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Covox Software License

1. Grant of License. Covox grants to you the right to use one copy of the enclosed software
program (the "SOFTWARE") on a single terminal connected to a single computer (i.e.
with a single CPU). You may not network the SOFTWARE or otherwise use it on more
than one computer or computer terminal at the same time.

2. Copyright, Patents, and Trademarks. The SOFTWARE is owned by Covox, Inc. or its
suppliers and is protected by United States copyright laws and international treaty
provisions. Therefore, you must treat the SOFTWARE like any other copyrighted
material (e.g. a book or musical recording) except that you may either (a) make a copy
of the SOFTWARE solely for backup or archival purposes, or (b) transfer the
SOFTWARE to a single hard disk provided you keep the original solely for backup or
archival purposes. You may not copy the written material accompanying the
SOFTWARE. The voice recognition, data impression routines, and other routines that
might be present in this disk package are subject to existing patents and patents pending.
The names COVOX, VOICE MASTER, SPEECH THING, SOUND MASTER,
VOICE HARP, ̂d the Covox logo are registered trademarks of Covox, Inc.

3. Other Restrictions. You may not reverse engineer, decompile, or disassemble the com
piled SOFTWARE.

4. Development Software. The compiled library routines supplied by Covox may be used
in application software on a royalty-free basis provided that you: (a) distribute the com
piled and linked library routines only in conjunction with and as a part of your software
product; (b) the sign-on message for your software product must display that the sound
and/or speech software is the copyright of Covox, Inc.; (c) that the owners manual for
your software product must state in a conspicuous location that the sound and/or speech
software is licensed from Covox, Inc., that Covox hardware products are supported, and
where Covox products might be obtained; (d) that if the SOFTWARE is used to support
non-Covox sound hardware, Covox hardware must also be supported by your software
product, and; (e) you agree to indemnify, hold harmless, and defend Covox from and
against any claims or lawsuits, including attorney fees, that arise or result from the use
or distribution of our software product.

5. Exceptions. No part of the "SmoothTalker" text-to-speech software (SPEECH V2.EXE,
SPEECHV3.EXE, STALK.EXE, or STDRIVER.SYS) may be incorporated within
your software product.



c Limited Warranty Statement

Covox, Inc. guarantees the software disks to be free of manufacturing or duplication
defects for a period of one year from the date of purchase. Covox, Inc. will replace the
diskette free of charge, provided it is returned to the factory via prepaid transportation.

Liability Disclaimer

Software is provided on an "as is" basis. Covox, Inc. disclaims liability for direct, indirect
or incidental damages arising from the use of this software, including but not limited to
the interruption of service, loss of business or potential profits, legal actions or other
consequential damages even if Covox has been advised of the possibility of such damages.

Control of environmental factors by means of voice could expose the user to some risk.
Automatic voice recognition by machine remains an unreliable technology due to un
controllable variations in the way that normal speech is produced in an uncertain
acoustic environment. Covox, Inc. specifically disclaims liability as stated in the preced
ing paragraph when applied to voice recognition.

Software Update Poli<y I
Covox, Inc. reserves the right to incorporate software improvements in products without
prior notice and without obligation to replace previously issued software. Updated
software is available from the company at nominal cost. Current product information
will be sent to customers of record, namely, those that purchased directly from Covox,
Inc. and/or returned warranty cards.
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INTRODUCTION

Welcome to the Covox Developer's Toolkit. This package allows you to incorporate
music, voice smd other sound effects into your own software applications for the IBM
PC and its compatibles. All Covox products are supported, including the Speech Thing,
Voice Master Key System, Voice Master Key System II, MIDI Maestro and Sound
Master II.

The Developer's Toolkit manual is separated into thirteen chapters. The first six chapters
document the input and output of digitized sound, and are divided as follows:

1. Non-DMA Record and Play Functions.
2. Buffer Pack and Unpack Functions.
3. DMA Record and Playback Functions.

4. TSRPLAY Functions.

5. BIOS Interrupt lA Sound Support.
6. FoxPro and dBase Sound Support.

Programmers interested in the musical capabilities of the Covox MIDI Maestro and
Sound Master n cards should refer to the following two chapters:

7. FM Synthesizer Functions.
8. MIDI Functions.

Chapter nine consists of general utility functions.

9. Covox Utility Functions.

The final four chapters of the manual describe, in low-level detail, the basics of program
ming the Covox hardware interfaces.

10. Programming With Polled (non-DMA) I/O.
11. Programming With Direct Memory Access.
12. Programming the FM Synthesizer.
13. Programming MIDI.



The Developer's Toolkit includes small, medium, compact and large model libraries
compiled with Microsoft C 6.0 and Borland C 2.0. These object libraries include all the
necessary functions for programming digitized I/O, MTOI and the FM Synthesizer.

Library Filename Conventions

The libraries are named according to model size, type of tool, compiler, and language,
as follows:

<model> <tool type> <compiler> <language>.lib

model:

too! type:

compilen

language:

'S', 'M', 'C or 'L' for the library model size.

'MIDI' for MIDI tools.

'DIGI' for Digitized I/O tools.

'FMSV for FM Synthesizer tools.

'UTIL' for Utility tools.

'M' or 'B' indicating Microsoft or Borland.

'C for the C programming language.

Examples

SMIDIBC.LIB

• Small model

• MIDI tools

• Borland compiler

• C language

LDIGIMCXIB

• Large model

• Digitized I/O tools

• Microsoft compiler

• C language

Header Filename Conventions

The appropriate header file must be included when using the Covox libraries,

cvx <tool type>.h

"cvx" Stands for Covox.

tool type Corresponds to the value of < tool type > in the above libraries.

'MIDI' for MIDI.

'DIGI' for Digitized I/O.

'FMSV for FM Synthesizer.

'UTIL' for utility functions.

Introduction



When using the Toolkit libraries, the appropriate header files must be included at the
beginning of the program performing the function calls. The following header files are
printed out in Appendix A for convenient reference.

CVXDIGI.H A header file to be included with all programs using the Digitized I/O
functions in Chapters 1 through 4.

CVXFMSY.H A header file to be included with all programs using the FM functions
in Chapter 7.

CVXMIDI.H A header file to be included with all programs using the MIDI functions
in Chapter 8.

CVXUTIL.H A header file to be included with all programs using the utility functions
in Chapter 9.

CVXBRLND.H A header file automatically included with programs written in Borland
C (version 2.0).

Note: the above header files all include CVXDEFS.H.

CVXDEFS.H The following type definition statements are taken from the
CVXDEFS.H file. These definitions are used in all library header files
and in the example code throughout the Toolkit. They have been in
cluded for ease of use, code compaction and code portability.

typedef void VOID;

typedef unsigned BOOL;

typedef unsigned WORD;

typedef unsigned char BYTE;

typedef unsigned long LONG;

typedef unsigned long DWORD;

typedef BYTE * PSTR;

typedef BYTE * PBYTE;

typedef WORD * PWORD;

typedef LONG * PLONG;

typedef VOID * PVOID;

typedef BYTE far * LPSTR;
typedef BYTE far * LPBYTE;

typedef WORD far * LPWORD;

typedef LONG far * LPLONG;

typedef VOID far * LPVOID;

typedef BYTE huge * HPSTR;

typedef BYTE huge * HPBYTE;

typedef WORD huge * HPWORD;
typedef LONG huge * HPLONG;

typedef VOID huge * HPVOID;

typedef unsigned HANDLE;

Introduction
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Non-DMA Record and Play Functions

High-Level Functions

play2s record2s

play3s recordSs

play4s record4s

playS records

playSs recordSs

playAny

Low-Level Functions

playByte recordByte

playBytelnit recordBytelnit

playByteUninit recordByteUninit

This chapter describes both high and low level functions for recording and playback.

The high level functions, documented first in this chapter, use a method of I/O called
polling and require no initialization.

The records and playS functions record and play back industry standard 8 bit PCM
(Pulse Code Modulation) sound data. The recordSs and playSs functions record 8 bit
PCM sound data with optional silence encoding.

The record2s, recordSs and record4s functions record Covox's own brand of ADPCM

(Adaptive Differential PCM) sound data with optional silence encoding. The play2s,
playSs and play4s functions play back the ADPCM sound data.

Silence encoding may be adjusted or completely disabled in all of the record functions
that utilize silence encoding.

Chapter 1 5



The low level play and record functions must be initialized before use and uninitialized
when finished.

To record sound data using the low level functions, first initialize recording with record-
Bytelnit. Use the recordByte function to input the data, then use recordByteUninit to
deactivate recording.

To play back sound data using the low level functions, first initialize playback with play-
Bytelnit. Use the playByte function to output the data, then use playByteUninit to deac
tivate playback.
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play2s, playSs, play4s

Description Play a 2, 3 or 4 bit ADPCM sound buffer recorded with or without silence
encoding.

Prototype WORD play2s( LPSTR bufferStart, LONG bufferSize^ BYTEplaybaclRate^
WORDportOut, BOOL trebleFlag^ BOOL noiseFlag);

WORD play3s( LPSTR bujferStart, LONG buJferSize, BYTEplaybackRate^
WORDportOut, BOOL trebleFlag^ BOOL noiseFlag);

WORD play4s( LPSTR bujferStart, LONG bufferSize, BYTE playbackRate,
WORD portOut, BOOL trebleFlag, BOOL noiseFlag);

Parameters bufferStart A far pointer (LPSTR) to the sound buffer.

bujferSize A LONG value indicating the number of bytes to be played
from the buffer pointed to by bufferStart.

If bufferSize is not evenly divisible by 16, the remainder is ig
nored. If bufferSize is smaller than 16, the playback functions
return an error ( JERRORJNVALIDJUFFERJSIZE ).

playbackRate A BYTE value from 0 to 229, indicating the sampling rate at
which to play back the sound buffer.

liplaybackRate is 0, these functions look for the Covox 16-byte
header at the beginning of the buffer pointed to by bufferStart.
If no header exists or the rate in the header is 0, the default
value of 132 (%22 Hz) is used.

If playbackRate is larger than 229, it is set to 229 (44,191 Hz).

See Appendix B for rate value descriptions.

portOut This WORD value designates which DAC port to use for
playback. If the value of portOut is not one of the Covox logical
port values shown below, it represents the physical port ad
dress of the DAC.

The Covox logical port values are:

_CV5LVM0 _CVX_LPT1

_CVX^VM1 .CVXLLPTZ

_CVX_VM2 _CVX_LPT3

_CVXLVM3 _CVX-ISP

See Appendix C for port value descriptions.
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play2s, play3s, piay4s

trehleFlag A flag which, if _TRUE, indicates that the output is to be dif
ferentiated. If ..FALSE, there is no differentiation.

Differentiation is used to achieve the effects of a high-pass
filter, which enhances the upper frequencies of the digitized
sound.

noiseFlag A flag which, if _TRUE, indicates that computer generated
noise is to be output during silence periods. If _FALSE,
silence periods are played back as dead silence.

Remarks These functions automatically detect and convert silence encoding if it exists in
the sound file. If JoStopFlag is not set to _TRUE during playback, the function
will play back the entire buffer, up to the limit specified by bufferSize.

See Appendix D for information on usage of _ioStopFlag.

Return Value If successful, these functions return a value of JERROR_NONE. The possible
return values are:

^RROR_NONE

_ERRORJPORTJNITJFAILED

JERRORJNVALIDJBUFFERJSIZE

See the last page of the chapter for error code descriptions.

Example

11 PLAY3S.C
// This program uses the non-DMA play3s function. Memory is
11 allocated for the sound data. A file name TEST1.V3S is opened
// and its contents read into a buffer. Finally, the allocated
// memory is freed.

#include <fcntl.h>
#include <stdio.h>
#include <bios.h>
#include <dos.h>
#include <errno.h>
#include "cvxdigi.h"

#define _BUFFER__SIZE
#define __SOUND_FILE
#define _TREBLE_FLAG
#define _NOISE FLAG

0x8000

"TEST1.V3S"
_FALSE
FALSE

VOID main( VOID )
{

HANDLE

WORD

WORD

LPSTR

fileHandle;
bytesRead;
buf ferSegment;
playBuffer;

8 Chapter 1



play2s, play3s, play4s

// Allocate memory for playback buffer.
if( ( _dos_allocmem( ( JBUFFER_SIZE / 16 + 1 ),

&bufferSegment ) ) )
printf( "ERROR : Cannot Allocate MemoryIl\n" );

else

// play3s requires a far pointer (LPSTR)•
FP__SEG( playBuffer ) = bufferSegment;
FP__OFF( playBuffer ) = 0x0000;

// Open the file containing sound data.
if( _dos__open( _SOUND_FILE, 0__RD0NLy, &fileHandle ) )

printf( "ERROR : %s not found.\n", _SOUND_FILE );
else

// Read sound data from file.
_dos_read( fileHandle, playBuffer, JBUFFER_SIZE,

fitbytesRead );

// Prompt user to hit a key to begin playback.
printf( "Hit any key to begin playback.\n" );

// Wait for keystroke.
while ( l_bios_keybrd( _KEYBRD_READY ) );

// Clear keystroke(s) from keyboard buffer,
while( _bios_keybrd( _KEYBRD_READY ) )

getch();

// Notify user that playback has begun,
printf( "Playing sound file ..." );

// Playback a file of length bytesRead.
play3s( playBuffer, ( LONG )bytesRead, _CVX__RATE_DEFAULT,

_CVX_VMO, _TREBLE__FLAG, _NOISE__FLAG );

// Notify user that playback has coirpleted.
printf( " complete.\n" );

// Close file containing sound data.
_dos__close( fileHandle );

// Free memory used by buffer.
if( _dos_freemem( bufferSegment ) )

printf( "ERROR : Cannot Free Memory!!\n" );

Chapter 1



plays

Description Plays back a standard 8 bit PCM (Pulse Coded Modulation) sound buffer.

Prototype WORD play8( LPSTR buJferStart, LONG bufferSize^ BYTEplaybackRate,
WORD portOut, BOOL trebleFlag );

Parameters bufferStart A far pointer (LPSTR) to the sound buffer.

bufferSize A LONG value indicating the number of bytes to be played
from the buffer pointed to by bufferStart,

If bufferSize is not evenly divisible by 16, the remainder is ig
nored. If bufferSize is smaller than 16, the record functions return
an error ( JIRRORJNVALIDJBUFFERJSIZE ),

playbackRate A BYTE value from 0 to 229, indicating the sampling rate at
which to play back the sound buffer.

liplaybackRate is 0, playS looks for the Covox 16-byte header
at the beginning of the buffer pointed to by bufferStart, If no
header exists or the rate in the header is 0, the default value
of 132 (9622 Hz) is used.

If playbackRate is larger than 229, it is set to 229 (44,191 Hz).

See Appendix B for rate value descriptions.

portOut This WORD value designates which DAC port to use for
playback. If the value of portOut is not one of the Covox logical
port values shown below, it represents the physical port ad
dress of the DAC.

The Covox logical port values are:

_CVXL.VMO _CV?LLPT1

_CVX_VM1 _CVX_LPT2

_CVX-VM2 _CVX_LPT3

_CVX_VM3 JCVXJSF

See Appendix C for port value descriptions.

trebleFlag A flag which, if _TRUE, indicates that the output is to be dif
ferentiated. If JFALSE, there is no differentiation.

Differentiation is used to acheive the effects of a high-pass
filter, which enhances the upper frequencies of the digitized
sound.
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playS

Remarks This function plays back an industry standard 8 bit PCM sound buffer (i.e. a
buffer recorded with records). If JoStopFlag is not set to _TRUE during
playback, the function will play back the entire buffer, up to the limit specified
by bujferSize,

See Appendix D for information on usage of JoStopFlag.

Return Value If successful, playS returns a value of ̂ RROR_NONE, The possible return
values are:

JRRORJ^ONE

JSRRORJ'ORTJNITJ'AILED

JSRRORJNVALIDJUFFERJSIZE

JSRRORJ'LAY8_^USY

See the last page of the chapter for error code descriptions.

Example

11 PLAYS.c
// This program uses the non-DMA play8 function. Memory is
// allocated for the sound data. A file name TESTl.VS is opened
// and its contents read into a buffer. Finally^ the allocated
11 memory is freed.

finclude <fcntl.h>
linclude <stdio.h>
#include <bios.h>
iinclude <dos.h>
#include <errno.h>
Iinclude "cvxdigi.h"

#define _BUFFER_SIZE 0x8000
#define _SOUND_FILE "TESTl.VS"
#define _TPEBLE_FLAG _FALSE

VOID main( VOID )

^  HANDLE fileHandle;
WORD bytesRead;
WORD bufferSegment;
LPSTR playBuf fer;

// Allocate memory for playback buffer.
if( ( __dos_allocmem( ( _BUFFER_SIZE / 16+1

&bufferSegment ) ) )
printf( "ERROR : Cannot Allocate Memory! !\n" );

else

11 play8 requires a far pointer (LPSTR).
FP_SEG( playBuffer ) = bufferSegment;
FP_OFF( playBuffer ) = 0x0000;

// <^en the file containing sound data.
if( _dos_open( _SOUND_FILE, OlRDONLY, fifileHandle ) )

printf( "ERROR : %s not found.\n", _SOUND_FILE );
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playS

else
// Read sound data from file.
__dos__read( fileHandle, playBuffer, __BUFFER_SIZE,

&bytesRead );

// Prompt user to hit a key to begin playback.
printf( "Hit any key to begin playback.\n" );

11 Wait for keystroke.
while( !__bios_Jceybrd( _KEYBRD_READy ) );

// clear keystroke(s) from keyboard buffer,
while ( jDios__keybrd( _KEyBRD_READY ) )

getchO;

// Notify user that playback has begun,
printf( "Playing sound file ..." );

// Playback a file of length bytesRead.
play8( playBuffer, ( LONG )bytesRead, _CVX_RATE__DEFAULT,

_CVX_VMO, __TREBLE_FLAG );

// Notify user that playback has conpleted.
printf( " complete.\n" );

// Close file containing sound data.
_dos_close( fileHandle );

// Free memory used by buffer.
* '( _dos_freemem( bufferSegmenI

printf( "ERROR : Cannot Free Memory!!\n" );
if( _dos_freemem( bufferSegn^nt ) )

12 Chapter 1



playSs

Description Plays back an 8 bit PCM sound buffer recorded with or without silence encod
ing.

Prototype WORD play8s( LPSTR bujferStart, LONG bufferSize, BYTE playbackR.ate^
WORD portOut, BOOL trebleFlag, BOOL noiseFlag);

Parameters bufferStart A far pointer (LPSTR) to the sound buffer.

bujferSize A LONG value indicating the number of bytes to be played
from the buffer pointed to by bufferStart.

If bufferSize is not evenly divisible by 16, the remainder is ig
nored. IfbufferSize is smaller than 16, the record functions will
return an error ( JSRRORJNVALlD_^UFFERJSlZE ).

playbackRate A BYTE value from 0 to 229, indicating the sampling rate at
which to play back the sound buffer.

UplaybackRate is 0, playSs looks for the Covox 16-byte header
at the beginning of the buffer pointed to by bufferStart. If no
header exists or the rate in the header is 0, the default value
of 132 (9622 Hz) is used.

IfplaybackRate is larger than 229, it is set to 229 (44,191 Hz).

See Appendix B for rate value descriptions.

portOut This WORD value designates which DAC port to use for
playback. If the value of portOut is not one of the Covox logical
port values shown below, it represents the physical port ad
dress of the DAC.

The Covox logical port values are:

_CVX_VMO _CVX^LPT1

_CVX_VM1 _CVX_LPT2

_CVXL_VM2 _CVX^LPT3

_CVX_VM3 _CVX_ISP

See Appendix C for port value descriptions.

trebleFlag A flag which, if _TRUE, indicates that the output is to be dif
ferentiated. If _FALSE, there is no differentiation.
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playSs

Differentiation is used to acheive the effects of a high-pass
filter, which enhances the upper frequencies of the digitized
sound.

noiseFlag A flag which, if _TRUE, indicates that computer generated
noise is to be output during silence periods. If JPALSE,
silence periods are played back as dead silence.

Remarks This function automatically detects and converts silence encoding if it exists in
the sound file. If JoStopFlag is not set to _TRUE during playback, the function
will play back the entire buffer, up to the limit specified by bufferSize,

See Appendix D for information on usage of JoStopFlag.

Retom Value If successful, playSs returns a value of _ERROR_NONE. The possible return
values are:

JERRORJ^ONE

JERRORJPORTJNITJAILED

JRRORJNVALIDJBUFFERJIZE

See the last page of the chapter for error code descriptions.

Example

// PLAY8S.C
// This program uses the non-DMA playSs function. Memory is
// allocated for the sound data. A file name TESTl.VSS is opened
// and its contents read into a buffer. Finally, the allocated
// memory is freed.

#include <fcntl.h>
#include <stdio.h>
#include <bios.h>
#include <dos.h>
#include <errno.h>
#include "cvxdigi.h"

tdefine _BUFFER_SIZE
#define __SOUND_FlLE
#define JTREBLE^FLAG
#def ine _NOISEJFLAG

0x8000
"TESTl.VSS"

_FALSE
FALSE

VOID main( VOID )
{

HANDLE

WORD

WORD

LPSTR

fileHandle;
bytesRead;
bufferSegment;
playBuffer;

// Allocate memory for playback buffer.
if( ( _dos_allocmem( ( _BUFEER_SIZE / 16 + 1

fibufferSegment ) ) )
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playSs

printf( "ERROR : Cannot Allocate Memory!!\n" );
else

// play8s requires a far pointer (LPSTR).
—  FP_SEG( playBuffer ) = bufferSegment;

FP_OFF( playBuffer ) = 0x0000;

// Open the file containing sound data.
if( _dos_open( _SOUND_FILE, O^RDONLY, &fileHandle ) )

printf( "ERROR : %s not found.\n"^ _SOUND_FILE );
else

// Read sound data from file.
_dos_read( fileHandle, playBuffer, _BUFFER_SIZE,

&bytesRead );

// Prompt user to hit a key to begin ]playback.
printf( "Hit any key to begin playback.\n" );

// Wait for keystroke.
while( !_bios_keybrd( JKEYBRD_READY ) );

// Clear keystroke(s) from keyboard buffer,
while( _bios_keybrd( _KEYBRD_READY ) )

getchO;

// Notify user that playback has begun,
printf( "Playing sound file ..." );

// Playback a file of length bytesRead.
play8s( playBuffer, ( LONG )bytesRead, _CVX_RATE_DEFAULT,

'  ̂ _CVX_VMO, _TREBLE_FLAG, _NOISE_FLAG );

// Notify user that playback has conpleted.
printf( " complete.\n" );

// Close file containing sound data.
_dos__close( fileHandle );

// Free memory used by buffer.
if( _dos_freemem( bufferSegment ) )

printf( "ERROR : Cannot Free Memory!!\n" );
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playAny

Description

Prototype

Plays back a sound buffer of any Covox format.

WORD playAny( LPSTR bufferStart, LONG bufferSize, BYTE
playbackRate^ WORD portOuty BOOL trebleFlagy
BOOL noiseFlag);

Parameters bufferStart A far pointer (LPSTR) to the sound buffer.

bufferSize A LONG value indicating the number of bytes to be played
from the buffer pointed to by bufferStart.

If bufferSize is not evenly divisible by 76, the remainder is ig
nored. If bufferSize is smaller than 16, the record functions will
return an error ( JERRORJNVALIDjBUFFERJSIZE).

playbackRate A BYTE value from 0 to 229, indicating the sampling rate at
which to play back the sound buffer.

liplaybackRate is 0, playAny reads the file header for the rate
at which it was recorded. If no header exists or the rate in the

header is 0, the default value of 132 (9622 Hz) is used.

liplaybackRate is larger than 229, it is set to 229 (44,191 Hz).

See Appendix B for rate value descriptions.

portOut This WORD value designates which DAC port to use for
playback. If the value oiportOut is not one of the Covox logical
port values shown below, it represents the physical port ad
dress of the DAC.

The Covox logical port values are:

_CVX_VMO _CVX_LPT1

_CVX_VM1 _CVX_LPT2

_CVX^VM2 ^CV3LLPT3

_CVX_VM3 _CVX_ISP

See Appendix C for port value descriptions.

trebleFlag A flag which, if _TRIJE, indicates that the output is to be dif
ferentiated. If _FALSE, there is no differentiation.

Differentiation is used to acheive the effects of a high-pass
filter, which enhances the upper frequencies of the digitized
sound.
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noiseFlag A flag which, if _TRUE, indicates that computer generated
noise is to be output during silence periods instead of dead
silence.

Remarks This function plays back a Covox sound buffer of any format previously men
tioned in this chapter. The packing format is retrieved from the sound file
header. If no header is present then the data is assumed to be 8 bit PCM.

If JoStopFlag is not set to _TRUE during playback, the function will play back
the entire buffer, up to the limit specified by bufferSize,

See Appendix D for information on usage of JoStopFlag.

Return Value If successful, playAny returns a value of _ERROR_NONE, The possible return
values are:

JERRORJSfONE

JIRRORJ'ORTJNITJFAILED

JSRRORJNVALID^UFFERJSIZE

See the last page of the chapter for error code descriptions.

Example

11 PLAYANY.C
11 This program uses the non-DMA playAny() function. Memory is
// allocated for the sound data. A file name TEST1.V2S is opened
// and its contents read into the buffer used with the call to
// playAny(). Finally, the allocated memory is freed.

#include <fcntl.h>
iinclude <stdio.h>
#include <bios.h>
finclude <dos.h>
#include <errno.h>
#include "cvxdigi.h"

#define JBUFFER_SIZE 0x8000
#define _SOUND_FILE "TEST1.V2S"
idefine _TREBLE_FLAG __FALSE
idefine JWOISE_FLAG _TRUE

VOID main( VOID )
{

HANDLE

WORD

WORD

LPSTR

fileHandle;
bytesRead;
buf ferSegment;
playBuffer;

)i

// Allocate memory for playback buffer.
if( ( _dos_allocmem( ( __BUFFER_SIZE / 16 + 1

&bufferSegment ) ) )
printf( "ERROR : Cannot Allocate Memory I! \n" );

else
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{

}
}

11 playAny() requires a far pointer (LPSTR).
FP_SEG( playBuffer ) = bufferSegment;
FP_pFF( playBuffer ) = 0x0000;

// Open the file containing sound data.
if( _dos_open( _SOUND_FIIiE, 0_RD0NLy, sfileHandle ) ) ^ '

printf( **ERROR : %s not found. _j50UNDJFILE );
else

// Read sound data from file.
_dos_read( fileHandle, playBuffer, _BUFFER__SIZE, &bytesRead );

// Play a file of length bytesRead.
playAny( playBuffer, ( LONG )bytesRead, _CVX_RATE_pEFAULT,

_CVX_VMO, _TREBLE_FIiAG, _NOISE_FLAG );

// Close file containing sound data.
_dos_close( fileHandle );

// Free memory used by buffer.
if( _dos__freemem( bufferSegment ) )

printf( "ERROR : Cannot Free Memory!l\n" );
}
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Description Record a 2,3 or 4 bit ADPCM sound buffer with optional silence encoding.

Prototype WORD record2s( LPSTR bufferStart, LONG bufferSize^ BYTE
recordRate^ WORD port/n, WORD silenceRange,
LONG ♦ bytesRecorded);

WORD recordSs ( LPSTR buffers tart, LONG bujferSize, BYTE
recordRate, WORDportin, WORD silenceRange
LONG ♦ bytesRecorded);

WORD record4s( LPSTR bufferStart, LONG bujferSize, BYTE
recordRate, WORD portin, WORD silenceRange
LONG ♦ bytesRecorded);

Parameters bufferStart A far pointer (LPSTR) to the buffer that is to contain the
recorded data.

bujferSize A LONG value indicating the number of bytes in the buffer
pointed to by bufferStart.

If bujferSize is not evenly divisible by 16, the remainder is ig
nored If bujferSize is less than 32, the record junctions will
retum an error ( JIRRORJNVALIDJBUFFERJSIZE ).

recordRate A BYTE value from 0 to 209, indicating the sampling rate at
which to record the sound buffer.

If recordRate is 0, the default value of 132 (9622 Hz) is used.
If recordRate is larger than 209, it is set to 21^ (25,3^ Hz).
See Appendix B for rate value descriptions.

portin This WORD value designates which ADC port to use for
recording. If the value oiportin is not one of the Covox logical
port values shown below, it represents the physical port ad
dress of the ADC.

The Covox logical port values are:

_CV3LVM0 .CVJLLPTl

.CV5LVM1 _CVXJLPT2
_CVX^VM2 _CVXJLPT3

_CV3LVM3

See Appendix C for port value descriptions.
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silenceRange A WORD value that determines the range of sampled values
interpreted as silence. Note that all ranges center on 0x80, as
this value represents actual silence. The value passed repre
sents the following hexadecimal ranges:

.SILENCE_0

JSILENCEJ

.SILENCER

.SILENCER

_SILENCE_4

_SILENCE_5

See CVXDIGLH in Appendix A for silence range descriptions.

bytes- A pointer to a variable of type LONG, representing the num-
Recorded ber of bytes actually recorded by the function.

Remarks Using record2s, a typical recording will be about 1/4 the size of an 8 bit PCM
file. Using record3s, a typical recording will be about 1/3 the size of an 8 bit
PCM file. Using record4s, a typical recording will be about 1/2 the size of an 8
bit PCM file. In all three cases, the resulting sound file may be much shorter if
silence encoding is used and there are long periods of silence during recording.

A 16-byte header, described in Appendix B, precedes the resulting file.

If JloStopFlag is not set to _TRUE during recording, the entire buffer will be
filled with ADPCM data before recording is terminated. See Appendix D for
information on usage of JoStopFlag.

Return Value If successful, these functions return a value of JIRRORJ^ONE, The possible
return values are:

JERROR_NONE

JlRRORJORTJNrrj^AILED

j:rrorjnvalid_puffer_size

See the last page of this chapter for error code descriptions.

Example

11 RECORD3S.C
11 This program uses the non-DM^ recordSs function. Memory is
// allocated for the record^ the recording is performed, and the
// recorded buffer is written to a file. The memory allocated for
// the record buffer is freed.

#include <stdio.h>
#include <bios.h>
iinclude <dos.h>
#include <errno.h>
iinclude "cvxdigi.h"

idefine
idefine

BUFFER_SIZE
SOUND FILE

0x8000
"TEST1.V3S"

20 Chapter 1



record2s, recordSs, record4s

VOID main( VOID )
{

LONG bytesRecorded;
_  HANDLE flleHandle;

WORD bytesWritten;
WORD bufferSegment;
LPSTR recordBuffer;

11 Allocate memory for recording buffer. Segment of
// allocated memory is returned in bufferSegment.
if( ( _dos_allocmem( ( _BUFFER__SIZE / 16 + 1 ),

&bufferSegment ) ) )
printf( "ERROR : Cannot Allocate MenKDry!l\n" );

else

// recordSs requires a far pointer (LPSTR).
FP_SEG( recordBuffer ) = bufferSegment;
FP_OFF( recordBuffer ) = 0x0000;

// Prompt user to hit a key to begin recording.
printf( "Hit any key to begin recording\n" );

// Wait for keystroke.
while ( !_bios_keybrd( _KEYBRD_JREADY ) );

from keyboard bu
_KEYBRD_READY ) )

// Clear keystroke(s) from keyboard buffer,
while ( __bios_keybrd( _K

getch();

// Notify user that recording has begun,
printf( "Recording ..." );

// Record a file of length __BUFFER_SIZE.
if( record3s( recordBuffer, ( LONG )__BUFFER_SIZE,

_CVX_RATE_DEFAULT, _CVX_VMO,
_SILENCE_3, &bytesRecorded ) )

// Notify user that error occured during record,
printf( " aborted. Error during record3s().\n" );

else

// Notify user that recording has completed,
printf( " complete.\n" );

}

// If bytesRecorded is not zero, no error was encountered.
if( bytesRecorded )

// Open a new file to write sound data into.
if( __dos_creat( _SOUND_FlLE, _AjNORMAL, sfileHandle ) )

_  printf( "ERROR : Cannot create file.\n" );
printf ( " Sound data lost.\n" );

else

// Write sound data to file.
_dos_write( fileHandle, recordBuffer,

( WORD )bytesRecorded, &bytesWritten );
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11 Close file containing sound data.
_dos_close( fileHandle );

}
}

// Free memory used by buffer.
if( _jdos_freemem( bufferSegment ) )

printf( "ERROR s Cannot Free MemoryI!\n" );
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Description Records a standard 8 bit PCM (Pulse Coded Modulation) file.

Prototype WORD record8( LPSTR bujferStart, LONG bujferSize, BYTE recordRate,
WORDportln^ LONG ♦ bytesRecorded);

Parameters bufferStart A far pointer (LPSTR) to the buffer that is to contain the
recorded data.

bufferSize A LONG value indicating the number of bytes in the buffer
pointed to by bufferStart,

If bufferSize is not evenly divisible by 16, the remainder is ig
nored, If bufferSize is less than 32 then the record functions will
retum an error ( JIRRORJNVALIDJBUFFERJSIZE ),

recordRate A BYTE value from 0 to 209, indicating the sampling rate at
which to record the sound buffer.

If recordRate is 0, the default value of 132 (9622 Hz) is used.
If recordRate is larger then 209, it is set to 209 (25,3^ Hz).

See Appendix B for rate value descriptions.

portin This WORD value designates which ADC port to use for
recording. If the value of portin is not one of the Covox logical
port values shown below, it represents the physical port ad
dress of the ADC.

The Covox logical port numbers are:

jyxjmo
_CVX_VM1

_CVXLVM2

_CVXLVM3

^CVX-LPTl
_CV5LLPT2

_CVXL.LPT3

See Appendix C for port value descriptions.

bytes- A pointer to a variable of type LONG, representing the num-
Recorded ber of bytes actually recorded by the function.

Remarks This function records an industry standard 8 bit PCM (Pulse Coded Modula
tion) file. A 16-byte header, described in Appendix B, precedes the resulting
file.
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If JoStopFlag is not set to _TRUE during recording, the entire buffer will be
filled with PCM data before recording is terminated. See Appendix D for infor
mation on usage of JoStopFlag.

Return Value If successful, these functions return a value of JSRRORJ^ONE. The possible
return values are:

j:rrorjs[one

JERRORJ'ORTJNITJ^AILED

JERRORJNVALIDJBUFFERMZE

See the last page of this chapter for error code descriptions.

Example

11 RECORDS.c
// This program uses the non-DMA records function. Memory is
// allocated for the record. The recording is performed and the
// recorded buffer is written to a file. The memory allocated for
// the record buffer is freed.

#include <stdio.h>
#include <bios.h>
finclude <dos.h>
#include <errno.h>
tinclude "cvxdigi.h"

#define __BUFFER_SIZE OxSOOO
#define _SOUND_FlLE "TESTI.VS"

VOID main( VOID )

LONG bytesRecorded;
HANDLE fileHandle;
WORD bytesWritten;
WORD buffersegment;
LPSTR recordBuffer;

// Allocate memory for recording buffer. Segment of the
// allocated memory is returned in buffersegment.
if( ( __dos_allocmem( ( _BUFFER_SIZE / 16 + 1 ) ̂

abuffersegment ) ) )
printf( "ERROR : Ceuinot Allocate Memoryn\n" );

else

// records requires a far pointer (LPSTR).
FP__SEG( recordBuffer ) = buffersegment;
FP_OFF( recordBuffer ) = 0x0000;

//Prompt user to hit a key to begin recording.
printf( "Hit any key to begin recording\n" ); ' ̂

II Wait for keystroke.
while( 2_bios_keybrd( __KEyBRD_READY ) );

// Clear keystroke(s) from keybosurd buffer,
while( __bios_keybrd( _KEYBRD_READY ) )
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getchO;

11 Notify user that recording has begun.
printf( "Recording ..." );

// Record a file of length _BUFFER_SIZE.
if( records( recordBuffer^ ( LONG )J3UFFER__SIZE,

_CVXJRATE_DEFAULT, _CVX_VMO,
&bytesRecorded ) )

^  // Notify user that error occured during record.
printf( " cdxDrted. Error during records().\n" );

}
else

^  // Notify user that recording has completed.
printf( " complete.\n" );

}

//If bytesRecorded is not zero, no error was encountered.
if( bytesRecorded )

^  // open a new file to write sound data into.
if( _dos_creat( _SOUND_FILE, _A_NORMAL, fifileHandle ) )

^  printf( "ERROR : Cannot create file.\n" );
printf( " Sound data lost.\n" );

else

^  // Write sound data to file.
_dos_write( fileHandle, recordBuffer,

( WORD )bytesRecorded, SbytesWritten );

// Close file containing sound data.
_jdos_close( fileHandle );

}
>

// Free memory used by buffer.
if( _dos_freemem( buffersegroent ) )

printf( "ERROR : Cannot Free Memory!!\n" );
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Description Records 8 bit PCM speech with optional silence encoding.

Froto^ WORD record8s( LPSTR bufferStart, LONG bufferSize, BYTE
recordRate^ WORD porting WORD silenceRange,
LONG ♦ bytesRecorded);

Parameters bufferStart A far pointer (LPSTR) to the buffer that is to contain the
recorded data.

bujferSize A LONG value indicating the number of bytes in the buffer
pointed to by bufferStart.

IfbufferSize is not evenly divisible by 16, the remainder is ig
nored. IfbufferSte is less than 32 then the recordJunctions will
retum an error ( JIRRORJNVALIDJBUFFERJIZE ).

recordRate A BYTE value from 0 to 209, indicating the sampling rate at
which to record the sound buffer.

If recordRate is 0, the default value of 132 (9622 Hz) is used.
If recordRate is larger than 209, it is set to 209 (25,386 Hz).

See Appendix B for rate value descriptions.

portin This WORD value designates which ADC port to use for
recording. If the value of portin is not one of the Covox logical
port values shown below, it represents the physical port ad
dress of the ADC.

The Covox logical port values are:

.CV3LVM0 _CVXJLPT1
«CV)LVM1 _CVXXPT2
_CVX_VM2 _CVXJLPT3

_CVX_VM3

silenceRange A WORD value that determines the range of sampled values
that are to be encoded as silence. Note that all ranges center
around 0x80, as this value represents actual silence. The value
passed represents the following hexadedmal ranges:

«SILENCE_0

.SILENCEJ

.SILENCER

.SILENCED

.SILENCE_4

JSILENCE_5

See CVXDIGLH in Appendix A for silence range descriptions.
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Recorded

recordSs

A pointer to a variable of type LONG, representing the num
ber of bytes actually recorded by the function.

Remarks

Return Value

This function records industry standard 8 bit PCM speech with optional silence
encoding. A typical recording will be about the same size as an 8 bit PCM file,
but may be much shorter if silence encoding is used and there are long periods
of silence during the recording.

A 16-byte header, described in Appendix B, precedes the resulting file.

If JoStopFlag is not set to _TRUE during recording, the entire buffer will be
filled with PCM data before recording is terminated. See Appendix D for infor
mation on usage of JoStopFlag.

If successful, these functions return a value of JERROR_NONE. The possible
return values are:

JIRRORJIONE

JIRRORJPORTJNITJFAILED

j:rrorjnvaud^uffer_size

See the last page of this chapter for error code descriptions.

Example

11 RECORD8S.C
// This program uses the non-DMA recordSs function. Memory is
11 allocated for the record. The recording is performed and the
// recorded buffer is written to a file. The memory allocated for
// the record buffer is freed.

iinclude <stdio.h>
#include <bios.h>
Iinclude <dos.h>
Iinclude <ermo.h>
Iinclude "cvxdigi.h"

#define JBUFFER_SIZE 0x8000
#define _SOUND_FIIiE "TESTl.VS"

VOID main( VOID )
{

LONG

HANDLE

WORD

WORD

LPSTR

bytesRecorded;
frleHandle;
byteswritten;
buf ferSegment;
recordBuf fer;

// Allocate memory for recording buffer, segment of the
// allocated memory is returned in bufferSegment.
if( ( _dos_allocmem( ( _BUFFER_SIZE / 16 + 1 ),

abuffersegment ) ) )
printf( "ERROR : Camnot Allocate Memory 11 \n" );
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else

{
11 recordSs requires a far pointer (LPSTR).
FP_SEG( recordBuffer ) = bufferSegment;
FP_OFF( recordBuffer ) = 0x0000;

// Prompt user to hit a key to begin recording.
printf( "Hit any key to begin recordingXn" );

// Wait for keystroke.
while ( l_bios_keybrd( _KEyBRD_READY ) );

// Clear keystroke(s) from keyboard buffer,
while( jDios_keybrd( _KEYBRp_READY ) )

getcho;

// Notify user that recording has begun,
printf( "Recording ..." );

// Record a file of length _BUFFER_SIZE.
if( recordSs( recordBuffer, ( LONG )__BUFFER_SIZE,

_CVX_RATE_DEFAULT, _CVX_VMO,
_SILENCE_3, &bytesRecorded ) )

// Notify user that error occured during record,
printf( " aJx^rted. Error during recordSs().\n" );

else

// Notify user that recording has completed,
printf( " complete.\n" );

/f It bytesRecorded is not zero, no error was encountered.
if( bytesRecorded )

// Open a new file to write sound data into.
if( _dos_creat( _SOUND_FILE, __A_NORMAL, fifileHandle ) )

printf( "ERROR : Cannot create file.\n" );
printf( " Sound data lost.Xn" );

else

// Write sound data to file.
_dos_write( fileHandle, recordBuffer,

( WORD )bytesRecorded, fibytesWritten );

// close file containing sound data.
__dos_close( fileHandle );

// Free memory used by buffer.
if( _dos_freemem( bufferSegment ) )

printf ( "ERROR : Cannot Free Memory 11 \n" );
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Description Outputs one byte to the device specified in playBytelnit.

Prototype VOID p!ayByte( BYTE outByte);

Parameters outByte An 8 bit value to be output to a Digital to Analog converter.

Remarks This function outputs one byte to the device specified by the playBytelnit func
tion. If disableTimerFlagy/e& JFALSE when playBytelnit was called this proce
dure polls timer 2 before outputting the byte. If trebleFlag was _TRUE when
passed to playBytelnit, this Action outputs the differentiated result of the
stream of bytes it receives.

Return Value None.

Example

// BYTE^IO.C
// This program initializes the non-DMA recording and playback
// system. A byte is input and immediately output through the
// Voice Master default port.

iinclude <bios.h>
^  iinclude <stdio.h>

iinclude "cvxdigi.h"

Idefine _TREBLE_FLAG ^FALSE

VOID main( VOID )
{

BYTE aByte;
BOOL disableTimerFlag = _FALSE;
WORD physPort;

// Initialize recording system.
physPort = recordByteinit( _cvx_yMO^ _cvx_RATE_DEFAULT,

disableTimerFlag );

// Set timing flag so that no timing is performed during playback.
disableTimerFlag = _TRUE;

// Initialize playback system.
physPort = playBytelnit( _CVX_VMOj _CVX_jRATE_DEFAULT,

disableTimerFlag, JTREBLE^FLAG );

// If a physical port value was returned then record and
// playback a byte at a time.
if( physPort )

11 Wait for key hit to exit.
while ( l_bios_keybrd( _KEYBRD_READY ) )

11 Input one byte from physPort.
aByte = recordByte();

11 Output one byte to physPort.
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playByte( aByte );
}

// Clear keystroke(s) from keyboard buffer.
while( kbhit() ) ^

getch ();

II Uninitialize the playback system.
playByteUninit();

11 Uninitialize the recording system.
recordByteUninit();

else

printf( "ERROR : I/O port initialization failed.\n" );
}

}
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Description Initializes hardware for output to any Covox device using the playByte function.

Protolype WORD playByteInit( WORD portOut, BYTE playbackRate^ BOOL
disableTimerFlagj BOOL trebleFlag );

Parameters portOut This WORD value designates which DAC port to use for
playback. If the value ofportOut is not one of the Covox logical
port values shown below, it represents the physical port ad
dress of the DAC.

The Covox logical port numbers are:

.CV}LVMO

_CVX_VM1

.CVX_VM2

.CVX_VM3

.CVXJLFTl

_CVXJLPT2

_CV5LLPT3

_CVX.ISP

See Appendix C for port value descriptions.

playbackRate A BYTE value between 0 and 229, indicating the rate at which
playByte will synchronize output. This value is ignored if
disableTimerFlag is _TRUE.

If playbackRate is larger then 229, it is set to 229.

See Appendix B for rate value descriptions.

disableTimer- A flag which, if _TRUE, indicates that the timer is to be used
Flag to synchronize output for the playByte function. If _FALSE,

each byte will be output to the hardware device as soon as
playByte is called.

Remarks

Return Value

trebleFlag A flag which, if _TRUE, indicates that the output is to be dif
ferentiated. If _FALSE, there is no differentiation.

Differentiation is used to achieve the effects of a high-pass
filter, which enhances the upper frequencies of the digitized
sound.

This function is used to initialize the hardware for output. Output is performed
one byte at a time using the playByte function. The playByteUninit function
must be called when all sound output is complete.

This function returns the physical port address. If the port is not found, (eg.,
LPT not supported or Sound Master 11 not installed), the function returns a 0.
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Example

See playByte.
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Description Resets the hardware and software after calling playBytelnlt.

Prototype WORD playByteUnlnit( VOID);

Parameters None.

Remarks This function is used to reset the hardware and software after an playBytelnlt
has been called. This function is to be called after you are done using the play-
Byte function.

Return Value The WORD value returned is either 0 if successful or 1 if unsuccessful.

Example

See playByte.
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Description Inputs one byte from the device specifred in recordBytelnit

Prototype BYTE recordByte( VOID );

Parameters None.

Remarks This frmction inputs one byte from the device specified using the recordBytelnit
fimction. If the timer was enabled when recordBytelnit was called then this
procedure polls timer 2 before reading the byte.

Return Value The byte input from the selected ADC.

Example

See playByte.
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Description Initializes hardware for recording with the recordByte function.

Prototype WORD recordByteInit( WORD portln, WORD recordRate, BOOL
disableTimerFlag );

Parameters portln

recordRate

This WORD value designates which ADC port to use for
recording. If the value of portln is not one of the Covox logical
port values shown below, it represents the physical port ad
dress of the ADC.

The Covox logical port numbers are:

.CVX-VMO

_cvx:.vMi

_CVXL.VM2

_CVXLVM3

_CVX-LPT1

_CVX_LPT2

_CVXJLP13

A BYTE value from 0 to 209, indicating the rate at which
recordByte will synchronize input. This value is ignored if
disableTimerFlag is _TRUE.

If recordRate is larger then 209, it is set to 209.

See Appendix B for rate value descriptions.

Remarks

disableTimer- A flag which, if _TRUE, indicates that the timer is to be used
Flag to synchronize input for the recordByte function. If _FALSE,

each byte will be input from the hardware device as soon as
recordByte is called.

This function is used to initialize the hardware for recording. The input will be
performed a byte at a time using the function recordByte. The function record-
ByteUninit must be called when sound input is complete.

Return Value This function returns the physical port number; if the port was not found, (e.g.
LPT port not installed), the function returns 0.

Example

See playByte.
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Description Resets the hardware and software after calling recordBytelnit.

Prototype WORD recordByteUninit( VOID );

Parameters None.

Remarks This function is used to reset the hardware and software after an recordBytelnit
has been called. This function is to be called after you are done using the record-
Byte function.

Return Value The WORD value returned is either 0 if successful or 1 if unsuccessful.

Example

See playByte.
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Error Cod^: Non-DIUlA Fitncliotm

_ERROILNONE

No errors.

j:rroilport_init^failed

Unable to find the specified port.

_ERR0IL.INVALID_BUFFEILS1ZE

The size of the specified buffer was found to be less than the minimum accept
able value.

JERROIL.INVALIDJFORMAT

The buffer format does not correspond to the function called.

JERROR^PLAY8_BUSY

The playS function is already active.
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Buffer Pack And Unpack Functions

Structure

_CONVERT_DATA

High-Level Functions

packFirst

packNext

unpackFirst

unpackNext

The functions in this chapter are used to pack and unpack sound data. The structure
_CONVERT_DATA needs to be appropriately initialized for use of the pack/unpack
functions.

The functions packFirst and packNext can be used to compress 8 bit PCM (Pulse Coded
Modulation) sound data to one of the available Covox ADPCM formats.

The functions unpackFirst and unpackNext can be used to unpack any of the Covox
ADPCM formats to 8 bit PCM.
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_CONVERT_DATA

Description

Structure

A typedef structure used by the packing and unpacking routines. This structure
must be properly initialized before calling any of the pack/unpack functions.

typedef struct _tagConvertDataStruct

{
sourcePointer;

sourceLength;

sourceUsed;

destinationPointer;

destinationLength;
destinationFilled;

buf ferFormat;

sampleRate;

silenceRange;
trebleFlag;

noiseFlag;

LPSTR

LONG

LONG

LPSTR

LONG

LONG

WORD

BYTE

WORD

BOOL

BOOL

} _CONVERT_DATA;

Structure
Elements

sourcePointer A far pointer (LPSTR) to the location of the 8 bit PCM sound
buffer when packing, or of the packed sound buffer when un
packing.

sourceLength A LONG value specifying the number of bytes in the buffer
pointed to hy sourcePointer.

sourceUsed Returned in this LONG variable is the number of bytes in the
buffer pointed to hy sourcePointer that have been converted.

When unpacking sound data, if the value oisourceUsed is less
than the value of sourceLengfh, there are still bytes remaining
to be unpacked in the buffer pointed to hy sourcePointer.

destination- A far pointer (LPSTR) to the location of the buffer to be pack-
Pointer ed or unpacked into.

destination- A LONG value indicating the number of bytes in the buffer
Length pointed to by destinationPointer.

destination- Returned in this LONG variable is the number of bytes in the
Filled buffer pointed to by destinationPointer that have been filled

with converted sound data.

bufferFormat A WORD value that indicates the format of the buffer that is
being packed to or unpacked from.
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The possible values for bufferFormat are the following:

_FORMAT^V8

_FORMAT.V2S

_FORMAT^V3S

_FORMAT_V4S

_FORMAT_V8S

See Appendix B for buffer format descriptions.

sampleRate This BYTE value corresponds to the recordRate and playback-
Rate parameters of the record and play functions, respective
ly. It can be a value from 0 to 229.

If sampleRate is 0, the value in the source header is used to
determine the sampling rate of the destination buffer. If the
source header value is 0 or not present, the default value of
132 (9622 Hz) is used.

\isampleRate (or the rate specified in the header) is non-zero,
that value is placed in the destination header; if it is larger than
229, a value of 229 (44,191 Hz) is used.

See Appendix B for rate value descriptions.

silenceRange A WORD value that determines the range of sampled values
that are to be encoded as silence. Note that all ranges center
around 0x80, as this value represents actual silence. The value
passed represents the following hexadecimal ranges:

_SILENCE_0

_SILENCE_1

_SILENCEJ

.SILENCER

.SILENCE_4

_SILENCE_5

See CVXDIGLH in Appendix A for silence range descriptions.

trebleFlag A flag which, if _TRUE, indicates that the output is to be dif
ferentiated upon playback. If _FALSE, there is no differentia
tion performed.

Differentiation is used to achieve the effects of a high-pass
filter, which enhances the upper frequencies of the digitized
sound.

noiseFlag A flag which, if _TRUE, indicates that computer generated
noise is to be output during silence periods. If ̂ FALSE,
silence periods are played back as dead silence.
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Description Convert an 8 bit PCM sound buffer to a packed ADPCM format.

Prototype WORD packFirst( (_CONVERT_DATA far ♦) convert);

WORD packNext((_CONVERT_DATA far ♦) convert);

Parameters convert See the _CONVERT-.DATA description for information on
this structure.

Remarks The packFirst and packNext functions are used to convert an 8 bit PCM sound
buffer to a packed format.

The packFirst function is called before packNext to create the destination
header, set the necessary parameters and start the packing process. The pack-
Next function is called after packFirst or another packNext to continue the
packing process. Packing is finished when there is no more source data to be
packed.

The packFirst and packNext functions are useful in a circular buffer scheme,
like DMA recording and long file conversion.

When using packFirst the following _CONVERT_DATA parameters must be
initialized:

sourcePointer

sourceLengfh

destinationPointer

destinationLength

sampleRate

bujferFormat

silenceRange

When using packNext the following _CONVERT_DATA parameters must be
initialized:

sourcePointer

sourceLengfh

destinationPointer

destinationLength

Note: destinationPointer andsourcePointer are not changed by calls to packFirst
or packNext and only need to be initialized once.

Return Value Both the packFirst and the packNext functions return 0 if packing is successful;
a non-zero value if unsuccessful. If either function returns 0, sourceUsed con
tains the number of source bytes already packed by that function and
destinationPilled contains the number of bytes placed in the destination buffer.
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Example

11 PACKS.C
11 This program reads 8 bit PCM sound data from a file.
// The 8 bit sound data is converted to 3 bit with silence
// encoding using the packFirst and packNext routines.

'  // The 3 bit data is then written to a new file.
//
// The 2 buffers that are used in this program are allocated
// using _dos_allocmem. The size of both buffers is set to 32K.

#include <stdio.h>
#include <bios.h>
linclude <dos.h>
tinclude <errno.h>
iinclude <fcntl.h>
iinclude "cvxdigi.h"

♦define _BUFFER_SIZE 0x8000
♦define _PCM_FILE "TESTl.V8"
♦define _3_BIT_FILE "TEST1.V3S"

VOID main( VOID )

LONG recordedLength;
HANDLE pcmFileHandle;
HANDLE packedFileHandle;
WORD bytesWritten;
WORD bytesRead;

_CONVERT_DATA cnvrtData;
WORD pcmsegment;
LPSTR pcmBuf f er;
WORD convers ionSegment;
LPSTR convers ionBuf fer;

// Allocate memory for buffers used to read 8 bit PCM
// data from file.
if( ( _dos_allocmem( ( WORD )( ( _BUFFER_SIZE / 16 ) + 1 ),

&pcmsegment ) ) )

printf( "ERROR : Cannot allocate memory for PCM bufferl\n"
exit< 0 );

else

// Pack requires a far pointer (LPSTR)
FP_SEG( pcxnBuffer ) = pcmSegment;
FP_OFF( pcmBuffer ) = 0x0000;

}

// Allocate memo^ for buffer used for packing 8 bit PCM to
// 3 bit ADPCM with silence encoding.

if( _dos__allocmem( ( WORD )( ( _BUFFER_SIZE / 16 ) + 1 ),
&conversionSegment ) )

printf( "ERROR : Cannot allocate memory for PCM buffer l\n"
exit( 0 );

else
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// pack requires a far pointer (LPSTR)
FP_SEG( conversionBuffer ) = conversionSegment;
FP_OFF( conversionBuffer ) = 0x0000;

}

// Open a file containg 8 bit PCM data.
if( _dos__open( __PCM_FIIiE, 0_RDONLY, fipcmFileHandle ) )

printf( "ERROR : %s not found.\n", __PCM_FILE );
else

// Read header information from file.
_dos_read( pcmFileHandle, pcmBuffer, ( WORD )_HEADER_LENGTH,

&bytesRead );

// Point _CONVERT_DATA element to same location that will contain
// 8 bit PCM data read from __PCM_FILE
cnvrtData.sourcePointer = ( LPSTR )pcmBuffer;

// Point _CONVERT_DATA structure element to same location as
// conversionBuffer. This buffer will contain the data
// that has been packed.
cnvrtData.destinationPointer = ( LPVOID )conversionBuffer;

// Open a new file to write 3 bit sound data.
if( __dos_creat( _3_BIT__FILE, _A_NORMAL, &packedFileHandle ) )

printf( "ERROR : Cannot create file %s.\n", _3_BIT_FILE );
else

// Put header information into structure for call
//to packFirst.
cnvrtData.sampleRate = ( PBYTE )( pcmBuffer +

_HEADER_RATE_OFFSET ); ^ -
cnvrtData.bufferFormat = _F0RMAT_V3S;
cnvrtData. s ilenceRange = JTRUE;
cnvrtData. sourceLength = ( LONG )_HEADER_LENGTH;
cnvrtData.destinationLength = ( LONG )_HEADER_LENGTH;

// Features not needed during pack.
cnvrtData.trebleFlag = 0;
cnvrtData.noiseFlag = 0;

// Call the function to set up the sound file header.
if( packFirst( ( _CONVERT_DATA far * )&cnvrtData ) )

printf( "ERROR : Function packFirst failed.\n" );
else

^  // write the 16 bit header returned by packFirst()
//to file.
_dos_write( packedFileHandle, cnvrtData.destinationPointer,

( WORD )_HEADER_LENGTH, &bytesWritten );

// Increment pcmBuffer past the 16 byte header
pcmBuffer = pcmBuffer + ( WORD )_HEADER_LENGTH;

// Setup loop to process contents of pcmBuffer
while ( !eof( pcitiFileHandle ) )

^  // Read 8 bit PCM data from file.
_dos_read( pcmFileHandle, pcmBuffer, __BUFFER_SIZE,

&bytesRead );

// Put information into _CONVERT_DATA structure for
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// packNext.
cnvrtData. sourceLength = bytesRead;
cnvrtData.destinationLength = _BUFFER_J5IZE;

11 Call the function to set up the next buffer.
if( packNext ( ( _CONVERT_pATA far * )&cnvrtData ) )

printf( "ERROR : Data packing failure.\n" );
else

_dos_write( packedFileHandle,
cnvrtData.destinationPointer,
( WORD )cnvrtData.destinationFilled,
&bytesWritten );

// Close files.
_dos_close( pcmFileHandle );
_dos_close( packedFileHandle );

}

// Free memory used for 3 bit sound data.
if( _dos_freemem( conversionSegment ) )

printf ( "ERROR : Cannot free memory for ADPCM bufferl\n" );

// Free memory used by 8 bit PCM buffer.
if( _dos_freemem( pcmsegment ) )

printf ( "ERROR : cannot free memory for PCM buffer !\n" );
}
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Description Convert a packed ADPCM sound buffer to an 8 bit PCM format.

Prototype WORD unpackFlrst( (_CONVERT_DATA far ♦) convert)

WORD unpackNext( (_CONVERT_DATA far ♦ ) convert);

Parameters convert See the _CONVERT_DATA description for information on
this structure.

Remarks The unpackFirst and unpackNext functions are used to convert a packed sound
buffer to a standard 8 bit PCM format.

The unpackFirst function is called before unpackNext to create the Covox 16-
byte header, set the parameters and start the unpacking process. The unpack-
Next function is called after unpackFirst or another unpackNext to continue
the unpacking process. Continue using the function unpackNext on source data
left over from previous unpack calls to unpack the rest of the data.

These functions are useful in a circular buffer scheme, like DMA playback and
long file conversion.

When using unpackFirst the following _CONVERT_DATA parameters must
be initialized:

sourcePointer

sourceLength

destinationPointer

destinationLength

sampleRate

bufferformat

trebleFlag

noiseFlag

When using unpackNext the following .CONVERT_DATA parameters must
be initialized:

sourcePointer

sourceLengfh

destinationPointer

destinationLength

Note: destinationPointer and sourcePointer are not changed by calls to unpack-
First or unpackNext and only need to be initialized once.

Return Value Both the unpackFirst and unpackNext functions return 0 if unpacking is suc
cessful; a non-zero value indicates that an error occurred in the values passed
to the function. If the function returns 0, the number of source bytes already
unpacked by the function is stored in sourceUsed and the number of bytes placed
in the destination buffer is stored in destinationFilled.
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Example

11 UNPACK3S.C
11 This program reads 3 bit sovind data from a file.
// The 3 bit sound data is converted to 8 bit PCM encoding
// using the unpackFirst and unpackNext routines.
// The 8 bit PCM data is then written to a new file.

// The 2 buffers that are used in this program cure allocated
// using _dos_allocmem. The size of both buffers is set to 32K.

iinclude
finclude
iinclude
iinclude
iinclude
iinclude

<stdio.h>
<bios.h>
<dos.h>
<errno.h>
<fcntl.h>
"cvxdigi.h"

idefine _BUFFER_SIZE
idefine _PCM_FILE
idefine _3_BIT_FILE

0x8000
"TEST1.V8"
"TEST1.V3S"

VOID main( VOID )
{

LONG

HANDLE

HANDLE

WORD

WORD

__CONVERT_DATA
WORD

LPSTR

WORD

LPSTR

WORD

• WORD

BOOL

recordedLength;
v3sFileHandie;
EcmFileHandle;
ytesWritten;

bytesRead;

cnvrtData;
v3sSegment;
v3sBuffer;
convers ionSegment;
convers ionBuf fer;
i r
sourceSize
exitFlag

= 0;
= _FALSE;

// Allocate memory for buffers used to read 3 bit
// data from file.
if( ( _dos_allocmem( ( WORD )( ( _BUFFER_SIZE / 16 ) + 1 ),

&v3ssegment ) ) )

^  printf( "ERROR : Cannot allocate memory for v3s buffer l\n" );
exitFlag = JTRUE;

else

^  // unpack requires a far pointer (LPSTR)
FP_SEG( v3sBuffer ) = v3sSegment;
FP_OFF( v3sBuffer ) = 0x0000;

}

// Allocate memory for buffer used for unpacking 3 bit data with
// silence encoding to 8 bit PCM.

if( _dos_allocmem( ( WORD )( ( _BUFFER_SIZE / 16 ) + 1 ),
&conversionSegment ) )

^  printf( "ERROR : Cannot allocate memory for ADPCM buffer I \n" );
exitFlag = JTRUE;
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else

{
// unpack requires a far pointer (LPSTR)
FP_SEG( conversionBuffer ) = conversionSegment;
FP_OFF( conversionBuffer ) = 0x0000;

// Open file containg 3 bit data.
if( _dos_open( _3_BIT_FILE, 0_RDONLY, &v3sFileHandle ) )

printf( "ERROR : %s not found. \n'% __3_BITJF'ILE );
exitFlag = _TRUE;

else
// Read header information from file.
__dos_read( v3sFileHandle^ v3sBuffer, ( WORD )_HEADER_LENGTH,

&bytesRead );

// Point __CONVERT_DATA structure element to same location as
// conversionBuffer. This buffer will contain the unpacked data
cnvrtData.destinationPointer = ( LPVOID )conversionBuffer;

// Point _CONVERT^DATA Structure element to same location as
// buffer containing 3 bit data.
cnvrtData.sourcePointer = ( LPVOID )v3sBuffer;

// Open a new file to write 8 bit sound data.
if( _dos_creat( __PCM_FILE, _A_NORWAL, &pcmFileHandle ) )

printf( "ERROR : Cannot create file %s.\n", _PCM_FILE );
exitFlag = _TRUE; ^ ^

}

if( 1exitFlag )

// Put header information into structure for call
//to unpackFirst.
cnvrtData.sampleRate = ( PBYTE )( v3sBuffer +

_HEADER__RATE_OFFSET );
cnvrtData. bufferFormat = _FORMAT_y3S;
cnvrtData.trebleFlag = _FALSE;
cnvrtData. noiseFlag = _TRUE;

cnvrtData.destinationLength = ( LONG )_HEADER_LENGTH;
cnvrtData.sourceLength = ( LONG )_HEADER__LENGTH;

// Features not needed during unpack.
cnvrtData.silenceRange = 0;

// Make call to unpack first 16 bytes of 3 bit buffer,
if ( unpackFirst ( ( _jCONVERT_DATA far * )&cnvrtData ) )

printf( "ERROR : Function unpackFirst failed.\n" );
exitFlag = _TRUE;

// Write the 16 bit header returned by unpackFirst()
// to file.
_dos_write( pcmFileHandle^ cnvrtData.destinationPointer^

( WORD )_HEADER_LENGTH, &bytesWritten );
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// Increment vSsBuffer past the 16 byte header
vSsBuffer = v3sBuffer + ( WORD )_HEADER_LENGTH;

// Setup loop to process contents of v3sBuffer.
do

// Read 3 bit data from file.
_dos_read( v3sFileHandle, ( LPVOID )( ( ( LONG )cnvrt-

Data.sourcePointer ) + sourceSize ),
( _BUFFER__SIZE - sourceSize ), fibytesRead );

// Calculate the amount of 3 bit data we have left
//to unpack in the current buffer.
sourceSize = sourceSize + bytesRead;

// Put information into _CONVERT_DATA structure for
// unpackNext.
cnvrtData.sourceLength = ( LONG )sourceSize;
cnvrtData.destinationLength = ( LONG )_BUFFER_SIZE;

// Call function to unpack a buffer of 3 bit data.
if( unpackNext ( ( _CONVERT_DATA far * )&cnvrtData ) )

^  printf( "ERROR : Data unpacking failure.\n" );
exitFlag = _TRUE;

else
__dos_write ( pcmFileHandle,

cnvrtData.destinationPointer,
_  ( WORD )cnvrtData.destinationFilled^

&bytesWritten );

// Move left over source data to the beginning of the
// conversion buffer.
sourceSize = sourceSize - ( WORD )cnvrtData.sourceUsed;

for( i = 0; i < sourceSize; i++ )
*( cnvrtData.sourcePointer + i ) =

*( cnvrtData.sourcePointer +
cnvrtData.sourceUsed + i );

// Check to see if we are done unpacking.
if( ( sourceSize < 16 ) && eof( v3sFileHandle ) )

exitFlag = JTRUE;

}

} while( 1exitFlag );

// Close files.
_dos_close( v3sFileHandle );
_dos_close( pcmFileHandle );

}

// Free memory used for 3 bit sound data.
if( __dos_freemem( conversionsegment ) )

printf( "ERROR : Cannot free memoryI\n" );

11 Free memory used by 8 bit PCM buffer.
if( __dos_freemem( v3sSegment ) )

printf ( "ERROR : Cannot free meitrary used for PCM buffer I \n" );

Chapter 2 49



50 Chapter 2



DMA Record And Play Functions

High Level Routines

dmaFlushQueue

dmalnit

dmaNumberlnQueue

Low Level Routines

dmaBytesRemaining

dmaGetChannel

dmaGetPort

dmaGetlrqNumber

dmaPlay

dmaRecord

dmaUninit

dmaPause

dmaPortDetect

dmaSetRate

dmaUnpause

The library functions in this chapter utilize a FIFO (First In, First Out) queue for record
ing and playing buffers of sound data under DMA. This queue can hold a maximum of
4 requests.

The function dmalnit installs the interrupt handler to manage the interrupts fired when
DMA reaches a page boundary or the end of a buffer, dmalnit also initializes the FIFO
queue data structure and all related pointers. The interrupt handler and the queue
manipulation routines are referred to as the DMA sub-system.

A request is placed into the queue by the functions dmaPlay and dmaRecord.

The function dmaNumberlnQueue is used to determine the number of requests in the
DMA queue. The queue can hold a maximum of four requests. The function dmaFlush
Queue removes all pending DMA I/O requests from the queue.

The function dmaBytesRemaining can be utilized when DMA is stopped before a buffer
is completely played or recorded.
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The flag .dmalnProgressFlag is _TRUE when DMA is performing I/O.

The functions dmaPause and dmaUnpause disable and enable the DMA controller on
the motherboard, effectively starting and stopping DMA without completely removing
the DMA sub-system.

A call to dmaUninit will completely remove the DMA sub-system.

The following variables are available for use by those applications using the functions in
this chapter.

BYTE .dmalnProgressFlag: This flag, if _TRUE, indicates that a DMA operation is
currently running. .dmalnProgressFlag can be monitored to tell when DMA recording
or playback is flnished.

BYTE .dmaDevice: This variable, if .TRUE, indicates that DMA has been initialized to
use the Voice Master or Sound Master II. If the value of .dmaDevice is JFALSE, DMA
has not been initialized.
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Description Clears the Play and Record Queue and stops the present DMA operation.

Prototype WORD dmaFIushQueue( VOID );

Parameters None.

Remarks The dmaRecord and dmaPlay routines use a FIFO queue to store pending
record and play requests. This function clears the queue and stops the present
DMA operation.

Return Value If successful, dmaFlushQueue returns a value of _ERRORJ^ONE. The pos
sible return values are:

j:rrorj^one

_ERRORJ)MAJ40TJNITIALIZED

See the last page of the chapter for error code descriptions.

Example

See dmaRecord and dmaPiay.
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Description Initializes Covox hardware and software for DMA.

Proto^pe WORD dmalnitf WORD portJumpery WORD dmaChannel^
WORD irqNumber^ WORD *portAddress);

Parameters portJumper Port address jumper setting. Search for DMA-capable
devices (i.e VM or SMII) set to this port address.

_AUTODETECT

_CV5LVM0

_CVX.VM1

.CVXLVM2

_CVXL.VM3

See Appendix C for port value descriptions.

dmaChannel DMA channels searched to find active channel.

JiUTODETECT

_DMA-CHANNELl.1

.DMA^CHANNELu3

See Appendix C for DMA channel value descriptions.

irqNumber IRQ numbers searched to find active IRQ line.

JiUTODETECT

JRQJ
JRQ-J

JRQ-.4

JRQ^
JRQ-7

See Appendix C for IRQ value descriptions.

portAddress A pointer to a WORD, representing the physical port address
(0x220,0x240,0x280 or 0x2C0) detected by dmalnit.

Remarks This function finds which, if any, Covox DMA-capable hardware is installed. It
detects the jumper settings for the port address, DMA channel and IRQ num
ber, then initializes the hardware and software for DMA I/O.

Return Value If successful, dmalnit returns a value of JlRRORJhIONE, The possible return
values are:

j:rrorj^one

j:RRORJ>MA_ALREADYJNrnALIZED

j:rrorj>maj>etectjfailed

See the end of the chapter for error code descriptions.
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Example

See dmaRecord and dmaPlay.

Chapter 3 55



dmaNumberinQueue

Description Returns the number of DMA I/O requests in the Play and Record Queue.

Prototype WORD dmaNumberInQueue( VOID);

Parameters None.

Remarks The dmaRecord and dmaPlay routines use a FIFO queue to store DMA I/O
requests. A request is not removed from the queue until it is fully processed.

Return Value The number of DMA I/O requests in the Play and Record Queue.

Example

See dmaRecord and dmaPlay.
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Description

Prototype

Remarks

Plays 8 bit PCM data in the background using DMA.

WORD dmaPlay( LPSTR bufferStart, LONG bufferSize,
BYTE playbackRate^ WORD repeatCount);

Parameters bufferStart

bufferSize

playbackRate

repeatCount

A far pointer (LPSTR) to a buffer within the first 1 MB of
system memory. This buffer will temporarily hold the sound
data while recording under DMA.

Length (in bytes) of the buffer pointed to by bujferStart.

A BYTE value from 0 to 229, indicating the sampling rate at
which to play back the sound buffer.

IfplaybackRate is 0, the default value of 132 (9622 Hz) is used.
If playbackRate is larger then 229, it is set to 229 (44,191 Hz).

See Appendix B for rate value descriptions.

Number of times to play back the data buffer. If repeatCount
is set to -1 (OxFFFF), the buffer is repeated indefinitely.

This function places a DMA playback request in the DMA queue and, if no
- other requests are in the queue, starts playing 8 bit PCM data in the background
using DMA. If other requests are in the queue, dmaPlay first waits until they
are complete, then sets the .dmalnProgressFlag flag (a BYTE) to 0 and ac
tivates interrupt 0x15 with register AX = 0x91F0 (A device post command with
device set to OxFO).

Return Value If successful, dmaPlay returns a value of JERROR_NONE. The possible return
values are:

_ERROR_NONE

_ERROR_DMA_NOTJNITIALIZED

JERRORJQUEUEJFULL

See the last page of the chapter for a description of error codes.
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Example

11 DMAPLAY.C
11 This program reads 8 bit PCM sound data from a file.
11 The 8 bit sound data is then played back using DMA.
//
II The buffers that are used in this program are allocated
11 using __dos_allocmem. Each buffer is set to 16K.

#include <stdio.h>
#include <bios.h>
linclude <dos.h>
#include <errno.h>
iinclude <fcntl.h>
#include "cvxdigi.h"

#define _BUFFER_SIZE 0x4000 // Size of each DMA buffer.
#define _BUFFER_COUNT 4 // Number of DMA buffers.
#define _PCM_FILE -TEST1.V8" // File containing sound data.

extern _dmalnProgressFlag;
extern _dmaDevice;

VOID main( VOID )
{

HANDLE pcmFileHandle;
WORD pcmSegment[ _BUFFER_jCOUNT ];
LPSTR pcmBuffer[ _BUFFER_COUNT ];
WORD bytesRead;
WORD portAddress;
BYTE dmaRate; 1^^
WORD phase =0;
WORD repeatcount =1;
WORD initError;
WORD i;

11 Allocate memory for buffers used to read 8 bit PCM
// data from file.
for( i = 0; i < __BUFFER_C0UNT; i++ )
{

if( ( _dos_allocmem( ( WORD )( ( _BUFFER_SIZE / 16 ) + 1 ),
&pcmSegment[ i ] ) ) )

printf( "ERROR : Cannot allocate memoryI\n" );
exit( 0 );

else

// dmaPlayO requires a far pointer (LPSTR)
FP_SEG( pcmBuffer[ i ] ) = pcmiSegment[ i ];
FP_pFF( pcmBuffer[ i ] ) = 0x0000;

}
}

// Initialize DMA. Setting each parameter to _AUTODETECT
II causes dmalnit to perform a search for the Port,
11 DMA channel, and IRQ setting respectively.
initError = dmalnit ( _AOTODETECT, _AUTODETECT, _AUTODETECT,

&portAddress );

// If the variable _dmaDevice equals 0 then the DMA
// sub-system was not initialized correctly.
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if( _dinaDevice = 0 )

printf( "ERROR = %d : dmalnit failed\n", initError );
else

// Open a file containing 8 bit PCM data.
if( _dos_ppen( ̂ jPCMJFILE, O RDONLY, &pcinFileHcUidle ) )

^  printf ( "ERROR : %s not loundAn", JPCMJFILE );
else

// Get header information^ if it exists, from file.
_dos_read( pcmFileHandle, ( LPVOID )pcinBuffer[ phase ],

( WORD )_HEADERJLENGTH, fibytesRead );

// Get rate from header.
dmaRate = pcmBuffer[ phase ][ _HEADER_RATE_OFFSET ];

// Loop here until we have queued the entire file,
do

// Fill buffer with sound data.
__dos_read( pcmFileHandle, ( LPVOID )pcmBuffer[ phase ],

( WORD )_BUFFER_SIZE, fibytesRead );

// Insert buffer into DMA queue.
dmaPlay( ( LPSTR )pcmBuffer[ phase ], ( LONG )bytesRead,

dmaRate, repeatCount );

// Toggle phase so next buffer is accessed.
if( phase == ( _BUFFER_COUNT - 1 ) )

_  phase = 0;
else

phase++;

// Loop until a spot in the queue opens up.
while( dmaNimberlnQueue() == _BUFFER_COUNT );

} while( leof( pcmFileHandle ) );

}

// Loop until DMA has completed,
while( _dmaInProgressFlag );

}

}

// Clecu: all requests from the Play and Record Queue,
if( dmaFlushQueue() )

printf( "DMA uninit failure : could not flush queue.\n" );

// Uninitialize the DMA system,
if( dmaUninit() )

printf( "DMA uninit failure.\n" );

// Close the sound file.
__dos_close( pcmFileHandle );

// Free memory used by 8 bit PCM buffer.
for( i = ( _BUFFER_COUNT - 1 ); i 1= -1; i— )

^  if( _dos freemem( pcmSegment[ i ] ) )
print"? ( "ERROR : Cannot free memory I \n" );

>
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Description Records 8 bit PCM data in the background using DMA.

Prototype WORD dmaRecord( LPSTR bufferStart^ LONG bufferSize,
BYTE recordRate);

Parameters bufferStart A far pointer (LPSTR) to a buffer within the first 1 MB of
system memory. This buffer will temporarily hold the sound
data while recording under DMA.

bufferSize Length (in bytes) of the buffer pointed to by bufferStart.

recordRate A BYTE value from 0 to 209, indicating the sampling rate at
which to record the sound buffer.

If recordRate is 0, the default value of 132 (9622 Hz) is used.
If recordRate is larger then 209, it is set to 209 (25,386 Hz).

See Appendix B for rate value descriptions.

Remarks This function places a DMA record request in the DMA queue and, if no other
requests are in the queue, starts recording 8 bit PCM data in the background
using DMA. If other requests are in the queue, dmaRecord first waits until they
are complete, then sets the _dmaInProgressFlag flag (a BYTE) to 0 and ac
tivates interrupt 0x15 with register AX = Ox91FO (A device post command with
device set to OxFO).

Return Value If successful, dmaRecord returns a value of JSRROR_NONE. The possible
return values are:

JERROR_NONE

j:rrorjdma_notjnitialized

JSRRORJQUEUEJFULL

See the last page of the chapter for error code descriptions.

Example

// DMAREC.C
// This program records using DMA. Four buffers are gueued for
// DMA recording. After each buffer has completed being recorded
// it is written to a file.
//
// The buffers that are used in this program are allocated
// using _dos_allocmem. Each buffer is set to 32K.

finclude <stdio.h>
#include <bios.h>
#include <dos.h>
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tinclude <errno.h>
linclude <fcntl.h>
iinclude "cvxdigi.h"

idefine _BUFFER_SIZE 0x8000 // Size of each DMA buffer.
—  idefine _BUFFER__COUNT 4 // Number of DMA buffers.

idefine _PCM_FILE "TESTl.VB" // File for recorded data.

BYTE CVXHeader[] = { OxFF^0x55^OxFF,OxAA,OXFF,0x55,OxFF^OxAA,
0x00,0x00,0x00,0x00,0x00,0x00,0x00,0x00 };

extern _dmaInProgressFlag;
extern _dmaDevice;

VOID main( void )

^  HANDLE pcmFileHandle;
WORD pcmSegment[ _BUFFER_COUNT ];
LPSTR pcinBuffer[ _BUFFER_COUNT ];
WORD portAddress;
WORD bytesWritten;
WORD phase;
WORD initError;
WORD i;
// Allocate memory for buffers used to record 8 bit PCM.
for( i = 0; i < _BUFFERjCOUNT; i++ )

^  if( ( _dos_allocmem( ( WORD )( ( _BUFFER_SIZE / 16 ) + 1 ),
&pcmsegment[ i ] ) ) )

printf( "ERROR : Cauinot allocate memory!\n" );
exit( 0 );

else

// dmeUlecord() requires a far pointer (LPSTR)
FP_SEG( pcmBuffer[ i ] ) = pcmSegment [ i ];
FP_OFF( pcmBuffer[ i ] ) = 0x0000;

}

// Initialize DMA. Setting each parameter to _AOTODETECT
// causes dmalnit to perform a search for the Port,
// DMA channel, and IRQ setting respectively.
initError = dmalnit ( _AUTODETECT, _AUTODETECT, _AUTODETECT,

&portAddress );

//If the variable _dmaDevice equals 0 then the DMA
// sub-system was not initialize correctly.
if( _dmaDevice = 0 )

printf( "ERROR = %d : dmalnit failed\n", initError );
else

// Create file for recorded 8 bit PCM data.
if( _dos_creat( _PCM_FILE, _A_NORMAL, &pcmFileHandle ) )

printf( "ERROR : Cannot create %s.\n", _PCM_FILE );
else

// Put rate and format into header.
CVXHeader[ __HEADER_RATE_PFFSET ] = _CVX_RATE_DEFAULT;
CVXHeader[ JE!EADERJFORMAT_jOFFSET ] = _FORMATJV8;
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11 write header information to file.
_dosjwrite( pcmFileHandle, cvxHeader,

( WORD )_HEADERJLENGTH, &bytesWritten );

// Queue all buffers for recording.
for( i = ( _BUFFER_COUNT - 1 ); i 1= -1; i— )

dmaRecord( pcmBuffer[ i ]/ < LONG )_BUFFER__SIZE,
( WORD )JCVX_RATE_PEFAULT );

11 The variable 'phase' will indicate when a buffer has
11 been filled with recorded sound data. One is subtracted
11 from phase so that when a buffer is finished, phase
11 will equal the return value of dmaNumberlnQueue.
phase = jBUFFER_jcouNT - 1;

11 Loop here until there are no more buffers left
//in queue,
do

^  // Loop until a spot in the queue opens up.
while( dmaNumberlnQueue() > phase );

// write recorded buffer to file.
_jdos_write( pcmFileHandle, pcmBuffer[ phase ],

_BUFFER_SIZE, &bytesWritten );

// Decrement phase so that we can tell when the
// next buffer has been recorded,
phase—;

} while( phase > 0 );

//At this point the last buffer is being recorded,
while( _dmalnProgressFlag );

// write last recorded buffer to file.
_dos_write( pcmFileHandle, pcmBuffer[ phase ],

_BUFFERJ5IZE, fibytesWritten );
}

}

// clear all requests from the Play and Record Queue,
if ( dmaFlushQueue () )

printf( "DMA uninit failure : could not flush queue.\n" );

// Uninitialize the DMA system.
if( dmauninito )

printf( "DMA uninit failure.\n" );

// close the sound file.
_dos_close( pcmFileHandle );

// Free memory used by 8 bit PCM buffer.
for( i = ( _BUFFER_COUNT - 1 ); i 1= -1; i— )

^  if( _dos_freemem( pcmSegment[ i ] ) )
printf( "ERROR : Cannot free memory I \n" );

}
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Description Uninitializes the DMA sub-system.

Prototype WORD dmaUninit( VOID );

Parameters None.

Remarks This function uninitializes the DMA capabilities of a Covox sound board that
has been initialized with dmalnit. dmallninit must be called before exiting in
order to disable the hardware and restore the system back to its original state.

Return Value If successful, dmaUninit returns a value of JERROR_NONE. The possible
return values are:

JIRRORJ^ONE

_PMAJ>IOTJNITIALIZED

See the last page of the chapter for error code descriptions.

Example

See dmaRecord and dmaHay.
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Description Returns the number of bytes that have not been processed by the current DMA
request.

Prototype WORD dmaBytesRemaining( VOID);

Parameters None.

Remarks This function reads the DMA controller and returns the number of bytes that
have not been processed by the current DMA request.

Return Value The WORD value of the Count Register on the DMA controller.

Example

// DMACNT.C
// This program reads one buffer of 8 bit PCM sound data
// from a file. This buffer is played back under DMA.
// The results of the function dmaBytesRemaining () are printed
//to the screen immediately after dmaPlay() is called and
// again after DMA has completed.
//
// The buffers that are used in this program are allocated
// using _dos_allocmem. Each buffer is set to 32K.

#include <stdio.h>
#include <bios.h>
tinclude <dos.h>
iinclude <errno.h>
iinclude <fcntl.h>
#include "cvxdigi.h"

// size of DMA buffer.
// File containing sound data.

tdefine _BUFFER_SIZE 0x8000
tdefine _PCM_FILE "TEST1.V8"

extern _dmaInProgressFlag;
extern _dmaDevice;

VOID main( VOID )
{

HANDLE pcmFileHandle;
WORD pcmsegment;
LPSTR pcmBuf fer;
WORD bytesRead;
WORD portAddress;
BYTE dmaRate;
WORD dmaTempCount;
WORD repeatCount =1;
WORD init:Error;

// Allocate memory for buffer used to read 8 bit PCM
// data from file.
if( ( _dos_allocmem( ( WORD )( ( _BUFFER_SIZE / 16 ) + 1 ),

&pcmsegment ) ) )

printf( "ERROR : Cannot allocate memoryl\n" );
exit( 0 );
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}
else

// dmaPlayO requires a far pointer (LPSTR)
FP__SEG( pcmBuffer ) = pcmsegment;
FP_OFF( pcmBuffer ) = 0x0000;

}

// Initialize DMA. Setting each parameter to _AUTODETECT
// causes dmalnit to perform a search for the Port,
// DMA channel, and IRQ setting respectively.
initError = dmalnit( _AUTODETECT, _AUTODETECT, _AUTODETECT,

&portAddress );

// If the veuriable _dmaDevice equals 0 then the DMA
// sub-system was not initialized correctly.
if( _dmciDevice = 0 )

printf( "ERROR = %d : dmalnit failed\n", initError );
else

// Open a file containing 8 bit PCM data.
if( _dos_open( _PCM_FILE, OlRDONLY, &pcmFileHandle ) )

printf( "ERROR ; %s not found.\n", _PCM_FILE );
else

// Get header information, if it exists, from file.
_dos_read( pcmFileHandle, ( LPVOID )pcmBuffer,

_HEADER_LENGTH, fibytesRead );

// Get rate from header.
dmaRate = pcmBuffer [ _HEADER_RATE__OFFSET ];

// Fill buffer with sound data.
_dos_read( pcmFileHandle, ( LPVOID )pcmBuffer,

( WORD )_BUFFER_SIZE, &bytesRead );

// Insert buffer into DMA queue.
dmaPlay( ( LPSTR )pcmBuffer, ( LONG )bytesRead,

dmaRate, repeatCount );

// Loop until DMA has completed,
while( _dmaInProgressFlag );

>

printf( "dmaBytesRemainingO = %d\n", dmaBytesRemaining () );

// Clear all requests from the Play and Record Queue,
if ( dmaFlushQueue () )

printf( "DMA uninit failure : could not flush queue.\n" );

// Uninitialize the DMA sub-system.
if( dmauninito )

printf( "DMA uninit failure.\n" );

// close the sound file.
_dos_close( pcmFileHandle );

// Free memory used by 8 bit PCM buffer.
if( _dos__freemem( pcmsegment ) )

printf( "ERROR : Cannot free memoryI\n" );
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Description Retrieves information about the DMA channel the device is using.

Prototype WORD dmaGetChannel(WORD ♦ dmaChannel);

Parameters dmaChannel A pointer to a WORD variable, indicating the DMA Channel
that the Covox board is configured to. Possible values:

_DMA-CHANNEL_1

_DMA-CHANNEUJ3

Remarks

See Appendix C for DMA Channel value descriptions.

After DMA has been initialized with dmalnit, information about the DMA
channel the device is using can be retrieved with this function.

Return Value If successful, dmaGetChannel returns a value of JERROR_NONE. The pos
sible return values are:

_ERROR_NONE

j:RRORJ)MA_NOTJNrnALIZED

See the last page of the chapter for error code descriptions.

Exampie

// DMAGETCH.C
11 This program installs the DMA sub-system and calls
// the function dmaGetChannel to determine the channel
// setting of the Voice Master or Sound Master II.

#include <stdio.h>
linclude <dos.h>
iinclude "cvxdigi.h"

extern _dmaDevice;

VOID main( VOID )

WORD dmaChannel;
WORD initError;
WORD portAddress;

// Initialize DMA. Setting each parameter to _AUTODETECT
// causes dmalnit to perform a seeurch for the Port,
// DMA channel, and IRQ setting respectively.
initError = dmalnit ( __AUTODETECT, _AUTODETECT, __AUTODETECT,

&portAddress );

//If the variable _dmaDevice equals 0 then the DMA
// sub-system was not initialized correctly.
if( _dmaDevice = 0 )

printf( "ERROR = %d : dmalnit failed\n", initError );
else
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11 Call function to to get the DMA channel setting
//of the Voice Master or Sound Master II.
dmaGetChannel( &dmaChannel );

/M. // Display DMA channel to the screen.
printf( "DMA using channel %x\n**, dmaChannel

// uninitialize the DMA sub-system.
if( dmauninito )

printf( "DMA uninit fallure.\n" );
}

}

)?
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Description

Prototype

Parameters

Retrieves the device port address after initialization.

WORD dmaGetPort( WORD * dmaPort);

dmaPort A pointer to a WORD variable, indicating the port address
that the Covox board is configured to. Possible values:

.CV5LVM0

_CVX_VM1

jcvxjmi

jcvxjvm

Remarks

See Appendix C for port value descriptions.

After DMA has been initialized with dmalnit, information about device port
address can be retrieved with this function.

Return Value If successful, dmaGetPort returns a value of JSRRORJ^ONE. The possible
return values are:

JlRRORjsfONE

je:rrorj)maj^otjnitialized

See the last page of the chapter for error code descriptions.

Example

11 DMACTTP.C
11 This program installs the DNA siib-system and calls
// the function dmaGetPort to determine the jumper
// setting of the Voice Master or Sound Master II.

#include <stdio.h>
iinclude <dos.h>
linclude "cvxdigi.h"

extern _dmaDevice;

VOID main( VOID )

WORD dmaPort;
WORD initError;
WORD portAddress;

// Initialize DMA. Setting each parameter to _AUTODETECT
// causes dmalnit to perform a search for the Port,
// DMA channel, and IRQ setting respectively.
initError = dmalnit ( JMJTODETECT, _AUTODETECT, _AUTODETECT,

&portAddress );

// If the variable _dmaDevice equals 0 then the DMA
// sub-system was not initialized correctly.
if( _dmaDevice = 0 )

printf( "ERROR = %d : dmalnit failedXn", initError );
else
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// Call function to to get the device jumper setting
f/ of the Voice Master or Sound Master II.
dmaGetPort ( &dmaPort );

// Display DMA port to the screen.
printf( "DMA using port %x\n", dmaPort

// Uninitialize the DMA sub-system,
if( dmaUninit() )

printf( "DMA uninit failure.\n" );
}

>
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Description

Prototype

Parameters

Retrieves information about the IRQ channel the device is using.

WORD dmaGetIRQNumber( WORD ♦ dmalrqNumber );

dmalrq- A pointer to a WORD variable, indicating the IRQ channel
Number that the Covox board is configured to. Possible values:

JRQ-^
JRQJ
_IRQ-.4

_IRQ_5

JRQ-7

See Appendix C for IRQ value descriptions.

Remarks After DMA has been initialized with dmalnit, information about the IRQ chan
nel the device is using can be retrieved with this function.

Return Value If successful, dmaGetlrqNumber returns a value of J!RROR_NONE, The pos
sible return values are:

JSRRORJ^ONE

j:rrors>ma_notjnitialized

See the last page of the chapter for error code descriptiosns.

Example

11 DMAGETI.C
11 This program installs the DMA sub-system and calls
// the function dmaGetlRQNumber to determine the IRQ
// setting of the Voice Master or Sound Master II.

#include <stdio.h>
linclude <dos.h>
linclude "cvxdigi.h"

extern _dmaDevice;

VOID main( VOID )

WORD dmalRQNumber;
WORD initError;
WORD portAddress;

// Initialize DMA. Setting each parameter to _AUTODETECT
// causes dmalnit to perform a search for the Port,
// DMA channel, and IRQ setting respectively.
initError = dmalnit< _AUT0DETECT, _AUTODETECT, _AUTODETECT,

&portAddress );

// If the variable _dmaDevice equals 0 then the DMA
// sub-system was not initialized correctly.
if( _dmaDevice = 0 )

printf( "ERROR = %d : dmalnit failedXn", initError );
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else

^  // Call function to to get the DMA IRQ setting
//of the Voice Master or Sound Master II.
dmaGetlRQNumber ( &dmaIRQNumber );

// Display DMA IRQ number to the screen.
printf( "DMA using IRQ %x\n", dmalRQNumber );

// uninitialize the DMA sub-system.
if( dmaUninitO )

printf( "DMA uninit failure.\n" );
}

}
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Description Pauses DMA playback or recording.

Protolype BOOL dniaPause( VOID);

Parameters None.

Remarks This function disables the DMA sub-system by disabling the DMA controller
on the motherboard.

Return Value If _TRUE, DMA was successfully paused.

If _FALSE, DMA cannot be paused for one of two possible reasons. Either the
value of _dmaInProgressFlag is _FALSE, or DMA has not been initialized.

Example

// DMAPAUSE.C
// This program reads 8 bit PCM soimd data from a file.
// The 8 bit sound data is then played back using DMA.
// If a key is struck on the keyboard during the playback,
// then DMA is paused. Another key stoke will restart DMA.

// The buffers that are used in this program are allocated
// using _dos_allocmem. Each buffer is set to 16K.

#include <stdio.h>
iinclude <bios.h>
iinclude <dos.h>
#include <errno.h>
iinclude <fcntl.h>
iinclude "cvxdigi.h"

idefine _BUFFER_SIZE 0x4000
idefine _BUFFER_COUNT 4
idefine _PCM_FILE "TEST1.V8"

extern _dmalnProgressFlag;
extern _dmaDevice;

// Size of each DMA buffer.
// Number of DMA buffers.
// File containing sound data.

VOID main( VOID )
{

HANDLE pcmFileHandle;
WORD pcmSegment[ _BUFFER_COUNT ];
LPSTR pcmBuffer[ JBUFFER_COUNT ];
WORD bytesRead;

portAddress;
dmaRate;
repeatcount = 1;
initError;
i;

WORD

BYTE

WORD

WORD

WORD

// Allocate memory for buffers used to read 8 bit PCM
// data from file.
for( i = 0; i < _BUFFER_jCOUNT; i++ )
{
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if( ( _dos_allocmem( ( WORD )( ( _BUFFER_SIZE / 16 ) + 1 ),
&pcinSeginent [ i ] ) ) )

^  printf( "ERROR : Cannot allocate memory!\n" );
exit( 0 );

else

^  // dmaPlayO requires a far pointer (LPSTR)
FP_SEG( pcinBuffer[ i ] ) = pcinSegment[ i ];
FP_OFF( pcinBuffer[ i ] ) = 0x0000;

}
}

// Initialize DMA. Setting each parameter to __AUTODETECT
// causes dmalnit to perform a search for the Port,
// DMA channel, and IRQ setting respectively.
initError = dmalnit( _AUTODETECT, _AUTODETECT, _AUTODETECT,

&portAddress );

// If the varicdDle _dmaDevice equals 0 then the DMA
// sub-system was not initialized correctly.
if( __dmaDevice == 0 )

printf( "ERROR = %d : dmalnit failed\n", initError );
else

^  // Open a file containing 8 bit PCM data.
if( _dos__open( _PCM__FILE, 0_jRD0NLY, &pcmFileHandle ) )

printf( "ERROR : %s not found.\n", _PCM_FILE );
else

^  // Get header information, if it exists, from file.
_dos_read( pcmFileHandle, ( LPVOID )pcmBuffer[ 0 ],

( WORD )_HEADER_LENGTH, &bytesRead );

// Get rate from header.
dmaRate = pcmBuffer[ 0 ][ _HEADER_RATE_OFFSET ];

// Loop here until we have queued all 4 buffers.
for( i = 0; i < _BUFFERjCOUNT; i++ )

^  // Fill buffer with sound data.
_dos_read( pcmFileHcuidle, ( LPVOID )pcmBuffer[ i ],

( WORD )_BUFFER__SIZE, &bytesRead );

// Insert buffer into DMA queue.
dmaPlay( ( LPSTR )pcmBuffer[ i ], ( LONG )bytesRead,

dmaRate, repeatCount );

}

printf( "Press any key to pause DMA.\n" );

// Loop until DMA has completed,
while( _dmaInProgressFlag )

/! It Si key is struck, pause DMA playback.
if( jDios_keybrd( _KEYBRD_READY ) )

dmaPause ();

// Clear all keystrokes.
while( _bios_keybrd( _KEYBRD_READY ) )
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getch();

printf( "\nDMA has been paused.\n" );
printf( "Press any key to restart.\n" );

// Loop until a key is struck.
while ( I_bios_keybrd( _KEYBRD_READY ) )

// Restart DMA playback.
dmaUnpause();

// Clear all key stokes,
while( jDios_keybrd( _KEYBRD_READY ) )

getch();

printf( "\nPress any key to pause DMA.\n" );

}
}

}

// Clear all requests from the Play and Record Queue,
if( dmaFlushQueue() )

printf( "DMA uninit failure : could not flush queue.\n" );

// Uninitialize the DMA system.
if( dmauninito )

printf( "DMA uninit failure.\n" );

// close the sound file.
__dos_close( pcmFileHandle ); r ^

11 Free memory used by 8 bit PCM buffer.
for( i = ( _BUFFER_COUNT - 1 ); i 1= -1 ; i— )

if( _dos_freemem( pcmSegment[ i ] ) )
printf( "ERROR : Cannot free memory!\n" );

}
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Description Detects which, if any, Covox DMA-capable board is installed.

Prototype WORD dniaPortDetect( WORD portJumper);

Parameters portJumper The base port addresses to be tested for occupancy.

J^UTODETECT

_CVX_VMO

_CV5L.VM1

_CVX_VM2

_CVXL.VM3

See Appendix C for port value descriptions.

Remarks This function performs a hardware detection to find out if the Covox Voice
Master or Sound Master II board is present. This will not detect the earlier
Voice Master cards without DMA capabilities.

Return Value Voice Master or Sound Master II base port address ( 0x220, 0x240, 0x280, or
0x2C0 ). dmaPortDetect returns 0 if one of these boards could not be found at
the given address.

Example

// DMAPORT.C
// This program determines which port the Voice Master
//or Sound Master II card can use for DMA control.

#include <stdio.h>
#include <dos.h>
linclude "cvxdigi.h"

VOID main( VOID )
{

WORD dmaPort;

// Call function to find port value.
dmaPort = dmaPortDetect( _AUTODETECT );

printf( "port = %x\n", dmaPort );
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Description Sets the DMA I/O rate for the active Covox device.

Prototype WORD dmaSetRate( BYTE sampleRate );

Parameters sampleRate A BYTE value indicating the sampling rate at which to record
or play back a sound buffer.

If recording, sampleRate can be a value from 0 to 209 (25,386
Hz). If playing, sampleRate can be from 0 to 229 (44,191 Hz).

If sampleRate is 0, the default value of 132 (9622 Hz) is used.
lisampleRate is larger than 209when recording, it is set to 209.
If sampleRate is larger than 229 when playing, it is set to 229.

See Appendix B for rate value descriptions.

Remarks This function sets the DMA hardware timer on either the Voice Master or

Sound Master II, depending on which device was selected with dmalnit.

Generally not used by developer, but used by higher level routines in the library.

Return Value If successful, dmaSetRate returns a value of JERROR_NONE. The possible
return values are:

JSRRORJiONE

_MRRORJ)MAJ^OTJNITIALIZED

See the last page of this chapter for error code descriptions.

Example

It DMASETRT.C
if This program reads 8 bit PCM sound data from a file.
it The 8 bit sound data is then played back using DMA.
if The rate of buffer being played is increased every time
//a key is struck on the keyboard.
//
// The buffer that is used in this program is allocated
if using _dos_allocmem. The buffer is set to 64K.

#include <stdio.h>
#include <bios.h>
iinclude <dos.h>
finclude <errno.h>
Iinclude <fcntl.h>
Iinclude "cvxdigi.h"

Idefine _BUFFER_SIZE OxFFFF
Idefine _PCM_FILE "TEST1.V8"
Idefine JRATE_STEP 5

extern _dmalnProgressFlag;

it Size of each DMA buffer.
if File containing sound data.
if Value used to increase rate.
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extern _dmaDevice;

VOID main( VOID )

_  HANDLE pcmFileHandle;
WORD pcmSegment;
LPSTR pcmBuf fer;
WORD bytesRead;
WORD portAddre s s;
BYTE dmaRate;
WORD repeatcount = 1;
WORD initError;

// Allocate memory for buffer used to read 8 bit PCM
// data from file.
if( ( _dos__allocmem( ( WORD )( ( _BUFFER_SIZE / 16 ) + 1 ),

&pcmSegment ) ) )

printf( "ERROR : Cannot allocate memoryI\n" );
exit( 0 );

else

// dmaplayo requires a far pointer (LPSTR)
FP_SEG( pcmBuffer ) = pcmSegment;
FP_OFF( pcmBuffer ) = 0x0000;

}

11 Initialize DMA. Setting each parameter to _jAUTODETECT
II causes dmalnit to perform a securch for the Port^

^  ' // DMA channel, and IRQ setting respectively.
initError = dmalnit ( _AUTODETECT, _AUTODETECT, _AUTODETECT,

&portAddress );

// If the variable __dmaDevice equals 0 then the DMA
// sub-system was not initialized correctly.
if( __dmaDevice = 0 )

printf( "ERROR = %d : dmalnit failedXn", initError );
else

// Open a file containing 8 bit PCM data.
if( _dos_ppen( _PCM_FILE, OJRDONLY, &pcmFileHandle ) )

printf( "ERROR : %s not found.\n", _PCM_FILE );
else

// Fill buffer with sound data.
_dos_read( pcmFileHandle, ( LPVOID )pcmBuffer,

( WORD )_BUFFER_SIZE, &bytesRead );

// Get rate from header.
dmeU^te = pcmBuffer [ _HEADER__RATE_OFFSET ];

// Bypass header and insert buffer into DMA queue.
dmaPlay( ( LPSTR ) pcmBuffer + _HEADER_LENGTH,

( LONG ) bytesRead - _HEADER_LENGTH,
(MaRate, repeatCount );

printf( "Press key increase rate by %d.\n", _RATE_STEP );

// Loop until DMA has completed,
while( _dmaInProgressFlag )
{
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H It di key is struck,increase rate of DMA output.
if( _bios_keybrd( _KEYBRD_READY ) )

// Make sure that rate does not go above maximum,
if ( ( dmaRate + _RATE_STEP) < _CVX_RATE_IN_MAXIMUM )
{

// Increase rate.
dmaRate = dmaRate + _RATE_STEP;

// Set new DMA rate.
dmaSetRate ( dmaRate );

else
// Display that the rate can be set no higher,
printf ( "Rate at maucimum. \n" );

// clear all key strokes,
while ( _bios_keybrd( _KEYBRD_READY ) )

getch();
}

}
}

}

// Uninitialize the DMA system,
if( dmauninit() )

printf( "DMA uninit failure.\n" );

// Close the sound file.
_dos__close( pcmFileHandle );

II Free memory used by 8 bit PCM buffer.
if( _dos_freemem( pcmSegment ) )

printf( "ERROR : Cannot free memory!\n" );
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Description Restarts DMA playback or recording paused by dmaPause.

Prototype BOOL dmaUnpause( VOID );

Parameters None.

Remarks This function enables the DMA sub-system by enabling the DMA controller on
the motherboard.

Return Value If .TRUE, the DMA controller was successfully re-enabled.

If .FALSE, DMA can not be enabled for one of two reasons. Either dmaPause
was not previously called, or the DMA sub-system has not been initialized.

Example

See dmaPause.
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Srror Codes: DMA f^undfons

.ERRORJMONE

No errors.

.ERROILDMA^DETECTJFAILED

The port, IRQ or DMA channel was not found.

3RROR^DMAJiLREADYJNrnALIZED

The dmalnit function has previously been called.

JERROILDMA-NOTJNmALIZED

The dmalnit function has not yet been called or DMA could not be initialized.

JERROR_QUEUE_FULL

No room in FIFO queue for DMA I/O request.
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Structure

_TSRPLAY^INFO

Functions

tsrFlushFiles

tsrGetVersionString

tsrGetProgramlD

tsrPause

tsrRemoveSystem

tsrResident

tsrSetupNewFiles

tsrStart

tsrUnpause

The Covox 'Terminate and Stay Resident Playback System' (TSRPLAY) is used to play
back one or more files in the background using the DMA capabilities of the Voice Master
and Sound Master 11. This system will play back a sound file of any Covox format.

The interface variables needed to use the functions listed above are defined in the struc

ture _TSRPLAY_INFO. _tsrPIayInfo, a global variable of this type, is defined in
CVXDIGI.H and must be used when calling the TSRPLAY interface functions.

After initializing the members of _tsrPlayInfo, a call to tsrStart will install the
TSRPLAY system.

The function tsrResident returns _TRUE if TSRPLAY has been installed.

After TSRPLAY has been installed, a call to tsrSetupNewFiles will replace the currently
active list of files and associated sample rates.

The functions tsrGetVersionString and tsrGetProgramlD return the version and pro
gram m of TSRPLAY.
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The functions tsrPause and tsrUnpause may be used to temporarily stop and start TSR
playback.

tsrFlushFiles will remove all active files and cause TSRPLAY to become inactive until
the function tsrSetupNewFiles is called again.

The function tsrRemoveSystem completely removes the TSRPLAY system, which in
cludes all memory and interrupt handlers.

NOTE;

The TSRPLAY functions have only been compiled for small model. Therefore, only
SDIGIMC.LIB and SD1GIBC.LIB contain the TSRPLAY functions.

IMPORTANT:

Many of the TSRPLAY functions make calls to the Covox utility functions (see Chapter
9). Therefore, compliled modules that contain TSRPLAY calls must be linked to both
SDIGIMC.LIB and SUTILMC.LIB (Microsoft) or SDIGIBCXIB and SUTILBC.LIB
(Borland).
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