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Tips

· need to write in past tense

· see http://research.curtin.edu.au/graduate/hdrguidelines/thesisprep.html#typescript 
· use OpenOffice Draw and remote desktop sharing and CCS on the desktop computer to do my code flowchart
Thesis Write Up
· Need to determine if the thesis is about “A Secure Dual Channel Wireless Headset” or “A Wireless Headset for VIP’s in a Call Center Environment”

· Influences the introduction and purpose of the thesis. Can make it like

· Secure Wireless Headset

· There doesnt a exist a secure wireless headsdet on the market

· Potential uses for such a device is VIPs working in call center enviroments

· Wireless for VIP;s

· State their requirement and go from there…
· Iain recommends this direction
· Does this require a change to the title of the thesis?
· Ie: A Wireless Headset for Vision Impaired Persons in Multi-User Environments
· Information access for Vision Impaired Persons in call centre environments.

· etc

· Put in the major required sections of the document

· Then start filling out in natural english

· need to do flow chart of how code works, pseudocode maybe also

· would be nice if I could do the flowcharts in visio
· try looking for open office visio equivalent

· put in Protel drawings of ccts

· make appendix II 
· My latest code is

·  ..\dsp code\2004-10-14 5502 Headset code, ..\dsp code\2004-09-15 5502 Base code hardware  testing, 

· but cleaned up code is now ..\dsp code\2005-08-25 5502 Base code hardware  testing, ..\dsp code\2005-08-25 5502 Headset code 

1. Introduction
Justification of the problem and the application of solutions

Overview of the solution proposed

Statement of personal achievements

Thesis outline
1.1. What, Who, When, Why, How 

“This project proposal outlines the structure of a thesis for a Masters of Engineering Degree, relating to the development of a Secure Dual Channel Wireless Headset for Multi-User Environments. The objective of the research is to investigate, design, construct, and test a wireless headset that will increase labor market opportunities for people blind or vision impaired. The project is part of a collaborative effort between the Association for the Blind of Western Australia (ABWA), Elearn.WA, RAC and Curtin University.

A large proportion of persons with vision disabilities seek employment in call centers where the effects of their disability are constrained. However, employers in these centers tend to minimize opportunities for applicants with vision impairment due to the prevailing difficulties with the cable and cable jacks used with audio headsets (Hill and Smetana, 2002). The research engaged in this project will investigate the development of a secure, dual channel wireless headset for Multi-User Environments, not currently available on the commercial market, to alleviate these problems and ultimately improve employment opportunities for persons with vision impairment. A dual channel headset for vision impaired persons (VIP’s) is required in call center applications so that they may receive voice output from screen reading software for computer interaction on one channel, and a telephone output for human interaction on the other. The secure dual channel wireless headset will also have application for persons not suffering visual disabilities, both in call centers and in the defense forces. “
- The solution proposed is a stereo headset system using the infrared medium for communication and digital signal processes for control. The use of infrared frequencies inherently provides security and allows high density multi-user environments and long battery life. The use of the digital signal processors allows the system to remain flexible enough to adapt to changing and future needs…..

- The developed system was successfully trialled by VIP’s within the call centre environment, and a list of further recommendations and refinements were made.

- This thesis outlines current solutions and a review of the theoretical issues relevant to the problem. The solution is then defined……
2. Background

Critique of current practice.

Review of the theoretical issues ( and others ) relevant to the problem (

where appropriate )

Detailed problem definition and solution requirements.
2.1. Existing Practice and Technologies
2.1.1. Idealic Requirements

Why Stereo

For the VIP to be able to communicate with a telephony customer and stored information source concurrently.

While electronic Braille displays with a standard headset, is an idealic solution, electronic Braille displays are prohibitively expensive to purchase and maintain. Iain to verify other reasons.

Hence screen reading software is the predominant mode of information representation for VIPs interacting with an computer information source.

Screen software…. Describe products and characteristics like speed, quality of speech etc……

· Commercial Products

· JAWS: Used for windows, licence is $2000 per machine!

· Requires the specific application to conform to Window Driver Chain Management for the screen reading software to work. Many applications aren’t compatible/

· 6 month fulltime training is required for VIPs to become suitably proficient in the JAWS applications and CRM software to be effective in the call centre environment. 

· 
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· VoiceOver: For Apple machines, is free! 

· Requires application conformance to the Apple Accessibility Framework for VoiceOver to work

· Characteristics 

· High speed speech, a couple of hundred words per minute.

· Requires the audio channel to be exceptionally high in fidelity in terms of frequency range, quantisation, and delay to ensure that the VIP can effectively decode the high speed voice stream. 

· Cant be any crossover between the stereo channels, or intelligibility of the speech output is severely impaired.

Thus within a call center environment the VIP must concurrently listen to the telephony customer and the screen reading software of the computer information source. 

· describe, with Iain’s input, how VIP handle doing this

· what difficulties they have

· environment noise with trying to decode the JAWS output.

· what makes it easier etc.

Why Wireless

· broken headset cables

· Guide dogs pulling out jacks

· Tangles wires.

Given the requirement of a stereo wireless headset, to be able to have stereo input and voice output 

· ideal situation

· no limitation on sound quality

· no quantisation, no frequency filtering

· no delay

· no limitation on battery life

· negligible weight

· is to be worn all day. 

· Need to find the paper im referring to.
2.2. Existing Technologies

· VHF/FM Headsets

· http://www.audiolinks.com/tek9/tek9.asp?pg=products&specific=joengne8
· Can only support 4 users at once.

· Bluetooth Headsets

· http://www.broadcom.com/press/release.php?id=761363
· http://www.blueant.com.au/bthp.htm. 

· When using mic the stereo output is reduced to mono.

· http://answers.google.com/answers/threadview?id=409577
· Wifi Headsets

· http://www.tomsnetworking.com/Sections-article147-page3.php 

· is mono only.

· Studies with 802.11b suggest that it can only support 30 voice channels

2.3. Existing Research
· No real existing research in to the areas that would meet the requirements. However on similar fronts:
· http://www.commsdesign.com/story/showArticle.jhtml?articleID=23901403 

· industry collaboration lacking, general 

· Wifi headsets are mono now and will get there. There final capability yet to be seen.

· http://www.gizmag.co.uk/go/4972/ 

· bluetooth only, not stereo and mic return, and doesn’t solve congestion problem…

· Aaron Todds is real investigation into meeting the requirements.
· Preliminary work really

2.4. Theoretical Issues and Methodoligies considered

· Use relevant information from the following

“Project Considerations

The research required in this project will involve investigation into mechanisms to provide information security, quality of operation in multi-user environments, cost feasibility, ergonomic operation and product flexibility for the wireless headset design.  

Information Security

The use of wireless communications, such as Bluetooth and 802.11x, in the 2.4 GHz and 5 GHz license free frequencies are characterized by long-range signal propagation (>100m) and boundary penetration (i.e. walls and ceilings). These characteristics allow for unknown parties to discretely eavesdrop on the signal, causing grave security concerns for institutions such as banks, governments, defense forces etc (Xydis and Wilson, 2002). While protection schemes do exist for these wireless technologies (i.e. spread spectrum, WEP, 128-bit AES*), at present there are no longer secure and further research is currently being undertaken to compensate. 

A secure alternative at present to the 2.4 / 5 GHz frequencies is to use the infrared spectrum. Infrared data communication use low amplitude signals that typically do not propagate more than 1 to 2 meters (Infrared Data Association, 2001), are blocked by boundaries (walls etc) and require line of sight for signal detection (McCullen 1992). These characteristics make infrared communications very secure and highly suited for use in this project. 

2.2    Quality of Operation in Multi-User Environments

Of all the wireless technologies currently available 802.11a has the theoretical best performance of 54 Mbps and a practical transmission rate of 20 – 25 Mbps, but only for a range of less than 18 meters (Moran 2002). The RAC call center in Joondalup accommodates over 300 call personnel and a wireless system with a range of at least 50m would be required, at which distance the maximum rate for 802.11a is 11 Mbps and in practice (due to collisions, errors, protocol overhead etc) is about 4-5 Mbps (Moran 2002). 5 Mbps divided by 300 headsets, would allow only 16.6 kbps per headset. The headsets require 3 audio channels (stereo earphones and microphone back), thus giving only 5.5 kbps per channel. While audio compression techniques can reproduce speech at this bandwidth, it is not suitable for real time audio applications where quality of service problems with wireless technologies compromise the operation of speech decompression algorithms.

Infrared communications model cellular phone networks in the method of reducing signal strength and hence propagation distance for the means of bandwidth reuse. The Infrared Data Association list standards for links of up to 4 Mbps with ranges less than a meter (Infrared Data Association, 2001), ideally suited to the call center application that requires high bandwidth wireless audio in a multi-user environment.

2.3    Product Flexibility

As stated, the use of the headset is not restricted to vision impaired persons. The

Navy has shown great interest in using the device in its operations (ie on the bridge and in engine rooms etc). In these applications the use of infrared is unsuitable due to the requirement of line-of-sight communication. Fortunately however, the metal wall construction of defense carriers (ie ships, tanks, submarines etc) provides a natural barrier to the 802.11x/Bluetooth 2.4 and 5 GHz frequencies, preventing unwanted eavesdropping. Hence the system developed for VIP’s with infrared needs also to be flexible enough to accommodate the wireless application for the Navy. The choice of a high performance Digital Signal Processor, namely the Texas Instruments c55x will allow computational redundancy to accommodate the high throughput requirements for wireless applications. The c55x is also relatively inexpensive as an embedded microprocessor and is notable for its low power consumption, an important consideration for a portable, battery operated device.”
· For thesis need explain why other communication techniques are inadequate

· Infrared 

· Mono style headset are available on the market in both analogue and digital formats Give examples.

· Analogue Headphones only: Cheap, but noisy, no mic return

· Digital: Mono only. 

· See 
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· No current dual channel headset currently available in the market.

· RF 

· Lack of appropriate commercially available technologies that meet the criteria

· Talk time, light weight, ergonomic, secure, multi-user

· Bandwidth

· Could consider using high levels of voice compression, but compromises are

· Most lossy (ie not lossless) voice compression techniques have measurable impacts on voice quality

· Given the use of high speed screen reader software, audio quality is of paramount importance

· Given that the users of call centre headsets will be on the phone for extended periods the concentration required to compensate for lossy compression may be too tiring for extended periods.  

· Delay considerations.

· Given the realtime requirements of high speed screen reader software, delay must be kept to a minimum which conflicts with the efficiency of speech compression techniques due to sample size.

· Is around 200ms for GSM network http://www.ee.surrey.ac.uk/Research/PortfolioPartnership/I-labProjects/project1.htm 

· Security

· Considering that users are dealing with sensitive information such as banking details, security is of utmost priority

· Intel has developed idea of uses the RTT for packets to and from a device to determine distance from AP and hence refect packets from devices outside a certain perimeter

·  http://www.it-observer.com/articles.php?id=856
· Is good concept, but 

· Doesn’t stop eavesdropping.

· hasn’t been implemented or put into standards yet. 
· See http://www.tomsnetworking.com/Reviews-216-ProdID-P2000WV2-3.php for example of wifi phone.

· Magnetic Headset

· Is promising, but 

· Security:

· Signal still propagates through masonry walls

· However if users are positioned appropriately away from the perimeter, the r^6 signal attenuation should prevent eavesdropping.

· Lack of appropriate commercially available hardware

· There is no stereo headset available, (ie one with mic return yet)

· Need to verify interference characteristics with other magnetic headsets.

· Need to see how close users can be before interference occurs, if there is indeed only one common channel.

· Ultrasound

· Low diffraction, makes it very LOS like IR, but reflects well off hard surfaces.

· Bit rate is very low

· http://vadim.www.media.mit.edu/ttt_paper/ttt.html ; 1470 baud only

· http://www.research.ibm.com/journal/sj/393/part1/gerasimov.html 

· need to check out IEEE xplore

· yep, see Call Centre Security System\Indoors Data Communications using Airborne Ultrasound.pdf
2.5. Problem conclusions and Solution

To meet all the requirements the proposed solution was to
- firs 

3. Problem Solution

Overall and specific arguements indicating how and why the solution has

been identified or chosen. This is to refer to appropriately presented

supporting data such as graphics, tables and so forth.
3.1.1. Considerations

Upon surveying the various technologies suitable for the wireless headset and finding that infrared frequency communications the most appropriate, a prototype of the system was required to be built. The prototype would be used to 

· validate the fundamental technologies ability to meet the required objectives

· Through pilot trials of the system with VIP’s in call centre environment’s document effectiveness and also any practical shortcomings 

Provide insight into further research and design required to address the practical limitations of the system

4. Prototype Development and Practical Investigation

4.1. Prototype Development
4.1.1. Prototype Hardware

4.1.1.1. Development Methodology

The initial software development and testing of the infrared wireless voice communications protocol were performed on the Texas Instruments TMDSDSK5510 DSP starter kit.
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http://www.spectrumdigital.com/product_info.php?cPath=31_65&products_id=108&osCsid=628ad1cf5898328d9ef41328ee5da00b 
The kit was chosen for its ease of 
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4.1.2. Infrared Wireless Voice Communications Protocol

Due to the unsuitability of the IrDA protocol a custom voice communications protocol tailored for real time

· My protocol follows the IrDA physical layer.
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STA Beginning Flag, 01111110 binary
ADDR: 8 bit Address Field

DATA: 8 bit Control Field plus up to 2045 = (2048 - 3) bytes Information Field
FCS: CCITT 16 bit CRC
STO: Ending Flag, 01111110 binary

Note 1: Minimum of three STO fields between back to back frames s required

Note 2: Zero insertion after five consecutive 1's is used. CRC is computed before zero insertion is
performed

Note 3: Least significant bit is transmitted first

Note 4: Abort sequence requires minimum of seven consecutive 1's.

Note 5: 8 bits are used per character before zero insertion.
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· My protocol is very similar to IrDA Lite

· is a smaller size protocol for taking up less RAM/ROM

· looking at ..\irda\Good irda layers description.pdf, IrDA lite seems to allow devices to implement only select parts of the IrDA standard

· im guessing that my work would really replace IrLAP

· IrLAP provides reliable data transfer using the following mechanisms:

· Retransmission.

· Low-level flow control. (TinyTP provides high-level flow control and should

· almost always be used in place of IrLAP flow control.)

· Error detection.

· Ie my protocol provides more suitable behavior in regards to audio for the first two points
· Need to include the physical limitations of commercial equipment
· Turnaround time and effect on delay…

4.1.2.1. Software Flow chart
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4.1.2.2. Sampling slip compensation

4.1.2.3. Error Induced Noise Attenuation

4.2. Verification
Outline of the means devised to verify the solution meets requirements and

the results achieved from that verification process.
Include BOM, with details in appendix
4.2.1. Recommendations

· Need to increase sampling rate for JAWS output.

· Currently set at 8KHz sampling rate, increase to at least 16Khz, while telephony channel can remain at 8Khz

· LOS limitation

· Interference and call center layout.

5. Conclusion

5.1. Introduction

5.2. Problems Encountered

5.3. Contributions

5.4. Recommendations for Future Development

5.4.1. All Day Key Storage

5.4.2. UWB

5.4.3. Magnetic Headset

5.4.4. Noise Cancellation

Given the high level of environmental noise inherent to clustered call center’s, noise cancelling headsets can be of significant benefit to VIPs. These headset greatly attenuate the amount of environmental noise that users experience and are presently commercially available in wired form. The noise attenuation benefits the VIP user by

· improving the intelligibility of the high speed voice output

· reducing the required earpiece volume, and thus lessening ear fatigue and strain, a particular concern in call center environments where employees may operate on the phone the majority of the working day. 

Given the ease of programmability and reprogrammability provided by the DSP based system, the implementaiton of commercially available noise cancellation software routines on the wireless headset can be easily achieved.
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Headset design opens
jobs to blind people

I By Tessa Heal

BLIND and vision-impaired
people will get more gob opportu-
nities because of the breakthrough
development of a dual-channel
wireless headset, according to the
Association for the Blind.

The State Government yesterday
granted $80,000 for the develop-
ment of the headset which will
enable call centre operators to talk
to customers and get voice feed-
back from the computer at the
same time.

Association manager of technol-
ogy training and employment ser-
vices David Gribble said blind and
severely vision-impaired people
were rarely employed at call
centres because it was impractical
for them to use headsets connected
by cables.

“We found that we were cou-
stantly fixing the equipment
because of interference from the
guide dogs' or because people
would move from their desk and
forget they were plugged in to the
computer,” he said.

Mr Gribble said the new . tech-
nology would give blind and
visign;impgired people a qhagce to

“There are 25,000 blind and
vision-impaired people in WA and
the unemployment rate for them
currently sits at about 20 per cent,
which is more than double the nor-
mal rate,” he said. “If the technol-
ogy is in place in every call centre,
there are a lot more opportunities
for them to work.”

WA’s biggest call centre, the

‘RAC, will be the first to introduce

the new technology.

“With 300 people employed in
our call centre, this new technology
offers a new employment market to
us,” RAC general manager of dis-
tribution James How said. .

Mr How said he was keen to
equip all .of the RAC: operators
with the wireless headsets,

“This definitely revolutionises
the call centre industry and the
headset being wireless will improve
safety and working conditions,
which will then rub off on our
customers,” he said.

The grant will pay for integrated
testing of the headset and training
before it is installed in the RAC
call centre. The developers expect
the headsets to be on the market
by the end of next year and hope it
will go into national and interna-





Appendix I: Source Code
Headset Source Code
/*5502 IR Headset Code

2005-08-25: Cleaned up code

Andrew Pasquale, Curtin University of Technology*/

#define CHIP_5502 1

#include <log.h>

#include <clk.h>

#include <hwi.h>

#include <csl_mcbsp.h>

#include <csl_irq.h>

#include <csl_pll.h>

#include <csl_emif.h>

#include <csl_chip.h>

#include <intrindefs.h>

#include <csl_dma.h>

#include "clktestcfg.h"

void IRdata_recievedHWI(void); 

void IRdata_transmitHWI(void);

MCBSP_Handle mhMcbsp, C55XX_CONTROLHANDLE_hMcbsp, C55XX_DMA_MCBSP_hMcbsp; 

#define N       4

/* Define transmit and receive buffers */

#pragma DATA_SECTION(xmt1,"dmaMem")

Int16 xmt1[6];

#pragma DATA_SECTION(xmt2,"dmaMem")

Int16 xmt2[6];

#pragma DATA_SECTION(MicSample,"dmaMem")

Int16 MicSample[7];

#define my_AIC23_RESET       15

#define my_AIC23_NUMREGS     10

typedef int my_AIC23_CodecHandle;

my_AIC23_CodecHandle hCodec;

typedef struct my_AIC23_Config {
/* Parameter Structure for the AIC23 Codec */

    int regs[my_AIC23_NUMREGS];

} my_AIC23_Config;

#define my_AIC23_DEFAULTCONFIG { \

    0x0017, /* Set-Up Reg 0       Left line input channel volume control */  \

            /* LRS     0          simultaneous left/right volume: disabled */\

            /* LIM     0          left line input mute: disabled */          \

            /* XX      00         reserved */                                \

            /* LIV     10111      left line input volume: 0 dB */            \

                                                                             \

    0x0017, /* Set-Up Reg 1       Right line input channel volume control */ \

            /* RLS     0          simultaneous right/left volume: disabled */\

            /* RIM     0          right line input mute: disabled */         \

            /* XX      00         reserved */                                \

            /* RIV     10111      right line input volume: 0 dB */           \

                                                                             \

    0x01f9, /* Set-Up Reg 2       Left channel headphone volume control */   \

            /* LRS     1          simultaneous left/right volume: enabled */ \

            /* LZC     1          left channel zero-cross detect: enabled */ \

            /* LHV     1111001    left headphone volume: 0 dB */             \

                                                                             \

    0x01f9, /* Set-Up Reg 3       Right channel headphone volume control */  \

            /* RLS     1          simultaneous right/left volume: enabled */ \

            /* RZC     1          right channel zero-cross detect: enabled */\

            /* RHV     1111001    right headphone volume: 0 dB */            \

                                                                             \

    0x0011, /* Set-Up Reg 4       Analog audio path control */               \

            /* X       0          reserved */                                \

            /* STA     00         sidetone attenuation: -6 dB */             \

            /* STE     0          sidetone: disabled */                      \

            /* DAC     1          DAC: selected */                           \

            /* BYP     0          bypass: off */                             \

            /* INSEL   0          input select for ADC: line */              \

            /* MICM    0          microphone mute: disabled */               \

            /* MICB    1          microphone boost: enabled */               \

                                                                             \

    0x0000, /* Set-Up Reg 5       Digital audio path control */              \

            /* XXXXX   00000      reserved */                                \

            /* DACM    0          DAC soft mute: disabled */                 \

            /* DEEMP   00         deemphasis control: disabled */            \

            /* ADCHP   0          ADC high-pass filter: disabled */          \

                                                                             \

    0x0000, /* Set-Up Reg 6       Power down control */                      \

            /* X       0          reserved */                                \

            /* OFF     0          device power: on (i.e. not off) */         \

            /* CLK     0          clock: on */                               \

            /* OSC     0          oscillator: on */                          \

            /* OUT     0          outputs: on */                             \

            /* DAC     0          DAC: on */                                 \

            /* ADC     0          ADC: on */                                 \

            /* MIC     0          microphone: on */                          \

            /* LINE    0          line input: on */                          \

                                                                             \

    0x0043, /* Set-Up Reg 7       Digital audio interface format */          \

            /* XX      00         reserved */                                \

            /* MS      1          master/slave mode: master */               \

            /* LRSWAP  0          DAC left/right swap: disabled */           \

            /* LRP     0          DAC lrp: MSB on 1st BCLK */                \

            /* IWL     00         input bit length: 16 bit */                \

            /* FOR     11         data format: DSP format */                 \

                                                                             \

    0x0081, /* Set-Up Reg 8       Sample rate control */                     \

            /* X       0          reserved */                                \

            /* CLKOUT  1          clock output divider: 2 (MCLK/2) */        \

            /* CLKIN   0          clock input divider: 2 (MCLK/2) */         \

            /* SR,BOSR 00000      sampling rate: ADC  48 kHz DAC  48 kHz */  \

            /* USB/N   1          clock mode select (USB/normal): USB */     \

                                                                             \

    0x0001  /* Set-Up Reg 9       Digital interface activation */            \

            /* XX..X   00000000   reserved */                                \

            /* ACT     1          active */                                  \

}

/* Codec configuration settings */

my_AIC23_Config config = { 

    0x0097,  // 0 DSK5510_AIC23_LEFTINVOL  Left line input channel volume  

    0x0097,  // 1 DSK5510_AIC23_RIGHTINVOL Right line input channel volume 

    0x01E9,  // 2 DSK5510_AIC23_LEFTHPVOL  Left channel headphone volume   

    0x01E9,  // 3 DSK5510_AIC23_RIGHTHPVOL Right channel headphone volume  

    0x00D5,  // 4 DSK5510_AIC23_ANAPATH    Analog audio path control, line input       

    0x0001,  // 5 DSK5510_AIC23_DIGPATH    Digital audio path control, with high pass filter      

    0x0061,  // 6 DSK5510_AIC23_POWERDOWN  Power down control, turn off oscillator, line in, clkout              

    0x0043,  // 7 DSK5510_AIC23_DIGIF      Digital audio interface format  

    0x0098,  // 8 DSK5510_AIC23_SAMPLERATE Sample rate control, 32KHz but since codec is at 3 MHz, is really 8KHz             

    0x0001   // 9 DSK5510_AIC23_DIGACT     Digital interface activation    

};

PLL_Config MyPLLConfig = {


0x1, /* PLLCSR */


0x2, /* PLLM */


0x8000, /* PLLDIV0 */


0x8000, /* PLLDIV1 */


0x8000, /* PLLDIV2 */


0x8001, /* PLLDIV3 */


0x0, /* OSCDIV1 */


0x0, /* WAKEUP */


0x1, /* CLKMD */


0x2 /* CLKOUTSR */

}; 

MCBSP_Config ConfigMcbsp1 = {

0x1000, /* spcr1 0001 0000 0000 0000, SPI (clock stop) mode enabled*/

0x0100, /* spcr2 */

0x0000, /* rcr1 */

0x0000, /* rcr2 */

0x0040, /* xcr1 */

0x0002, /* xcr2 */

0x000C, /* srgr1 0000 0000 0110 0011*/

0x2013, /* srgr2 */

0x0000, /* mcr1 */

0x0000, /* mcr2 */

0x0A0A, /* pcr, 0001 1010 0000 1010 */

0xFFFF, /* rcera */

0xFFFF, /* rcerb */

0xFFFF, /* rcerc */

0xFFFF, /* rcerd */

0xFFFF, /* rcere */

0xFFFF, /* rcerf */

0xFFFF, /* rcerg */

0xFFFF, /* rcerh */

0xFFFF, /* xcera */

0xFFFF, /* xcerb */

0xFFFF, /* xcerc */

0xFFFF, /* xcerd */

0xFFFF, /* xcere */

0xFFFF, /* xcerf */

0xFFFF, /* xcerg */

0xFFFF /* xcerh */

};

MCBSP_Config ConfigMcbsp2 = {

0x0000, /* spcr1 */

0x0100, /* spcr2 */

0x0140, /* rcr1 */

0x0000, /* rcr2 ,make rdatdly = 1, check new headset board, if 0 works since overflow can occur if user speaks loud*/

0x01A0, /* xcr1, 32bit word for transmit */

0x0000, /* xcr2 */

0x0000, /* srgr1 */

0x2000, /* srgr2 */

0x0000, /* mcr1 */

0x0000, /* mcr2 */

0x0182, /* pcr, make clock polarity negative edge triggered, solves mic overflow problem */

0xFFFF, /* rcera */

0xFFFF, /* rcerb */

0xFFFF, /* rcerc */

0xFFFF, /* rcerd */

0xFFFF, /* rcere */

0xFFFF, /* rcerf */

0xFFFF, /* rcerg */

0xFFFF, /* rcerh */

0xFFFF, /* xcera */

0xFFFF, /* xcerb */

0xFFFF, /* xcerc */

0xFFFF, /* xcerd */

0xFFFF, /* xcere */

0xFFFF, /* xcerf */

0xFFFF, /* xcerg */

0xFFFF /* xcerh */

};

/* Create a MCBSP configuration structure */

  MCBSP_Config ConfigLoopBack320= {

  MCBSP_SPCR1_RMK(

    MCBSP_SPCR1_DLB_OFF,                   /* DLB    = 0 */

    MCBSP_SPCR1_RJUST_RZF,                 /* RJUST  = 0 */

    MCBSP_SPCR1_CLKSTP_DISABLE,            /* CLKSTP = 0 */

    MCBSP_SPCR1_DXENA_NA,                  /* DXENA  = 0 */

    MCBSP_SPCR1_ABIS_DISABLE,              /* ABIS   = 0 */

    MCBSP_SPCR1_RINTM_RRDY,                /* RINTM  = 0 */

    0,                                     /* RSYNCER = 0 */

    MCBSP_SPCR1_RRST_DISABLE               /* RRST   = 0 */

   ),

    MCBSP_SPCR2_RMK(

    MCBSP_SPCR2_FREE_NO,                   /* FREE   = 0 */

    MCBSP_SPCR2_SOFT_NO,                   /* SOFT   = 0 */

    MCBSP_SPCR2_FRST_FSG,                  /* FRST   = 1 */

    MCBSP_SPCR2_GRST_CLKG,                 /* GRST   = 1 */

    MCBSP_SPCR2_XINTM_XRDY,                /* XINTM  = 0 */

    0,                                     /* XSYNCER = N/A */

    MCBSP_SPCR2_XRST_DISABLE               /* XRST   = 0 */

   ),

  MCBSP_RCR1_RMK( 

  MCBSP_RCR1_RFRLEN1_OF(16),                /* RFRLEN1 = 3 */

  MCBSP_RCR1_RWDLEN1_32BIT                 /* RWDLEN1 = 5 */

  ),

 MCBSP_RCR2_RMK(    

    MCBSP_RCR2_RPHASE_SINGLE,              /* RPHASE  = 0 */

    MCBSP_RCR2_RFRLEN2_OF(0),              /* RFRLEN2 = 0 */

    MCBSP_RCR2_RWDLEN2_8BIT,               /* RWDLEN2 = 0 */

    MCBSP_RCR2_RCOMPAND_MSB,               /* RCOMPAND = 0 */

    MCBSP_RCR2_RFIG_NO,                    /* RFIG    = 1 */

    MCBSP_RCR2_RDATDLY_1BIT                /* RDATDLY = 1 */

    ),  

   MCBSP_XCR1_RMK(    

    MCBSP_XCR1_XFRLEN1_OF(5),              /* XFRLEN1 = 1 */ 

    MCBSP_XCR1_XWDLEN1_32BIT               /* XWDLEN1 = 5 */

 ),          

 MCBSP_XCR2_RMK(   

    MCBSP_XCR2_XPHASE_SINGLE,              /* XPHASE  = 0 */

    MCBSP_XCR2_XFRLEN2_OF(0),              /* XFRLEN2 = 0 */

    MCBSP_XCR2_XWDLEN2_8BIT,               /* XWDLEN2 = 0 */

    MCBSP_XCR2_XCOMPAND_MSB,               /* XCOMPAND = 0 */

    MCBSP_XCR2_XFIG_NO,                    /* XFIG    = 1 */

    MCBSP_XCR2_XDATDLY_0BIT                /* XDATDLY = 0 */

  ),            

 MCBSP_SRGR1_RMK( 

   MCBSP_SRGR1_FWID_OF(1),                /* FWID    = 1 */

   MCBSP_SRGR1_CLKGDV_OF(2)               /* CLKGDV  = 2 */

 ),   

 MCBSP_SRGR2_RMK(  

    MCBSP_SRGR2_GSYNC_SYNC,                /* FREE    = 1 */

    MCBSP_SRGR2_CLKSP_RISING,              /* CLKSP   = 0 */

    MCBSP_SRGR2_CLKSM_INTERNAL,            /* CLKSM   = 1 */

    MCBSP_SRGR2_FSGM_DXR2XSR,              /* FSGM    = 0 */

    MCBSP_SRGR2_FPER_OF(15)                /* FPER    = 15 */

 ),  

 MCBSP_MCR1_DEFAULT,

 MCBSP_MCR2_DEFAULT, 

 MCBSP_PCR_RMK(

   MCBSP_PCR_XIOEN_SP,                     /* XIOEN    = 0   */

   MCBSP_PCR_RIOEN_SP,                     /* RIOEN    = 0   */

   MCBSP_PCR_FSXM_INTERNAL,                /* FSXM     = 1   */

   MCBSP_PCR_FSRM_EXTERNAL,                /* FSRM     = 0   */

   MCBSP_PCR_CLKXM_OUTPUT,                 /* CLKXM    = 1   */

   MCBSP_PCR_CLKRM_OUTPUT,                  /* CLKRM    = 1   */

   0,                                      /* DXSTAT = N/A   */

   MCBSP_PCR_SCLKME_NO,                    /* SCLKME   = 0   */

   MCBSP_PCR_FSXP_ACTIVEHIGH,              /* FSXP     = 0   */

   MCBSP_PCR_FSRP_ACTIVEHIGH,              /* FSRP     = 0   */

   MCBSP_PCR_CLKXP_RISING,                 /* CLKXP    = 0   */

   MCBSP_PCR_CLKRP_RISING                 /* CLKRP    = 1   */

 ),

 MCBSP_RCERA_DEFAULT, 

 MCBSP_RCERB_DEFAULT, 

 MCBSP_RCERC_DEFAULT, 

 MCBSP_RCERD_DEFAULT, 

 MCBSP_RCERE_DEFAULT, 

 MCBSP_RCERF_DEFAULT, 

 MCBSP_RCERG_DEFAULT, 

 MCBSP_RCERH_DEFAULT, 

 MCBSP_XCERA_DEFAULT,

 MCBSP_XCERB_DEFAULT,

 MCBSP_XCERC_DEFAULT,

 MCBSP_XCERD_DEFAULT,  

 MCBSP_XCERE_DEFAULT,

 MCBSP_XCERF_DEFAULT,  

 MCBSP_XCERG_DEFAULT,

 MCBSP_XCERH_DEFAULT

};     

/* Create DMA Transmit Side Configuration */

DMA_Config  dmaRcvConfig = { 

  DMA_DMACSDP_RMK(

    DMA_DMACSDP_DSTBEN_NOBURST,

    DMA_DMACSDP_DSTPACK_OFF,

    DMA_DMACSDP_DST_DARAMPORT1,

    DMA_DMACSDP_SRCBEN_NOBURST,

    DMA_DMACSDP_SRCPACK_OFF,

    DMA_DMACSDP_SRC_PERIPH,

    DMA_DMACSDP_DATATYPE_16BIT

  ),                                       /* DMACSDP  */

  DMA_DMACCR_RMK(

    DMA_DMACCR_DSTAMODE_POSTINC,

    DMA_DMACCR_SRCAMODE_CONST,

    DMA_DMACCR_ENDPROG_OFF,

    DMA_DMACCR_WP_ENABLE,

    DMA_DMACCR_REPEAT_ALWAYS,

    DMA_DMACCR_AUTOINIT_ON,

    DMA_DMACCR_EN_STOP,

    DMA_DMACCR_PRIO_HI,

    DMA_DMACCR_FS_DISABLE,

    DMA_DMACCR_SYNC_REVT2

  ),                                       /* DMACCR   */

  DMA_DMACICR_RMK(

    DMA_DMACICR_BLOCKIE_ON,

    DMA_DMACICR_LASTIE_OFF,

    DMA_DMACICR_FRAMEIE_OFF,

    DMA_DMACICR_FIRSTHALFIE_OFF,

    DMA_DMACICR_DROPIE_OFF,

    DMA_DMACICR_TIMEOUTIE_OFF

  ),                                       /* DMACICR  */

    (DMA_AdrPtr)(MCBSP_ADDR(DRR12)),                      /* DMACSSAL */

    0,                                     /* DMACSSAU */

    (DMA_AdrPtr)&MicSample,       

/* DMACDSAL */

    0,                                     /* DMACDSAU */

    2,                                     /* DMACEN   */

    3,                                     /* DMACFN   */

    0,                           

   /* DMACSFI  */

    0,                           


/* DMACSEI  */

    0,                           

   /* DMACDFI  */

    0                            

   /* DMACDEI  */

};

DMA_Config  dmaXmtConfig2 = { 

  DMA_DMACSDP_RMK(

    DMA_DMACSDP_DSTBEN_NOBURST,

    DMA_DMACSDP_DSTPACK_OFF,

    DMA_DMACSDP_DST_PERIPH,

    DMA_DMACSDP_SRCBEN_NOBURST,

    DMA_DMACSDP_SRCPACK_OFF,

    DMA_DMACSDP_SRC_DARAMPORT0,

    DMA_DMACSDP_DATATYPE_16BIT

  ),                                       /* DMACSDP  */

  DMA_DMACCR_RMK(

    DMA_DMACCR_DSTAMODE_CONST,

    DMA_DMACCR_SRCAMODE_POSTINC,

    DMA_DMACCR_ENDPROG_OFF,

    DMA_DMACCR_WP_DEFAULT,

    DMA_DMACCR_REPEAT_ALWAYS,

    DMA_DMACCR_AUTOINIT_ON,

    DMA_DMACCR_EN_STOP,

    DMA_DMACCR_PRIO_HI,

    DMA_DMACCR_FS_DISABLE,

    DMA_DMACCR_SYNC_XEVT2

  ),                                       /* DMACCR   */

  DMA_DMACICR_RMK(

    DMA_DMACICR_BLOCKIE_OFF,

    DMA_DMACICR_LASTIE_OFF,

    DMA_DMACICR_FRAMEIE_OFF,

    DMA_DMACICR_FIRSTHALFIE_OFF,

    DMA_DMACICR_DROPIE_OFF,

    DMA_DMACICR_TIMEOUTIE_OFF

  ),                                       /* DMACICR  */

    (DMA_AdrPtr)&xmt2[0],                      /* DMACSSAL */

    0,                                     /* DMACSSAU */

    (DMA_AdrPtr)(MCBSP_ADDR(DXR22)),       /* DMACDSAL */

    0,                                     /* DMACDSAU */

    2,                                     /* DMACEN   */

    3,                                     /* DMACFN   */

    1,                           

   /* DMACSFI  */

    1,                           


/* DMACSEI  */

    0,                           

   /* DMACDFI  */

    0                            

   /* DMACDEI  */

};

DMA_Config  dmaXmtConfig1 = { 

  DMA_DMACSDP_RMK(

    DMA_DMACSDP_DSTBEN_NOBURST,

    DMA_DMACSDP_DSTPACK_OFF,

    DMA_DMACSDP_DST_PERIPH,

    DMA_DMACSDP_SRCBEN_NOBURST,

    DMA_DMACSDP_SRCPACK_OFF,

    DMA_DMACSDP_SRC_DARAMPORT1,

    DMA_DMACSDP_DATATYPE_16BIT

  ),                                       /* DMACSDP  */

  DMA_DMACCR_RMK(

    DMA_DMACCR_DSTAMODE_CONST,

    DMA_DMACCR_SRCAMODE_POSTINC,

    DMA_DMACCR_ENDPROG_OFF,

    DMA_DMACCR_WP_DEFAULT,

    DMA_DMACCR_REPEAT_ALWAYS,

    DMA_DMACCR_AUTOINIT_ON,

    DMA_DMACCR_EN_STOP,

    DMA_DMACCR_PRIO_LOW,

    DMA_DMACCR_FS_DISABLE,

    DMA_DMACCR_SYNC_XEVT2

  ),                                       /* DMACCR   */

  DMA_DMACICR_RMK(

    DMA_DMACICR_BLOCKIE_OFF,

    DMA_DMACICR_LASTIE_OFF,

    DMA_DMACICR_FRAMEIE_OFF,

    DMA_DMACICR_FIRSTHALFIE_OFF,

    DMA_DMACICR_DROPIE_OFF,

    DMA_DMACICR_TIMEOUTIE_OFF

  ),                                       /* DMACICR  */

    (DMA_AdrPtr)&xmt1[0],                      /* DMACSSAL */

    0,                                     /* DMACSSAU */

    (DMA_AdrPtr)(MCBSP_ADDR(DXR12)),       /* DMACDSAL */

    0,                                     /* DMACDSAU */

    2,                                     /* DMACEN   */

    3,                                     /* DMACFN   */

    1,                           

   /* DMACSFI  */

    1,                           


/* DMACSEI  */

    0,                           

   /* DMACDFI  */

    0                            

   /* DMACDEI  */

};

/* Define a DMA_Handle object to be used with DMA_open function */

DMA_Handle hDmaRcv, hDmaXmt1, hDmaXmt2;

Uint16 srcAddrHi, srcAddrLo;

Uint16 dstAddrHi, dstAddrLo;

Uint16 xmtEventId, rcvEventId;

Uint16 old_intm, dmastat1, dmastat2;

Int16 Headset_code=0x34;

/* Internal codec state used to simulate read/write functionality */

static my_AIC23_Config codecstate = my_AIC23_DEFAULTCONFIG;

Int16 
HdPhoneSampleL[N], HdPhoneSampleR[N], LPHdPhoneSampleL[N], MicSamplei[8], tempTx, tempRcv, 



LPHdPhoneSampleR[N],HdPhoneSampleLold[3], HdPhoneSampleRold[3], xmtoldL, xmtoldR, CdChk, 



delay, TxIrCode;

Uint32 recieved_wordLlsb[N], recieved_wordRlsb[N], recieved_wordLmsb[N], recieved_wordRmsb[N], 


   transmit_wordMsb[N], transmit_wordLsb[N], dummy, ErrCode, RcvCode, BaseIrCode;

Uint32 regval, regnum; 

Int32 HdPhone;

Uint16 RecvEventId0, RecvEventId2, DmaRcvEventId, ECshrt;

int i, j, playevent = 0, token = 0, sync = 0, syncL = 0, syncR = 0,x, tag,


different_base, correct_base_LOS;

Uint32 addr;

Uchar crc8_codeRcv, indexRcv, crc8_codeTx, indexTx;

Uint16 limit = 31000, sample;


//limit of audio volume variation

Uchar crc8_data[] = {
//CRC checksum lookup table

0x00, 0x5e, 0xbc, 0xe2, 0x61, 0x3f, 0xdd, 0x83,

0xc2, 0x9c, 0x7e, 0x20, 0xa3, 0xfd, 0x1f, 0x41,

0x9d, 0xc3, 0x21, 0x7f, 0xfc, 0xa2, 0x40, 0x1e,

0x5f, 0x01, 0xe3, 0xbd, 0x3e, 0x60, 0x82, 0xdc,

0x23, 0x7d, 0x9f, 0xc1, 0x42, 0x1c, 0xfe, 0xa0,

0xe1, 0xbf, 0x5d, 0x03, 0x80, 0xde, 0x3c, 0x62,

0xbe, 0xe0, 0x02, 0x5c, 0xdf, 0x81, 0x63, 0x3d,

0x7c, 0x22, 0xc0, 0x9e, 0x1d, 0x43, 0xa1, 0xff,

0x46, 0x18, 0xfa, 0xa4, 0x27, 0x79, 0x9b, 0xc5,

0x84, 0xda, 0x38, 0x66, 0xe5, 0xbb, 0x59, 0x07,

0xdb, 0x85, 0x67, 0x39, 0xba, 0xe4, 0x06, 0x58,

0x19, 0x47, 0xa5, 0xfb, 0x78, 0x26, 0xc4, 0x9a,

0x65, 0x3b, 0xd9, 0x87, 0x04, 0x5a, 0xb8, 0xe6,

0xa7, 0xf9, 0x1b, 0x45, 0xc6, 0x98, 0x7a, 0x24,

0xf8, 0xa6, 0x44, 0x1a, 0x99, 0xc7, 0x25, 0x7b,

0x3a, 0x64, 0x86, 0xd8, 0x5b, 0x05, 0xe7, 0xb9,

0x8c, 0xd2, 0x30, 0x6e, 0xed, 0xb3, 0x51, 0x0f,

0x4e, 0x10, 0xf2, 0xac, 0x2f, 0x71, 0x93, 0xcd,

0x11, 0x4f, 0xad, 0xf3, 0x70, 0x2e, 0xcc, 0x92,

0xd3, 0x8d, 0x6f, 0x31, 0xb2, 0xec, 0x0e, 0x50,

0xaf, 0xf1, 0x13, 0x4d, 0xce, 0x90, 0x72, 0x2c,

0x6d, 0x33, 0xd1, 0x8f, 0x0c, 0x52, 0xb0, 0xee,

0x32, 0x6c, 0x8e, 0xd0, 0x53, 0x0d, 0xef, 0xb1,

0xf0, 0xae, 0x4c, 0x12, 0x91, 0xcf, 0x2d, 0x73,

0xca, 0x94, 0x76, 0x28, 0xab, 0xf5, 0x17, 0x49,

0x08, 0x56, 0xb4, 0xea, 0x69, 0x37, 0xd5, 0x8b,

0x57, 0x09, 0xeb, 0xb5, 0x36, 0x68, 0x8a, 0xd4,

0x95, 0xcb, 0x29, 0x77, 0xf4, 0xaa, 0x48, 0x16,

0xe9, 0xb7, 0x55, 0x0b, 0x88, 0xd6, 0x34, 0x6a,

0x2b, 0x75, 0x97, 0xc9, 0x4a, 0x14, 0xf6, 0xa8,

0x74, 0x2a, 0xc8, 0x96, 0x15, 0x4b, 0xa9, 0xf7,

0xb6, 0xe8, 0x0a, 0x54, 0xd7, 0x89, 0x6b, 0x35,

};

volatile ioport unsigned int* SPCR1;

volatile ioport unsigned int* SPCR2;

volatile ioport unsigned int* SRGR1;

volatile ioport unsigned int* SRGR2;

volatile ioport unsigned int* PCR;

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

 * Set the Codec configuration registers

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

void my_AIC23_rset(int hCodec, Uint16 regnum, Uint16 regval)

{

    /* Mask off lower 9 bits */

    regval &= 0x1ff;

    /* Wait for XRDY signal before writing data to DXR */

    while (!MCBSP_xrdy(C55XX_CONTROLHANDLE_hMcbsp));

    /* Write 16 bit data value to DXR */

    MCBSP_write16(C55XX_CONTROLHANDLE_hMcbsp, (regnum << 9) | regval);

    /* Save register value if regnum is in range */

    if (regnum < my_AIC23_NUMREGS)

        codecstate.regs[regnum] = regval;

}

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

 *  Configurate the Codec

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

void my_AIC23_config(int hCodec, my_AIC23_Config *Config)

{

    int i;

    /* Use default parameters if none are given */

    if (Config == NULL)

    
Config = &config;

    /* Assign each register */

    for (i = 0; i < my_AIC23_NUMREGS; i++)

        my_AIC23_rset(hCodec, i, Config -> regs[i]);

}

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

 *  Write a 32-bit value to the codec

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

CSLBool my_AIC23_write32(Int32 val)

{

    /* Wait for XRDY signal before writing data to DXR */

    if(!MCBSP_xrdy(C55XX_DMA_MCBSP_hMcbsp)) {

        return (FALSE);

    }

    /* Write 32 bit data value to DXR, shift to match format mode */    

    MCBSP_write32(C55XX_DMA_MCBSP_hMcbsp, val);

    return (TRUE);

     

}

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

 *  Write a 16-bit value to the codec

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

CSLBool my_AIC23_write16(Int16 val)

{

    /* Wait for XRDY signal before writing data to DXR */

    if(!MCBSP_xrdy(C55XX_DMA_MCBSP_hMcbsp)) {

        return (FALSE);

    }

    /* Write 32 bit data value to DXR, shift to match format mode */    

    MCBSP_write16(C55XX_DMA_MCBSP_hMcbsp, val);

    return (TRUE);

     

}

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

 *  Write a 16-bit valueto the codec

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

CSLBool my_AIC23_read16(Int16 *val)

{

    /* Wait until data is ready then read */

    if (!MCBSP_rrdy(C55XX_DMA_MCBSP_hMcbsp)) {

        return (FALSE);

    }

    /* Read the data */

    *val = MCBSP_read16(C55XX_DMA_MCBSP_hMcbsp);

    return (TRUE);

}

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

  -----------------------decode IR word into audio sample  --------------------

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

void decodeIRword(Int16 *AudioSample, Uint32 recieved_wordLSB, Uint32 recieved_wordMSB)

{

Int16 
HdPhoneSample = 0x0000; 


if ((recieved_wordLSB & 0x00000007) != 0) {HdPhoneSample |= 0x0001;}                                                                       


if ((recieved_wordLSB & 0x00000070) != 0) {HdPhoneSample |= 0x0002;}                                                                       


if ((recieved_wordLSB & 0x00000700) != 0) {HdPhoneSample |= 0x0004;}                                                                       


if ((recieved_wordLSB & 0x00007000) != 0) {HdPhoneSample |= 0x0008;}                                                                       


if ((recieved_wordLSB & 0x00070000) != 0) {HdPhoneSample |= 0x0010;}                                                                       


if ((recieved_wordLSB & 0x00700000) != 0) {HdPhoneSample |= 0x0020;}                                                                       


if ((recieved_wordLSB & 0x07000000) != 0) {HdPhoneSample |= 0x0040;}                                                                       


if ((recieved_wordLSB & 0x70000000) != 0) {HdPhoneSample |= 0x0080;} 


if ((recieved_wordMSB & 0x00000007) != 0) {HdPhoneSample |= 0x0100;}                                                                       


if ((recieved_wordMSB & 0x00000070) != 0) {HdPhoneSample |= 0x0200;}                                                                                   


if ((recieved_wordMSB & 0x00000700) != 0) {HdPhoneSample |= 0x0400;}                                                                                   


if ((recieved_wordMSB & 0x00007000) != 0) {HdPhoneSample |= 0x0800;}                                                                                   


if ((recieved_wordMSB & 0x00070000) != 0) {HdPhoneSample |= 0x1000;}                                                                                   


if ((recieved_wordMSB & 0x00700000) != 0) {HdPhoneSample |= 0x2000;}                                                                                   


if ((recieved_wordMSB & 0x07000000) != 0) {HdPhoneSample |= 0x4000;}                                                                                   


if ((recieved_wordMSB & 0x70000000) != 0) {HdPhoneSample |= 0x8000;}               


*AudioSample = HdPhoneSample;

}

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

  -----------------------encode audio sample into IR word  --------------------

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

void encodeIRword(Int16 MicSample, Uint32 *transmit_wordLSB, Uint32 *transmit_wordMSB)

{

Uint32 
IRwordMSB = 0x00000000, IRwordLSB = 0x00000000; 


if ((MicSample & 0x0001) != 0) {IRwordLSB |= 0x00000002;}                                    


if ((MicSample & 0x0002) != 0) {IRwordLSB |= 0x00000020;}                                            


if ((MicSample & 0x0004) != 0) {IRwordLSB |= 0x00000200;}                                            


if ((MicSample & 0x0008) != 0) {IRwordLSB |= 0x00002000;}                                            


if ((MicSample & 0x0010) != 0) {IRwordLSB |= 0x00020000;}                                            


if ((MicSample & 0x0020) != 0) {IRwordLSB |= 0x00200000;}                                            


if ((MicSample & 0x0040) != 0) {IRwordLSB |= 0x02000000;}                                            


if ((MicSample & 0x0080) != 0) {IRwordLSB |= 0x20000000;}         


if ((MicSample & 0x0100) != 0) {IRwordMSB |= 0x00000002;}                                    


if ((MicSample & 0x0200) != 0) {IRwordMSB |= 0x00000020;}                                            


if ((MicSample & 0x0400) != 0) {IRwordMSB |= 0x00000200;}                                            


if ((MicSample & 0x0800) != 0) {IRwordMSB |= 0x00002000;}                                            


if ((MicSample & 0x1000) != 0) {IRwordMSB |= 0x00020000;}                                            


if ((MicSample & 0x2000) != 0) {IRwordMSB |= 0x00200000;}                                            


if ((MicSample & 0x4000) != 0) {IRwordMSB |= 0x02000000;}                                            


if ((MicSample & 0x8000) != 0) {IRwordMSB |= 0x20000000;}          


*transmit_wordLSB = IRwordLSB;                                

    *transmit_wordMSB = IRwordMSB;                              

}

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

 *------------------------Send IR transmission,from DMA2 block complete interrupts---

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

void IRdata_transmitHWI(void)

{

 
//--------------------Send Headset Audio Sample to Base Station--------------

 
asm(" NOP");


asm(" NOP");      // Put MCBSP reciever into reset, and prevent noise interference 


*SPCR1 = 0x0000;  // from disrupting the protocol

      


asm(" NOP");


asm(" NOP");


*PCR = 0x0A00;


asm(" NOP"); 


asm(" NOP"); 

//
asm("
BSET XF
; set xf pin");


MicSamplei[0] = MicSample[1];//Re-enable DMA routine ASAP to prevent stalling 

    MicSamplei[1] = MicSample[3];

    MicSamplei[2] = MicSample[5];


DMA_RGETH(hDmaRcv, DMACSR);


//correct_base_LOS = 0;
//force condition for testing




if (correct_base_LOS < 4) {



transmit_wordMsb[0] &= 0x22222222;



transmit_wordLsb[0] &= 0x22222222;



transmit_wordMsb[1] &= 0x22222222;



transmit_wordLsb[1] &= 0x22222222;



transmit_wordMsb[2] &= 0x22222222;



transmit_wordLsb[2] &= 0x22222222;



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR     



MCBSP_write32(mhMcbsp,0x00000000);     
//make sure transciever LED turns off



// Wait for XRDY signal before writing data to DXR 



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR     



MCBSP_write32(mhMcbsp,0x000000E0);     
//make sure transciever LED turns off



// Wait for XRDY signal before writing data to DXR 



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR     



MCBSP_write32(mhMcbsp,0xC0000000);     
//make sure transciever LED turns off



// Wait for XRDY signal before writing data to DXR      



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR   



MCBSP_write32(mhMcbsp, ErrCode);



// Wait for XRDY signal before writing data to DXR      



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR  



MCBSP_write32(mhMcbsp, transmit_wordMsb[0]); 



// Wait for XRDY signal before writing data to DXR 



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR     



MCBSP_write32(mhMcbsp,0x00000000);     
//give power supply a chance 



// Wait for XRDY signal before writing data to DXR      



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR   



MCBSP_write32(mhMcbsp, transmit_wordMsb[1]);



// Wait for XRDY signal before writing data to DXR      



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR  



MCBSP_write32(mhMcbsp, transmit_wordMsb[2]);  



// Wait for XRDY signal before writing data to DXR 



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR     



MCBSP_write32(mhMcbsp,0x00000000);     
//give power supply a chance 



// Wait for XRDY signal before writing data to DXR 



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR   



MCBSP_write32(mhMcbsp, transmit_wordLsb[0]);



// Wait for XRDY signal before writing data to DXR 



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR  



MCBSP_write32(mhMcbsp, transmit_wordLsb[1]);  



// Wait for XRDY signal before writing data to DXR 



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR     



MCBSP_write32(mhMcbsp,0x00000000);     
//give power supply a chance



// Wait for XRDY signal before writing data to DXR      



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR   



MCBSP_write32(mhMcbsp, transmit_wordLsb[2]);



// Wait for XRDY signal before writing data to DXR 



while (!MCBSP_xrdy(mhMcbsp));       //make sure transciever LED turns off, and prevent 



MCBSP_write32(mhMcbsp,0x00000000);  //interference from disrupting protocol,can make as many as base has to do 50uS wait   




// Wait for XRDY signal before writing data to DXR 



while (!MCBSP_xrdy(mhMcbsp));       



MCBSP_write32(mhMcbsp,0x00000000);     
//make sure transciever LED turns off



// Wait for XRDY signal before writing data to DXR 



while (!MCBSP_xrdy(mhMcbsp));       



MCBSP_write32(mhMcbsp,0x00000000);     
//make sure transciever LED turns off



//--------------------Keep DAC synced with ADC------------------




if (tag == 1) {




xmt1[0] = HdPhoneSampleR[0];
//for some reason DMA performs two transmissions per audio sample




xmt1[1] = HdPhoneSampleR[0];
//hence just repeat each sample




xmt2[0] = HdPhoneSampleL[0];




xmt2[1] = HdPhoneSampleL[0];




xmt1[2] = HdPhoneSampleR[1];




xmt1[3] = HdPhoneSampleR[1];




xmt2[2] = HdPhoneSampleL[1];




xmt2[3] = HdPhoneSampleL[1];




xmt1[4] = HdPhoneSampleR[2];




xmt1[5] = HdPhoneSampleR[2];




xmt2[4] = HdPhoneSampleL[2];




xmt2[5] = HdPhoneSampleL[2];}



if (tag == 0) {




xmt1[0] = xmtoldR;
//for some reason DMA performs two transmissions per audio sample




xmt1[1] = xmtoldR;
//hence just repeat each sample




xmt2[0] = xmtoldL;




xmt2[1] = xmtoldL;




xmt1[2] = xmtoldR;




xmt1[3] = xmtoldR;




xmt2[2] = xmtoldL;




xmt2[3] = xmtoldL;




xmt1[4] = xmtoldR;




xmt1[5] = xmtoldR;




xmt2[4] = xmtoldL;




xmt2[5] = xmtoldL;}



DMA_RGETH(hDmaXmt2, DMACSR);



DMA_RGETH(hDmaXmt1, DMACSR);


//--------------------------------------------------------------- 



if ((different_base == 1) && (correct_base_LOS < 100)) {correct_base_LOS++;}



//reduce number of bits sent by a quarter the POTS is only 8 bits anyway and 



//the power supply noise is counterproductive anyway



if ((MicSamplei[0] & 0x0008) != 0) {MicSamplei[0] |= 0x0010;}//half roundoff error



if ((MicSamplei[1] & 0x0008) != 0) {MicSamplei[1] |= 0x0010;}//half roundoff error



if ((MicSamplei[2] & 0x0008) != 0) {MicSamplei[2] |= 0x0010;}//half roundoff error


    MicSamplei[0] = MicSamplei[0] & 0xFFF0;


    MicSamplei[1] = MicSamplei[1] & 0xFFF0;


    MicSamplei[2] = MicSamplei[2] & 0xFFF0;



ErrCode = 0;



encodeIRword(MicSamplei[0], &transmit_wordLsb[0], &transmit_wordMsb[0]);



encodeIRword(MicSamplei[1], &transmit_wordLsb[1], &transmit_wordMsb[1]);



encodeIRword(MicSamplei[2], &transmit_wordLsb[2], &transmit_wordMsb[2]);


    crc8_codeTx = 0;


    for (i=0 ; i<3 ; i=i+1)

// generate CRC checksum from transmitted data



    {



    tempTx = ((MicSamplei[i]) & 0xF000) >> 8;



    indexTx = ((Uchar) tempTx) ^ crc8_codeTx;



    crc8_codeTx = crc8_data[indexTx];



    } 



encodeIRword(crc8_codeTx, &ErrCode, &dummy);    


}


else {tag = 0;}
//if different base is present dont play audio


asm(" NOP"); 


asm(" NOP");



*PCR = 0x0B00;


asm(" NOP");


asm(" NOP");


*SPCR1 = 0x0001;

//take MCBSP reciever out of reset


asm(" NOP");


asm(" NOP"); 


//asm("
BCLR XF
; clear xf pin");

    //IRQ_enable(IRQ_EVT_RINT0);

tag = 0;


} 

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

 *------------------------------Recieved IR transmission-----------------------------

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

void IRdata_recievedHWI(void)

{


while (!MCBSP_xrdy(mhMcbsp));       


// Write 32 bit data value to DXR     


MCBSP_write16(mhMcbsp,0x0000);     
//make sure transciever LED turns off


    while (!MCBSP_rrdy(mhMcbsp));

    dummy = MCBSP_read32(mhMcbsp);


/* Wait for RRDY signal to read data from DRR */  

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    BaseIrCode = MCBSP_read32(mhMcbsp); 


/* Wait for RRDY signal to read data from DRR */  

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordLmsb[0] = MCBSP_read32(mhMcbsp); 

    /* Wait for RRDY signal to read data from DRR */

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordLlsb[0] = MCBSP_read32(mhMcbsp);

    /* Wait for RRDY signal to read data from DRR */

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordRmsb[0] = MCBSP_read32(mhMcbsp); 

    /* Wait for RRDY signal to read data from DRR */

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordRlsb[0] = MCBSP_read32(mhMcbsp); 


/* Wait for RRDY signal to read data from DRR */  

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordLmsb[1] = MCBSP_read32(mhMcbsp); 

    /* Wait for RRDY signal to read data from DRR */

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */ 

    recieved_wordLlsb[1] = MCBSP_read32(mhMcbsp);

    /* Wait for RRDY signal to read data from DRR */

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordRmsb[1] = MCBSP_read32(mhMcbsp); 

    /* Wait for RRDY signal to read data from DRR */

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordRlsb[1] = MCBSP_read32(mhMcbsp); 


/* Wait for RRDY signal to read data from DRR */  

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordLmsb[2] = MCBSP_read32(mhMcbsp); 

    /* Wait for RRDY signal to read data from DRR */

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordLlsb[2] = MCBSP_read32(mhMcbsp);

    /* Wait for RRDY signal to read data from DRR */

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordRmsb[2] = MCBSP_read32(mhMcbsp); 

    /* Wait for RRDY signal to read data from DRR */

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordRlsb[2] = MCBSP_read32(mhMcbsp);

    /* Wait for RRDY signal to read data from DRR */

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    RcvCode = MCBSP_read32(mhMcbsp);

    while (!MCBSP_rrdy(mhMcbsp));

    dummy = MCBSP_read32(mhMcbsp);  

    while (!MCBSP_rrdy(mhMcbsp));

    dummy = MCBSP_read32(mhMcbsp); 

   
asm(" NOP");


asm(" NOP");      // Put MCBSP reciever into reset, NEED THIS HERE otherwise RINTO ISR


*SPCR1 = 0x0000;  // preempts itself

      


asm(" NOP");


asm(" NOP");


*PCR = 0x0A00;


asm(" NOP"); 


asm(" NOP");     


while (!MCBSP_xrdy(mhMcbsp));       


// Write 32 bit data value to DXR     


MCBSP_write16(mhMcbsp,0x0000);     
//make sure transciever LED turns off


HdPhoneSampleLold[2] = HdPhoneSampleL[2];


HdPhoneSampleRold[2] = HdPhoneSampleR[2];


asm("
BSET XF
; set xf pin");

 


decodeIRword(&HdPhoneSampleL[0], recieved_wordLlsb[0], recieved_wordLmsb[0]);
//decode trasmitted words


decodeIRword(&HdPhoneSampleR[0], recieved_wordRlsb[0], recieved_wordRmsb[0]);
//into audio samples


decodeIRword(&HdPhoneSampleL[1], recieved_wordLlsb[1], recieved_wordLmsb[1]);


decodeIRword(&HdPhoneSampleR[1], recieved_wordRlsb[1], recieved_wordRmsb[1]);


decodeIRword(&HdPhoneSampleL[2], recieved_wordLlsb[2], recieved_wordLmsb[2]);


decodeIRword(&HdPhoneSampleR[2], recieved_wordRlsb[2], recieved_wordRmsb[2]);


dummy = 0;


decodeIRword(&CdChk, RcvCode, dummy);
//decode tranmitted CRC checksum


decodeIRword(&TxIrCode, BaseIrCode, dummy);
//decode tranmitted CRC checksum

    crc8_codeRcv = 0;

    for (i=0 ; i<3 ; i++)

// generate CRC checksum from transmitted data


    {


    tempRcv = ((HdPhoneSampleL[i]) & 0xF000) >> 8;


    indexRcv = ((Uchar) tempRcv) ^ crc8_codeRcv;


    crc8_codeRcv = crc8_data[indexRcv];


    tempRcv = ((HdPhoneSampleR[i]) & 0xF000) >> 8;


    indexRcv = ((Uchar) tempRcv) ^ crc8_codeRcv;


    crc8_codeRcv = crc8_data[indexRcv];


    }


crc8_codeRcv = crc8_codeRcv & 0xFC;


CdChk = CdChk & 0xFC;


xmtoldR = xmt1[5];
//store previous correct and filtered audio sample values


xmtoldL = xmt2[5];


token = 0;


if ((abs(HdPhoneSampleLold[2]))  - HdPhoneSampleL[0]> limit) {token = 1;}


if ((abs(HdPhoneSampleRold[2]))  - HdPhoneSampleR[0]> limit) {token = 1;}


if ((abs(HdPhoneSampleLold[2]))  - HdPhoneSampleL[1]> limit) {token = 1;}


if ((abs(HdPhoneSampleRold[2]))  - HdPhoneSampleR[1]> limit) {token = 1;}


if ((abs(HdPhoneSampleLold[2]))  - HdPhoneSampleL[2]> limit) {token = 1;}


if ((abs(HdPhoneSampleRold[2]))  - HdPhoneSampleR[2]> limit) {token = 1;}

    //if limit is too low then get glitches every now and then even when there are no errors 


if ( (abs(HdPhoneSampleL[0]) < 20000) 



&& (abs(HdPhoneSampleR[0]) < 20000)



&& (abs(HdPhoneSampleL[1]) < 20000)



&& (abs(HdPhoneSampleR[1]) < 20000)



&& (abs(HdPhoneSampleL[2]) < 20000)



&& (abs(HdPhoneSampleR[2]) < 20000)) {token = 0;}


if ((crc8_codeRcv != CdChk) || (token == 1))  {  //compare the generated and transmitted CRC checksums



HdPhoneSampleL[0] = xmtoldL;

   //and flatline if errors are detected



HdPhoneSampleR[0] = xmtoldR;




HdPhoneSampleL[1] = xmtoldL;



HdPhoneSampleR[1] = xmtoldR;



HdPhoneSampleL[2] = xmtoldL;



HdPhoneSampleR[2] = xmtoldR;




limit = 20000;

//if an error occurred in the last transmission limit volume variation to half peak



tag = 0;



}


else { 



limit = 32700;



tag = 1; }
//if no error occured in last transmission allow full volume range


if (TxIrCode == Headset_code) {


    IRQ_disable(IRQ_EVT_RINT0);



correct_base_LOS = 0;



different_base = 0;}
//different base is in LOS


else {different_base = 1;}


asm("
BCLR XF
; set xf pin");
    

}


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

 *                         ======== MAIN ========

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

Void main()

{


SPCR1 = (volatile ioport unsigned int*)0x2804;


SPCR2 = (volatile ioport unsigned int*)0x2805;    


SRGR1 = (volatile ioport unsigned int*)0x280A;    


SRGR2 = (volatile ioport unsigned int*)0x280B;    


PCR = (volatile ioport unsigned int*)0x2812;    

    PLL_config(&MyPLLConfig);


EMIF_RSET(GBLCTL2, 0x9);  //make codec clock 3MHz


/*


mode = 1 means PLL enabled (non-bypass mode)


mul = 5 means multiply by 5


div0 = 0 means Divider0 divides by 1


div1 = 3 means Divider1 divides by 4


div2 = 3 means Divider2 divides by 4


div3 = 3 means Divider3 divides by 4


oscdiv = 1 means Oscillator Divider1 divides by 2


*/


PLL_setFreq(1, 2, 0, 0, 0, 1, 0);


// Open MCBSP Port 0, thiswill return a MCBSP handle that will be used in calls to other CSl functions.   


mhMcbsp = MCBSP_open(MCBSP_PORT0, MCBSP_OPEN_RESET);


*SRGR1 = 0x0102; //SRGR1, SRGR2 do not get set by config, so do manually, are before cofig


*SRGR2 = 0x200F; // because to change McBSP settings, port must be reset


// Write configuration structure values to MCBSP control registers 


MCBSP_config(mhMcbsp, &ConfigLoopBack320); 

 
 /* Start Sample Rate Generator and Frame Sync */

  
MCBSP_start(mhMcbsp, MCBSP_SRGR_START | MCBSP_SRGR_FRAMESYNC,0x300);

  
/* Enable MCBSP transmit and receive */

  
MCBSP_start(mhMcbsp, MCBSP_RCV_START | MCBSP_XMIT_START, 0x200);
 

    // Open MCBSP Port 1, this will return a MCBSP handle that will be used in calls to other CSl functions.                     


C55XX_CONTROLHANDLE_hMcbsp = MCBSP_open(MCBSP_PORT1, MCBSP_OPEN_RESET);


// Write configuration structure values to MCBSP control registers                                             


MCBSP_config(C55XX_CONTROLHANDLE_hMcbsp, &ConfigMcbsp1); 


// Open MCBSP Port 2, this will return a MCBSP handle that will be used in calls to other CSl functions.                      


C55XX_DMA_MCBSP_hMcbsp = MCBSP_open(MCBSP_PORT2, MCBSP_OPEN_RESET);


// Write configuration structure values to MCBSP control registers                                             


MCBSP_config(C55XX_DMA_MCBSP_hMcbsp, &ConfigMcbsp2);  

    // Start McBSP1 as the codec control channel 

    MCBSP_start(C55XX_CONTROLHANDLE_hMcbsp, MCBSP_XMIT_START | MCBSP_SRGR_START | MCBSP_SRGR_FRAMESYNC, 100);

    // Reset the AIC23 

    my_AIC23_rset(0, my_AIC23_RESET, 0);

    // Configure the rest of the AIC23 registers 

    my_AIC23_config(0, &config);


// Clear any garbage from the codec data port 

    if (MCBSP_rrdy(C55XX_DMA_MCBSP_hMcbsp))

        MCBSP_read16(C55XX_DMA_MCBSP_hMcbsp);

    // Start McBSP2 as the codec data channel

    MCBSP_start(C55XX_DMA_MCBSP_hMcbsp, MCBSP_XMIT_START | MCBSP_RCV_START |


MCBSP_SRGR_START | MCBSP_SRGR_FRAMESYNC, 0x300);

    /* Open DMA Channel 0 */

    hDmaXmt2 = DMA_open(DMA_CHA0, 0); 

    hDmaXmt1 = DMA_open(DMA_CHA1, 0);   

    hDmaRcv = DMA_open(DMA_CHA4, 0);  

    /* By default, the TMS320C55xx compiler assigns all data symbols word */

    /* addresses. The DMA however, expects all addresses to be byte       */

    /* addresses. Therefore, we must shift the address by 2 in order to   */

    /* change the word address to a byte address for the DMA transfer.    */ 

    srcAddrHi = (Uint16)(((Uint32)(MCBSP_ADDR(DRR12))) >> 15) & 0xFFFFu;

    srcAddrLo = (Uint16)(((Uint32)(MCBSP_ADDR(DRR12))) << 1) & 0xFFFFu;

    dstAddrHi = (Uint16)(((Uint32)(&MicSample[0])) >> 15) & 0xFFFFu;

    dstAddrLo = (Uint16)(((Uint32)(&MicSample[0])) << 1) & 0xFFFFu;

    dmaRcvConfig.dmacssal = (DMA_AdrPtr)srcAddrLo;

    dmaRcvConfig.dmacssau = srcAddrHi;

    dmaRcvConfig.dmacdsal = (DMA_AdrPtr)dstAddrLo;

    dmaRcvConfig.dmacdsau = dstAddrHi;


srcAddrHi = (Uint16)(((Uint32)(&xmt1[0])) >> 15) & 0xFFFFu;

    srcAddrLo = (Uint16)(((Uint32)(&xmt1[0])) << 1) & 0xFFFFu;

    dstAddrHi = (Uint16)(((Uint32)(MCBSP_ADDR(DXR12))) >> 15) & 0xFFFFu;

    dstAddrLo = (Uint16)(((Uint32)(MCBSP_ADDR(DXR12))) << 1) & 0xFFFFu;

    dmaXmtConfig1.dmacssal = (DMA_AdrPtr)srcAddrLo;

    dmaXmtConfig1.dmacssau = srcAddrHi;

    dmaXmtConfig1.dmacdsal = (DMA_AdrPtr)dstAddrLo;

    dmaXmtConfig1.dmacdsau = dstAddrHi;


srcAddrHi = (Uint16)(((Uint32)(&xmt2[0])) >> 15) & 0xFFFFu;

    srcAddrLo = (Uint16)(((Uint32)(&xmt2[0])) << 1) & 0xFFFFu;

    dstAddrHi = (Uint16)(((Uint32)(MCBSP_ADDR(DXR22))) >> 15) & 0xFFFFu;

    dstAddrLo = (Uint16)(((Uint32)(MCBSP_ADDR(DXR22))) << 1) & 0xFFFFu;

    dmaXmtConfig2.dmacssal = (DMA_AdrPtr)srcAddrLo;

    dmaXmtConfig2.dmacssau = srcAddrHi;

    dmaXmtConfig2.dmacdsal = (DMA_AdrPtr)dstAddrLo;

    dmaXmtConfig2.dmacdsau = dstAddrHi;


DmaRcvEventId = DMA_getEventId(hDmaRcv);


IRQ_globalDisable();


IRQ_clear(DmaRcvEventId);


IRQ_enable(DmaRcvEventId);
//enable in intm register

    /* Write configuration structure values to DMA control registers */

    DMA_config(hDmaXmt2, &dmaXmtConfig2); 

    DMA_config(hDmaXmt1, &dmaXmtConfig1);   

    DMA_config(hDmaRcv, &dmaRcvConfig);     

    /* Enable DMA channel to begin transfer */

    DMA_start(hDmaRcv);

    DMA_start(hDmaXmt2);

    DMA_start(hDmaXmt1);

    IRQ_enable(IRQ_EVT_RINT0);
//enable in intm register


while((!my_AIC23_write32(0x00000000)) && (delay < 10)) {delay++;}  //must clear any garbage from McBSP port for DMA to work


delay = 0;


while((!my_AIC23_read16(&MicSample[0])) && (delay < 1000)) {delay++;}  //must clear any garbage from McBSP port for DMA to work


delay = 0;


if (delay == 5) {



IRdata_recievedHWI(); 


 
IRdata_transmitHWI();

 

}

 
asm(" NOP");


asm(" NOP");      // initially, Put MCBSP reciever into reset, and prevent noise interference 


*SPCR1 = 0x0000;  // from disrupting the protocol

      


asm(" NOP");


asm(" NOP");


*PCR = 0x0A00;


asm(" NOP"); 


asm(" NOP"); 


DMA_RGETH(hDmaXmt2, DMACSR);


DMA_RGETH(hDmaXmt1, DMACSR);

   
DMA_RGETH(hDmaRcv, DMACSR);

    IDL_run();


//fall back to kernal and real time schedular.


}

Base Station Source Code

/*5502 IR Headset Code

2005-08-25: Cleaned up code

Andrew Pasquale, Curtin University of Technology*/

#define CHIP_5502 1

#include <log.h>

#include <clk.h>

#include <hwi.h>

#include <csl_mcbsp.h>

#include <csl_irq.h>

#include <csl_pll.h>

#include <csl_emif.h>

#include <csl_chip.h>

#include <intrindefs.h>

#include <csl_dma.h>

#include "clktestcfg.h"

void IRdata_recievedHWI(void); 

void IRdata_transmitHWI(void);

MCBSP_Handle mhMcbsp, C55XX_CONTROLHANDLE_hMcbsp, C55XX_DMA_MCBSP_hMcbsp; 

#define N       4

/* Define transmit and receive buffers */

#pragma DATA_SECTION(xmt1,"dmaMem")

Int16 xmt1[6];

#pragma DATA_SECTION(xmt2,"dmaMem")

Int16 xmt2[6];

#pragma DATA_SECTION(MicSample,"dmaMem")

Int16 MicSample[7];

#define my_AIC23_RESET       15

#define my_AIC23_NUMREGS     10

typedef int my_AIC23_CodecHandle;

my_AIC23_CodecHandle hCodec;

typedef struct my_AIC23_Config {
/* Parameter Structure for the AIC23 Codec */

    int regs[my_AIC23_NUMREGS];

} my_AIC23_Config;

#define my_AIC23_DEFAULTCONFIG { \

    0x0017, /* Set-Up Reg 0       Left line input channel volume control */  \

            /* LRS     0          simultaneous left/right volume: disabled */\

            /* LIM     0          left line input mute: disabled */          \

            /* XX      00         reserved */                                \

            /* LIV     10111      left line input volume: 0 dB */            \

                                                                             \

    0x0017, /* Set-Up Reg 1       Right line input channel volume control */ \

            /* RLS     0          simultaneous right/left volume: disabled */\

            /* RIM     0          right line input mute: disabled */         \

            /* XX      00         reserved */                                \

            /* RIV     10111      right line input volume: 0 dB */           \

                                                                             \

    0x01f9, /* Set-Up Reg 2       Left channel headphone volume control */   \

            /* LRS     1          simultaneous left/right volume: enabled */ \

            /* LZC     1          left channel zero-cross detect: enabled */ \

            /* LHV     1111001    left headphone volume: 0 dB */             \

                                                                             \

    0x01f9, /* Set-Up Reg 3       Right channel headphone volume control */  \

            /* RLS     1          simultaneous right/left volume: enabled */ \

            /* RZC     1          right channel zero-cross detect: enabled */\

            /* RHV     1111001    right headphone volume: 0 dB */            \

                                                                             \

    0x0011, /* Set-Up Reg 4       Analog audio path control */               \

            /* X       0          reserved */                                \

            /* STA     00         sidetone attenuation: -6 dB */             \

            /* STE     0          sidetone: disabled */                      \

            /* DAC     1          DAC: selected */                           \

            /* BYP     0          bypass: off */                             \

            /* INSEL   0          input select for ADC: line */              \

            /* MICM    0          microphone mute: disabled */               \

            /* MICB    1          microphone boost: enabled */               \

                                                                             \

    0x0000, /* Set-Up Reg 5       Digital audio path control */              \

            /* XXXXX   00000      reserved */                                \

            /* DACM    0          DAC soft mute: disabled */                 \

            /* DEEMP   00         deemphasis control: disabled */            \

            /* ADCHP   0          ADC high-pass filter: disabled */          \

                                                                             \

    0x0000, /* Set-Up Reg 6       Power down control */                      \

            /* X       0          reserved */                                \

            /* OFF     0          device power: on (i.e. not off) */         \

            /* CLK     0          clock: on */                               \

            /* OSC     0          oscillator: on */                          \

            /* OUT     0          outputs: on */                             \

            /* DAC     0          DAC: on */                                 \

            /* ADC     0          ADC: on */                                 \

            /* MIC     0          microphone: on */                          \

            /* LINE    0          line input: on */                          \

                                                                             \

    0x0043, /* Set-Up Reg 7       Digital audio interface format */          \

            /* XX      00         reserved */                                \

            /* MS      1          master/slave mode: master */               \

            /* LRSWAP  0          DAC left/right swap: disabled */           \

            /* LRP     0          DAC lrp: MSB on 1st BCLK */                \

            /* IWL     00         input bit length: 16 bit */                \

            /* FOR     11         data format: DSP format */                 \

                                                                             \

    0x0081, /* Set-Up Reg 8       Sample rate control */                     \

            /* X       0          reserved */                                \

            /* CLKOUT  1          clock output divider: 2 (MCLK/2) */        \

            /* CLKIN   0          clock input divider: 2 (MCLK/2) */         \

            /* SR,BOSR 00000      sampling rate: ADC  48 kHz DAC  48 kHz */  \

            /* USB/N   1          clock mode select (USB/normal): USB */     \

                                                                             \

    0x0001  /* Set-Up Reg 9       Digital interface activation */            \

            /* XX..X   00000000   reserved */                                \

            /* ACT     1          active */                                  \

}

/* Codec configuration settings */

my_AIC23_Config config = { 

    0x0097,  // 0 DSK5510_AIC23_LEFTINVOL  Left line input channel volume  

    0x0097,  // 1 DSK5510_AIC23_RIGHTINVOL Right line input channel volume 

    0x01E9,  // 2 DSK5510_AIC23_LEFTHPVOL  Left channel headphone volume   

    0x01E9,  // 3 DSK5510_AIC23_RIGHTHPVOL Right channel headphone volume  

    0x00D5,  // 4 DSK5510_AIC23_ANAPATH    Analog audio path control, line input       

    0x0001,  // 5 DSK5510_AIC23_DIGPATH    Digital audio path control, with high pass filter      

    0x0061,  // 6 DSK5510_AIC23_POWERDOWN  Power down control, turn off oscillator, line in, clkout              

    0x0043,  // 7 DSK5510_AIC23_DIGIF      Digital audio interface format  

    0x0098,  // 8 DSK5510_AIC23_SAMPLERATE Sample rate control, 32KHz but since codec is at 3 MHz, is really 8KHz             

    0x0001   // 9 DSK5510_AIC23_DIGACT     Digital interface activation    

};

PLL_Config MyPLLConfig = {


0x1, /* PLLCSR */


0x2, /* PLLM */


0x8000, /* PLLDIV0 */


0x8000, /* PLLDIV1 */


0x8000, /* PLLDIV2 */


0x8001, /* PLLDIV3 */


0x0, /* OSCDIV1 */


0x0, /* WAKEUP */


0x1, /* CLKMD */


0x2 /* CLKOUTSR */

}; 

MCBSP_Config ConfigMcbsp1 = {

0x1000, /* spcr1 0001 0000 0000 0000, SPI (clock stop) mode enabled*/

0x0100, /* spcr2 */

0x0000, /* rcr1 */

0x0000, /* rcr2 */

0x0040, /* xcr1 */

0x0002, /* xcr2 */

0x000C, /* srgr1 0000 0000 0110 0011*/

0x2013, /* srgr2 */

0x0000, /* mcr1 */

0x0000, /* mcr2 */

0x0A0A, /* pcr, 0001 1010 0000 1010 */

0xFFFF, /* rcera */

0xFFFF, /* rcerb */

0xFFFF, /* rcerc */

0xFFFF, /* rcerd */

0xFFFF, /* rcere */

0xFFFF, /* rcerf */

0xFFFF, /* rcerg */

0xFFFF, /* rcerh */

0xFFFF, /* xcera */

0xFFFF, /* xcerb */

0xFFFF, /* xcerc */

0xFFFF, /* xcerd */

0xFFFF, /* xcere */

0xFFFF, /* xcerf */

0xFFFF, /* xcerg */

0xFFFF /* xcerh */

};

MCBSP_Config ConfigMcbsp2 = {

0x0000, /* spcr1 */

0x0100, /* spcr2 */

0x0140, /* rcr1 */

0x0000, /* rcr2 ,make rdatdly = 1, check new headset board, if 0 works since overflow can occur if user speaks loud*/

0x01A0, /* xcr1, 32bit word for transmit */

0x0000, /* xcr2 */

0x0000, /* srgr1 */

0x2000, /* srgr2 */

0x0000, /* mcr1 */

0x0000, /* mcr2 */

0x0182, /* pcr, make clock polarity negative edge triggered, solves mic overflow problem */

0xFFFF, /* rcera */

0xFFFF, /* rcerb */

0xFFFF, /* rcerc */

0xFFFF, /* rcerd */

0xFFFF, /* rcere */

0xFFFF, /* rcerf */

0xFFFF, /* rcerg */

0xFFFF, /* rcerh */

0xFFFF, /* xcera */

0xFFFF, /* xcerb */

0xFFFF, /* xcerc */

0xFFFF, /* xcerd */

0xFFFF, /* xcere */

0xFFFF, /* xcerf */

0xFFFF, /* xcerg */

0xFFFF /* xcerh */

};

/* Create a MCBSP configuration structure */

  MCBSP_Config ConfigLoopBack320= {

  MCBSP_SPCR1_RMK(

    MCBSP_SPCR1_DLB_OFF,                   /* DLB    = 0 */

    MCBSP_SPCR1_RJUST_RZF,                 /* RJUST  = 0 */

    MCBSP_SPCR1_CLKSTP_DISABLE,            /* CLKSTP = 0 */

    MCBSP_SPCR1_DXENA_NA,                  /* DXENA  = 0 */

    MCBSP_SPCR1_ABIS_DISABLE,              /* ABIS   = 0 */

    MCBSP_SPCR1_RINTM_RRDY,                /* RINTM  = 0 */

    0,                                     /* RSYNCER = 0 */

    MCBSP_SPCR1_RRST_DISABLE               /* RRST   = 0 */

   ),

    MCBSP_SPCR2_RMK(

    MCBSP_SPCR2_FREE_NO,                   /* FREE   = 0 */

    MCBSP_SPCR2_SOFT_NO,                   /* SOFT   = 0 */

    MCBSP_SPCR2_FRST_FSG,                  /* FRST   = 1 */

    MCBSP_SPCR2_GRST_CLKG,                 /* GRST   = 1 */

    MCBSP_SPCR2_XINTM_XRDY,                /* XINTM  = 0 */

    0,                                     /* XSYNCER = N/A */

    MCBSP_SPCR2_XRST_DISABLE               /* XRST   = 0 */

   ),

  MCBSP_RCR1_RMK( 

  MCBSP_RCR1_RFRLEN1_OF(16),                /* RFRLEN1 = 3 */

  MCBSP_RCR1_RWDLEN1_32BIT                 /* RWDLEN1 = 5 */

  ),

 MCBSP_RCR2_RMK(    

    MCBSP_RCR2_RPHASE_SINGLE,              /* RPHASE  = 0 */

    MCBSP_RCR2_RFRLEN2_OF(0),              /* RFRLEN2 = 0 */

    MCBSP_RCR2_RWDLEN2_8BIT,               /* RWDLEN2 = 0 */

    MCBSP_RCR2_RCOMPAND_MSB,               /* RCOMPAND = 0 */

    MCBSP_RCR2_RFIG_NO,                    /* RFIG    = 1 */

    MCBSP_RCR2_RDATDLY_1BIT                /* RDATDLY = 1 */

    ),  

   MCBSP_XCR1_RMK(    

    MCBSP_XCR1_XFRLEN1_OF(5),              /* XFRLEN1 = 1 */ 

    MCBSP_XCR1_XWDLEN1_32BIT               /* XWDLEN1 = 5 */

 ),          

 MCBSP_XCR2_RMK(   

    MCBSP_XCR2_XPHASE_SINGLE,              /* XPHASE  = 0 */

    MCBSP_XCR2_XFRLEN2_OF(0),              /* XFRLEN2 = 0 */

    MCBSP_XCR2_XWDLEN2_8BIT,               /* XWDLEN2 = 0 */

    MCBSP_XCR2_XCOMPAND_MSB,               /* XCOMPAND = 0 */

    MCBSP_XCR2_XFIG_NO,                    /* XFIG    = 1 */

    MCBSP_XCR2_XDATDLY_0BIT                /* XDATDLY = 0 */

  ),            

 MCBSP_SRGR1_RMK( 

   MCBSP_SRGR1_FWID_OF(1),                /* FWID    = 1 */

   MCBSP_SRGR1_CLKGDV_OF(2)               /* CLKGDV  = 2 */

 ),   

 MCBSP_SRGR2_RMK(  

    MCBSP_SRGR2_GSYNC_SYNC,                /* FREE    = 1 */

    MCBSP_SRGR2_CLKSP_RISING,              /* CLKSP   = 0 */

    MCBSP_SRGR2_CLKSM_INTERNAL,            /* CLKSM   = 1 */

    MCBSP_SRGR2_FSGM_DXR2XSR,              /* FSGM    = 0 */

    MCBSP_SRGR2_FPER_OF(15)                /* FPER    = 15 */

 ),  

 MCBSP_MCR1_DEFAULT,

 MCBSP_MCR2_DEFAULT, 

 MCBSP_PCR_RMK(

   MCBSP_PCR_XIOEN_SP,                     /* XIOEN    = 0   */

   MCBSP_PCR_RIOEN_SP,                     /* RIOEN    = 0   */

   MCBSP_PCR_FSXM_INTERNAL,                /* FSXM     = 1   */

   MCBSP_PCR_FSRM_EXTERNAL,                /* FSRM     = 0   */

   MCBSP_PCR_CLKXM_OUTPUT,                 /* CLKXM    = 1   */

   MCBSP_PCR_CLKRM_OUTPUT,                  /* CLKRM    = 1   */

   0,                                      /* DXSTAT = N/A   */

   MCBSP_PCR_SCLKME_NO,                    /* SCLKME   = 0   */

   MCBSP_PCR_FSXP_ACTIVEHIGH,              /* FSXP     = 0   */

   MCBSP_PCR_FSRP_ACTIVEHIGH,              /* FSRP     = 0   */

   MCBSP_PCR_CLKXP_RISING,                 /* CLKXP    = 0   */

   MCBSP_PCR_CLKRP_RISING                 /* CLKRP    = 1   */

 ),

 MCBSP_RCERA_DEFAULT, 

 MCBSP_RCERB_DEFAULT, 

 MCBSP_RCERC_DEFAULT, 

 MCBSP_RCERD_DEFAULT, 

 MCBSP_RCERE_DEFAULT, 

 MCBSP_RCERF_DEFAULT, 

 MCBSP_RCERG_DEFAULT, 

 MCBSP_RCERH_DEFAULT, 

 MCBSP_XCERA_DEFAULT,

 MCBSP_XCERB_DEFAULT,

 MCBSP_XCERC_DEFAULT,

 MCBSP_XCERD_DEFAULT,  

 MCBSP_XCERE_DEFAULT,

 MCBSP_XCERF_DEFAULT,  

 MCBSP_XCERG_DEFAULT,

 MCBSP_XCERH_DEFAULT

};     

/* Create DMA Transmit Side Configuration */

DMA_Config  dmaRcvConfig = { 

  DMA_DMACSDP_RMK(

    DMA_DMACSDP_DSTBEN_NOBURST,

    DMA_DMACSDP_DSTPACK_OFF,

    DMA_DMACSDP_DST_DARAMPORT1,

    DMA_DMACSDP_SRCBEN_NOBURST,

    DMA_DMACSDP_SRCPACK_OFF,

    DMA_DMACSDP_SRC_PERIPH,

    DMA_DMACSDP_DATATYPE_16BIT

  ),                                       /* DMACSDP  */

  DMA_DMACCR_RMK(

    DMA_DMACCR_DSTAMODE_POSTINC,

    DMA_DMACCR_SRCAMODE_CONST,

    DMA_DMACCR_ENDPROG_OFF,

    DMA_DMACCR_WP_ENABLE,

    DMA_DMACCR_REPEAT_ALWAYS,

    DMA_DMACCR_AUTOINIT_ON,

    DMA_DMACCR_EN_STOP,

    DMA_DMACCR_PRIO_HI,

    DMA_DMACCR_FS_DISABLE,

    DMA_DMACCR_SYNC_REVT2

  ),                                       /* DMACCR   */

  DMA_DMACICR_RMK(

    DMA_DMACICR_BLOCKIE_ON,

    DMA_DMACICR_LASTIE_OFF,

    DMA_DMACICR_FRAMEIE_OFF,

    DMA_DMACICR_FIRSTHALFIE_OFF,

    DMA_DMACICR_DROPIE_OFF,

    DMA_DMACICR_TIMEOUTIE_OFF

  ),                                       /* DMACICR  */

    (DMA_AdrPtr)(MCBSP_ADDR(DRR12)),                      /* DMACSSAL */

    0,                                     /* DMACSSAU */

    (DMA_AdrPtr)&MicSample,       

/* DMACDSAL */

    0,                                     /* DMACDSAU */

    2,                                     /* DMACEN   */

    3,                                     /* DMACFN   */

    0,                           

   /* DMACSFI  */

    0,                           


/* DMACSEI  */

    0,                           

   /* DMACDFI  */

    0                            

   /* DMACDEI  */

};

DMA_Config  dmaXmtConfig2 = { 

  DMA_DMACSDP_RMK(

    DMA_DMACSDP_DSTBEN_NOBURST,

    DMA_DMACSDP_DSTPACK_OFF,

    DMA_DMACSDP_DST_PERIPH,

    DMA_DMACSDP_SRCBEN_NOBURST,

    DMA_DMACSDP_SRCPACK_OFF,

    DMA_DMACSDP_SRC_DARAMPORT0,

    DMA_DMACSDP_DATATYPE_16BIT

  ),                                       /* DMACSDP  */

  DMA_DMACCR_RMK(

    DMA_DMACCR_DSTAMODE_CONST,

    DMA_DMACCR_SRCAMODE_POSTINC,

    DMA_DMACCR_ENDPROG_OFF,

    DMA_DMACCR_WP_DEFAULT,

    DMA_DMACCR_REPEAT_ALWAYS,

    DMA_DMACCR_AUTOINIT_ON,

    DMA_DMACCR_EN_STOP,

    DMA_DMACCR_PRIO_HI,

    DMA_DMACCR_FS_DISABLE,

    DMA_DMACCR_SYNC_XEVT2

  ),                                       /* DMACCR   */

  DMA_DMACICR_RMK(

    DMA_DMACICR_BLOCKIE_OFF,

    DMA_DMACICR_LASTIE_OFF,

    DMA_DMACICR_FRAMEIE_OFF,

    DMA_DMACICR_FIRSTHALFIE_OFF,

    DMA_DMACICR_DROPIE_OFF,

    DMA_DMACICR_TIMEOUTIE_OFF

  ),                                       /* DMACICR  */

    (DMA_AdrPtr)&xmt2[0],                      /* DMACSSAL */

    0,                                     /* DMACSSAU */

    (DMA_AdrPtr)(MCBSP_ADDR(DXR22)),       /* DMACDSAL */

    0,                                     /* DMACDSAU */

    2,                                     /* DMACEN   */

    3,                                     /* DMACFN   */

    1,                           

   /* DMACSFI  */

    1,                           


/* DMACSEI  */

    0,                           

   /* DMACDFI  */

    0                            

   /* DMACDEI  */

};

DMA_Config  dmaXmtConfig1 = { 

  DMA_DMACSDP_RMK(

    DMA_DMACSDP_DSTBEN_NOBURST,

    DMA_DMACSDP_DSTPACK_OFF,

    DMA_DMACSDP_DST_PERIPH,

    DMA_DMACSDP_SRCBEN_NOBURST,

    DMA_DMACSDP_SRCPACK_OFF,

    DMA_DMACSDP_SRC_DARAMPORT1,

    DMA_DMACSDP_DATATYPE_16BIT

  ),                                       /* DMACSDP  */

  DMA_DMACCR_RMK(

    DMA_DMACCR_DSTAMODE_CONST,

    DMA_DMACCR_SRCAMODE_POSTINC,

    DMA_DMACCR_ENDPROG_OFF,

    DMA_DMACCR_WP_DEFAULT,

    DMA_DMACCR_REPEAT_ALWAYS,

    DMA_DMACCR_AUTOINIT_ON,

    DMA_DMACCR_EN_STOP,

    DMA_DMACCR_PRIO_LOW,

    DMA_DMACCR_FS_DISABLE,

    DMA_DMACCR_SYNC_XEVT2

  ),                                       /* DMACCR   */

  DMA_DMACICR_RMK(

    DMA_DMACICR_BLOCKIE_OFF,

    DMA_DMACICR_LASTIE_OFF,

    DMA_DMACICR_FRAMEIE_OFF,

    DMA_DMACICR_FIRSTHALFIE_OFF,

    DMA_DMACICR_DROPIE_OFF,

    DMA_DMACICR_TIMEOUTIE_OFF

  ),                                       /* DMACICR  */

    (DMA_AdrPtr)&xmt1[0],                      /* DMACSSAL */

    0,                                     /* DMACSSAU */

    (DMA_AdrPtr)(MCBSP_ADDR(DXR12)),       /* DMACDSAL */

    0,                                     /* DMACDSAU */

    2,                                     /* DMACEN   */

    3,                                     /* DMACFN   */

    1,                           

   /* DMACSFI  */

    1,                           


/* DMACSEI  */

    0,                           

   /* DMACDFI  */

    0                            

   /* DMACDEI  */

};

/* Define a DMA_Handle object to be used with DMA_open function */

DMA_Handle hDmaRcv, hDmaXmt1, hDmaXmt2;

Uint16 srcAddrHi, srcAddrLo;

Uint16 dstAddrHi, dstAddrLo;

Uint16 xmtEventId, rcvEventId;

Uint16 old_intm, dmastat1, dmastat2;

Int16 Headset_code=0x34;

/* Internal codec state used to simulate read/write functionality */

static my_AIC23_Config codecstate = my_AIC23_DEFAULTCONFIG;

Int16 
HdPhoneSampleL[N], HdPhoneSampleR[N], LPHdPhoneSampleL[N], MicSamplei[8], tempTx, tempRcv, 



LPHdPhoneSampleR[N],HdPhoneSampleLold[3], HdPhoneSampleRold[3], xmtoldL, xmtoldR, CdChk, 



delay, TxIrCode;

Uint32 recieved_wordLlsb[N], recieved_wordRlsb[N], recieved_wordLmsb[N], recieved_wordRmsb[N], 


   transmit_wordMsb[N], transmit_wordLsb[N], dummy, ErrCode, RcvCode, BaseIrCode;

Uint32 regval, regnum; 

Int32 HdPhone;

Uint16 RecvEventId0, RecvEventId2, DmaRcvEventId, ECshrt;

int i, j, playevent = 0, token = 0, sync = 0, syncL = 0, syncR = 0,x, tag,


different_base, correct_base_LOS;

Uint32 addr;

Uchar crc8_codeRcv, indexRcv, crc8_codeTx, indexTx;

Uint16 limit = 31000, sample;


//limit of audio volume variation

Uchar crc8_data[] = {
//CRC checksum lookup table

0x00, 0x5e, 0xbc, 0xe2, 0x61, 0x3f, 0xdd, 0x83,

0xc2, 0x9c, 0x7e, 0x20, 0xa3, 0xfd, 0x1f, 0x41,

0x9d, 0xc3, 0x21, 0x7f, 0xfc, 0xa2, 0x40, 0x1e,

0x5f, 0x01, 0xe3, 0xbd, 0x3e, 0x60, 0x82, 0xdc,

0x23, 0x7d, 0x9f, 0xc1, 0x42, 0x1c, 0xfe, 0xa0,

0xe1, 0xbf, 0x5d, 0x03, 0x80, 0xde, 0x3c, 0x62,

0xbe, 0xe0, 0x02, 0x5c, 0xdf, 0x81, 0x63, 0x3d,

0x7c, 0x22, 0xc0, 0x9e, 0x1d, 0x43, 0xa1, 0xff,

0x46, 0x18, 0xfa, 0xa4, 0x27, 0x79, 0x9b, 0xc5,

0x84, 0xda, 0x38, 0x66, 0xe5, 0xbb, 0x59, 0x07,

0xdb, 0x85, 0x67, 0x39, 0xba, 0xe4, 0x06, 0x58,

0x19, 0x47, 0xa5, 0xfb, 0x78, 0x26, 0xc4, 0x9a,

0x65, 0x3b, 0xd9, 0x87, 0x04, 0x5a, 0xb8, 0xe6,

0xa7, 0xf9, 0x1b, 0x45, 0xc6, 0x98, 0x7a, 0x24,

0xf8, 0xa6, 0x44, 0x1a, 0x99, 0xc7, 0x25, 0x7b,

0x3a, 0x64, 0x86, 0xd8, 0x5b, 0x05, 0xe7, 0xb9,

0x8c, 0xd2, 0x30, 0x6e, 0xed, 0xb3, 0x51, 0x0f,

0x4e, 0x10, 0xf2, 0xac, 0x2f, 0x71, 0x93, 0xcd,

0x11, 0x4f, 0xad, 0xf3, 0x70, 0x2e, 0xcc, 0x92,

0xd3, 0x8d, 0x6f, 0x31, 0xb2, 0xec, 0x0e, 0x50,

0xaf, 0xf1, 0x13, 0x4d, 0xce, 0x90, 0x72, 0x2c,

0x6d, 0x33, 0xd1, 0x8f, 0x0c, 0x52, 0xb0, 0xee,

0x32, 0x6c, 0x8e, 0xd0, 0x53, 0x0d, 0xef, 0xb1,

0xf0, 0xae, 0x4c, 0x12, 0x91, 0xcf, 0x2d, 0x73,

0xca, 0x94, 0x76, 0x28, 0xab, 0xf5, 0x17, 0x49,

0x08, 0x56, 0xb4, 0xea, 0x69, 0x37, 0xd5, 0x8b,

0x57, 0x09, 0xeb, 0xb5, 0x36, 0x68, 0x8a, 0xd4,

0x95, 0xcb, 0x29, 0x77, 0xf4, 0xaa, 0x48, 0x16,

0xe9, 0xb7, 0x55, 0x0b, 0x88, 0xd6, 0x34, 0x6a,

0x2b, 0x75, 0x97, 0xc9, 0x4a, 0x14, 0xf6, 0xa8,

0x74, 0x2a, 0xc8, 0x96, 0x15, 0x4b, 0xa9, 0xf7,

0xb6, 0xe8, 0x0a, 0x54, 0xd7, 0x89, 0x6b, 0x35,

};

volatile ioport unsigned int* SPCR1;

volatile ioport unsigned int* SPCR2;

volatile ioport unsigned int* SRGR1;

volatile ioport unsigned int* SRGR2;

volatile ioport unsigned int* PCR;

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

 * Set the Codec configuration registers

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

void my_AIC23_rset(int hCodec, Uint16 regnum, Uint16 regval)

{

    /* Mask off lower 9 bits */

    regval &= 0x1ff;

    /* Wait for XRDY signal before writing data to DXR */

    while (!MCBSP_xrdy(C55XX_CONTROLHANDLE_hMcbsp));

    /* Write 16 bit data value to DXR */

    MCBSP_write16(C55XX_CONTROLHANDLE_hMcbsp, (regnum << 9) | regval);

    /* Save register value if regnum is in range */

    if (regnum < my_AIC23_NUMREGS)

        codecstate.regs[regnum] = regval;

}

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

 *  Configurate the Codec

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

void my_AIC23_config(int hCodec, my_AIC23_Config *Config)

{

    int i;

    /* Use default parameters if none are given */

    if (Config == NULL)

    
Config = &config;

    /* Assign each register */

    for (i = 0; i < my_AIC23_NUMREGS; i++)

        my_AIC23_rset(hCodec, i, Config -> regs[i]);

}

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

 *  Write a 32-bit value to the codec

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

CSLBool my_AIC23_write32(Int32 val)

{

    /* Wait for XRDY signal before writing data to DXR */

    if(!MCBSP_xrdy(C55XX_DMA_MCBSP_hMcbsp)) {

        return (FALSE);

    }

    /* Write 32 bit data value to DXR, shift to match format mode */    

    MCBSP_write32(C55XX_DMA_MCBSP_hMcbsp, val);

    return (TRUE);

     

}

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

 *  Write a 16-bit value to the codec

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

CSLBool my_AIC23_write16(Int16 val)

{

    /* Wait for XRDY signal before writing data to DXR */

    if(!MCBSP_xrdy(C55XX_DMA_MCBSP_hMcbsp)) {

        return (FALSE);

    }

    /* Write 32 bit data value to DXR, shift to match format mode */    

    MCBSP_write16(C55XX_DMA_MCBSP_hMcbsp, val);

    return (TRUE);

     

}

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

 *  Write a 16-bit valueto the codec

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

CSLBool my_AIC23_read16(Int16 *val)

{

    /* Wait until data is ready then read */

    if (!MCBSP_rrdy(C55XX_DMA_MCBSP_hMcbsp)) {

        return (FALSE);

    }

    /* Read the data */

    *val = MCBSP_read16(C55XX_DMA_MCBSP_hMcbsp);

    return (TRUE);

}

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

  -----------------------decode IR word into audio sample  --------------------

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

void decodeIRword(Int16 *AudioSample, Uint32 recieved_wordLSB, Uint32 recieved_wordMSB)

{

Int16 
HdPhoneSample = 0x0000; 


if ((recieved_wordLSB & 0x00000007) != 0) {HdPhoneSample |= 0x0001;}                                                                       


if ((recieved_wordLSB & 0x00000070) != 0) {HdPhoneSample |= 0x0002;}                                                                       


if ((recieved_wordLSB & 0x00000700) != 0) {HdPhoneSample |= 0x0004;}                                                                       


if ((recieved_wordLSB & 0x00007000) != 0) {HdPhoneSample |= 0x0008;}                                                                       


if ((recieved_wordLSB & 0x00070000) != 0) {HdPhoneSample |= 0x0010;}                                                                       


if ((recieved_wordLSB & 0x00700000) != 0) {HdPhoneSample |= 0x0020;}                                                                       


if ((recieved_wordLSB & 0x07000000) != 0) {HdPhoneSample |= 0x0040;}                                                                       


if ((recieved_wordLSB & 0x70000000) != 0) {HdPhoneSample |= 0x0080;} 


if ((recieved_wordMSB & 0x00000007) != 0) {HdPhoneSample |= 0x0100;}                                                                       


if ((recieved_wordMSB & 0x00000070) != 0) {HdPhoneSample |= 0x0200;}                                                                                   


if ((recieved_wordMSB & 0x00000700) != 0) {HdPhoneSample |= 0x0400;}                                                                                   


if ((recieved_wordMSB & 0x00007000) != 0) {HdPhoneSample |= 0x0800;}                                                                                   


if ((recieved_wordMSB & 0x00070000) != 0) {HdPhoneSample |= 0x1000;}                                                                                   


if ((recieved_wordMSB & 0x00700000) != 0) {HdPhoneSample |= 0x2000;}                                                                                   


if ((recieved_wordMSB & 0x07000000) != 0) {HdPhoneSample |= 0x4000;}                                                                                   


if ((recieved_wordMSB & 0x70000000) != 0) {HdPhoneSample |= 0x8000;}               


*AudioSample = HdPhoneSample;

}

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

  -----------------------encode audio sample into IR word  --------------------

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

void encodeIRword(Int16 MicSample, Uint32 *transmit_wordLSB, Uint32 *transmit_wordMSB)

{

Uint32 
IRwordMSB = 0x00000000, IRwordLSB = 0x00000000; 


if ((MicSample & 0x0001) != 0) {IRwordLSB |= 0x00000002;}                                    


if ((MicSample & 0x0002) != 0) {IRwordLSB |= 0x00000020;}                                            


if ((MicSample & 0x0004) != 0) {IRwordLSB |= 0x00000200;}                                            


if ((MicSample & 0x0008) != 0) {IRwordLSB |= 0x00002000;}                                            


if ((MicSample & 0x0010) != 0) {IRwordLSB |= 0x00020000;}                                            


if ((MicSample & 0x0020) != 0) {IRwordLSB |= 0x00200000;}                                            


if ((MicSample & 0x0040) != 0) {IRwordLSB |= 0x02000000;}                                            


if ((MicSample & 0x0080) != 0) {IRwordLSB |= 0x20000000;}         


if ((MicSample & 0x0100) != 0) {IRwordMSB |= 0x00000002;}                                    


if ((MicSample & 0x0200) != 0) {IRwordMSB |= 0x00000020;}                                            


if ((MicSample & 0x0400) != 0) {IRwordMSB |= 0x00000200;}                                            


if ((MicSample & 0x0800) != 0) {IRwordMSB |= 0x00002000;}                                            


if ((MicSample & 0x1000) != 0) {IRwordMSB |= 0x00020000;}                                            


if ((MicSample & 0x2000) != 0) {IRwordMSB |= 0x00200000;}                                            


if ((MicSample & 0x4000) != 0) {IRwordMSB |= 0x02000000;}                                            


if ((MicSample & 0x8000) != 0) {IRwordMSB |= 0x20000000;}          


*transmit_wordLSB = IRwordLSB;                                

    *transmit_wordMSB = IRwordMSB;                              

}

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

 *------------------------Send IR transmission,from DMA2 block complete interrupts---

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

void IRdata_transmitHWI(void)

{

 
//--------------------Send Headset Audio Sample to Base Station--------------

 
asm(" NOP");


asm(" NOP");      // Put MCBSP reciever into reset, and prevent noise interference 


*SPCR1 = 0x0000;  // from disrupting the protocol

      


asm(" NOP");


asm(" NOP");


*PCR = 0x0A00;


asm(" NOP"); 


asm(" NOP"); 

//
asm("
BSET XF
; set xf pin");


MicSamplei[0] = MicSample[1];//Re-enable DMA routine ASAP to prevent stalling 

    MicSamplei[1] = MicSample[3];

    MicSamplei[2] = MicSample[5];


DMA_RGETH(hDmaRcv, DMACSR);


//correct_base_LOS = 0;
//force condition for testing




if (correct_base_LOS < 4) {



transmit_wordMsb[0] &= 0x22222222;



transmit_wordLsb[0] &= 0x22222222;



transmit_wordMsb[1] &= 0x22222222;



transmit_wordLsb[1] &= 0x22222222;



transmit_wordMsb[2] &= 0x22222222;



transmit_wordLsb[2] &= 0x22222222;



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR     



MCBSP_write32(mhMcbsp,0x00000000);     
//make sure transciever LED turns off



// Wait for XRDY signal before writing data to DXR 



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR     



MCBSP_write32(mhMcbsp,0x000000E0);     
//make sure transciever LED turns off



// Wait for XRDY signal before writing data to DXR 



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR     



MCBSP_write32(mhMcbsp,0xC0000000);     
//make sure transciever LED turns off



// Wait for XRDY signal before writing data to DXR      



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR   



MCBSP_write32(mhMcbsp, ErrCode);



// Wait for XRDY signal before writing data to DXR      



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR  



MCBSP_write32(mhMcbsp, transmit_wordMsb[0]); 



// Wait for XRDY signal before writing data to DXR 



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR     



MCBSP_write32(mhMcbsp,0x00000000);     
//give power supply a chance 



// Wait for XRDY signal before writing data to DXR      



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR   



MCBSP_write32(mhMcbsp, transmit_wordMsb[1]);



// Wait for XRDY signal before writing data to DXR      



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR  



MCBSP_write32(mhMcbsp, transmit_wordMsb[2]);  



// Wait for XRDY signal before writing data to DXR 



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR     



MCBSP_write32(mhMcbsp,0x00000000);     
//give power supply a chance 



// Wait for XRDY signal before writing data to DXR 



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR   



MCBSP_write32(mhMcbsp, transmit_wordLsb[0]);



// Wait for XRDY signal before writing data to DXR 



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR  



MCBSP_write32(mhMcbsp, transmit_wordLsb[1]);  



// Wait for XRDY signal before writing data to DXR 



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR     



MCBSP_write32(mhMcbsp,0x00000000);     
//give power supply a chance



// Wait for XRDY signal before writing data to DXR      



while (!MCBSP_xrdy(mhMcbsp));       



// Write 32 bit data value to DXR   



MCBSP_write32(mhMcbsp, transmit_wordLsb[2]);



// Wait for XRDY signal before writing data to DXR 



while (!MCBSP_xrdy(mhMcbsp));       //make sure transciever LED turns off, and prevent 



MCBSP_write32(mhMcbsp,0x00000000);  //interference from disrupting protocol,can make as many as base has to do 50uS wait   




// Wait for XRDY signal before writing data to DXR 



while (!MCBSP_xrdy(mhMcbsp));       



MCBSP_write32(mhMcbsp,0x00000000);     
//make sure transciever LED turns off



// Wait for XRDY signal before writing data to DXR 



while (!MCBSP_xrdy(mhMcbsp));       



MCBSP_write32(mhMcbsp,0x00000000);     
//make sure transciever LED turns off



//--------------------Keep DAC synced with ADC------------------




if (tag == 1) {




xmt1[0] = HdPhoneSampleR[0];
//for some reason DMA performs two transmissions per audio sample




xmt1[1] = HdPhoneSampleR[0];
//hence just repeat each sample




xmt2[0] = HdPhoneSampleL[0];




xmt2[1] = HdPhoneSampleL[0];




xmt1[2] = HdPhoneSampleR[1];




xmt1[3] = HdPhoneSampleR[1];




xmt2[2] = HdPhoneSampleL[1];




xmt2[3] = HdPhoneSampleL[1];




xmt1[4] = HdPhoneSampleR[2];




xmt1[5] = HdPhoneSampleR[2];




xmt2[4] = HdPhoneSampleL[2];




xmt2[5] = HdPhoneSampleL[2];}



if (tag == 0) {




xmt1[0] = xmtoldR;
//for some reason DMA performs two transmissions per audio sample




xmt1[1] = xmtoldR;
//hence just repeat each sample




xmt2[0] = xmtoldL;




xmt2[1] = xmtoldL;




xmt1[2] = xmtoldR;




xmt1[3] = xmtoldR;




xmt2[2] = xmtoldL;




xmt2[3] = xmtoldL;




xmt1[4] = xmtoldR;




xmt1[5] = xmtoldR;




xmt2[4] = xmtoldL;




xmt2[5] = xmtoldL;}



DMA_RGETH(hDmaXmt2, DMACSR);



DMA_RGETH(hDmaXmt1, DMACSR);


//--------------------------------------------------------------- 



if ((different_base == 1) && (correct_base_LOS < 100)) {correct_base_LOS++;}



//reduce number of bits sent by a quarter the POTS is only 8 bits anyway and 



//the power supply noise is counterproductive anyway



if ((MicSamplei[0] & 0x0008) != 0) {MicSamplei[0] |= 0x0010;}//half roundoff error



if ((MicSamplei[1] & 0x0008) != 0) {MicSamplei[1] |= 0x0010;}//half roundoff error



if ((MicSamplei[2] & 0x0008) != 0) {MicSamplei[2] |= 0x0010;}//half roundoff error


    MicSamplei[0] = MicSamplei[0] & 0xFFF0;


    MicSamplei[1] = MicSamplei[1] & 0xFFF0;


    MicSamplei[2] = MicSamplei[2] & 0xFFF0;



ErrCode = 0;



encodeIRword(MicSamplei[0], &transmit_wordLsb[0], &transmit_wordMsb[0]);



encodeIRword(MicSamplei[1], &transmit_wordLsb[1], &transmit_wordMsb[1]);



encodeIRword(MicSamplei[2], &transmit_wordLsb[2], &transmit_wordMsb[2]);


    crc8_codeTx = 0;


    for (i=0 ; i<3 ; i=i+1)

// generate CRC checksum from transmitted data



    {



    tempTx = ((MicSamplei[i]) & 0xF000) >> 8;



    indexTx = ((Uchar) tempTx) ^ crc8_codeTx;



    crc8_codeTx = crc8_data[indexTx];



    } 



encodeIRword(crc8_codeTx, &ErrCode, &dummy);    


}


else {tag = 0;}
//if different base is present dont play audio


asm(" NOP"); 


asm(" NOP");



*PCR = 0x0B00;


asm(" NOP");


asm(" NOP");


*SPCR1 = 0x0001;

//take MCBSP reciever out of reset


asm(" NOP");


asm(" NOP"); 


//asm("
BCLR XF
; clear xf pin");

    //IRQ_enable(IRQ_EVT_RINT0);

tag = 0;


} 

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

 *------------------------------Recieved IR transmission-----------------------------

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

void IRdata_recievedHWI(void)

{


while (!MCBSP_xrdy(mhMcbsp));       


// Write 32 bit data value to DXR     


MCBSP_write16(mhMcbsp,0x0000);     
//make sure transciever LED turns off


    while (!MCBSP_rrdy(mhMcbsp));

    dummy = MCBSP_read32(mhMcbsp);


/* Wait for RRDY signal to read data from DRR */  

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    BaseIrCode = MCBSP_read32(mhMcbsp); 


/* Wait for RRDY signal to read data from DRR */  

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordLmsb[0] = MCBSP_read32(mhMcbsp); 

    /* Wait for RRDY signal to read data from DRR */

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordLlsb[0] = MCBSP_read32(mhMcbsp);

    /* Wait for RRDY signal to read data from DRR */

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordRmsb[0] = MCBSP_read32(mhMcbsp); 

    /* Wait for RRDY signal to read data from DRR */

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordRlsb[0] = MCBSP_read32(mhMcbsp); 


/* Wait for RRDY signal to read data from DRR */  

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordLmsb[1] = MCBSP_read32(mhMcbsp); 

    /* Wait for RRDY signal to read data from DRR */

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */ 

    recieved_wordLlsb[1] = MCBSP_read32(mhMcbsp);

    /* Wait for RRDY signal to read data from DRR */

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordRmsb[1] = MCBSP_read32(mhMcbsp); 

    /* Wait for RRDY signal to read data from DRR */

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordRlsb[1] = MCBSP_read32(mhMcbsp); 


/* Wait for RRDY signal to read data from DRR */  

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordLmsb[2] = MCBSP_read32(mhMcbsp); 

    /* Wait for RRDY signal to read data from DRR */

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordLlsb[2] = MCBSP_read32(mhMcbsp);

    /* Wait for RRDY signal to read data from DRR */

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordRmsb[2] = MCBSP_read32(mhMcbsp); 

    /* Wait for RRDY signal to read data from DRR */

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    recieved_wordRlsb[2] = MCBSP_read32(mhMcbsp);

    /* Wait for RRDY signal to read data from DRR */

    while (!MCBSP_rrdy(mhMcbsp));

    /* Read 32 bit value from DRR */

    RcvCode = MCBSP_read32(mhMcbsp);

    while (!MCBSP_rrdy(mhMcbsp));

    dummy = MCBSP_read32(mhMcbsp);  

    while (!MCBSP_rrdy(mhMcbsp));

    dummy = MCBSP_read32(mhMcbsp); 

   
asm(" NOP");


asm(" NOP");      // Put MCBSP reciever into reset, NEED THIS HERE otherwise RINTO ISR


*SPCR1 = 0x0000;  // preempts itself

      


asm(" NOP");


asm(" NOP");


*PCR = 0x0A00;


asm(" NOP"); 


asm(" NOP");     


while (!MCBSP_xrdy(mhMcbsp));       


// Write 32 bit data value to DXR     


MCBSP_write16(mhMcbsp,0x0000);     
//make sure transciever LED turns off


HdPhoneSampleLold[2] = HdPhoneSampleL[2];


HdPhoneSampleRold[2] = HdPhoneSampleR[2];


asm("
BSET XF
; set xf pin");

 


decodeIRword(&HdPhoneSampleL[0], recieved_wordLlsb[0], recieved_wordLmsb[0]);
//decode trasmitted words


decodeIRword(&HdPhoneSampleR[0], recieved_wordRlsb[0], recieved_wordRmsb[0]);
//into audio samples


decodeIRword(&HdPhoneSampleL[1], recieved_wordLlsb[1], recieved_wordLmsb[1]);


decodeIRword(&HdPhoneSampleR[1], recieved_wordRlsb[1], recieved_wordRmsb[1]);


decodeIRword(&HdPhoneSampleL[2], recieved_wordLlsb[2], recieved_wordLmsb[2]);


decodeIRword(&HdPhoneSampleR[2], recieved_wordRlsb[2], recieved_wordRmsb[2]);


dummy = 0;


decodeIRword(&CdChk, RcvCode, dummy);
//decode tranmitted CRC checksum


decodeIRword(&TxIrCode, BaseIrCode, dummy);
//decode tranmitted CRC checksum

    crc8_codeRcv = 0;

    for (i=0 ; i<3 ; i++)

// generate CRC checksum from transmitted data


    {


    tempRcv = ((HdPhoneSampleL[i]) & 0xF000) >> 8;


    indexRcv = ((Uchar) tempRcv) ^ crc8_codeRcv;


    crc8_codeRcv = crc8_data[indexRcv];


    tempRcv = ((HdPhoneSampleR[i]) & 0xF000) >> 8;


    indexRcv = ((Uchar) tempRcv) ^ crc8_codeRcv;


    crc8_codeRcv = crc8_data[indexRcv];


    }


crc8_codeRcv = crc8_codeRcv & 0xFC;


CdChk = CdChk & 0xFC;


xmtoldR = xmt1[5];
//store previous correct and filtered audio sample values


xmtoldL = xmt2[5];


token = 0;


if ((abs(HdPhoneSampleLold[2]))  - HdPhoneSampleL[0]> limit) {token = 1;}


if ((abs(HdPhoneSampleRold[2]))  - HdPhoneSampleR[0]> limit) {token = 1;}


if ((abs(HdPhoneSampleLold[2]))  - HdPhoneSampleL[1]> limit) {token = 1;}


if ((abs(HdPhoneSampleRold[2]))  - HdPhoneSampleR[1]> limit) {token = 1;}


if ((abs(HdPhoneSampleLold[2]))  - HdPhoneSampleL[2]> limit) {token = 1;}


if ((abs(HdPhoneSampleRold[2]))  - HdPhoneSampleR[2]> limit) {token = 1;}

    //if limit is too low then get glitches every now and then even when there are no errors 


if ( (abs(HdPhoneSampleL[0]) < 20000) 



&& (abs(HdPhoneSampleR[0]) < 20000)



&& (abs(HdPhoneSampleL[1]) < 20000)



&& (abs(HdPhoneSampleR[1]) < 20000)



&& (abs(HdPhoneSampleL[2]) < 20000)



&& (abs(HdPhoneSampleR[2]) < 20000)) {token = 0;}


if ((crc8_codeRcv != CdChk) || (token == 1))  {  //compare the generated and transmitted CRC checksums



HdPhoneSampleL[0] = xmtoldL;

   //and flatline if errors are detected



HdPhoneSampleR[0] = xmtoldR;




HdPhoneSampleL[1] = xmtoldL;



HdPhoneSampleR[1] = xmtoldR;



HdPhoneSampleL[2] = xmtoldL;



HdPhoneSampleR[2] = xmtoldR;




limit = 20000;

//if an error occurred in the last transmission limit volume variation to half peak



tag = 0;



}


else { 



limit = 32700;



tag = 1; }
//if no error occured in last transmission allow full volume range


if (TxIrCode == Headset_code) {


    IRQ_disable(IRQ_EVT_RINT0);



correct_base_LOS = 0;



different_base = 0;}
//different base is in LOS


else {different_base = 1;}


asm("
BCLR XF
; set xf pin");
    

}


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

 *                         ======== MAIN ========

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

Void main()

{


SPCR1 = (volatile ioport unsigned int*)0x2804;


SPCR2 = (volatile ioport unsigned int*)0x2805;    


SRGR1 = (volatile ioport unsigned int*)0x280A;    


SRGR2 = (volatile ioport unsigned int*)0x280B;    


PCR = (volatile ioport unsigned int*)0x2812;    

    PLL_config(&MyPLLConfig);


EMIF_RSET(GBLCTL2, 0x9);  //make codec clock 3MHz


/*


mode = 1 means PLL enabled (non-bypass mode)


mul = 5 means multiply by 5


div0 = 0 means Divider0 divides by 1


div1 = 3 means Divider1 divides by 4


div2 = 3 means Divider2 divides by 4


div3 = 3 means Divider3 divides by 4


oscdiv = 1 means Oscillator Divider1 divides by 2


*/


PLL_setFreq(1, 2, 0, 0, 0, 1, 0);


// Open MCBSP Port 0, thiswill return a MCBSP handle that will be used in calls to other CSl functions.   


mhMcbsp = MCBSP_open(MCBSP_PORT0, MCBSP_OPEN_RESET);


*SRGR1 = 0x0102; //SRGR1, SRGR2 do not get set by config, so do manually, are before cofig


*SRGR2 = 0x200F; // because to change McBSP settings, port must be reset


// Write configuration structure values to MCBSP control registers 


MCBSP_config(mhMcbsp, &ConfigLoopBack320); 

 
 /* Start Sample Rate Generator and Frame Sync */

  
MCBSP_start(mhMcbsp, MCBSP_SRGR_START | MCBSP_SRGR_FRAMESYNC,0x300);

  
/* Enable MCBSP transmit and receive */

  
MCBSP_start(mhMcbsp, MCBSP_RCV_START | MCBSP_XMIT_START, 0x200);
 

    // Open MCBSP Port 1, this will return a MCBSP handle that will be used in calls to other CSl functions.                     


C55XX_CONTROLHANDLE_hMcbsp = MCBSP_open(MCBSP_PORT1, MCBSP_OPEN_RESET);


// Write configuration structure values to MCBSP control registers                                             


MCBSP_config(C55XX_CONTROLHANDLE_hMcbsp, &ConfigMcbsp1); 


// Open MCBSP Port 2, this will return a MCBSP handle that will be used in calls to other CSl functions.                      


C55XX_DMA_MCBSP_hMcbsp = MCBSP_open(MCBSP_PORT2, MCBSP_OPEN_RESET);


// Write configuration structure values to MCBSP control registers                                             


MCBSP_config(C55XX_DMA_MCBSP_hMcbsp, &ConfigMcbsp2);  

    // Start McBSP1 as the codec control channel 

    MCBSP_start(C55XX_CONTROLHANDLE_hMcbsp, MCBSP_XMIT_START | MCBSP_SRGR_START | MCBSP_SRGR_FRAMESYNC, 100);

    // Reset the AIC23 

    my_AIC23_rset(0, my_AIC23_RESET, 0);

    // Configure the rest of the AIC23 registers 

    my_AIC23_config(0, &config);


// Clear any garbage from the codec data port 

    if (MCBSP_rrdy(C55XX_DMA_MCBSP_hMcbsp))

        MCBSP_read16(C55XX_DMA_MCBSP_hMcbsp);

    // Start McBSP2 as the codec data channel

    MCBSP_start(C55XX_DMA_MCBSP_hMcbsp, MCBSP_XMIT_START | MCBSP_RCV_START |


MCBSP_SRGR_START | MCBSP_SRGR_FRAMESYNC, 0x300);

    /* Open DMA Channel 0 */

    hDmaXmt2 = DMA_open(DMA_CHA0, 0); 

    hDmaXmt1 = DMA_open(DMA_CHA1, 0);   

    hDmaRcv = DMA_open(DMA_CHA4, 0);  

    /* By default, the TMS320C55xx compiler assigns all data symbols word */

    /* addresses. The DMA however, expects all addresses to be byte       */

    /* addresses. Therefore, we must shift the address by 2 in order to   */

    /* change the word address to a byte address for the DMA transfer.    */ 

    srcAddrHi = (Uint16)(((Uint32)(MCBSP_ADDR(DRR12))) >> 15) & 0xFFFFu;

    srcAddrLo = (Uint16)(((Uint32)(MCBSP_ADDR(DRR12))) << 1) & 0xFFFFu;

    dstAddrHi = (Uint16)(((Uint32)(&MicSample[0])) >> 15) & 0xFFFFu;

    dstAddrLo = (Uint16)(((Uint32)(&MicSample[0])) << 1) & 0xFFFFu;

    dmaRcvConfig.dmacssal = (DMA_AdrPtr)srcAddrLo;

    dmaRcvConfig.dmacssau = srcAddrHi;

    dmaRcvConfig.dmacdsal = (DMA_AdrPtr)dstAddrLo;

    dmaRcvConfig.dmacdsau = dstAddrHi;


srcAddrHi = (Uint16)(((Uint32)(&xmt1[0])) >> 15) & 0xFFFFu;

    srcAddrLo = (Uint16)(((Uint32)(&xmt1[0])) << 1) & 0xFFFFu;

    dstAddrHi = (Uint16)(((Uint32)(MCBSP_ADDR(DXR12))) >> 15) & 0xFFFFu;

    dstAddrLo = (Uint16)(((Uint32)(MCBSP_ADDR(DXR12))) << 1) & 0xFFFFu;

    dmaXmtConfig1.dmacssal = (DMA_AdrPtr)srcAddrLo;

    dmaXmtConfig1.dmacssau = srcAddrHi;

    dmaXmtConfig1.dmacdsal = (DMA_AdrPtr)dstAddrLo;

    dmaXmtConfig1.dmacdsau = dstAddrHi;


srcAddrHi = (Uint16)(((Uint32)(&xmt2[0])) >> 15) & 0xFFFFu;

    srcAddrLo = (Uint16)(((Uint32)(&xmt2[0])) << 1) & 0xFFFFu;

    dstAddrHi = (Uint16)(((Uint32)(MCBSP_ADDR(DXR22))) >> 15) & 0xFFFFu;

    dstAddrLo = (Uint16)(((Uint32)(MCBSP_ADDR(DXR22))) << 1) & 0xFFFFu;

    dmaXmtConfig2.dmacssal = (DMA_AdrPtr)srcAddrLo;

    dmaXmtConfig2.dmacssau = srcAddrHi;

    dmaXmtConfig2.dmacdsal = (DMA_AdrPtr)dstAddrLo;

    dmaXmtConfig2.dmacdsau = dstAddrHi;


DmaRcvEventId = DMA_getEventId(hDmaRcv);


IRQ_globalDisable();


IRQ_clear(DmaRcvEventId);


IRQ_enable(DmaRcvEventId);
//enable in intm register

    /* Write configuration structure values to DMA control registers */

    DMA_config(hDmaXmt2, &dmaXmtConfig2); 

    DMA_config(hDmaXmt1, &dmaXmtConfig1);   

    DMA_config(hDmaRcv, &dmaRcvConfig);     

    /* Enable DMA channel to begin transfer */

    DMA_start(hDmaRcv);

    DMA_start(hDmaXmt2);

    DMA_start(hDmaXmt1);

    IRQ_enable(IRQ_EVT_RINT0);
//enable in intm register


while((!my_AIC23_write32(0x00000000)) && (delay < 10)) {delay++;}  //must clear any garbage from McBSP port for DMA to work


delay = 0;


while((!my_AIC23_read16(&MicSample[0])) && (delay < 1000)) {delay++;}  //must clear any garbage from McBSP port for DMA to work


delay = 0;


if (delay == 5) {



IRdata_recievedHWI(); 


 
IRdata_transmitHWI();

 

}

 
asm(" NOP");


asm(" NOP");      // initially, Put MCBSP reciever into reset, and prevent noise interference 


*SPCR1 = 0x0000;  // from disrupting the protocol

      


asm(" NOP");


asm(" NOP");


*PCR = 0x0A00;


asm(" NOP"); 


asm(" NOP"); 


DMA_RGETH(hDmaXmt2, DMACSR);


DMA_RGETH(hDmaXmt1, DMACSR);

   
DMA_RGETH(hDmaRcv, DMACSR);

    IDL_run();


//fall back to kernal and real time schedular.


}

APPENDIX II – Prototype Circuit Design

Headset Circuit Schematic
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Headset PCB Layout

[image: image56.jpg]




Headset Unpopulated PCB - Top View 

[image: image57.jpg]



Headset Unpopulated PCB - Bottom View 
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Headset PCB - Top View 
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Headset PCB - Bottom View 
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Headset Prototype System 
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Base Station Schematic
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Base Station PCB Layout
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Base Station Unpopulated PCB - Top View 
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Base Station Unpopulated PCB – Bottom View
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Base Station PCB - Top View 
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Base Station PCB - Bottom View 
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Base Station Prototype System 
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