplicity, but may be
expanded in the future.

All scalar module variables must precede arrayhennstance structure. This is due to the
manner in which audio modules are allocated aridhiizied by the Server. The MATLAB
module generation scripts automatically reorderaldes (using the function
awe_reorder_variables.m). Detailed descriptioaveé_reorder_variables.m is found in Section
5.1.9.

The module instance descriptor is also definediwiinamework.h:

typedef struct _ModulelnstanceDescriptor

ModInstanceDescriptor instanceDescriptor;
struct _Layoutlnstance *pOwner;

UINT packedFlags;

float profile_time;

Wirelnstance **pWires;

void (*pProcessFunc)(void *plnstance);

ModulelnstanceDescriptor;
The module instance header is 8 words in lengthcanthins the fields:

instanceDescriptor — 3 word data structure thatallthe Server to keep track of the
module once it has been allocated on the target.

pOwner — points to the overall layout, or collentmf audio modules.

packedFlag — a packed integer containing the numiiaput, output, and scratch pins,
as well as the current modules status.

profile_time — CPU profiling information. This lmeasured on a block-by-block basis
and smoothed by a first order filter. Time is mead in units of clock ticks,
where the resolution is platform dependent. Solaigoms, such as the SHARC
and Blackfin, are cycle accurate.

pWires — pointer to an array of wires used by tloelobe. Wires are ordered as inputs,
outputs, and scratch wires.

pProcessFunc — pointer to the module's currentinn@function. This points to the
processing function if the module is ACTIVE.
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Access to the module instance fields is via madesmed in Framework.h. You should use
these macros since it enables us to change thelyingenstance structure without breaking
existing modules. Let S be a pointer to an audvolute. The following macros are provided:

ClassModule_GetWires(S) — returns a pointer taatin@y of wires associated with the
module. The wires are ordered as input wires,dusfires, and then scratch wires.

ClassModule_GetNInWires(S) — returns the numbengdt wires.
ClassModule_GetNOutWires(S) — returns the numbeugbut wires
ClassModule_GetNScratchWires(S) — returns the numibscratch wires

ClassModule_GetModuleState(S) — returns the madule-time state. ACTIVE=0,
BYPASSED=1, MUTED=2, and INACTIVE=3.

4.1.2. Pinsand Wires
A wire in Audio Weaver contains more than just aushmples. A wire is defined as:

typedef struct _Wirelnstance

[** The basic instance data. */
InstanceDescriptor instanceDescriptor;

[** The pin descriptor describing this wire. */
PininstanceDescriptor *pPinDescriptor;

[** The wire buffer. */
Sample *buffer;

Wirelnstance;

The data type Wirelnstance describes a wire. Ta@®inter to the data portion of the first wire,
use the macro:

Sample *buffer = (pWires[0]->buffer);

*puffer points to the buffer of audio samples. Tata type Sample is a union of integer and
floating point values:

typedef union _Sample

intival,
unsigned int uiVal;
float fval,

}

Sample;

Since Sample is a union, you must cast it to orte@possible data types:
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(float *) W->buffer;

(int *) W->buffer;

(fract32 *) W->buffer;
(unsigned int *) W->buffer;

The fract32 data type is actually defined as intB2oviding the fract32 data type is for
convenience allowing the programmer to distinglistween integer and fractional values.

A wire can have an arbitrary number of interleagkdnnels and an arbitrary block size (hnumber
of samples per channel). A wire with N channeld amlock size B has a total of NB audio
samples. The samples are ordered as:

Channel 0, Sample 0
Channel 1, Sample 0
Channel 2, Sample 0

Channel N-1, Sample 0
Channel 0, Sample 1
Channel 1, Sample 1
Channel 2, Sample 1,

‘Channel N-1, Sample B-1

The items in the wire's pin descriptor are accesgedacros:
ClassWire_GetChannelCount(W) — returns the numbehannels in the wire.
ClassWire_GetBlockSize(W) — returns the block sizthe wire.

ClassWire_GetNumSamples(W) — returns the total rmrmobsamples in the wire. This
equals the number of channels times the block size.

ClassWire_GetSampleRate(W) — returns the sampmeofdahe data in the wire. This is
used by design functions, such as filter coefficgameration, that depend upon
the sample rate of the data. The sample rateHizin

A pin descriptor structure can be shared by mdtipies as long as the number of channels,
block size, and sample rate are the same. Allgaind assigning pin descriptors is handled by
MATLAB when a system is being built.

You'll note that the pin descriptor does not spettie type of data (float, int, or fract32)
contained in the wire. This allows a wire contagfloating-point data to be reused for integer
data as long as the number of channels, block aimesample rate are identical.

4.1.3. Examples

The absolute value module has a single input afglbpin, and can handle an arbitrary number
of channels, block size, and sample rate. S @ratqr to the module instance. The processing
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code is:

void ModuleAbs_Process(void *plnstance)

ModuleAbsClass *S = (ModuleAbsClass *)plnstance;
Wirelnstance **pWires = ClassModule_GetWires(S);

Vec_Abs((float *)pWires[0]->buffer, 1,
(float *)pWires[1]->buffer, 1,
ClassWire_GetNumSamples(pWires[0]));

where
(float *) pWires[0]->buffer points to the buffer afput samples.
(float *) pWires[1]->buffer points to the buffer output samples
ClassWire_GetNumSampels(pWires[0]) is the total benof samples in the input wire.
Vec_Abs() is an optimized vector function for cortipg the absolute value.

A second example is the processing function foumdi&talerN.c. This module has a single
input pin with multiple channels. Each channeldaled by a separate gain. The processing
function is:

void ModuleScalerN_Process(void *plnstance)

ModuleScalerNClass *S = (ModuleScalerNClass *)pIn stance;
Wirelnstance **pWires = ClassModule_GetWires(S);

UINT blockSize = ClassWire_GetBlockSize(pWires[0] );
UINT numChannels = ClassWire_GetChannelCount(pWir es[0]);
UINT channel;

float *dst;

float *src;

src = (float *) pWires[0]->buffer;
dst = (float *) pWires[1]->buffer;

for(channel=0;channel<numChannels;channel++)

Vec_Scale(src+channel, numChannels,
dst+channel, numChannels,
S->gain[channel], blockSize);

}

This module has a multichannel input and output @ihthe start of the processing function, the
number of channels and block size are determineeelis|s pointers to the input and output
buffers. The module then loops over each charoading it by the appropriate scale factor from
the gain[] array. The arguments to the Vec_Saatetfon are:
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src+channel — pointer to the buffer of input data.
numChannels — stride for the input data.
dst+channel — pointer to the buffer of the outpatad
numChannels — stride for the output data
S->gain[channel] — scale factor for a particulaaruiel.
blockSize — number of samples to scale.

You can clearly see that the data is interleavegdh@n the offset to the start of the src and dst
data as well as the strides.

Both of the module examples use a set of "vectanttions to perform the actual computation.

It is possible to perform the computation withie thhodule's processing function — many
modules do this. For some modules, however, we bhwsen to use vector functions since
smaller functions may be more easily optimizedsseanbly and a single function may be reused
by multiple modules. For example, Vec_Scale()sisdlby the scaler_module.m,
scalern_module.m, and scaler_db_module.m. Thusptmizing a single function vector for a
target processor we obtain 3 optimized modules.

4.2. Class Object and Constructor Functions

The module constructor function is called in reg®to a create_module command sent from the
Server to the target. A module's constructor fiancis called once per module instance and is
responsible for allocating memory for the moduld aapying arguments from the

create_module command into the instance structure.

The operation of the constructor function hingesndormation within the module's class
structure. All audio modules of the same classeshaingle module class structure. Thus, if a
target contains 100 different classes of audio rresjihere will be 100 class structures defined.
The class structure is defined in Framework.h as:

[** Class descriptor for audio modules. */
typedef  struct _ModClassModule

/** The basic class data. */
ModClassDescriptor modClassDescriptor;

/** The number of construction module parameters. * /
UINT nPackedParameters;

/** Pump function for the module. */
void (*pProcessFunc)( void *plnstance);

[** Bypass function for the module. */
void (*pBypassFunc)( void *plnstance);
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[** Set function. */
UINT (*pSet)( void *plnstance, UINT mask);

[** Get function. */
UINT (*pGet)( void *plnstance, UINT mask);

}
ModClassModule;

The first item of type ModClassDescriptor is defirees:

typedef struct _ModClassDescriptor

/** Unique ID of the class - set at compile time. * /
UINT classID;

struct _ModInstanceDescriptor *(*Constructor)(
int * FW_RESTRICT retVal,
UINT nlO,
Wirelnstance ** FW_RESTRICT pWires,
size_t argCount,
const Sample * FW_RESTRICT args);

}

ModClassDescriptor;
Let's look at each of these fields more closely.
classID — is a unique integer that identifies thedaie on the target.

When the target is asked to create a scaler_maodulkels asked to create a module with a
specific integer class ID. In order to ensure #iatlassID's are unique, they are stored as tsffse
in the file classids.csv. When asked to constautiodule, the target searches the table of
module class pointers looking for the specifiedslB. If there is a match, then the Constructor
function, also contained within ModClassDescripsocalled.

Constructor() - pointer to the module's construfiiaction.

The constructor function takes a specific set gliarents:

Constructor(int * FW_RESTRICT retVal,
UINT nlO,
Wirelnstance ** FW_RESTRICT pWires,
size_t argCount,
const Sample * FW_RESTRICT args);

Now returning to the other fields in ModClassModulehe modClassDescriptor is followed by:

UINT nPackedParameters;

This integer specifies the number of constructguarents required by the module. Two
separate values are packed into this 32-bit intagdrthese are accessed via separate macros:
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ClassMod_GetNPublicArgs(packed) — returns the nurabpublic arguments that the
module requires. The number of public argumentgmiscthe number of scalar
variables that must be sent from the Server t€ibrestructor() function.

ClassMod_GetNPrivateArgs(packed) — returns the murabprivate arguments required
by the module. The private arguments are notlsgtite Server but must be
separately managed by the Constructor functioivatrarguments typically hold
pointers to array variables.

The total size of a module's instance structurelsgizeof(ModClassModule) + # of public
words + # of private words.

The remaining items in the module class structueeainters to module functions.

pProcessFunc — pointer to the module's processimgibn. Called when the module is
in ACTIVE mode.

pBypassFunc — pointer to the module's bypass famctCalled when the module is in
BYPASSED mode.

pSet — pointer to the module's set function. Tiwgtion is called after the Server
updates one of the module's variables. This fanas used to implement custom
design functions on the target.

pGet — pointer to the module's get function. Thisction is calledprior to reading one
of the module's instance variables by the Server.

A module must provide processing and bypass funstiall other functions are optional.

Let's examine the class structure for the biquadiul@om. This module implements a 5
multiply second order IIR filter. The module'ssdastructure defined in ModBiquad.c is:

const ModClassModule ClassModule_Biquad =

{
#ifdef AWE_INCLUDE_CONSTRUCTOR_FUNCTION

{ CLASSID_ModuleBiquad, ModuleBiquad_Construc tor },
#else

{ CLASSID_ModuleBiquad, NULL },
#endif

ClassModule_PackArgCounts(5, 1), /I (Public w ords, private
words)

ModuleBiguad_Process, I/l Processing functi on

IOMatchUpModule_Bypass, // Bypass function

0, /I Set function

0, /I Get function

¥

The CLASSID_ModuleBiquad equals a base value plusfiset:
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CLASS_ID_MODBASE + 13

The offset is defined in the file classids.csv:

Biquad,13

The module has a custom constructor function, MeBligjuadConstructor(), and a total of 5
public instance variables and 1 private instanc@kbe. Looking at the module's instance
structure, we see:

typedef struct _ModuleBiquad

ModulelnstanceDescriptor instance;

float bO;
float b1;
float b2;
float al;
float az;
float* state;

} ModuleBiquadClass;

The 5 public variables are the filter coefficierif; b1, b2, al, and a2. The private variable is
the pointer to the array of state variables. Thyu&d module operates on multichannel signals
and allocates two state variables per channel. Bidpgad module utilizes the processing
function ModuleBiquad_Process(), the bypass fundi@\ViatchUpModule_Bypass(), and does
not define a Get or Set function.

The module constructor function first allocates mepnfor the instance structure, then sets
public variables using supplied values, and finalijocates memory for any arrays. Constructor
functions all have a similar structure exemplifigdthe constructor for the Biquad module.
Starting with the function arguments:

ModInstanceDescriptor *ModuleBiquad_Constructor(int * FW_RESTRICT
retVal,
UINT nlO,
Wirelnstance ** FW_RESTRICT pWires,
size_t argCount,
const Sample * FW_RESTRICT args)

ModuleBiguadClass *S = (ModuleBiquadClass *)
BaseClassModule_Constructor(&ClassModule_Biquad , retvVal, nlO,
pWires, argCount, args);

if (S == NULL)
{

return O;

}

if ((S->state = (float *)
awe_fwMalloc(ClassWire_GetChannelCount(pWires[0]) * 2 * sizeof(float),
AE_HEAP_FAST2SLOW, retVal)) == 0)
{
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/I Error code is in *retVal
return O;

}

*retVal = E_SUCCESS;
return ((ModInstanceDescriptor *) S);

The function arguments are:

retVal — pointer to the function's error returnual If successful, the function sets
*retVal = E_SUCCESS.

nlO — a packed integer specifying the number ofiinputput, and scratch wires used by
the module.

pWires — pointer to the array of wires used byrtiealule.

argCount — total number of arguments supplied écctinstructor. Typically, the
constructor arguments are computed by MATLAB anap$ied to the
create_module Server function.

args — pointer to the list of function argument$ie function arguments can be either
integer or floating-point values and are specifisch union. The constructor
function must know whether each argument is argerter floating-point value.
arg[0].ival is the first argument as an integeg[@}.fVal is the first argument as a
floating-point value; arg[0].uiVal is the first arment as an unsigned integer.

The first responsibility of the Constructor functis to call BaseClassModule_Constructor().
This function does several things:

Allocates memory for the module's instance strctur

Verifies that argCount equals the number of pulkstance variables specified in the
module’s class structure.

Copies the initial values of the public variablesn args|] to the variables at the start of
the instance structure. (This method of initimlgzmodule variables requires that
the public module variables be located contiguoasie start of the instance
structure.)

Sets the pWires and packedFlags fields of the MadstanceDescriptor.
Configures the module for ACTIVE mode.

The Constructor function next allocates memornythier state array;

if ((S->state = (float *)
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awe_fwMalloc(ClassWire_GetChannelCount(pWires[0]) * 2 * sizeof(float),
AE_HEAP_FAST2SLOW, retVal)) == 0)

/I Error code is in *retVal
return O;

}

Note that the size of the array is computed baseti® number of channels in the first input
wire. The function awe_fwMalloc() allocates memégym one of Audio Weaver's memory
heaps. The heap is specified by the second arguAEnHEAP_FAST2SLOW and user can
find all the macros defined in Framework.h.

Lastly, the Constructor function sets the returlue@and returns a pointer to the allocated and
initialized object:

*retVal = E_SUCCESS;
return ((ModInstanceDescriptor *) S);

The instance pointer is cast to a common ModIngt@escriptor return type.

The Biquad module was used as an example to giiesthe constructor function because it
requires an array to be allocated. If the Consruitinction pointer in the module's class
structure is set to NULL, then the generic modwlestructor is called. The generic constructor
simply calls BaseClassModule_Constructor() andifScsent for modules that do not require
additional memory allocation outside of the ins&@structure or other custom initialization. The
generic constructor is sufficient for a large numiiemodules and reduces the code size of the
target executable.

4.3. Memory Allocation using awe_fwMalloc()

Dynamic memory allocation is accomplished in Audieaver by the function awe_fwMalloc().
To avoid memory fragmentation, memory can onlylecated but never individually freed.
You can only free all memory completely using tlestdoy command and then start again.

The memory allocation function is declared as:

void *awe_fwMalloc(size_t size, UINT heaplndex, int *retVal);

All memory allocation in Audio Weaver occurs in teof 32-bit words. The first argument to
awe_fwMalloc() specifies the number of 32-bit wotdsllocate.

The second argument, heaplndex, specifies whichangheap should be used for allocation.
Audio Weaver provides 3 heaps and the heaps miagchmnémory architecture of the SHARC
processor. There are two separate internal heapslitionally referred to as "DM" and "PM" on
the SHARC — which are placed in different memoyckk; and a large heap in external memory.
Having separate internal memory heaps is requa@btain optimal performance from the
SHARC. For example, an FIR filter implemented lbea SHARC processor requires that the
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state and coefficients be in separate memory blo€ksthe Blackfin with cache enabled, the
heaps specifiers are irrelevant.

Audio Weaver refers to the heaps as "FAST", "FASTa®BId "SLOW". The heaplndex argument
is set using #define's in Framework.h. In the $@sipcase, you specify one of the following:

AWE_HEAP_FAST fast internal memory. Defined as 1.

AWE_HEAP_FASTB a second internal memory heap located in ardifteblock of
memory than AWE_HEAP_FAST. Defined as 2.

AWE_HEAP_SLOWslower memory; usually external. Defined as 3.

The heaplndex argument can encode several diffaeaygs one nibble (4-bits) at a time. Set the
low 4 bits of heapindex to the heap you want tocate memory from first; then set bits 4 to 7 to
the next heap; and so forth. For example, if yamtto allocate memory from
AWE_HEAP_FAST and then overflow into AWE_HEAP_SLO¥¢ét the heapindex argument
to:

AWE_HEAP_FAST | (AWE_HEAP_SLOW << 4)

Several variations are already defined for you.

#define AWE_HEAP_FAST2SLOW (AWE_HEAP_FAST | (AWE_HE AP_FASTB << 4) |
(AWE_HEAP_SLOW << 8))

Allocate in the FAST heap first. If this failseth allocate in FASTB. Finally, if this fails, then
allocate SLOW external heap.

#define AWE_HEAP_FASTB2SLOW (AWE_HEAP_FASTB | (AWE_ HEAP_SLOW << 4))
Allocate in FASTB. If this fails, then allocateofn the SLOW heap.

Most modules supplied with Audio Weaver take adagatof this overflow behavior to
smoothly transition from internal to external megnonce the heaps have filled up.

4.4. Module Function Details

Each audio module has a set of 5 functions assobiaith it. This section describes the
arguments to each of the functions.

4.4.1. Constructor Function

This function is usually generated by MATLAB buttemes it needs to be hand written —
especially if the module does more than just atoaemory. Audio Weaver names the
constructor function using the convention
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awe_modCLASSNAMEConstructor()

where CLASSNAME is the module class. The functincates memory for the module from
the heaps and then returns a pointer to the newlted object. The constructor function is
declared as:

ModInstanceDescriptor *awe_modCLASSNAMEConstructor(
int * FW_RESTRICT retVal,
UINT nlO,
Wirelnstance ** FW_RESTRICT pWires,
size_t argCount,
const Sample * FW_RESTRICT args)

The return type ModInstanceDescriptor is a commata dtructure which starts off all audio
modules. The function arguments are:

*retVal — integer return value. The constructor shoutdtss to E_ SUCCESS (=0) upon
successful completion. The file Errors.h has apete list of error codes to
choose from.

nlO — packed integer specifying the number of inputpat, scratch, and feedback wires.
Each number is packed into 8-bits as follows:

INPUT + (OUTPUT >> 8) + (SCRATCH >> 16) + (FEEDBACK >> 24)

Several macros are provided in Framework.h to ekthee wire counts:

#define GetlnputPinCount(x)  (x & 0xff)

#define GetOutputPinCount(x) ((x >> 8) & 0xff)
#define GetScratchPinCount(x) ((x >> 16) & 0xff)
#define GetFeedbackPinCount(x)((x >> 24) & Oxff)

#define GetWireCount(x) (((x >> 24) & Oxff) + ((x >> 16) & 0xff)
+ ((x >> 8) & Oxff) + (x & 0xff))

pWires— a pointer to an array of wire pointers. Theewiare ordered as input, output,
and scratch.

argCount— number of optional arguments supplied in the [Bararray.

args— array of optional arguments. This array isypetSample which is union:

typedef union _Sample

int ivVal,
unsigned int uiVal;
float fval,

}

Sample;
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Each argument can thus be a floating-point, orexigir unsigned integer value.

The module constructor function should first call

ModInstanceDescriptor *BaseClassModule_Constructor(
const ModClassModule * FW_RESTRICT pClass,
int * FW_RESTRICT retVal,
UINT nlO,
Wirelnstance * FW_RESTRICT pWires,
size_t argCount,
const Sample * FW_RESTRICT args);

The first argument, pClass, is a pointer to theslabject for the module under construction.
The remaining arguments are identical to the Caogir arguments. For example, in
ModPeakHold.c, we have

awe_modPeakHoldInstance *S = (awe_modPeakHoldInstan ce *)
BaseClassModule_Constructor(&awe_modPeakHoldClass, retval,
nlO, pWires, argCount, args);

The BaseClassModule_Constructor allocates memomph&module instance structure and wire
pointer array used by the module. The functioo aidializes the module instance variables by
copying argCount words from the args array startintipe first instance variable in the structure.
The class structure awe_modPeakHoldClass contaénsntry

ClassModule_PackArgCounts(5, 2), /I (Public words, private words)

Thus an instance of a peak hold module has adbfalariables with the first 5 being set at
construction time and the last 2 used internaliyafoays) argCount must then equal 5 and
BaseClassModule_Constructor checks for this. €hgaining two variables in the instance
structures are pointers to arrays which are seglgnaitialized by the constructor function.

The final step performed by BaseClassModule_Coatsrus to add the newly created module
instance to the linked list of objects on the taeged then return a pointer to the module instance.

After calling BaseClassModule_Constructor, the nleawnstructor performs any other
initialization that is needed. This may includgializing indirect array variables, like in the
ModPeakHold.c example. When done, the constrdictartion sets the return error value in
*retVal and returns a pointer to the created mocthdeance.

The module constructor function is typically callegthe framework in response to a message
received from the PC over the tuning interfaceromfa message stored in a file system. After a
module constructor function is called, the framewainecks if the module has an associated Set
function. If so, the Set function is called witlmask of OXFFFFFFFFThus there is no need to
manually call the Set function within the ConstanctThe framework takes care of this.
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4.4.2. Processing Function
The processing function has the signature

void awe_modPeakHoldProcess(void *plnstance)

The function only gets a single argument which jmter to the module instance. This is first
cast to the appropriate module instance data tifoe.example

awe_modPeakHoldInstance *S = (awe_modPeakHoldInstan ce *)plnstance;

Using macros defined in Framework.h, the procesiingtion can obtain a pointer to the list of
wires used by the module

Wirelnstance **pWires = ClassModule_GetWires(S);

The number of input wires

int numIinWires = ClassModule_GetNInWires(S);

The number of output wires

int numOutWires = ClassModule_GetNOutWires(S);

The number of scratch wires

int numScratchWires = ClassModule_GetNScratchWires( S);

And the current run-time state of the module

int state = ClassModule_GetModuleState(S)

where

MODULE_ACTIVE =0
MODULE_BYPASS =1
MODULE_MUTE = 2
MODULE_INACTIVE = 3

Note, the processing function is only called when state is active so checking the state is
meaningless in the processing function.

The wire buffers are ordered as input, output, sordtch wires. Each wire has certain properties
that you can query using macros:

ClassWire_GetBlockSize(W)
ClassWire_GetChannelCount(W)
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ClassWire_GetSampleRate(W)
ClassWire_GetNumSamples(W)

where the last macro returns the total number miodas in the wire and equals blockSize x
numChannels.

Each wire contains a pointer to its data sampleélsar> buffer field. buffer is defined as the
union Sample and must be cast to a pointer ofpppeopriate type. For example,

(float *) (pWires[0]->buffer)

The processing function then performs the audicgssing and writes the result into the output
wire buffers. Local state variables in the inse@gstructure are updated, as needed.

Note that the processing function should neverwsitg the data contained in the input wires; it
may be used by other modules.

The processing function does not return an errdecdf you need to track error conditions, do
this by adding an error code to the instance siraand then tracking it in the inspector.

4.4.3. Set Function

This function implements a module's control funeélity and typically converts high-level
variables to low-level variables. The PeakHold medas the function signature

UINT awe_modPeakHoldSet(void *pInstance, UINT mask)

The first argument is a pointer to the module insgastructure. This needs to be cast to a pointer
of the appropriate type:

awe_modPeakHoldInstance *S = (awe_modPeakHoldInstan ce *)plnstance;

Once you have a pointer to the module instance hgwe full access to the module wires using
the macros defined in Framework.h. This is uséfulexample, when determining the sample
rate or the block size of the module.

The second argument to the Set function is a b#kntizat specifies which module variable(s)
have changed. The bit mask is set by the Servenwiodule variables are updated while
tuning. The bit mask may also be set by contrdecanning on the target. Use of the bit mask
is optional and is only really necessary when tloelute writer needs to distinguish between
heavy duty changes requiring significant amountsoshputation and lightweight changes.

In the bit mask, bit N is set when th& Rodule variable is set. The bit counting incluthes8
word module instance header and thus the firstilenaodule variable is numbered 8. The
module header file contains a set of #define'scaithg the bit value for each variable. For

example, ModPeakHold.h contains
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#define MASK_PeakHold_Reset 0x00000100
#define MASK _PeakHold_attackTime 0x00000200
#define MASK_PeakHold_decayTime 0x00000400
#define MASK_PeakHold_decayCoef 0x00000800
#define MASK_PeakHold_attackCoef 0x00001000
#define MASK_PeakHold_peakHold 0x00002000
#define MASK_PeakHold_peakDecay 0x00004000

A few more things to keep in mind regarding masW#hen an array variable is set, the bit mask
corresponding to the array is set as expected. eMerythe Set function is not tolchich portion

of the array has been changed. Finally, sincendigk is only 32 bits in length, it is possible to
run out of unique bits if the instance structureasy long. The high bit of the mask, bit 31, has
special meaning. When this bit is set, it indisdteat at least one of the high order instance
variables has changed. However, you don't knowigel which one.

4.4.4. Get Function

This function is rarely used in practice and trates low-level variables to higher-level
variables. This function has the same signatutbeaSet function

UINT awe_modClassNameGet(void *pInstance, UINT mask )

When called, the function should update instancelkes and can use the mask argument to
determine which variables should be updated.

4.45. BypassFunction

This function implements a module's bypass funetion The function signature is identical to
the processing function

void awe_modClassNameBypass(void *plnstance)

There are several standard bypass functions defingddCommon.h and may be used by
modules.

IOMatchModule_Bypass() — Works with modules thatehthe same number of input as
output wires. It copies the data from th® iNput wire to the N output wire. It
assumes (and does not check) that all input arglibutires have the exact same
number of samples.

IOAcrossModule_Bypass() — Works with modules traatena single input wire and
single output wire. The wires may have a differamnber of channels, though.
Let INCOUNT and OUTCOUNT represent the number arutels in the input
and output wires, respectively. The function ceyifee first min(INCOUNT,
OUTCOUNT) channels across one at a time from inpuiutput. If
OUTCOUNT > INCOUNT, then the remaining output chelsrare set to 0.
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IOAIlOnesModule_Bypass() — Sets all samples inaigout wire to floating point 1.0.

This is used by some dynamics processors which atapne-varying gains.

IOMatchUpModule_Bypass() — Suitable for moduleg tieve an arbitrary number of

input and output wires. The function starts with first output wire and looks for
the first input wire that matches it in terms otk size and number of channels.
If a match is found, the data from that input were€opied to the output wire, and
this input wire is no longer used for subsequertches. If not match is found for
a particular output wire, then all samples ara®@t0. This process repeats for
all output wires.

If a module's m-file does not specify a bypass fimnc then the code generator assigns
IOMatchUpModule_Bypass() by default.
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5. GeneratingModule Libraries

This section provides further details on moduleegation. We begin by discussing template
substitution, the underlying process by which tbeagated .c and .h files are created. The
section also documents MATLAB commands that ar@eel to module generation. Many of the
commands shown were used in previous examplesrarfdlly documented here.

The main phases in creating an audio module libaezy
1. For each audio module in the library
a. Add code markers
b. Generate the module's .c and .h files using temglalbstitution
2. Generate the combined schema file describing alhe@imodules in the library

3. Translate the schema information into a C datasira that can be compiled and
included with the DLL.

4. Compile the generated files and create an audiautaatynamic link library (DLL).

Steps 1 and 3 are automated using the awe_gendyatey.m command. Many other MATLAB
functions are internally called. Only a few othendtions are documented here to help you better
understand the code generation process. Stegohesseparately in VisualStudio and described
in Section 6.

5.1. awe _generate library.m
awe_generate_library(MM, DIR, LIBNAME, USESDLLS, GE NDOC)

This is the primary function for generating an audliodule library. It generates sources files for
all of the modules in the library. Arguments:

MM — cell array of audio module structures.

DIR — base directory in which the generated filesudd be placed. Files are written here
and in several other subdirectories.

LIBNAME - string specifying the name of the librarfror example, 'Core32'.

USESDLLS - structure specifying other module lilgathat the newly built library
depends upon. A library has a dependencies wheterhally utilizes a module
contained in another library. By default, USESDH[JSand the library is
independent of others.

A!-l-m) Page: 76 of 129



DSP Concepts, LLC. Audio Weaver 2.0 Module Developers Guide

GENDOC - integer indicating whether module docuragon should be generated. By
default, GENDOC=0 and no documentation is generatieGENDOC=1, then a
single document is created for the entire modblaty. If GENDOC=2, then a
separate document is created for each audio module.

5.1.1. CreatingtheCell Array of Modules

The argument, MM, is a cell array populated withdoles to be placed in the final library. For
example, it might contain:

MM=cell(0,0);
MM{end+1}=downsampler_example_module('temp");
MM{end+1}=fader_example_fract32_module('temp");
MM{end+1}=fader_example_module('temp");
MM{end+1}=lah_limiter_example_module('temp");
MM{end+1}=peak_hold_example_fract32_module('temp");
MM{end+1}=peak_hold_example_module('temp";
MM{end+1}=scaler_example_module(temp");
MM{end+1}=scaler_smoothed _example_module('temp";

5.1.2. Specifying Dependencies
USESDLLS is a cell array of structures that spesifiependencies. Each structure contains the
fields:

.MM - cell array of audio modules in the library.
.Str — library name.

To achieve automation, each audio module librappbed with Audio Weaver has a master
function which generates the library. For examiile,Core32 module library uses the script
make_core32.m. The script is designed so thatufrequest output arguments, as in

[MM, NAME]=make_core32;

the function will not build the library but will stead return a cell array of modules in MM and
the name of the module library in NAME. You shotdtdow this convention when creating
your own custom module libraries. This allows yowspecify dependencies in a straightforward
manner. For example, the make _examples.m scrijgdendent upon 3 other libraries:

[DependMM, DependName]=make_core32(0);
USESLIB{1}.MM=DependMM,;
USESLIB{1}.str=DependName;

[DependMM, DependName]=make_basicaudiofloat32(0);
USESLIB{2}.MM=DependMM,;
USESLIB{2}.str=DependName;

[DependMM, DependName]=make_basicaudiofract32(0);
USESLIB{3}.MM=DependMM,;
USESLIB{3}.str=DependName;
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If you try to build a library and do not properlgcmunt for all dependencies, then
awe_make_library.m will report an error. For exdéanpuppose that you try and build the
examples library but eliminate the dependency erBiasicAudioFloat32 library, you'll see:

Module library has unsatisfiable or circular depend encies.
Modules with dependencies that could not be resolve d:
FaderExample

Missing ScalerSmoothed
LAHLimiter

Missing AGCLimiterCore

Missing AGCMultiplier

Missing MaxAbs

The error message indicates that the FaderExampdiellsn has a dependency on ScalerSmoothed
and that ScalerSmoothed is not in the dependesicySiimilarly, LAHLimiter has 3 unsatisfied
dependencies.

5.1.3. Specifying the Output Directory

The argument DIR to awe_generate_library.m spexifie directory in which to generate the
modules. There are different ways to specify tihectbry including hard coding it.

Often it is useful to specify the directory rela&ito the location of the master library make script
The following MATLAB code, contained in make_exa®gin, shows how to determine the
location of make_examples.m and then pull off twedst level directory. make_examples.m is
located at:

<AWE>\ModulesLib\Examples\matlab\

The output directory is set to

<AWE>\ModulesLib\Examples\

by the code below.

MFILE=mfilename(‘fullpath’);
[pathstr, name]=fileparts(MFILE);

% Remove the last directory level
ind=find(pathstr == filesep);
ind=max(ind);

DIR=pathstr(1:ind-1);

5.1.4. Generated Files

Let DIR be the base directory for the audio modibieary and let 'Examples’ be the name of the
library. awe_generate_library.m creates the falhgufiles:
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<DIR>\Examples.h — Header file containing exterfirdgons for each module class
object. It also has macros defining the entiredisnodules and all dependencies.

<DIR>\Examples.sch — Overall schema file for thoedry.
<DIR>\ExamplesSchema.cpp — Compiled schema file.
<DIR>\Doc — Location of generated documentation
<DIR>\Include — Location of generated module inddies

<DIR>\matlab — Location of the module m-files. $lalso contains the master library
make script.

<DIR>\matlab\code — Suggested location for the rimoele pieces.

<DIR>\matlab\process — Suggested location of thellMAB versions of the processing
functions.

<DIR>\matlab\test — Suggested location of MATLABLttecripts which validate the
operation of the modules.

<DIR>\Source — Location of the generated modulewmfiles.

5.1.5. SchemaBuilder.exe

You'll notice this executable within the Audio WeaBin directory. This executable compiles
the schema information. That is, it takes a .dehahd compiles into a .cpp file. The .cpp fee i
then included in the project for building the maelGILL. SchemaBuilder.exe is automatically
called by awe_generate_library.m and there is ea ne call it separately.

5.1.6. AWE_INFO.buildControl

The global variable AWE_INFO contain the structumaildControl which controls the library
generation process. AWE_INFO.buildControl contaireny fields which are used internally.
We point out the user settable values.

AWE_INFO.buildControl.combineSourceFiles

This Boolean specifies whether each audio modwelghbe placed into a separate source file.
By default, combineSourceFiles=0 and each modulgitten to a separate file.

AWE_INFO.buildControl.indentSourceFiles

This Boolean specifies whether the source codeldhmuformatted after generation using the
executable indent.exe. Formatting the code regeaidenting, line breaks, etc. By default,
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indentSourceFiles=0. Formatting the source cogi@fgtantly slows down the module
generation process.

5.1.7. Setting the Audio Module Search Path

When you are developing a custom audio module nyost add the base module directory to the
Audio Weaver module search patihis not enough to merely modify your MATLAB patto.
add a directory to the Audio Weaver module seaath,puse the command

add_module_path(DIR)

The command adds the directory

<DIR>\matlab

to the MATLAB search path; this directory has taséx It then optionally adds

<DIR>\matlab\test
<DIR>\matlab\process

if these directories exist. In addition, the fuantmodifies the global variable

AWE_INFO.buildControl.modulePath
to include the new directory. This global varialseised when searching for class IDs.

The newly added module directory is placed at titead the module search path. You can
specify that the directory be added to either #giriming or end of the module path using the
optional second argument

add_module_path(PATH, '-begin";
add_module_path(PATH, '-end");

5.1.8. Specifying Class|Ds

Every audio module in the library must have a uaiglass ID. This 32-bit integer is specified in
the file

<DIR>\classids.csv

This comma separated text file contains entrigh@form

ClassName,|D

The file can also contain a single entry at thet stiethe form:
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IDOFFSET=32768

The IDOFFSET is added to each ID listed in the filising IDOFFSET allows you to quickly
make wholesale changes to all of the modules ifilhary.

DSP Concepts reserves class IDs in the range 2A673for module libraries shipped with Audio
Weaver. You are free to use any IDs in the rarty®8 to 63487 for your custom modules.

Audio Weaver provides a function for looking upssgiDs across a range of audio module
libraries.

ID=classid_lookup(CLASSNAME)

You pass the function a class name string andl#ssI® is returned. The function works by
using the audio module directory search path coathin

AWE_INFO.buildControl.modulePath
For each directory, the file classids.csv is opearatiexamined. The function classid_lookup.m

uses internal caching to speed up the search @groces

5.1.9. Reordering of Render Variables

As part of the build process, Audio Weaver reordleesvariables in a module or subsystem to
match the manner in which modules are instantiayetthe Server. The reordering is performed
by the function

M=awe_reorder_variables(M)

where M is an @awe_module or @awe_subsystem oby&siables are ordered according to
the rules

1. All non-hidden scalar variables

2. All hidden scalar variables

3. All array variables (pointers)

4. Pointers to internal modules (subsystems only)

The ordering enforces that all scalar variablesclvare initialized by the base module
constructor function, are located at the starhefihstance structure. Refer to Section 4.4.1 for
additional details.
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5.1.10. Overwriting Existing Sour ce Files

Audio Weaver is frequently used in conjunction watsource code control system. The
awe_generate_library.m function overwrites generétes only if there is an actual change to
the file. If nothing has changed, the file is wrdbed.

Each generated file is first written to a tempofiley Then the temporary file is compared with
the existing version. If the files are identidakn the existing file is untouched and the
temporary file is deleted. If the temporary fiiffers from the existing file, then the existingdgfi
IS overwritten.

5.1.11. Specifying Wiring Constraints
The .wireAllocation field of an audio module alloywsu to specify wiring constraints for the
routing algorithm. There are two possible values

'distinct’ — None of the input wire buffers will bsed as output wire buffers. That is, the
outputs will be "distinct” from the inputs.

‘across’ — The routing algorithm will try and reugee buffers across the module,
whenever possible. That is, the wire buffer assiigio input pin N will be reused
for output pin N. The wires are the same "acrtiss'module.

awe_module.m sets .wireAllocation to 'distinctdefault. This is the safest approach but
consumes more memory. ‘across' conserves memaliig aften easier to debug. When 'distinct’
is specified, the output wires will always be diéfiet compared to the inputs. When 'across' is
specified, the routing algorithm will attempt tause the buffers, but this may not always be the
case.

The choice between 'distinct’ and ‘across' depepds the internal details of your processing
algorithm. Buffer pointer usage within the algbnit has to be studied to determine if ‘across'
wiring is possible. Consider the scaler modulegssing function shown below. This module
has N inputs and N outputs with th& kiput being scaled and written to th& butput.

void awe_modScalerProcess(void *plnstance)
{
awe_modScalerinstance *S = (awe_modScalerinstance *)plnstance;
Wirelnstance **pWires = ClassModule_GetWires(S);
int numPins = ClassModule_GetNInWires(S);
int pin;

for(pin=0;pin<numPins;pin++)
awe_vecScale((float *)(pWires[pin]->buffer), 1,

(float *)(pWires[numPins+pin]->buffer), 1,
S->gain, ClassWire_GetNumSamples(pWires[pin]))
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It is safe to use 'across' wiring in this case. Mowsider the Mixer module. This module has 1
input pin with M channels and 1 output pin with Naanels. Each output channel is formed as a
weighted sum of input channels with each outputhokhlwritten in order. In this case, you can
no longer use 'across' wiring because each outyauinel depends upon each input channel. If
‘across' wiring were used, then writing the firstput channel would overwrite the first input
channel.

Note that 'across' is a suggestion to the routiggrighm. In certain cases, 'across’ wiring cannot
be used and distinct buffers will be provided. Ystwuld always write your audio module
processing function anticipating that the buffempers may be distinct. For example, the inner
loop of the awe_modScalerExampleProcess functionldmot be written as:

for(pin=0;pin<numPins;pin++)

awe_vecScale((float *)(pWires[pin]->buffer), 1,
(float *)( pW r es[ pi n] - >buf fer), 1,
S->gain, ClassWire_GetNumSamples(pWires[pin]))
}

The routing algorithm may decide to assign a distiutput buffer; always pass in the given
output buffer pointer.

The most common situation when 'across' wiring oabe applied is when a module sits
between the input and output of a system. Foingueasons, the wires attached to the input
and output of a subsystem have to be distinctcifdaa module with .wireAllocation="across'
between them will still lead to distinct bufferadhation.

5.1.12. AudioWeaverModule Tag

The function awe_help.m displays a list of all AmdlVeaver modules on the current module
search path. In order for a module m-file to beked up, you need to add the tag
AudioWeaverModule somewhere within the m-file. §tag allows you to differentiate between
actual module m-files and other MATLAB files contad in the same directories. The tag can
be placed anywhere within the file, usually in anooent as shown below:

% AudioWeaverModule [This tag makes it appear under awe_help]

5.2. Code Markersand Template Substitution

Template substitution is an automated method déogpy strings within a file to generate an
output file. The process starts with a templdeednd Audio Weaver provides separate
templates for the generated .c and .h files:

<AWE>\matlab\module_generation\templates\awe_module _template.h
<AWE>\matlab\module_generation\templates\awe_module _template.c
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A template file contains normal text interspersethwntries of the form

$IDENTIFIERS$

where IDENTIFIER is a string. The template sulb$tiin function is given a list of identifiers
together with their replacements. The substitiare performed and a new output file is
created. If an identifier within a file is not dedd, then it is deleted and does not appear in the
output.

5.2.1. Adding Code Markers

A "code marker" is an identifier together with @lecement string. Each module and subsystem
has its own list of code markers. The MATLAB fuoct

awe_addcodemarker(M, IDENTIFER, SUBSTITUTION)
creates a new code marker. The function argunagats
M - @awe_module or @awe_subsystem object
IDENTIFIER — string indicating a specific identifien a template file.
SUBSTITUTION - string containing the replacemenueaor the identifier.

SUBSTITUTION can be either a single string or d aglay of strings for multi-line
replacements. If you call awe_addcodemarker.maandENTIFIER of the specified name
already exists, then the new SUBSTITUTION stringppended as another line. For example,
the following entry located near the top of awe_mledtemplate.c file is used to specify include
files:

$srcFilelnclude$

If you call
awe_addcodemarker(M, 'srcFilelnclude’, ‘#include "f ilel.h™);
awe_addcodemarker(M, 'srcFilelnclude’, #include "f ile2.h™);

Then the generated file will include both lines:

#include "filel.h"
#include "file2.h"

An optional 4" argument selects between appending and overwdtiptjcate code markers.

awe_addcodemarker(M, IDENTIFER, SUBSTITUTION, APPEN D)
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By default, APPEND=1 and duplicate code markersappeended. If you set APPEND=0, then
an existing code marker of the same name is ovitewri For example,

awe_addcodemarker(M, 'srcFilelnclude’, #include "f ilel.h™);
awe_addcodemarker(M, 'srcFilelnclude’, #include "f ile2.n™, 0);

Since $srcFilelnclude$ is already defined, the séaall to awe_addcodemarker.m will
overwrite the code marker and the generated fileomnly contain

#include "file2.h"

The call awe_addcodemarker.m adds the code manrdoemation into the field .codeMarker of
the module. You could, for example, examine thedecmarkers defined for the scaler_module.m
as follows:

>> M=scaler_module('fred");
>> M.codeMarker{1}

ans =

name: ‘processkFunction’
text: 'Insert:code\lnnerScaler_Process.c'

>> M.codeMarker{2}
ans =

name: 'discussion’
text: {1x9 cell}

5.2.2. Inserting Files

In many cases, the SUBSTITUTION string contains yrlares and it is unwieldy to represent in
MATLAB. Instead, it is easier to copy the SUBSTITI®N text from another file. If the
SUBSTITUTION string has the form "Insert:filename'tthen the text will be copied from
filename.txt. filename.txt is referenced relativghe location of the module's m-file. You can
specify subdirectories as well. For example:

awe_addcodemarker(M, 'processFunction’, ...
'Insert:code\lnnerPeakHold_Process.c");

inserts the file InnerPeakHold _Process.c locatébdersubdirectory "code".

5.2.3. awe_lookupcodemarker.m
The MATLAB function

STR=awe_lookupcodemarker(M, IDENTIFIER)
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returns the contents of a code marker. If IDENERIis not defined, then the function returns
an empty string. The returned value STR is eighstring, for simple replacements, or a cell
array in the case of multi-line replacements.

5.2.4. awe deletecodemarker.m
M=awe_deletecodemarker(M, IDENTIFIER)

Deletes the code marker named IDENTIFIER.

M=awe_deletecodemarker(M)

Deletes all code markers associated with a modwuelmsystem.

5.2.5. Template Substitution Preprocessor

The template files also contain their own preprsoeslirectives. These directives are similar to
those used by the C preprocessor but are handlgweligmplate substitution function. The
directives are identified by ## and only a few aians are supported.

#if 1
... This code will appear in the output file ...
##endif

##if O
... This code will NOT appear in the output file ...
##endif

When the argument to ##if is 1, then the text betwthe ##if and ##endif will appear in the
generated file. Otherwise, the text will not appeéou can also use an identifier with an ##if
statement as in

##if $myVariable$
Optional text
##endif

If you set

awe_addcodemarker(M, 'myVariable', '1")

then the optional text will appear in the generdiled Note that $myVariable$ is being set to the
string '1' not to the numeric value 1. The temgfaeprocessor directive also supports an else
clause

##if ScombineSourceFiles$
#include "$combinedincludeName$"
itelse

#include "$baseHFileName$"
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##endif

5.2.6. Frequently Defined Code Markers

This section lists out code markers that are fratjyelefined when developing custom audio
modules.

5.2.6.1. $bypassFunction$

C code which specifies the inner portion of thedsgpfunction. When this is defined, the bypass
function is written into generated C file.

5.2.6.2. $bypassFunctionName$

Allows you to specify a bypass function by namdisTis typically used in conjunction with one
of the predefined bypass functions listed in Sectigl.5. For example,

awe_addcodemarker(M, 'bypassFunctionName', 'lOAcros sModule_Bypass");
The following logic defines the bypass function.

1. If $bypassFunction$ is defined, then the codeasqu into the generated .c file and
$bypassFunctionName$ is set to awe_modClassName8ypa

2. If $bypassFunctionName$ is defined, then this fiomcis used for bypass behavior. No
additional code is placed into the generated ec fil

3. Otherwise, the default bypass function IOMatchUpMedBypass() is used. No
additional code is placed into the generated ec fil

5.2.6.3. $constructor Function$

Specifies the inner portion of a custom construftioction. The function must follow the
calling convention outlined in Section 4.4.1.

Simple audio modules without indirect array$o need to define the constructor
function. The BaseClassModule _Constructor() ugubikes everything needed.

Audio modules with direct arraysSet the .arrayHeap and .arraySizeConstructiols i
the array variables in MATLAB. Audio Weaver wilién auto generate a suitable
constructor function.

Complex modules requiring further initializatienWrite a custom $constructorFunction$
or use the $postConstructorFunction$ shown below.

Modules created out of subsystem&udio Weaver automatically generates code for
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these systems. If you need further initializatiose the $postConstructorFunction
$ shown below.

5.2.6.4. $postConstructor Function$

This code marker follows immediately after the $&tomctorFunction$ code marker in
awe_module_template.c. This marker allows youdtbyour own code in cases where Audio
Weaver generates the memory allocation and instaoi code but further initialization is
needed. Itis particularly useful for subsystems.

5.2.6.5. $discussion$

Defines the discussion section of the help docuatemt. This has been grandfathered for
backwards compatibility. When writing new modulsst the M.docInfo.discussion field of the
audio module instead.

5.2.6.6. $getFunction$

Specifies the inner portion of a module's Get fiamct Follows the calling convention outlined
in Section 4.4.4.

5.2.6.7. $setFunction$

Specifies the inner portion of a module's Set fiamct Follows the calling convention outlined in
Section 4.4.3.

5.2.6.8. $hFileDefine$

Located near the top of the template file awe_medeimplate.h. Allows you to add additional
preprocessor directives (or anything else) at the of the header file. Example,

awe_addcodemarker(M, 'hFileDefine', '#define TRUE 1 ";

5.2.6.9. $hFilelnclude$

Located near the top of the template file awe_medeimplate.h. Allows you to include
additional header files.

awe_addcodemarker(M, 'hFileinclude’, '‘#define <stdl ib.h>");

5.2.6.10.  $processFunction$

Specifies the inner code for the module's procgdsinction. This must always be defined for
modules. For subsystems, the auto-generated sheulded. Refer to Section 4.4.2 for a
discussion of how to define this function.
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52.6.11.  $preProcessFunction$

This code marker is located immediately beforefmcessFunction$ marker. It is typically
used with subsystems when you want to insert yode custom code immediately prior to the
auto-generated $processFunction$.

5.2.6.12.  $postProcessFunction$

Similar to $preProcessFunction$ but the code feireserted immediately after the
$processFunction$. It is typically used with sidbegns when you want to insert your custom
code immediately after the auto-generated $processions.

526.13.  $srcFileDefine$

Located near the top of the template file awe_medeimplate.c. Allows you to add additional
preprocessor directives (or anything else) at tae of the source file.

5.2.6.14.  $srcFilelnclude$

Located near the top of the template file awe_medeimplate.c. Allows you to specify
additional includes files.

5.2.6.15.  $hFileTemplate$ and $srcFileT emplate$

Audio Weaver uses the default template files spatidit the start of Section 5.2. You can
override the templates used by a particular mobyleetting these code markers. There are
separate markers for the header file, $hFileTerapland the source file, $srcFileTemplate$. It
is handy to override these values if you want tange copyright information in the generated
files.

5.3. Fine Tuning Code Generation

This section contains further instructions for ftneing code generation. Many of the items
apply to modules generated using compiled subsygstem

5.3.1. Automatically Generated Array Initializers

In many cases, an audio module requires a custostreator function solely for the purpose of
allocating indirect arrays. If the size of theoalited memory can be defined using existing
module variables, then Audio Weaver can automdyiganerate a constructor function.

The generated array constructor code is of the:form

if ((S->ARRAYVAR = (TYPE *) awe_fwMalloc(SIZE, HEAP , retval)) == 0)

/I Error code is in *retVal
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return O;

}

where
ARRAYVAR - is the name of the variable
TYPE —is the type of the module (either floatctB2, or int)
SIZE - is a user specified string
HEAP — is a user specified string.

ARRAYVAR and TYPE are already known to MATLAB. StZand HEAP must be separately
specified as C code to embed into the generategl cbde string SIZE is specified in MATLAB
by setting field .arraySizeConstructor field of @reay variable. Similarly, HEAP is specified by
setting the .arrayHeap field of the array varialifer an example, see the Peak Hold module in
Section 7.2

5.3.2. Specifying Module Constructor Argumentsin Subsystems

This advanced technique is frequently used wherpdorg subsystems to generate new module
classes. Audio Weaver automatically generatesrsi@actor function for the compiled
subsystem, and this constructor in turn calls tiestructor functions of the internal modules.
The difficulty arises because the arguments tartteznal constructor functions are hard coded in
the generated file based on the values at codea@retime. This is not always the desired
behavior.

To get around this problem, Audio Weaver allows y@specify a piece of C code which
overrides the default numeric initializer for ateimal module variable. The C code is written to
the .constructorCode field of the variable. Foeaample, refer to the look ahead limiter
example of Section 7.5.

5.3.3. Avoiding Wire Allocation Problemswith Subsystems

This issue also applies to the case of compilifgsgstems to form new module classes. If your
subsystem has .flattenOnBuild=1 (which means thatriot compiled), then you can ignore this
section. This problem arises because Audio Weaeelules can operate on an arbitrary number
of channels. In certain circumstances, the rouiggrithm incorrectly allocates wire buffers
during code generation such that audio processaghes at run-time. In these cases, you need
to be careful how you specify default channel cewamtd block sizes within modules. The look
ahead limiter example of Section 7.4 demonstréieptoblem and presents a solution.

5.4. unique_classes.m

C=unique_classes(SYS)
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where
SYS - @awe_subsystem object.

Returns a list of all the uniqgue module and sulesystlasses found within subsystem SYS. The
function recursively searches through the systednidentifies individual modules and
subsystems. The return result C is a cell arrastrafgs. If called without any output arguments,
the function displays the class list to the MATLABtput window. The class name of the input
SYS is not included in the C. This function isfuséor dependency checking.

[C, M]=unique_classes(SYS)
An optional second output receives a cell arrajnefactual modules/subsystems listed in C.

SYS can also be a cell array of subsystems. #nctise, the function returns the overall set of
unique classes needed to create all of the sysSte8¥S.

[C, M]=unique_classes(SYS CLIST)

An optional Boolean argument CLIST specifies tiat list of unique module classes should be
displayed in a manner appropriate for inclusiothim Targetinfo.h file.

For example, to determine all of the unique modildsses needed for the agc_example, type:

>> SYS=agc_example;

>> unique_classes(SYS)

Unique classes within the subsystem of class: test
AGC

AGCCore

AGCMultiplier

Meter

ScalerDB

If you want to build a target with only the modutesjuired for the agc_example, you would set
CLIST=1. The following C code is then printed e toutput window:

extern const ModClassModule awe_modAGCClass;

extern const ModClassModule awe_modAGCCoreClass;

extern const ModClassModule awe_modAGCMultiplierCla SS;
extern const ModClassModule awe_modMeterClass;

extern const ModClassModule awe_modScalerDBClass;

#define LISTOFCLASSOBJECTS\\
&awe_modAGCClass, \
&awe_modAGCCoreClass, \
&awe_modAGCMultiplierClass, \
&awe_modMeterClass, \
&awe_modScalerDBClass
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This text can be pasted directly into Targetinfo.h.

5.5. awe _generate modulem
M=awe_generate_module(M, DIRECTORY, WRITEFILES)

Internal function used by awe_generate_librarylmsome cases, such as when generating
documentation, you may want to call this functiarectly. Arguments:

M - @awe_module object.

DIRECTORY - directory in which the generated fisg®uld be written to. By default,
this is set to MATLAB's current working directomefurned by the pwd
command).

WRITEFILES — an optional Boolean argument whichcsiess whether the generated
files should actually be written. If you set WRIFIEES=0, then the module M
will be updated with code markers, but no outplesfivill be written. Use
WRITEFILES=0 when generating documentation as desdrin the next Section.
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6. Generating Documentation

In addition to generating source and header fAeslio Weaver also generates documentation
for modules and subsystems in Microsoft Word forritde generated documentation is shown
in Figure 1 as item 5. The information in the doeutation is pulled from several different
places:

The help comments at the start of the MATLAB M-filmanual]
* Inserted code markers. [manual]

* Variable and module information. [automatic]

* Input, output, and scratch pins. [automatic]

» Subsystem drawings. [automatic]

In the list above, "manual” indicates that the eanis created by the module developer.
"automatic" indicates that the content is generateAudio Weaver based on information in the
module m-file.

6.1. awe_help
For example, to see the generated help for therssaloothed module, type

awe_help scaler_smoothed_example_module
at the MATLAB command line. The documentation shawFigure 2 appears.

Behind the scenes, MATLAB checks if documentatilveaaly exists for the module. Since the
scaler_smoothed_example_module.m function exidtsamirectory

<Audio Weaver>\ModuleLibs\Examples

it checks if the file

<Audio Weaver>\ModuleLibs\Examples\Doc\ScalerSmooth edExample.html

exists. The name "ScalerSmoothedExample.htmlaset on the module's class name. If the
file exists, it is opened and displayed in the MAAB_.HTML browser. If it doesn't exist, then
the documentation is generated on the fly usingdsiaft Word and then saved in HTML
format. The process of generating new documemtagiguite involved and can take several
seconds to complete.

If the HTML file exists, you can force it to be gl using an optional argument:
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awe_help hilbert_module —rebuild

%' Heading 1 g@
File Edt View Go Debug Deskiop Window Help ~
dnowh O S| @ Location: | File:yfe: fSwNtrunkfAudioWe aver fSourceMaduleLi alerSmonthed le.t v

~

ScalerSmoothedExample

Linear multichannel smoathly varying scaler
Discussion

Scales all input channels by a single gain value. Changes to the gain parameter are exponentially smoothed
(first arder IIR) at the sample rate, with the time constant determined by the sr

noothingTime | . This
module is controlled by varying the gain variable. Internally, currentGain represents the instantaneous smoothed
gain that is applied. currentGain exponentially approaches gain with a time constant equal to smoothingTime

The module's prebuild function initializes the currentGain equal to the gain. Thus, the module begins in a
converged state.

MATLAB Usage

File Mame: gcaler_smoothed_example_module.m

M=scaler smoothed module (NAME)
Creates a swoothly varying scaler module with a single imput
and single output pin. This module operstes on floating-point
signals. Arquuents:

NAME - name of the module.

Pins
Input Pins

Teme: in
Description: audio input
Data type: float
Channel reange: Unrestricted
Block size range: Unrestricted
jample rate remge: Unrestricted
Complex support: Real

Output Pins

Name: out
Descriprion: audio output
Data type: float
Channel range: Unrestricted
Flark =iza rance: Tharesrricted i

Figure2. Automatically generated documentation for the scaler_smoothed _example _module.m.

6.2. awe_generate_doc.m
awe_help.m uses the function awe_generate_doc.md#te scenes. Using
awe_generate_doc.m directly gives you more cootret the final documentation including the
ability to create a single document describing rair& module library.
awe_generate_doc(M, FILENAME)

Generates help documentation for an audio modudesipecified format. Arguments:

M - @awe_module object.

FILENAME - file in which to store the resulting Webdocument in. This needs to have a
.doc extension.

The audio module must already have been througbdtie generation process and have suitable
code markers added.

If M is a cell array containing modules, then thadtion generates documentation for the entire
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library. By default, modules appear in the docutagon in the same order as in the cell array
M. An optional third argument, SORT, allows yousfmecify that the modules should be sorted
by their classNames.

awe_generate_doc(M, FILENAME, SORT)

6.3. Selecting the Documentation Format

The global variable AWE_INFO.docControl.format detees the format of the generated
documentation. By default, this is set to

AWE_INFO.docControl.format="html’;

and documentation is displayed as HTML. Switching

AWE_INFO.docControl.format="doc’;

causes the documentation to be displayed in Mi¢r&8ord format. In both cases, Microsoft
Word is used to generate the underlying documethttae .format variable controls which format
the document is saved in. Generating documentadiguires that you have Microsoft Word
installed.

Note that .docControl does not affect the HTML fatrased by awe_help.m.

6.4. Guidelinesfor Documenting Modules and Subsystems

The generated documentation relies upon two manwaitten sections as shown above. We
suggest that you use the following guidelines wthecumenting modules. Within the help
comments at the start of the M-file discuss:

* A brief summary of the module.
* The purpose of each argument to the M-file andefsult value.

The module field .docInfo.discussion (or a codekeanamed ‘discussion’) contains the text
which is inserted under the “Discussion” sectionhaf documentation. The discussion should
contain:

* A lengthy description of how the module operates.
* Whether the module has a fixed or variable numbeins.

» Scratch pin requirements and how the sizes redatget sizes of the input and output pins.
(The automatically generated information lists it scratch pin sizes, but the values
shown are only based on the current module settifge relationship between the
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scratch sizes and other pin sizes is not descitbte automatically generated text.)

6.5. Hilbert Module Example

We now walk through the automatically generateg fal the hilbert_module.m and describe
where each of the items shown is taken from.

H oI b 'I' Module Class Name '
Description field I
6th order Hilbert transform

Discussion

‘discussion’ code marker
This subsystem has 2 inputs an

‘out!' and 'out2’. The input pi
size of the inputpins. The

outputs . The input pinis named i
can be of arbitrary dimension and the size o putp q
odule operates on multichannel signals. The filters are designed so that

L(outl) — £(out2) = 90 degrees.

Each filteris a cascade of & 1st order allpass filters. Internally, pairs of first order allpass filters are
combined and implemented as second order Biquad stages.

The subsystem requires two scratch buffers. The size of the scratch buffers equals the size of the input.

MATLAB Usage

Comments at the top of

File Name: hilbert_module.m hilbert_module.m.

gv@=hilbert module (HAME)

Createzs a Z-input Z-output module which implements a 1l2+th order Hilbert
transform. Arguments:

HNAME - name of the module.
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Pins

Input Pins __— | Automatically generated based

P —— the input pin information.

Description: Audio Input for re
Data type: float
Channel range: Unrestricted
Block size range: Unrestricted
Sample rate range: Unrestricted
Complex support: Real

Name: inTmag
Description: Audio Input for imaginary valued signals
Data type: float
Chammel range: Unrestricted
Block size range: Unrestricted
Sample rate range: Unrestricted
Complex support: Real

Output Pins ___——| Automatically generated based

the output pin information.
Name: outReal

Description: Audio output for real wva
Data type: float
Charnmel range: Unrestricted
Block =ize range: Unrestricted
Sample rate range: Unrestricted
Complex support: Real

Name: outImag
Description: Audio output for imaginary valued signals
Data type: float
Charmel range: Unrestricted
Block zize range: Unrestricted
Sample rate range: Unrestricted
Complex support: Real

Scratch Pins ___—| Automatically generated based

the scratch pin information.
Charmel count: 1
Block =zize: 32

Sample rate: 42000

Charmmel count: 1
Block size: 32
Bample rate: 458000
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Type Definition / Automatically generated based
the variables and modules that
typedef struct ModuleHilbert part of the Subsystem.

{

ModuleBigquadClass *hgll;

ModuleBigquadtlass *hoZl;

ModuleBigquadtlass *holZ;

ModuleBigquadtlass *hoZZ;

ModuleBigquadtlass *hol3;

ModuleBigquadtlass *hoz3;
I ModuleHilbhertClass;

Subsystem Information

o  bgl1-2nd order IR filter __———| Automatically generated based
s bg21-2nd order IIR filter the variables and modules that

part of the subsystem.
o  bgl12-2nd order IR filter

o bg2?-2nd order IR filter
o bql13-2nd order IR filter
o bg23-2nd order IR filter
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tempName [Hilbert]

___— | For subsystems, we issue a ‘dra
command in MATLAB and
capture the screen output

outReal

outimag

C Usage

. __—— | CUsage information is
Source Files automatically generated.

ModHilbert.c
MDdHilhert.d

Class Structure

“lassModule Hilbert

Constructor Function

ModInstanceDescriptor * ModuleHilbert Constructor|
int * FW RESTRICT retVal, B
UTNT nId, WireInstance ** FW RESTRICT pWires,
size t argCount, -
const Bample * FW _RESTRICT args);

6.6. Adding Equations to Documentation
Audio Weaver supports adding equations to the dson section of a module. Equations are
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entered as text commands within the 'discussiatigoin LaTeX format. Equations must be
enclosed between dollar signs. For example,

$\angle(outl)-\angle(out2) = 90~degrees.$

is expanded to
L(outl) — £ (out2) = 90 degrees.

in the document. If you are new to LaTeX, theeeraany good references available on-line.
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7. The ExamplesModule Library

This section discusses examples which illustrat@macked module design techniques. The
modules are part of the Examples module librampohiced in Section 2. In addition to the
scaler_smoothed_example_module.m, the library amta

scaler_example_modulesmSimple scaler. This module demonstrates hasupport
multiple input and output pins each with, possillglifferent number of channels.

peak_hold_example_module-nSimilar to a level meter in that it measurespgbak
signal level. This module demonstrates how tocalle arrays and update array
sizes within the module's prebuild function. Aeddpoint version of this example
is also provided: peak hold_example_fract32_module

fader_example_module mFront-back fader which pans a signal betweendifferent
outputs. This module demonstrates compiled subsystthat is, how to build a
new module class out of a subsystem. A fixed-pe@nsion of this example is
also provided: fader_example_fract32_module.m.

downsampler_example_modulesDownsampler which keeps 1 out of every D samples
no filtering is performed. This module demonstsdtew to operate on arbitrary
32-bit data types as well as changing the outpdibsize and sample rate.

lah_limiter_example_module.mLook ahead limiter delivered as a compiled sstesy.
This module demonstrates some advanced featucesmgdiled subsystems
including initializing internal module variablesdanlarifying wire buffer usage.

The example library is found in the

<AWE>\ModuleLibs\Examples

directory. Run the main script make_examples.getterate code for the entire library.

7.1. Scaler Module

This example is contained in the file scaler_examplodule.m. It is equivalent to
scaler_module.m provided in the BasicAudioFloat3®laie library. This example illustrates
how to handle an arbitrary number of input and oufpns. This module implements a
straightforward linear scaler without any smoothifighe module operates on an arbitrary
number of input pins and uses the same scale factoss all pins.

The input arguments to the MATLAB constructor fuantare:

function M=scaler_float_module(NAME, NUMPINS)
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The first argument is the name of the module (agtiand the second argument specifies the
number of input pins. By default, if the seconguement is not supplied, the number of pins is
setto 1.

if (nargin < 2)
NUMPINS=1;
end

We next create and name the @awe_module object

M=awe_module('ScalerExample’, ‘'Linear multichannel scaler');
M.name=NAME,;

and set the MATLAB processing and prebuild funcsion

M.processFunc=@scaler_example_process;
M.preBuildFunc=@scaler_example_prebuild;

The .gain variable is added. This gain is appdiess all channels:
add_variable(M, 'gain’, 'float’, 1, 'parameter’, 'L inear gain');

The default range information for the variableas sThis can be changed after the module has
been instantiated in MATLAB and is used when draytime inspector. We also set the units to
linear'. This is just for display purposes ané@asminder in the documentation.

M.gain.range=[-10 10];
M.gain.units='linear";

Input and output pins are added to the modul®&UMPINS is 1, then the pins are named 'in’

and 'out’. Otherwise, if NUMPINS >1, the inputgBre named 'inl', 'in2', etc. and the output
pins named 'outl’, 'out2’, etc. Note that the nedlways has the same number of output pins as
input pins.

PT=new_pin_type;
if (NUMPINS == 1)
add_pin(M, 'input', 'in', 'Input signal’, PT);

add_pin(M, 'output’, 'out’, 'Output signal’, PT );
else
for i=1:NUMPINS
add_pin(M, 'input’, sprintf('in%d’, i), 'In put signal’, PT);
add_pin(M, 'output’, sprintf(‘out%d’, i), ' Output signal’, PT);
end
end

The C file containing the processing function is@fed

awe_addcodemarker(M, 'processFunction’,
'Insert:code\lnnerScalerExample_Process.c");
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followed by documentation for the module:

awe_addcodemarker(M, ‘discussion’, {{The Scaler mod ule scales
multichannel signals by a single gain value. ',

'‘By default, the module has a 1 input and 1 output pin.',

“The module can also be configured for an arbitrary number of input and
output pins. ',

'In this case, the ith input pin is scaled and copi ed to the ith output
pin. ",

"The same scale factor is used in all cases and the dimensions and

sample rate of each signal can be arbitrary’,

‘Note that the module is not smoothly varying. If you update the gain
value, you may introduce an audible click. ',

'For clickless operation, use the ScalerSmoothed mo dule instead.’,

“This module is an example to be used with the docu mentation.'});

We also indicate that the module can reuse the saras for input and output.

M.wireAllocation='across';

The module is designed so that each input pin eae h different block size, number of
channels, and sample rate. The module's prehunictibn passes the pin type information of the
i™ input pin to the output pin. This is accomplished by the code shbalow:

function M=scaler_example_prebuild(M)

for i=1:length(M.inputPin)
M.outputPin{i}.type=M.inputPin{i}.type;

end

return;

It is also instructive to look at the module's @meging function to see how it handles arbitrary
size pins. The processing code is contained ifiltnénerScalerExample_Process.c.

awe_modScalerExamplelnstance *S = (awe_modScalerExa mplelnstance
*)plnstance;

Wirelnstance **pWires = ClassModule_GetWires(S);

int numPins = ClassModule_GetNInWires(S);

int pin;

for(pin=0;pin<numPins;pin++)
awe_vecScale((float *)(pWires[pin]->buffer), 1,

(float *)(pWires[numPins+pin]->buffer), 1,
S->gain, ClassWire_GetNumSamples(pWires[pi

=)

D)
}

The macro

int numPins = ClassModule_GetNInWires(S);
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gets the number of input pins from the module msta We then loop over each pin and call the
vector scaling function. The input data is locaded

pWires[pin]->buffer

and the output data is placed into

pWires[numPins+pin]->buffer

Each input pin can contain multiple channels andesthe gain S->gain is applied to all samples,
the data is treated as a single contiguous blv¢k.set the input and output stride to 1 in the call
to awe_vecScale(). The total number of sampléisarpin comes from the macro

ClassWire_GetNumSamples(pWires[pin])

7.2. Peak Hold M odule

The peak hold module demonstrates the use of Jarsee arrays and shows how the
constructor function can be specified completelWildTLAB code. The peak hold module has a
single multichannel input pin. The module compukesmaximum absolute value for each
channel on a block-by-block basis. The modulendgsthe peak absolute value seen since the
module started running and also computes a peaktoetwith settable attack and decay rates.
In many ways, the peak hold module is similar toeter module working in block-by-block
mode. This module is contained within the file pd®ld_example_module.m. A related fixed-
point version is found in peak_hold_example_fractBadule.m

The module begins in the usual way. The MATLABdtion takes a single argument which is
the name of the module:

function M=peak_hold_module(NAME)

We then create the underlying module object, satatme and also set two internal functions.

M=awe_module('‘PeakHoldExample’, 'Displays peak valu e;
M.name=NAME;

M.preBuildFunc=@peak_hold_example_prebuild;
M.setFunc=@peak_hold_example_set;

Next an input pin is added. This pin accepts ft@gpoint data and places no restrictions on the
block size or sample rate.

PTIN=new_pin_type;
add_pin(M, 'input’, 'in', 'audio input’, PTIN);

Several top-level parameters are added. Theseptaes set the attack and decay times (in
milliseconds) and also specify a variable whichwal the peak values to be reset.
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add_variable(M, 'Reset’, 'int', 0, 'parameter’, 're set the current peak
values");
M.Reset.range=[0 1];

add_variable(M, 'attackTime', 'float’, 0.01, ‘param eter', 'Envelope
detector attack time constant');

M.attackTime.units='msec’;

M.attackTime.range=[0 100];

add_variable(M, 'decayTime', 'float’, 0.01, 'parame ter', 'Envelope
detector decay time constant');

M.attackTime.units='msec’;

M.attackTime.range=[0 100];

Add two additional hidden variables which are thiack and decay coefficients. These
coefficients are computed based on the samplirgarad block size and the calculation occurs
within the set function. Both variables are markedeing hidden.

add_variable(M, 'attackCoef', 'float', 0, 'derived' , 'Computed
coefficient used for attack’);
M.attackCoef.isHidden=1;

add_variable(M, 'decayCoef', 'float’, 0, 'derived’, ‘Computed
coefficient used for decay");
M.attackCoef.isHidden=1;

The next part is key to this example. We add tways whose size depends upon the number of
channels in the input signal. The code is:

add_array(M, 'peakHold', 'float', [], 'state’, ‘Arr ay of peak values");
M.peakHold.arrayHeap="AWE_HEAP_FAST2SLOW',
M.peakHold.arraySizeConstructor="ClassWire_GetChann elCount(pWires[0]) *
sizeof(float)’;

add_array(M, 'peakDecay', 'float, [], 'state’, ‘Ar ray of decaying peak
values");

M.peakDecay.arrayHeap="AWE_HEAP_FAST2SLOW/;
M.peakDecay.arraySizeConstructor='ClassWire_GetChan nelCount(pWires[0]) *

sizeof(float)';

At this point, the array is set to the empty matitix size is based on the number of input
channels which is currently not known. The ariag $s set below in the module's prebuild
function.

Two additional fields are set for each array vddallhese variables provide information
enabling the C constructor function to be autonadliiggenerated. For each array, a call to the
framework memory allocation function is made

void *awe_fwMalloc(size_t size, UINT heaplndex, int *retVal);

The first argument is the number of words to allecthe size) and the second argument
specifies which memory heap to allocate the merfrorp. In the MATLAB code, set
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M.peakHold.arraySizeConstructor="ClassWire_GetChann elCount(pWires[0]) *
sizeof(float)';

This string becomes the first argument to awe_fwWid4). The variable pWires is an argument
to the constructor function and points to an aafyire pointers. The code contained in the
string determines the number of channels in tis¢ ifmput wire and multiplies by sizeof(float).
The net result is the amount of memory to alloéate¢he array.

The second argument to the awe_fwMalloc functiospiscified by the MATLAB code

M.peakHold.arrayHeap="AWE_HEAP_FAST2SLOW',

This value is #define'd within Framework.h and s$ipesthat memory should first be taken from
the fast internal heap, and if this heap is fslishould then be taken from the slow heap.

Together, the .arraySizeConstructor and .arrayl8e#tngs get turned into the following code by
the code generator:

if ((S->peakHold = (float *)
awe_fwMalloc(ClassWire_GetChannelCount(pWires[0]) * sizeof(float),
AWE_HEAP_FAST2SLOW, retVal)) == 0)

/I Error code is in *retVal
return O;

}

This process repeats for the second array .peakDeca

Thus far, the code pieces within MATLAB generate @ constructor function. MATLAB also
needs to know the sizes of the arrays for tunirthiarorder to draw the user interface. The
arrays sizes are set in the MATLAB prebuild funetiolhis is also located in the file

peak hold_example_module.m:

function M=peak_hold_example_prebuild(M)

numChannels=M.inputPin{1}.type.numChannels;

M.peakDecay.size = [numChannels 1];
M.peakDecay = zeros(humChannels, 1);

M.peakHold.size = [numChannels 1];
M.peakHold = zeros(numChannels, 1);

return

For each array, we first set the size to [numChisrtijeand then set the default value to an array
of all zeros of the same size. Note that the cofleperations is important. When doing array
assignments, Audio Weaver checks that the assigaiads of the appropriate size. If the code
were instead
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M.peakDecay = zeros(humChannels, 1);
M.peakDecay.size = [numChannels 1];

Then the first assignment of zeros() would faiksithe size of the array has not yet been set.

The rest of the function is fairly straightforwariVe specify the C processing and set functions
using code markers

awe_addcodemarker(M, ‘processFunction’,
'Insert:code\lnnerPeakHoldExample_Process.c');
awe_addcodemarker(M, 'setFunction’,
'Insert:code\lnnerPeakHoldExample_Set.c");

Documentation is then added (not shown here).nd ik added to the generated C file which
includes the file FilterDesign.h. This file comtaisome of the design equations used by the C set
function.

awe_addcodemarker(M, 'srcFilelnclude’, #include "F ilterDesign.h™);

There are both MATLAB and C versions of the settion. The functions translate the high-
level attackTime and decayTime variables to thellevel attackCoeff and decayCoeff variables.
The MATLAB code is

function M=peak_hold_example_set(M)
SR=M.inputPin{1}.type.sampleRate;

M.attackCoef=design_smoother(M.attackTime, SR, 1);
M.decayCoef=design_smoother(M.decayTime, SR, 1);

return;

The C code contained in InnerPeakHoldExample_$et.c

awe_modPeakHoldExamplelnstance *S;
Wirelnstance **pWires;

float SR;

S = (awe_modPeakHoldExamplelnstance *)pInstance;
pWires = ClassModule_GetWires(S);

SR = (float) ClassWire_GetSampleRate(pWires[0]);

S->attackCoef = design_smoother(S->attackTime, SR, 1);
S->decayCoef= design_smoother(S->decayTime, SR, 1);

return(0);

Why are two versions of the set function requirdetit this module, the MATLAB function is
not required. After a module is allocated on tirgét in C, the C set function is automatically
called and the coefficients computed. The MATLAdRIe is for convenience and can also be
used for regression testing.
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The last portion of the peak _hold_example_modufdertontains the inspector information.
We only show the .peakHold variable since the atlage similar or have already been discussed.
The inspector drawn is:

peak [PeakHold] [X|

attack,
peaklecay  peakDecay  peakHaold peakHald | Time [mzec)

-24.25 -22.32 -4.40 -4 47 0.01
1 4 1 1@
ol e 20 . e decayTime
0.01
40 - 404 - 404 a0 {,
gl | gl g ‘
Reset
[

This example has a stereo input. The first twoemsethown are .peakDecay for both channels.
The second two meters show .peakHold. The MATLABecfor drawing the .peakDecay
meters is:

M.peakDecay.guilnfo.transposeArray=1;
M.peakDecay.guilnfo.range=[-60 10];
M.peakDecay.guilnfo.controlType="meter’,
M.peakDecay.guilnfo.attribStr="mapping=db20';
add_control(M, '.peakDecay’, 'topRight’);

The .peakDecay variable is defined in MATLAB asotumn vector. In this case, since there are
two input channels, the vector is of dimension 2¥hen the meter control is drawn, the default
behavior is to draw it as 2 high and 1 wide (th&tches the MATLAB variable size)
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peakDecayp

-18.45

20 -
A -

B -
peakDecay

-24.33

-20
A0 -

-EB0 -

This is not what we want — we want the controlbdaside by side. To achieve this, the array of
values has to bieansposedo form a row vector. The statement

M.peakDecay.guilnfo.transposeArray=1;

achieves this. Next, the range of the controétsthe variable is tied to a meter control, and
finally, the control is instructed to convert frdmear measurements to dB for display. This
completes the MATLAB code for the .peakDecay inspecontrol. The .peakHold inspector
specification is almost identical.

The C processing function is straightforward andasshown here. Refer to the file
InnerPeakHoldExample_Process.c.

7.3. Fader module

This example teaches how to create a new moduds olat of a subsystem and shows how to
implement a custom bypass function. The fader reokas a single mono input pin, a stereo
output pin, and 3 internal modules:
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The input signal is scaled by scalerF to yieldftbat channel and by scalerB to yield the back
channel. The output pin is stereo with the fifgirnel representing the front and the second
channel the back. The scalers are set so thatiarmpof the input signal is fed to each of the
front and back channels. The fader implements eobginergy panning using a sine/cosine
response.

The fader example is found in fader_example_moruleéAs usual, create a subsystem and set
its .name based on an argument to the function.

SYS=awe_subsystem('FaderExample’, 'Splits a mono in put signal into front
and back channels with constant energy panning.);
SYS.name=NAME;

Add input and output pins. The input pin is a gnthannel without any restrictions on the
blockSize or sampleRate. The output pin is stenétmout any restrictions on the blockSize or
sampleRate.

PTIN=new_pin_type(1);
PTOUT=new_pin_type(2);

add_pin(SYS, 'input’, 'in’, 'audio input', PTIN);
add_pin(SYS, 'output’, 'out’, 'audio output', PTOUT );

Then add the modules to create the subsystem

add_module(SYS, scaler_smoothed_module('scalerF");
add_module(SYS, scaler_smoothed_module('scalerB"));
add_module(SYS, interleave_module('inter', 2));

Then connect them together:

connect(SYS, ", 'scalerF");
connect(SYS, 'scalerF', 'inter.in1’);
connect(SYS, ", 'scalerB");
connect(SYS, 'scalerB', 'inter.in2');
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connect(SYS, 'inter', ");

None of the bypass functions provided with Audioaier is suitable for this module. The
desired bypass behavior is to copy the input cHaoresach of the two output channels and scale
by 0.707. To implement this custom bypass functibnavrite an inner bypass function as
shown below:

awe_modFaderExamplelnstance *S = (awe_modFaderExamp lelnstance

*)plnstance;

Wirelnstance **pWires = ClassModule_GetWires(S);

float *in = (float *) pWires[0]->buffer;

float *outF = (float *) pWires[1]->buffer;

float *outB = (float *) outF + 1;
UINT numSamples = ClassWire_GetNumSamples(pWires[0] );

awe_vecScale((float *)(pWires[0]->buffer), 1,
(float *)(pWires[1]->buffer), 2,
(float)0.707, numSamples);

awe_vecScale((float *)(pWires[0]->buffer), 1,
(float *)(outB), 2,
(float)0.707, numSamples);

Then set the 'bypassFunction’ code marker to itisisrfile:

awe_addcodemarker(SYS, 'bypassFunction’,
'Insert:code\lnnerFaderExample_Bypass.c');

The key lesson this example is the MATLAB code

SYS.flattenOnBuild=0;

This identifies the subsystem as one that is attieihed when building. That is, the
FaderExample module class exists natively on tlgeeta The Server only sends a single
command to the target and the entire subsystenbwilhstantiated. The automatically generated
constructor function is found in ModFaderExampbmd shown below. The constructor

function allocates the base module and then akscaéich of the 3 internal modules. The
module is marked as requiring a total of 4 pinsndut, 1 output, and 2 scratch. These pins are
allocated outside of the function and then passedly looking through the code you can see
how the wire information is passed to each of titernal modules' constructor function.

AWE_MOD_SLOW_CODE

ModInstanceDescriptor *awe_modFaderExampleConstruct or(int* FW_RESTRICT
retVal, UINT nlO, Wirelnstance * FW_RESTRICT pWire s, size_t argCount,
const Sample * FW_RESTRICT args)
/I Create the module which holds the overall su bsystem
awe_modFaderExamplelnstance *S = (awe_modFaderE xamplelnstance *)
BaseClassModule_Constructor(&awe_modFaderExampleCla ss, retval,

ClassModule_PackFlags(1, 1, 2),
pWires,
argCount, args);
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Wirelnstance *scalerFWires[2]={ pWires[0], pW
Sample scalerFArgs[4];

scalerFArgs[0].fVal = 7.0710677e-001f; // sca
scalerFArgs[1].fVal = 1.0000000e+001f; // sca
scalerFArgs[2].fVal = 7.0710677e-001f; // sca
scalerFArgs[3].fVal = 2.0811646e-003f; // sca
S->scalerF = (awe_modScalerSmoothedInstance *

ClassModule_Constructor(CLASSID_SCALERSMOOTHED, ret

ClassModule_PackFlags(1, 1, 0), scalerFWires, 4, (S
if (S->scalerF == NULL)

/I Error code is in *retVal
return O;

}

P

Wirelnstance *scalerBWires[2]={ pWires[0], pW
Sample scalerBArgs[4];

scalerBArgs[0].fval = 7.0710677e-001f; // sca
scalerBArgs[1].fval = 1.0000000e+001f; // sca
scalerBArgs[2].fval = 7.0710677e-001f; // sca
scalerBArgs[3].fval = 2.0811646e-003f; // sca
S->scalerB = (awe_modScalerSmoothedinstance *

ClassModule_Constructor(CLASSID_SCALERSMOOTHED, ret

ClassModule_PackFlags(1, 1, 0), scalerBWires, 4, (S
if (S->scalerB == NULL)

/I Error code is in *retVal
return O;
}
1
Wirelnstance *interWires[3]={ pWires[2], pWir
S->inter = (awe_modiInterleavelnstance *)

ClassModule_Constructor(CLASSID_INTERLEAVE, retVal,

ClassModule_PackFlags(2, 1, 0), interWires, 0, (Sam
if (S->inter == NULL)

/I Error code is in *retVal
return O;

}
}

return ((ModInstanceDescriptor *) S);

ires[2] };

lerF.gain
lerF.smoothingTime
lerF.currentGain
lerF.smoothingCoeff

)
Val,
ample *)scalerFArgs);

ires[3] };

lerB.gain
lerB.smoothingTime
lerB.currentGain
lerB.smoothingCoeff

)
Val,
ample *)scalerBArgs);

es[3], pWires[1] };

ple *)NULL);

Similarly, since this module is created out of bssistem, there is no need to provide a
processing function; it will be automatically gesitexd by Audio Weaver. (Yes, a custom
processing function could be supplied, but the gerd one works fine.) The automatically

generated processing function is shown in ModFackariple.c. It simply calls the 3 processing

functions for the 3 internal modules:

AWE_MOD_FAST_CODE
void awe_modFaderExampleProcess(void *plnstance)

awe_modFaderExamplelnstance *S = (awe_modFaderE

xamplelnstance *)
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pinstance;

ClassModule_Execute(S->scalerF);
ClassModule_Execute(S->scalerB);
ClassModule_Execute(S->inter);

}

The set function for the subsystem takes the hegkt.smoothingTime variable and passes it
down to each of the internal smoothed scaler medul& he function also takes the .fade
variable and computes two separate gains using@osipan.

AWE_MOD_SLOW_CODE
UINT awe_modFaderSet(void *plnstance, UINT mask)

awe_modFaderinstance *S;
float arg;

S = (awe_modFaderinstance *)plnstance;

S->scalerF->smoothingTime=S->smoothingTime;
S->scalerB->smoothingTime=S->smoothingTime;

/I Compute the front and back gains from the .f ade setting.
arg = (float)((1+S->fade)*PIDIV4);

S->scalerF->gain = sinf(arg);

S->scalerB->gain = cosf(arg);

ClassModule_Set(S->scalerF, MASK_ScalerSmoothed _smoothingTime |
MASK_ScalerSmoothed_gain);
ClassModule_Set(S->scalerB, MASK_ScalerSmoothed _smoothingTime |

MASK_ScalerSmoothed_gain);

return(0);

The function sets the high-level variables of thsthed scaler modules and then calls the set
function for the module. The set function takgmanter to the smoothed scaler module and also
a bit mask which identifies the specific variabtlest were modified. In this case, we are setting
the smoothingTime and gain fields of the modules.

There is also a fract32 version of this moduleethfder_example_fract32_module.m See this
module for examples of fixed-point processing.

7.4. Downsampler Module

This module downsamples a signal by keeping oné/aurt of every D input samples. This
example demonstrates two further techniques useth wieating audio modules. First, the
module essentially copies 32-bit samples from inpututput and doesn't care if the data type is
float, fract32, or int. All of these types will wWowith the same processing function. This is
obvious in C but this flexibility must be encodedlo the MATLAB scripts. The second
technique shown is how to change the block sizesaniple rate as part of the prebuild function.
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This example is contained in the file downsampheangple _module.m and is equivalent to
downsampler_module.m found in the Core32 modulatib

The MATLAB code defining the input and output pofthe module is:

PT=new_pin_type([], [, [I, *32";
add_pin(M, 'input', 'in', 'Input signal’, PT);
add_pin(M, 'output’, 'out’, '‘Output signal’, PT);

In this case, the data type is specified as *3Jhis abbreviation is expanded to all possible 32-
bit data types in the add_pin function: {flodtact32', 'int’}. It is possible to specify thatd
type to the new_pin_type call as the cell array

{float', 'fract32', 'int'}

Using the *32" abbreviation gives us flexibility case the set of data types is ever expanded in
the future.

The decimation factor D is the second argumerttédMATLAB function and is specified at
instantiation time. The variable D appears inittstance data structure and its usage is listed as
‘const’. This means that the variable D can ngdobe changed.

add_variable(M, 'D', 'int', D, 'const’, ...
'‘Decimation factor. 1 out of every D samples is ou tput");

The module's prebuild function computes the typthefoutput pin. The block size and sample
rate are reduced by the decimation factor D; thmbrar of channels and data type are unchanged.
We also verify that the block size of the inpudligisible by the decimation factor:

blockSize=M.inputPin{1}.type.blockSize;

if (rem(blockSize, M.D) ~= 0)
warning('The downsample factor D does not evenly d ivide the
blockSize");
newBlockSize=floor(blockSize/M.D);
else
newBlockSize=blockSize/M.D;
end

M.outputPin{1}.type.sampleRate=M.inputPin{1}.type.s ampleRate/M.D;
M.outputPin{1}.type.numChannels=M.inputPin{1}.type. numChannels;

M.outputPin{1}.type.dataType=M.inputPin{1}.type.dat aType;
M.outputPin{1}.type.blockSize=newBlockSize;

The module's MATLAB implementation of the procegsianction is found in
downsampler_example_process.m. It simply returostbf every D input samples.

function [M, WIRE_OUT]=downsampler_process(M, WIRE_ IN)

IN=WIRE_IN{1};
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WIRE_OUT{1}=IN(1:M.D:end, 3);

return;

The C processing function is similar. Althoughttem for 32-bit floats, the function works
equally well with any 32-bit data type.

AWE_MOD_FAST_CODE

void awe_modDownsamplerExampleProcess(void *plnstan ce)
awe_modDownsamplerinstance *S = (awe_modDownsampl erlnstance *)
pinstance;

Wirelnstance **pWires = ClassModule_GetWires(S);

UINT blockSize = ClassWire_GetBlockSize(pWires[0] );

UINT numChannels = ClassWire_GetChannelCount(pWir es[0]);

UINT channel;

int blockSizeD = (blockSize / S->D);

/Il blockSize is the number of samples in each inp ut channel
// blockSizeD is the number of samples in each ou tput channel

float *src = (float *)pWires[0]->buffer;
float *dst = (float *)pWires[1]->buffer;

for(channel=0;channel<numChannels;channel++)

awe_vecCopy(src+channel, (humChannels*S->D), dst+channel,
numChannels, blockSizeD);

}
}

7.5. Look Ahead Limiter Module

This example demonstrates some advanced code tjendexhniques. The look ahead limiter
is a dynamics processor which applies a time-vgrgain to a signal. The module m-file takes
two arguments.

SYS=lah_limiter_example_module(NAME, MAXDELAY)

The first is the NAME of the subsystem and the sdc®@AXDELAY, is the maximum amount
of delay, in milliseconds. MAXDELAY is used intealty when allocating the
delaymsec_module.m:

add_module(SYS, delaymsec_module(‘'delay’, MAXDELAY) );
SYS.delay.currentDelayTime=MAXDELAY;

The compiled subsystem contains 4 internal modules.
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int max_abs i & core ot
[Max&ks] [AGCLim'rterCore?

muft
[AGChuttiplier]

delay &
[Celayhzec]

7.5.1. Specifying Internal Module Constructor Arguments

If we follow the normal code generation procedtinen the constructor function for the internal
delaymsec_module will be:

Wirelnstance *delayWires[2]={ pWires[0], pWires[5 1%
sneSapla deloy A gl snnnnnnnnnnnnnnnnnnnnnn
» delayArgs[0].fval = 5.0000000e+000f; // deIay.ma)C DelayTime
1 delayArgs[1].fVal = 5.0000000e+000f; // delay.cur 5 rentDelayTime
;__ >->delay £ (awe modDRelayMsecinstance *) ClassModu le_Constructor(CLASSID_DELAYMSEC,
retVal, ClassModule” PackFlags(l, 1, 0), delayWires, 2, (Sample *)delayArgs);

if (S->delay == NULL)

/I Error code is in *retVal
return O;

}
}

If you look at the highlighted code, you'll seattthe maximum delay time of the internal
module is hard coded to 5 msec. This is not wheatwanted; the delay time should instead be
specified at construction time.

To fix this, add a high-level variable to the loatkead limiter system. We'll name it
'maxDelayTime' to be consistent with the delaymseadule.m.

add_variable(SYS, 'maxDelayTime', 'float’, MAXDELAY , ‘const’, ...
‘Maximum delay time");
SYS.maxDelayTime.units='msec’;

Next, we'll use the maxDelayTime field of the lcatkead limiter instance structure as an
initializer for the maxDelayTime and currentDelayiE fields of the internal module. This is
done by setting the .constructorCode field of telayimsec_module variables as shown below:

SYS.delay.maxDelayTime.constructorCode='S->maxDelay Time';
SYS.delay.currentDelayTime.constructorCode='S->maxD elayTime’;

In the automatically generated constructor codaways refers to the base module structure
which has already been allocated and initialize@®ageClassModule_Constructor(). The new
constructor code for the delay is:
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Wirelnstance *delayWires[2]={ pWires[0], pWires[5 1}
waample delayAlgsI 2l s ssansannansannannnnnnnnnnnsn
: delayArgs[0].fVal = S->maxDelayTime; // delay.mak DelayTime
= delayArgs[1].fVal = S->maxDelayTime; // delay.cur: rentDelayTime
= = Suegatay = (awer modDelayivisecirstance ) s m == "
ClassModule_Constructor(CLASSID_DELAYMSEC, retVal,
ClassModule_PackFlags(1, 1, 0), delayWires, 2, (Sam ple *)delayArgs);

if (S->delay == NULL)

/I Error code is in *retVal
return O;

}
}

The argument S->maxDelayTime initializes the inédémodule achieving the desired effect.

7.5.2. Disambiguating Wire Allocation
We if look at the default subsystem including wgrinformation, we see:

1,[32¢1] 3[32¢1] 4 [32x1] 2321
48000 48000 48000 48000
o fioat flaat flaat flast

out

1 [3241]
45000
i

By default, the input and output pins are mono thedsystem ends up using 3 scratch wires:

>> SYS=lah_limiter_example_module('LAH");
>> SYS=prebuild(SYS);
>> SYS.scratchPin

ans =

[1x1 struct] [1x1 struct] [1x1 struct]

This subsystem is designed to operate on an aspiitanber of channels. However, the wire
allocation shown above is only applicable whenitipeit is mono. (To see this, consider the
MaxAbs module. This module always has a mono dwdpd is assigned to wire #3. The signal
path through DelayMsec can be N-channel and isadsmned to wire #3). If this system is run
with stereo inputs, then the wire allocation isoimect and the audio processing will fail.
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To fix this problem, force the system input pirhmve 2 channels by default.

pinType=SYS.max_abs.inputPin{1}.type;
add_pin(SYS, 'input’, 'in’, 'Audio Input', pinType)
SYS.inputPin{1}.type.numChannels=2;

The pin still holds an arbitrary number of channbld its default value is 2. When the
subsystem is now routed, the wires will be allodats:

1 [322] 2 [F2
45000 45000

float float
out

1[32x2)
48000
<o

The system now requires a total of 4 scratch winéth, a new scratch wire, #6 assigned to the
output of DelayMsec. Furthermore, the buffer aloan is now general purpose and will work
with any number of input channels.
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8. BuildingAudioModuleDLLs

The final phase in developing an audio module tpigto compile the source files and create a
Dynamic Link Library (DLL) for the Server. Typidg) a DLL contains multiple modules
organized around a common theme. For example,0A\WHaver provides several module
packs:

BasicAudioFloat32.dll — Basic audio functions tbperate on 32-bit floating-point
values.

MathFloat32.dll — Audio modules based on the Ctitmgpoint math library.
BasicAudioFract32.dll — Basic audio functions tbperate on 32-bit fractional values.

After a DLL is built, it is copied into the direatocontaining the Server executable

<AWE>\Bin

The Server then loads the DLL next time it launchE&se audio module DLL contains all of the
information needed by the Server to instantiatecate, and control the module. The DLL also
contains the schema information facilitating resadet tuning.

This section describes how to generate an audialadl L by working through the Examples
module library discussed in Section 7. Buildingaalio module DLL requires VisualStudio
version 7 (2003). If you are running custom audmdules on an embedded processor, you'l
need to build an audio module DLL and also rebtnkltarget executable. This section focuses
on building the DLL. Refer to theudio Weaver Platform Developers Guide the additional
steps needed on the target.

The steps described below indicate one methodwdtsting files and scripts to generate the
module DLL. You can adapt this to fit your devetognt process.

8.1. Building ExamplesDL L .dll
Start by running the master code generation sfoighis library

make_examples
Next, open up the VisualStudio solution
<AWE>\ModuleLibs\Examples\Examples.sIn

The solution contains two projects shown below
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@ Solution ‘Examples' (2 projecks)
= ExamplesCil
[3] References
= 3 Source Files
@ ModuleLibDLL.cpp
ModulelibDLL, def
F4] ModuleTable.cpp
@ Examplesschema.cpp
@ stdafx.cpp
= ‘3] Header Files
Examples.h
Resource.h
skdaf.h
TestModuleDLL.h
= 3 Resource Files
F3 ModulelibDLL re2
= ExamplesLib
[3] References
= 3 Source Files
4 ModFader.c
4 ModFaderFract3z.c
4 ModPeakHold.c
=¥ rodscalerFloat, c
= ‘3] Header Files
ModFader.h
ModFaderFract32.h
ModPeakHold, b
ModScalerFloat. b
(L3 Resource Files

The ExamplesLib compiles the module source filestaunlds an overall library. The
ExamplesDLL project builds the DLL. ExamplesLibegsily understood by C programmers.
Understanding ExamplesDLL requires some Windowssdige. Fortunately, you can use the
Examples projects as starting points for your owsteam DLL development and do not have to
delve into the underlying Windows issues.

To build the audio module DLL, right-click on ExalagDIl and select Rebuild. The project
dependencies are set so that first ExamplesLibbgilbuilt followed by ExampleDII.

ExamplesDLL also contains a post-build event wiaatomatically copies the DLL into the
<AWE>\Bin directory so that it can be referencedlig Server.

Zommand Line copy Debug® *.dll 45 Bin
Descripkion
Excluded From Build Mo

If the AWE_Server.exe executable is not in the etgukplace, then change the destination
directory in this post-build step.
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If the DLL was properly built, you'll be able to@pthe Server and see the new library of
examples listed. Select Targetist Modules and scroll down the list looking fiwet
ExamplesDLL.dIl entry:

Fram Examples0LL. dll;

32768 ModuleScalerSmoothedE sample
32763 ModuleScalerk wample

32770 ModuleF ader

3277 ModuleF aderFract32

32772 ModulePeakHold

32773 ModuleDownzamplerE sample
32774 ModuleLAHLimiter

32775 ModulePeakHoldFract32

8.2. Cloning the ExamplesLibrary

We recommend that you use the Examples directoaysaarting point for your own custom
module libraries. We also recommend maintainimgekisting directory structure. Begin by
copying and renaming the entire Examples direatosAWE>/<ModuleLibs>. We'll assume
that the new module library will be called MyModsiland will be stored in the directory
<MYMODULES>.

Then, do the following steps:

1. Delete all generated files, they will be regenatate

<MYMODULES>/Examples.h
<MYMODULES>/ExamplesSchema.cpp
<MYMODULES>/ExamplesSchema.sch
<MYMODULES>/Examples.ncb, if exists
<MYMODULES>/Examples.suo, if exists
<MYMODULES>/Source/*
<MYMODULES>/Include/*
<MYMODULES>/Doc/*

2. Also delete all files in <MYMODULES>/matlab excapke examples.m

3. Rename the following files from "Example” to "MyMokgs". You'll end up with:

<MYMODULES>/BuildDIl/MyModulesDLL.vcproj
<MYMODULES>/BuildLib/MyModulesLib.vcproj
<MYMODULES>/matlab/make_mymodules.m
<MYMODULES>/MyModules.sIn

4. Clear out any module m-files in

<MYMODULES>\matlab

folder and any code pieces in

<MYMODULES>\matlab\code
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<MYMODULES>\matlab\process
<MYMODULES>\matlab\test

Copy in the files for your custom modules.

5. Edit make_mymodules.m and replace all the occue®n€ “Examples” to
“MyModules”. Also specify the list of modules yowwld like included in the library.

6. Edit the class ID file

<MYMODULES>\classids.csv
and specify unique class IDs for the modules irr yiary.

7. Edit awe_init.m and update the audio module path.

if (exist([pathstr, "\ModuleLibs\MyModules']))
add_module_path(fullfile(pathstr, 'ModuleLibs', ‘MyModules'),
-end', REMOVE);
end
8. Issue the command “awe _init” in the MATLAB commanshdow.
9. Issue the command “make_mymodules” in the MATLABnooand window.

10. Edit the *.vcproj files in a text editor and deléie ProjectGUID string. This string is
supposedo be unique and thus uniquely identify the projeithin VisualStudio.
However, since we just copied and renamed the oyite, the ProjectGUID will no
longer be unique. Find the line with the ProjectGWeyword near the top each .vcproj
file:

ProjectGUID="{5FEC38A8-50BF-41E6-A94F-E489381E2B85 ¥

The line will be similar to this, but not exacth&hge it to:

ProjectGUID=""

This forces VisualStudio to update the GUID nextetithe file is opened. Change all
occurrences of"Examples” to "MyModules" throughtin file.

11.Edit the file
<MYMODULES>\BuildDINModuleTable.cpp
and instead of including "Examples.h", change ItMgModules.h".

12.0pen up the file
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<MYMODULES>\BuildDINModuleLibDLL.def

and change

LIBRARY "ExamplesDLL"
to

LIBRARY "MyModulesDLL"

13.0pen the MyModules.sIn in any editor window andkléar “Examples” and replace this
with “MyModules”. If doesn’t work, delete MyModuledn and create a new solution.
Then add the two projects, “MyModulesDLL.vcproj’datMyModulesLib.vcproj”, to the
solution.

14.Add the generated source files from <MYMODULES>\&®a\ to the Source Files of
“MyModulesLib.vcproj” and add files from <MYMODULESInclude to the Include
Files of “MyModulesLib.vcproj”.

At this point, the projects are ready to build. IBuhe solution, and when complete, you'll have
MyModulesDLL.dIl in the <AWE>\Bin directory.
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9. VectorLib and ModuleHelperLib

These libraries contain a collection of useful fumts for developing custom audio modules. In
fact, much of the Audio Weaver module library islbupon these functions. At a minimum,
each function is implemented in C to provide fuoietlity on the PC and baseline performance
on embedded processors. In some cases, functwesieen optimized in assembly for specific
processors.

The functions provided fall into 4 broad categories

Vector library — basic signal processing operatithias operate on blocks of data. There
are separate floating-point and fractional functio®ee VectorLib.h.

Fractional math library — code which emulates foawl arithmetic on the PC. This is
used to first develop Blackfin modules on the e FractMath.h.

Filter design library — filter design and coeffictecalculation routines for basic filter
types. In floating-point or double precision. $éeduleHelperLib.h

Math helper library — floating-point versions oktmath library. Used on the PC. See
MathHelper.h.

The audio module library can be considered ond lagaer in abstraction compared to the
vector library. There is some loss of efficientys it introduces another function call.
However, there is a significant benefit since @lgvector function may be used by multiple
modules. This allows the several module procedsingtions to be written in C and only
requires a single vector function to be writtemgsembly. Furthermore, adding support for
other processor families in Audio Weaver is thamprily a matter of optimizing the vector
library and not rewriting a large number of indiwvad module functions.

Refer to the individual header files for a desdoiptof each function and its arguments.
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preprocessor directive, 17, 86
$IDENTIFIERS, 84
@awe_variable30
across

wire allocation, 103

wiring constraint, 82
add_array51
add_code_marker.m, 84
add_module.m52
add_module_path.m, 80
add_pin.m49
add_variable.m, 1&0
agc_example.m, 31
array

overriding sizes, 51
arrayHeap, 33, 90, 106

arraySizeConstructor, 33, 90, 106

audio module

class name, 35

class structure, 12

dependencies, 15

description, 35

functions, 12

internal functions, 39

internal representation, 36

search path, 80

type definition, 10

variable masks, 11

variable offsets, 11
Audio module

instance structure, 10
audio module m-file, 41
AudioWeaverModule

tag for documentation, 83
awe_addcodemarker.m, 16
awe_deletecodemarker.m, 86
awe_fwMalloc, 68, 105
awe_generate_doc.m, 94
awe_generate_library.m, 15, 76
awe_generate_module.m, 14, 92
AWE_HEAP_FASTH9
AWE_HEAP_FAST2SLOW, 69

AWE_HEAP_FASTHB9
AWE_HEAP_SLQW6O
awe_help.m, 5493
AWE_INFO.buildControl, 79
AWE_INFO.displayControl.showHidden,

34
awe_lookupcodemarker.m, 85
awe_module.m35
awe_module_template.c, 16, 83
awe_module_template.h, 16, 83
awe_reorder_variables.m, 81
awe_subsystem.m3
BaseClassModule Constructor, 71
buildFunc

awe_subsystem field, 44
Bypass

audio module function, 12
bypass function

example of custom, 111
bypassFunc, 42

audio module field, 38
bypassFunction

code marker, 87
BypassFunction

C function, 74
bypassFunctionName

code marker, 87
class

audio module field, 39
class name

audio module, 35
class structure

audio module, 12
CLASS ID_BASE, 14
classiD, 11, 13

audio module field, 36
classid_lookup.m, 81
classids.csv, 26, 80
ClassMod_GetNPrivateArgs, 65
ClassMod_GetNPublicArgs, 65
ClassModule _GetModuleState, 60, 72
ClassModule _GetNInWires, 60, 72
ClassModule GetNOutWires, 60, 72
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ClassModule_GetNScratchWires, 60, 72 doclinfo
ClassModule_GetWires, 60, 72 audio module field, 39
ClassModule_PackArgCounts, 71 Docmentation format
className selecting, 95

audio module field, 36 Documentation
ClassWire_GetBlockSize, 61, 72 generating, 93
ClassWire_GetChannelCount, 61, 72 downsampler_example_module191, 114
ClassWire_GetNumSamples, 61, 73 drawFunc
ClassWire_GetSampleRate, 61, 73 awe_subsystem field, 44
clockDivider drawlInfo

audio module field, 37 audio module field, 39
code markers, 17 Dynamic Link Libraries
Code Markers, 83 building, 119
codeMarker equations

audio module field, 38 in documentation, 99
connect.m, 45, 53 Example, 101
connection Examples.h, 28

awe_subsystem field, 44 Examples.sin, 18, 119
const ExamplesDLL.dIl, 119

usage, 32 ExamplesSchema.cpp, 28
Constructor ExamplesSchema.sch, 26

audio module function, 12 fader_example_module,h01, 110

C function arguments, 69 fieldNames
constructorCode, 33, 90, 116 audio module field, 39
constructorFunction variable field, 34

code marker, 87 flattenOnBuild, 90
data type awe_subsystem field, 44

variable field, 32 format
data types, 31 variable field, 33

in C, 59 FractMath.h, 124
dependencies Framework.h, 58

in audio module libraries, 15 GENDOC, 15, 77
derived Get

usage, 33 audio module function, 12
description field C function, 74

audio module, 35 get_module.m, 45

audio module field, 36 get_variable.m, 31, 56
discussion GetFeedbackPinCount, 70

code marker, 88 getFunc, 42
distinct audio module field, 37

wiring constraint, 82 getFunction
DLL code marker, 88

audio module library, 119 GetinputPinCount, 70
docControl, 95 GetOutputPinCount, 70
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GetScratchPinCount, 70
GetWireCount, 70
guilnfo

audio module field, 38

variable field, 33
hasFired

audio module field, 38
hFileDefine

code marker, 88
hFilelnclude

code marker, 88
hFileTemplate

code marker, 89
hierarchyName

audio module field, 38

variable field, 32
HTML

documentation format, 95

IDOFFSET, 13, 81

InnerScalerSmoothedExample_Process.c, 21
InnerScalerSmoothedExample_Set.c, 22

inputPin

audio module field, 37
Insert

code marker, 85

Insert:

code marker, 17
instance structure

audio module, 10

IOAcrossModule_Bypass, 74
IOAIlOnesModule_Bypass, 75
IOMatchModule_Bypass, 74
IOMatchUpModule_Bypass, 75

isArray

variable field, 34
isComplex

variable field, 32
ISCOMPLEX31
isHidden

audio module field, 38

variable field, 33
ISHIDDEN, 31
isLive

variable field, 33

isLocked

audio module field, 39

variable field, 34
isPrebuilt

awe_subsystem field, 44
isPreset

audio module field, 38

variable field, 33
isTopLevel

audio module field, 38
isVolatile

variable field, 33
lah_limiter_example_module,01, 115
LaTeX

equations, 99
make_examples.m, 15, 101
mask

audio module variables, 11
MASK _

audio module, 74
MathHelper.h., 124
MATLAB

supported versions, 6
memory allocation

from C, 68
memorySegment, 33
mfileDirectory

audio module field, 37
mfileName

audio module field, 37
mfilePath

audio module field, 37
ModClassDescriptor, 64
ModClassModule, 64
mode

audio module field, 37
ModScalerSmoothedExample.c, 23
ModScalerSmoothedExample.h, 22
module

awe_subsystem field, 44
module libraries

generating, 76
MODULE_ACTIVE, 72
MODULE_BYPASS, 72
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MODULE_INACTIVE, 72 Sample, 60
MODULE_MUTE, 72 C data type, 60, 70
ModuleHelperLib, 124 scaler_example_module.t01
ModuleHelperLib.h, 124 scaler_smoothed_example_module.m, 9, 19
ModulelnstanceDescriptor, 59 Schema file, 13
moduleName SchemaBuilder.exe, 79
awe_subsystem field, 44 scratchPin
name audio module field, 37
audio module field, 36 Set
variable field, 32 audio module function, 12
new_pin_type.m, 46 C function, 73
nloO, 70 set_variable.m, 56
outputPin setFunc, 42
audio module field, 37 audio module field, 38
parameter setFunction
usage, 33 code marker, 88
peak hold_example_module.i®1, 104 showHidden
pin AWE_INFO, 34
data structure, 46 size
documentation, 54 variable field, 32
new_pin_type.m, 46 srcFileDefine
range information, 46 code marker, 89
postConstructorFunction srcFilelnclude
code marker, 88 code marker, 89
postProcessFunc srcFileTemplate
awe_subsystem field, 44 code marker, 89
postProcessFunction state
code marker, 89 usage, 33
preBuildFunc, 43 target_system.m, 46
audio module field, 38 targetinfo
preProcessFunc audio module field, 38
awe_subsystem field, 44 variable field, 34
preProcessFunction targetSpecificinfo
code marker, 89 awe_subsystem field, 44
preprocessor directives, 17 template file, 16
Process template substitution, 16
audio module function, 72 preprocessor, 86
processFunc, 41 Template Substitution, 83
audio module field, 38 top-level systems, 46
processFunction unique_classes.m, 90
code marker, 88 units
range variable field, 33
variable field, 32 unsatisfiable dependencies, 78
Requirements, 6 usage
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variable field, 32 supported versions, 6
USESDLLS, 76, 77 VisualStudio
variable supported version, 6
internal representation, 32 wire allocation
specifying range information, 46 clarifying, 117
variable field WIRE_IN, 41
audio module field, 37 wireAllocation
variableName audio module field, 37
audio module field, 37 Wirelnstance, 60
VectorLib, 124 Word
VectorLib.h, 124 documentation format, 95
VisualDSP
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