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EC581 DSP Projects: Lab Project #1

Dept. of Electrical and Computer Engineering

Rose-Hulman Institute of Technology

TMS320C62x/C67x C Familiarization and Audio Sampling

Last Modified on 2/26/2002 (KEH)

I.  Using Code Composer Studio V2.0 to Edit, Compile, & Debug a C67x Program
Let us begin by using Code Composer Studio V2.0 to write a simple C program that will run on the C67x DSP EVM board.  Follow the steps listed below.


1) Create a folder (directory) on the PC’s hard (C:\) drive where you will put your files.  Please name it C:\EC581\Lab1\Lab1a.   Always remember to back up this directory on a floppy and on your AFS network account and on a floppy disk after every lab session.  Please operate on the assumption that your subdirectories on the C drive might be erased at any time!  Then click on the “CCS 2” icon on the desktop to invoke the Texas Instrument’s Code Composer Studio 2 integrated software development environment.

2) Click on File – New – Source File to bring up a blank source text editing window.  Expand these windows by clicking on the square in the upper left-hand corner.  Enter the TMS320C6x C-language program that appears in Listing 1 below:

             Listing 1.  Simple TMS320C67 C-language Program with Console I/O

#include <stdio.h>

#include <math.h>



float a,b,c;


int i;


main()


{


   printf("Enter a ");


   scanf("%f",&a);


   printf("\nEnter b ");


   scanf("%f",&b);  


   c = a*b;


   printf("\nThe product of a and b is c = %f\n",c);


   for (i = 0; i < 20; i++)


      {


         printf("i = %d    i^2 = %d     i^3 = %d\n",i,i*i, i*i*i);


      }


}

3) Click on File – Save As, and name this file “Lab1a.C”  (be sure to give it a .C file extension).  Save it in your C:\EC581\Lab1a directory.


4) Before you can compile and run this C program, you must first create a “project”.  To do this, open a “Project Creation” dialog box by clicking on Project – New, and name the project “Lab1a” (the file extension “.pjt” will be added automatically to this project name.  Now click on the “...” button to the right of the “Location” box, and browse to the directory you just created: C:\EC581\Lab1\Lab1a.  Then click “OK” to enter this path into the “Location box”.  The Project type should read “Executable (.out)”, and the Target should read “TMS320C67XX”.  Click on the FINISH button to close the Project Creation box.


5) Now click on Project – Add Files to Project.  Click on the “Lab1a.C” (this is the file you just saved in your C:\EC581\Lab1\Lab1a directory) to add it to the project.


6) You will need to add several other files to this project which can be linked with the compiled C program file to produce an executable program file that is ready to be run on the C67 EVM board.  These additional files are named: vectors.asm, hello.cmd, rts6701.lib, dev6x.lib, and drv6x.lib.

The vectors.asm text file contains assembly instructions needed to cause the RESET interrupt service fetch packet (ISFP) to force a branch to the C-language program’s entry point, “c_int00”.  The linker command text file, hello.cmd, places each segment of the C program into appropriate areas of on-chip and off-chip memory on the TI EVM6x DSP board.  (You may want to use Notepad or some other text editor to display the contents of these two text file to see what they look like.)

The Run Time Support library file rts6701.lib holds various board-specific run-time support programs for the DSP board, while the dev6x.lib and drv6x.lib library files hold device drivers that allow the generic C compiler to compile code that is customized for the C67 DSP board.

I have found it to be “cleanest” if each of these additional files is placed directly in the C:\EC581\Lab1\Lab1a directory, so all of the files needed by the project are in one place, where they can easily be found and copied to another project directory when you need to open a new project at a later time.  First, shrink the Code Composer Studio window down to an icon on the task bar (by clicking on the underscore symbol at the upper right corner of this window).  Now you can use the SecureFX FTP server to download the necessary files from the AFS class folder into your project folder, which can be found at:

                        afs.rose-hulman.edu\class\ee\hoover\ece581\Lab1a

Now bring back the Code Composer Studio window by clicking on the Code Composer Icon down on the task bar.  Choose Project - Add Files to Project.  Select Linker Command File (*.cmd) in the Files of type box.  Open the “hello.cmd” file that you copied into the C:\EC581\Lab1a project directory in the previous step.  Click on Open to include this file in your new project.

Now click on Project-Add Files to Project.  Select Object and Library Files (“.o”, “.l”) in the Files of type box. Select rts6701.lib, then hold down the control (Ctrl) key and click on drv6x.lib and dev6x.lib, so that all three library files are highlighted, and click Open.   Finally, click on Project-Add Files to Project, set the Files of Type box to “Asm Source File ‘.a’”, and add the vectors.asm assembly language file to the project.


7) Expand the project list by clicking the + signs next to project, “Lab1a.pjt”, Libraries, and Source. This list is called the “Project View”.

Note:  If you do not see the Project View (in the left window pane), choose View-Project. Click the File icon at the bottom of the Project View if the Bookmarks icon is selected.

If you need to remove a file from the project, right click on the file in the Project View.  Then choose Remove from project in the pop-up menu.


8) Note that if you double left click on the “hello.cmd” item in the project view, you can examine the linker command file, and see how the different portions of the C program are assigned to the memory available on the C67 EVM.  Likewise, if you click on the “vectors.asm” item, you can view the C67 DSP chip vector definitions.  But now click on the LAB1A.C source file in the project view.  This should bring up a text editing window with the LAB1A.C source code, which will be helpful during the program debugging phase.   


9) Compile the program by clicking on Project – Build.  Watch the progress of the compilation on the “console window” at the bottom of the screen.  Compilation should end with a  “0 Errors, 0 Warnings” message.  If errors are indicated, you may click on these errors to cause the source code window to place the cursor on the erroneous line of source code!  To see how this works, go back and make an intentional error in the source code, save the file, and then rebuild the project.


Note: if the empty floppy drive A: makes noises (and wastes valuable time) while building a project, you may have to disable the McAffee virus protection feature that scans drive A: for viruses.  To do this, right click on the McAffee VirusShield icon on the taskbar, and select Properties – System Scan then uncheck the box that says “Scan floppies on access”.


10) Once the program compiles without errors, download the program onto the DSP board by clicking on File – Load Program.  Double click on the LAB1A.OUT file, which may be found inside a “Debug” subdirectory.  A disassembly window should now appear.   Now try clicking on View – Mixed Source/ASM.  Then click on the “lab1a.c” file in the project view.  Note that the source code window now shows each line of the C program, as well as the underlying assembly instructions associated with each line of C code!  You can click on View – Mixed Source/ASM to toggle off/on this very interesting debugging feature.


11) To run the program, click on Debug – Run.  The first printf statement will prompt you to enter the value of “a” on the console window.  Enter this (as a floating point number) in the “Standard Input Dialog Box” input window that appears.  Then the next printf statement will prompt you to enter the value of “b”. Enter this as well.  Then the product of a and b will appear.  The program finishes by generating a table of squares and cubes from 1 – 19.


12) Then to re-run the program, click on Debug – Restart before you start the program running again by clicking on Debug – Run.


13) Important Note: If at any time the DSP unexpectedly “crashes” Code Composer (this happens all too often), and things appear to stop working, your only recourse is to exit Code Composer. If you cannot exit Code Composer, you might try Ctrl-Alt-Delete. If this does not work, and the PC remains “frozen”, you may not even be able to turn it off!  In this case, your only recourse is to hit the PC’s RESET button, which is the small button below the power button on the front panel.  Then click on the EVM6xRST icon that should be found on your desktop.  This will thoroughly reset the DSP board and clear its program memory.  EVM6xRST brings up a DOS window and requires any key on the keyboard to be pressed once it is started.  Then you may kill the DOS window, and start Code Composer again by clicking on the CCS2 desktop icon.  Then click on Project – Open to restart your project “lab1a.pjt.”


14) Now learn how to single-step the program by clicking on Debug - Halt (if the DSP chip is not halted, as indicated by the “HALT” option not being blanked out under the Debug Menu).  Then hit Debug - Restart.  Finally hit Debug – Go Main.  This will bring up a code window with the line of C code containing the program entry point (the “main()” function) highlighted in yellow. It will also bring up a disassembly window with the machine code line corresponding to the entry point of the main function highlighted in yellow as well.  Now, instead of hitting Debug - Run as before, hit the <F10> function key to step through the program, but stepping over any function calls.  (You may use <F8> to step into functions.)  Step through this program by repetitively hitting <F10>.  Note that when you step over a printf() or a scanf(), the appropriate input or output events occur.


15) To set a breakpoint, run to it and then step past it, and also watch selected variables in a watch window, do the following:

Click Debug - Halt and Debug - Go Main, as in the previous step.  Use the mouse to position your text entry cursor on the line that you want to stop on, say on the line containing 

                                                    scanf("%f",&b);

Click the hand-shaped “Toggle Breakpoint” toolbar button, or press <F9>. The line is highlighted in magenta.  Choose View - Watch Window. A separate area in the lower-right corner of the Code Composer Studio window appears.  At run time, this area shows the values of the watched variables.

Single left click on the “Watch 1” tab at the bottom of this window (a black stripe appears at the top of the window), and then single left click on the small square icon at the left of the black stripe that appears.  A blank expression box opens up, type “a” as the expression to watch, and hit Enter.  A second black stripe appears.  Click on this icon and type “b” as the expression to watch, and hit Enter.  A third stripe appears, click on this and type “c” as the expression to watch.  Enter “i” in the 4th stripe.

Choose Debug - Run or press <F5>.  The program runs to the breakpoint that was set above.  Notice that the Watch Window now shows the current values of the variables a, b, c, and i.

Eventually, the program runs and stops at the breakpoint that you set. The next line to be executed is highlighted in yellow.  Click the  (Step Over) toolbar button or press <F10> to step over the call to printf(), hitting <F10> lets you step over (progress beyond) the breakpoint.

Experiment with the step commands Code Composer Studio provides:

·
 Step Into (<F8>)

·
 Step Over (<F10>)

·
 Step Out (<Shift F7>)

·
 Run to Cursor (<Ctrl F10>)
Click  (Run) or press <F5> to finish running the program when you have finished experimenting.

Lab Report Part 1a: Now write a C program that prompts the user to enter a small number and then calculate its factorial.  Print the value and its factorial in a nicely formatted fashion.  Demonstrate how you can single-step through this program while watching the factorial value grow.  Obtain your instructor’s signature on a listing of your program to indicate that you satisfactorily demonstrated single stepping.  Include this listing in your report as Listing 1a.


II. Interrupt-Driven Sampling Program – A Template for Future Projects 
Study the C program shown in Listing 3 that performs interrupt-driven sampling.  This program will be discussed in class.  Refer to the TMS320C6201/6701 Evaluation Module Technical Reference, spru305.pdf , to view a block diagram of the EVM board and to read about the various I/O C functions that are called to manage the operation of the DSP serial port and the Crystal Semiconductor CS4231A CODEC (Audio Coder/Decoder).  

You will be compiling this program, following steps similar to those outlined above.  However, there is one important difference: instead of using the hello.cmd linker command file, use a more complex linker command file called “link.cmd”.  This file contains additional memory segment definitions that support the operation of the C67 DSP chip’s multi-channel buffered serial port (McBSP).  It will be this linker command file (link.cmd) that you will have to use on all future C67 programs you may write that use the analog input and output channels provided by the CODEC (which is connected to the C67 through the McBSP serial port).


A listing of the link.cmd linker command file appears below in Listing 2:

________________________________________________________________

Listing 2.  Contents of Linker Command File link.cmd

(Written by Texas Instruments, 1999.)

MEMORY

{

  INT_PROG_MEM (RX)    : origin = 0x00000000 length = 0x00010000

  SBSRAM_PROG_MEM (RX) : origin = 0x00400000 length = 0x00014000

  SBSRAM_DATA_MEM (RW) : origin = 0x00414000 length = 0x0002C000

  SDRAM0_DATA_MEM (RW) : origin = 0x02000000 length = 0x00400000

  SDRAM1_DATA_MEM (RW) : origin = 0x03000000 length = 0x00400000

  INT_DATA_MEM (RW)    : origin = 0x80000000 length = 0x00010000

}

SECTIONS

{

  .vec:          load = 0x00000000

  .text:         load = SBSRAM_PROG_MEM

  .const:        load = INT_DATA_MEM

  .bss:          load = INT_DATA_MEM

  .data:         load = INT_DATA_MEM

  .cinit         load = INT_DATA_MEM

  .pinit         load = INT_DATA_MEM

  .stack         load = INT_DATA_MEM

  .far           load = INT_DATA_MEM

  .sysmem        load = SDRAM0_DATA_MEM

  .cio           load = INT_DATA_MEM

  sbsbuf         load = SBSRAM_DATA_MEM

                 { _SbsramDataAddr = .; _SbsramDataSize = 0x0002C000; }

}
_______________________________________________________________________

Create a new project directory, C:\EC581\Lab1\Lab1b. The interrupt-driven audio sampling program, file lab1b.c, shown in Listing 3 can be found in the AFS class folder at
       
                        afs.rose-hulman.edu\class\ee\hoover\ece581\Lab1b

Copy this program into your new project directory.   Also copy the link.cmd linker command file from this folder into the new C:\EC581\Lab1b project directory.  Also, to keep things “clean”, copy the three library (*.lib) files and the vectors.asm file from the C:\EC581\Lab1\Lab1a directory into the new C:\EC581\Lab1\Lab1b project directory.  


Now click on Project – New, and name the project “Lab1b”. Then click on Project – Add Files to Project, set the display window to view to .c files, and click on lab1b.c.
In similar fashion, work as you did before to add the link.cmd file, the vectors.asm file, and the three *.lib files.

The basic sampling program of Listing 3 will serve as a “framework”, or “template” for many of the DSP projects that will follow.  Therefore, though you need not understand it entirely, it is worth some careful study.  

_____________________________________________________________________

Listing 3.  Interrupt-Driven Sampling Program (Adopted from Lab 3.1, Kehtarnavaz and Simsek, “C6x-Based Digital Signal Processing”, Texas A&M University, Prentice-Hall,  2000)

/* Interrupt Driven EVM62x/67x DSP Board Sampling Program 

   EC581 Digital Signal Processing Laboratory             

    (Adopted from Lab 3.1, Kehtarnavaz and Simsek, 

    “C6x-Based Digital Signal Processing”, Texas A&M University,

     Prentice-Hall, 2000.)

*/

#include <stdlib.h>

#include <stdio.h>

#include <string.h>

#include <Mcbspdrv.h>

#include <Common.h>

#include <Intr.h>

#include <Board.h>

#include <Codec.h>

#include <Mcbsp.h>

#include <mathf.h>

void hookint(void);

interrupt void McBSPR-cvISR(void);

int main()

{   

    Mcbsp_dev dev;

    Mcbsp_config mcbspConfig;

    int sampleRate,Actual_Sampling_Rate;    

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

    /* Initialize EVM                                     */

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

    printf("Initializing EVM board\n");

    evm_init();     

    printf("Done initializing EVM\n");

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

    /* Open MCBSP                                         */

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

    mcbsp_drv_init();   /* initialize McBSP driver, allocates memory

                           for the device handles */

    dev=mcbsp_open(0);  /* dev is the handle to control the McBSP */

    if(dev==NULL)

    {

        printf("Error Opening MCBSP 0\n");

        return(ERROR);

    }

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

    /* Configure McBSP                                    */

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

    memset(&mcbspConfig,0,sizeof(mcbspConfig));

    mcbspConfig.loopback            =FALSE;

    mcbspConfig.tx.update           =TRUE;

    mcbspConfig.tx.clock_mode       =CLK_MODE_EXT;

    mcbspConfig.tx.frame_length1    =0;

    mcbspConfig.tx.word_length1     =WORD_LENGTH_32;

    mcbspConfig.rx.update           =TRUE;

    mcbspConfig.rx.clock_mode       =CLK_MODE_EXT;

    mcbspConfig.rx.frame_length1    =0;

    mcbspConfig.rx.word_length1     =WORD_LENGTH_32;

    mcbsp_config(dev,&mcbspConfig); /* configuration adjustments */

    MCBSP_ENABLE(0,MCBSP_BOTH);         /* McBSP is activated */

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

    /* Configure CODEC                                    */

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

    codec_init();

    /* A/D 0.0dB (min) gain, turn OFF 20dB mic gain, sel LINE input */

    /* Set codec for 16-bit stereo mode of operation */

    codec_adc_control(LEFT,MIN_ADC_INPUT_GAIN,FALSE,LINE_SEL);

    codec_adc_control(RIGHT,MIN_ADC_INPUT_GAIN,FALSE,LINE_SEL);

    /* Set Mix Gain to its minimum level of –37.5 dB, so the line

       inputs are NOT directly added to the D/A converter outputs.

       See Fig. 3 of Lab 1 Handout. */

    codec_line_in_control(LEFT,MIN_AUX_LINE_GAIN,FALSE);

    codec_line_in_control(RIGHT,MIN_AUX_LINE_GAIN,FALSE);

    /* Left and right channel D/A attenuator set to 0 dB (Max gain), 

       FALSE =>DO NOT mute D/A converter outputs */

    codec_dac_control(LEFT,0.0,FALSE);

    codec_dac_control(RIGHT,0.0,FALSE);

    sampleRate=44000;

    Actual_Sampling_Rate = codec_change_sample_rate(sampleRate,TRUE);  

    /* set to the closest allowed rate */

    printf("The actual sampling rate is = %d\n",Actual_Sampling_Rate);

    codec_interrupt_enable();   

    /* codec generates interrupts when data are received in the DRR */

    hookint();    

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

    /* Main Loop, wait for Interrupt                      */

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

    while(1)

    {

    }

}

void hookint()

{

    /* This function maps the McBSP DRR interrupt to CPU interrupt

       #15, then hooks this interrupt to the McBSPRcvISR ISR.

       then, the interrupt will branch to ISP.*/

    intr_init();  /* Initialize ISTP with the address of vec_table.  

                Placing the base address of the vector table in ISTP */

    intr_map(CPU_INT15,ISN_RINT0);  /* Map CPU_INT15 to DRR interrupt*/

    intr_hook(McBSPRcvISR,CPU_INT15); /*Connect ISR to CPU_INT15*/

    INTR_ENABLE(15);  /*Locally enable CPU Interrupt #15 */

    INTR_GLOBAL_ENABLE(); /* Globally enable all CPU interrupts */

    return;

}

interrupt void McBSPRcvISR(void)

{

    /* ISR for the DRR interrupt */

    int temp;    

    temp=MCBSP_READ(0);     /* read from DRR--McBSP Data Receive Reg*/  

    temp = (temp & 0xffff0000);    

    /* Each channel of A/D is 16-bit signed integer format  */

    /* Upper 16 bits:  = right channel, lower 16 bits = left channel)*/  

    /* Bit-by-bit logical ANDing is used to mask out the left channel*/

    MCBSP_WRITE(0,temp);    /* write to DXR–-McBSP Data Transmit Reg */

}

________________________________________________________________________

This program calls several Texas Instruments-written “EVM6x Application Program Interface” (API) functions that control the C6x DSP chip’s built-in Multi-Channel Buffered Serial Port (McBSP).  These API’s also control the EVM’s Crystal Semiconductor CS4231A 16-bit stereo audio coder/decoder (CODEC), and other EVM board support functions, such as functions that perform board reset and machine language file downloading from the host PC.  These pre-compiled API functions are included in the drv6x.lib library file, which must be added to all EVM DSP board projects. These C6x DSP EVM API functions are fully described in Chapter 3 of the TMS320C6201/6701 Technical Evaluation Module Technical Reference Manual (SPRU305.pdf).  

A simplified block diagram of the EVM’s DSP/CODEC interface is shown in Figure 1.  Note that the 16-bit stereo audio codec is interfaced to the DSP using a serial bus, Channel 0 of the McBSP.  Thus the sampling program must configure both the McBSP on the DSP chip, as well as the EVM’s CS4321A audio CODEC, which is located external to the DSP chip.

Figure 1.  Block Diagram of C6x EVM DSP/CODEC.  From Fig. 1-12 of
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The sampling program of Listing 3 begins by calling the evm_init() API function to initialize the EVM board. This function configures the DSP chip’s base address registers and sets up the external memory interface (EMIF).  This function returns a value that indicates if the initialization was successful. 

Table 1. McBSP Interface Signals

Pin 
I/O/Z 
Description

CLKR 
I/O/Z 
Receive clock

CLKX 
I/O/Z 
Transmit clock

CLKS 
I 
External clock

DR 
I 
Received serial data

DX 
O/Z 
Transmitted serial data

FSR
I/O/Z 
Receive frame synchronization

FSX 
I/O/Z 
Transmit frame synchronization

Note: I = Input, O = Output, Z = High Impedance
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Figure 2. Block diagram of C6x DSP’s McBSP (Multi-channel Buffered Serial Port) From Fig. 11-1 of Texas Instruments “TMS320C600 Peripherals Reference Guide” (SPRU-190c.pdf)

Next, the DSP chip’s internal multi-channel buffered serial port (McBSP) is configured.  Fig. 1 indicates that the McBSP is associated with seven pins on the DSP chip.  The functions of these pins are listed in Table 1.  The McBSP’s block diagram is shown in Figure 2.

The mcbsp_drv_init() is first called to initialize the McBSP serial port.  Next, a file handle is assigned to the variable “dev”by calling the mcbsp_open() API.  The McBSP may now be controlled via the handle “dev”.  The McBSP is configured by setting various bit fields within a “data structure” named mcbspConfig of type “Mcbsp_config”, which is defined in the included Mcbsp.h header file.  The memset() function (part of the C language) is used to allocate memory to the mcbspConfig structure.  As seen in Listing 3, the McBSP configuration parameters must be set to disable serial loopback, choose the “external” transmit and receive clock modes, set the transmit and receive data word length to 32 bits, and set the transmit and receive frame length to 0. This configuration information is passed to the McBSP using the mcbsp_config() API. Finally, the McBSP is activated using the MCBSP_ENABLE() macro-routine.  A macro-routine is simply a pre-defined list of machine instructions which are inserted “in-line” into the assembly source code at the place where the name of the macro-routine appears before assembly begins).

Next, the CODEC must be configured.  A block diagram of the CODEC is shown in Fig. 3. The CODEC is initialized to its default settings (16-bit stereo format) by calling the
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Figure 3.  Crystal Semiconductor CS4231 Audio CODEC used in C6x EVM

codec_init() API.  Next the codec_adc_control() API is called twice to adjust the left and right A/D channels to maximum input gain (22.5 dB), turns off the 20 dB microphone input gain block, and sets the A/D MUX to select the right and left LINE inputs. The codec_line_in_control() API is called twice (once for the right and once for the left channel) to set the “Mix Gain” blocks (See Fig. 3) to their minimum gain settings (-34.5 dB).  This is important, since we do not want the line input signals to be allowed to “bleed through” to the output of the D/A converters.  Finally, the codec_dac_control() API is called twice to set the D/A converter attenuator to its lowest attenuation level (0 dB).  Also, the mute switches are set to “False”, since we do not want to mute either of the D/A converter outputs.

As can be seen in Fig. 3, the CODEC also contains a “16-bit sample rate timer” which may be configured to time a variety of sampling periods ranging from 1/(5.5 kHz) up to (1/48 kHz).  Every time this timer “times out”, indicating the start of another sampling period, it is automatically restarted, and a new pair of analog values is A/D converted into two 16-bit binary numbers. These two digitized samples are catenated into one 32-bit binary number (left channel in the top 16 bits, and right channel in the lower 16 bits) and placed into the A/D FIFO.  From the FIFO, they are sent over the CODEC’s McBSP serial interface port, using the CODEC’s SDOUT, SCLK, and FSYNC output pins.  The timing diagram for this serial transfer can be found in Fig. 8 of the CS4231A.pdf spec sheet.  From timing diagram, it is seen that a rising edge on the FSYNC pin indicates when the first bit (MSB) of a new 32-bit word is being sent.)  These output signals from the CODEC are connected to the McBSP’s DR, CLKR, and FSR input pins, respectively (see Table 1). In response to a new 32-bit word being clocked into the McBSP’s “Data Receive Register” (DRR) from the McBSP’s DR line, a “DRR interrupt” is generated.  The DSP chip responds to this “serial data received” interrupt by executing an interrupt service routine.  This routine calculates the new output values from the received input sample, as possibly from past input and output samples stored in memory.   The new digital output values are sent back to the CODEC over the McBSP, using its DX serial data output line, which is connected to the CODEC’s serial data input SDI line.   The D/A FIFO output is sent to the D/A converters for conversion into the next pair of analog output voltages.  All of this must happen within one sample period, before the sample rate time times out, indicating the start of a new sample period.  If the interrupt routine is too slow, and does not finish before the next sample time, the new data sample will be skipped, and the system will appear to have a sampling rate that is slower than intended.

Though not shown in Fig. 3, the CODEC has two built-in switched-capacitor anti-aliasing filters, which are located at the input to each of the two A/D converters.  It also has reconstruction low-pass filters (located at the output of each of the two D/A converters).  The 3-dB down “break frequencies” of all four of these low-pass filters are automatically adjusted to follow one-half the selected sampling frequency, as required by the Nyquist Sampling Theorem.  

The “codec_change_sample_rate()” API function is used to set the sample rate to a value as close as possible to the indicated rate (only certain sample rates are possible).  This function returns the actual sampling rate that is then printed, so the user knows the actual sampling rate that is being used.


The codec_interrupt_enable() API is called to enable the generation of a McBSP receive interrupt when a new 32-bit data word is received by the McBSP on its serial “data receive” (DR) line. The user-written “hookint()” function is used to assign and unused interrupt (CPU Interrupt 15) to the McBSP port’s “data receive register full” (DRR) interrupt.  This interrupt is then initialized to point to the interrupt service routine, which in this example is named McBSPRcvISR().


The hookint() function calls several interrupt support functions which are supplied by Texas Instruments to permit interrupt handling in TMS320C6x C (the standard C language has no support for interrupt handling).  These routines are contained in the “dev6x.lib” library file that was included with this project, and they are described in the “TMS320C6x Peripheral Support Library Programmer’s Reference Manual” (spru273b.pdf).  The first of these, the intr_init() function, is used to initialize the DSP’s interrupt service table pointer with the base address of the interrupt vector table “vec_table”, which is a global structure defined in the library file dev6x.lib, which was included as part of this project. Next, an unused CPU interrupt is selected and mapped to the desired interrupt source. Here CPU interrupt number 15 (CPU_INT15) is mapped to the McBSP DRR interrupt source (ISN_RINT0) using the intr_map() function.  Next, we assign an interrupt routine to the selected CPU interrupt.  This is done using the intr_hook() function, where the name of the desired interrupt service routine, McBSPRcvISR and the CPU interrupt, CPU_INT15, are passed to this function.  Finally, interrupts are enabled using the local interrupt enable macro-routine INTR_ENABLE(15) and the global macro INTR_GLOBAL_ENABLE().

Note that the main program of Listing 3 ends in the following infinite loop: 

                                                               while(1) { }

which has nothing inside of it.  This program just loops, doing nothing at all until a McBSP DRR interrupt occurs. Then the “hooked” interrupt routine is executed, and the infinite loop is resumed.  The only way to permanently exit this loop is to reset the DSP board using Code Composers’ Debug – Halt option.

The heart of this sampling program is the interrupt service routine (ISR), named “McBSPRcvISR()”, which is shown below for convenience:

interrupt void McBSPRcvISR(void)

{

    /* ISR for the DRR “Data Receive Register Full” interrupt */

    int temp;    

    temp=MCBSP_READ(0);     /* read from DRR--McBSP Data Receive Reg*/  

    temp = (temp & 0xffff0000);    

    /* Each channel of A/D is 16-bit signed integer format  */

    /* Upper 16 bits:  = right channel, lower 16 bits = left channel)*/  

    /* Bit-by-bit logical AND(&) is used to mask out the left channel*/

    MCBSP_WRITE(0,temp);    /* write to DXR–-McBSP Data Transmit Reg */

}

The MCBSP_READ macro reads the 32-bit integer data from channel 0 of the McBSP, masks out the left channel, and sends it out to the right channel of the D/A converter.


Finally, it is time to run compile this project.  But before compiling, you must take one additional step to make sure that the compiler knows where to find the “include” (.h) header files that are needed to control the C67 EVM board resources (such as the McBSP and the CODEC).  Click on the Project menu.  Select the Compiler tab and the “Preprocessor” category.

Then enter the following Include Search Path (-i):

                                       c:\ti\c6000\evm6x\dsp\include.

Then load the file onto the C67 EVM board by clicking on File - Load, and then select the lab1b.out file in the DEBUG subdirectory.  Then click on Debug - Run to start the program.  The following messages should be printed by the program if it is working: “Initializing EVM Board”, “Done Initializing EVM”, and “The actual sampling rate is = 44100”.  

Make sure that your microphone is plugged into the left channel input of the mixer box, and that your mixer box is switched to “mono”.  This ensures that your microphone signal is delivered to BOTH left and right line input channels of the CODEC.  Only the right channel should be heard.

Lab Report Part 2a.

Next try modifying the interrupt service routine (ISR) to play the left channel only.  Then modify the ISR to play both channels.  Finally modify the ISR to play both channels, but with left and right channels interchanged. Include your modified ISR listings (just the ISR routines only, to save paper!) in your lab report as Listing L1.2a.

Lab Report Part 2b.

Also investigate how many bits are really needed to represent intelligible speech.  Do this by masking out lower-order bits of the right channel, as well as all the bits of the left channel, and speak “secret words” very quietly in the microphone (cupping it in your hand).  Find out how well your lab partner can understand the secret words that were spoken.  Remember, don’t let your partner know what words you are speaking ahead of time, as “hindsight is 20/20”, especially in the case of aural word recognition! You may be surprised to find that audio samples consisting of only 4 or maybe even 2 bits permit reasonably good intelligibility.  However, more bits will be needed if the speaker to be not only understood, but also recognized.   Note how the quantization noise becomes more noticeable, as you go to a smaller number of bits per sample.  

Important Note: For this study to be meaningful, it is important that you operate the A/D converter over its entire dynamic range, so that even the most significant bit positions vary as you speak.  Otherwise, when you mask out all but the uppermost few bits, these remaining bits will be either all zeros or all ones, depending the current polarity of your audio waveform.  Therefore, I suggest that you begin your study (with all 16 bits present) by adjusting the gain of your mixer box high enough to cause the audio output to nearly saturate (distort) on voice peaks.  You should continue to speak at this same level as you begin your study, masking out lower-bits.

Tabulate your test results for 16 bits, 8 bits, 6 bits, 4 bits, 2 bits, and 1 bit of quantization, using five different test words for each quantization level (you will need 30 similar-length test words in all).  Indicate what percentage of the five spoken words were recognized correctly at each level of quantization.   This table must appear in your lab report as Table L1.2b.  Also, include the modified ISR listing that provides 4-bit quantization as Listing L1.2b. 


III.  Audio Reverberation System
Your next task is to modify the sampling program of Listing 3 that emulates the analog audio reverberation system of Fig. 4. To convince yourself that this is the proper block diagram of an analog reverberation system, imagine that you clap your hands near the microphone.  This clap (impulse) will immediately be heard in the loudspeaker. Then 0.5 second later, you will hear the first echo (a clap that is 0.75 as strong as the original clap).  Then 0.5 second after that, you will hear a clap that is 0.75 as strong as the one before it, etc. 

Start by creating a C:\EC581\Lab1\Lab1c subdirectory.  Copy the necessary files from the Lab1b subdirectory.  Create a new project named lab1c.mak.  

Helpful Hints: Mainly the ISR needs to be changed in the program of Listing 3, however you will also have to define some global variables and change the sampling rate outside of the ISR.  Use a globally defined (defined outside of the main() function) one-dimensional integer array called delay[ ] to create a digital “circular delay buffer” so it can be accessed by the interrupt routine.  Change the program to sample at a rate of 

8000 Hz.  You will need a buffer length of N = 0.5 / (1/8000) = 4000.  Your delay buffer array should not be dimensioned too much bigger than this (do not dimension it greater than 10000), since the buffer allocation can overflow the available memory in the data segment specified by the linker command file.  

This time you will be performing 2’s complement 32-bit binary integer arithmetic on the audio samples.  The following code may be used just after the temp = MCBSP_READ(0) statement to shift the upper 16 bits of temp (right channel sample) down into the lower 16-bit position and then sign extend the result to create a valid 32-bit integer version of the right channel sample.

                 temp = temp >> 16;

                 if (temp & 0x8000) temp = temp | 0xffff0000  

Then, just before the computed result is sent out to the D/A converter (just before the MCBSP_WRITE(0,temp) statement), the right channel result must be shifted back into position and the left channel zeroed, using

                                        temp = temp << 16;
You should use a global index variable, index, that is initialized to zero before the infinite loop in the main program is entered.  It is a good idea to initialize all of the elements in the delay[ ] array to zero before the infinite loop is entered, to avoid a sudden burst of random noise when the program is first started, however be sure to place this initialization loop before the codec_interrupt_enable() function call, since we do not want an interrupt to occur until the delay[ ] array has been cleared! In the interrupt routine, the output of the delay line is taken out of the position “index” in the array:

                                    delay_line_output = delay[index];


Then the calculated delay line input value (which, according to Figure 4 above, is the present input sample + 0.75 * Delay_line_output) must be placed into this position in the array delay[index],


                delay[index] = present_input_sample + delay_line_output*0.75;

At the end of the ISR, the index variable must be incremented so that it points to the next oldest value in the delay[ ] buffer to ready it for the next sample interrupt. If the end of the array (index = N) has been exceeded, the index value must be wrapped back to 0. 

Lab Report Part 3.

Modify your program to implement an audio reverberation unit with (a) 0.1 second delay and a 0.5 decay rate, and (b) a 0.1 second delay and a 0.25 decay rate. You will be asked to demonstrate your reverberation program to the lab instructor at the start of next week’s lab period for all three of these settings. Be sure to include the commented listing of your reverberation program as Listing L1.3 (which will be signed by the instructor upon successful demonstration) in your lab report.

              Figure 4.  Analog Reverberation System to be Emulated Digitally  

      

     Figure 5.  Analog Audio Comb Filter to be Emulated Digitally


 

IV.  Audio Comb Filter

Finally we shall digitally emulate a different kind of analog system called a “comb filter”, which is shown in Fig. 5.  Recall that the reverberation system implemented in the previous section was a “feedback” system, with an infinitely long, though exponentially l decaying, impulse response.  In this system, no feedback paths are present, resulting in a system with a finite impulse response.  
Note that the sinusoidal steady state magnitude transfer function for this analog system can easily be found using the Fourier transform “Delay Theorem”:

  |Y(f)/X(f) | = |1 + exp(-j2*pi*f*Td)| = |{1 + cos(2*pi*f*Td)} – j*sin(2*pi*f*Td)|

                            = sqrt({1 + cos(2*pi*f*Td)}^2 + sin(2*pi*f*Td)^2)

                            = sqrt(2 + 2*cos(2*pi*f*Td)) = 2|cos(pi*f*Td)|

             (Note, the last step used the trig identity: cos(2a) = 2cos(a)^2 - 1)


The above result for the system gain passes through minimum values of 0 (corresponding to destructive interference at the summing junction) when the argument of the cosine function equals pi, 3*pi, 5*pi, 7*pi etc.  Thus, gain nulls occur at frequencies given by     

       2*pi*fnull*Td = pi, 3*pi, 5*pi, 7*pi,...  => fnull = 1/2Td, 3/2Td, 5/2Td, 7/2Td,...

Likewise, the above result for the system gain passes through peak values of 2 (corresponding to constructive interference at the summing junction) when the argument of the cosine function equals 0, 2*pi, 4*pi, 6*pi, etc.  Thus, gain peaks occur at frequencies given by

       2*pi*fpeak*Td = 0, 2*pi, 4*pi, 6*pi,...  =>  fpeak = 0, 1/Td, 2/Td, 3/Td,...


Thus for Td = 0.01 seconds, the gain nulls should occur at 50 Hz, 150 Hz, 250 Hz, etc., and the gain peaks should occur at 0 Hz, 100 Hz, 200 Hz, 300 Hz, etc.

Lab Report Part 4

In a separate subdirectory (C:\EC581\Lab1\Lab1d) implement the audio comb filter project.  Once again, use the basic sampling program of Listing 3 as your template.  Use a sampling rate of 8 kHz.  Note that the delay buffer size is now much smaller.  Connect an oscilloscope to the analog output of the EVM and a function generator to the input of the EVM to verify that the peaks and nulls occur at the proper frequencies.  Attach a listing of your source code (signed by the instructor as you demonstrate the reverb program) as Listing L1.4.  Include a table in your lab report showing the predicted and the measured peaks and nulls over a frequency range of 0 – 1 kHz.  Label this table Table L1.4.  

The higher the sampling frequency, the less time the DSP chip has to do the required calculations before the next sample interrupt occurs.  I had you lower your sampling frequency to 8 kHz to give the DSP chip plenty of time to do the required calculations before the next sample interrupt.  Now that your reverb is working properly, experiment with changing your reverb to higher sampling frequencies (to get better fidelity).  Try 22 kHz, and 44 kHz.  What is the highest sampling frequency you can use before the system stops reverberating?


Part V.  Audio Flanger

Imagine that your comb filter’s delay buffer size is slowly swept (varied), so as to cause the delay line’s delay time (Td) to gradually decrease from 10 ms down to 1 ms over the course of about a second.  Then, over the course of another second, assume the delay is allowed to gradually increase from 1 ms back to 10 ms. Let this cycle repeat forever.  This would result in a continuously varying comb filter whose “frequency response teeth” gradually separate and come together, separate and come together, etc.  Therefore, any sustained musical note being played through the system would take on a “shimmering, ethereal” quality, as the teeth of the comb march past its dominant frequencies.  This is the principle behind the special effect heard on many popular music recordings known as “audio flanging”.  

Write a flanging program that implements such a variable delay comb filter. Just to be safe, use a sampling frequency of 8 kHz.  When you play a sine wave (from a signal generator) into the system, you should see it go up and down in amplitude as the teeth of the variable comb filter pass through it.  Aurally, it should “shimmer”!  Also, try playing a low frequency (50 Hz) square wave, which is a “spectrally rich” signal with many harmonics spread across the audio spectrum.  You should hear different harmonics emphasized at different times as your flanger processes this signal.  

Include your program listing (signed by the instructor when it is successfully demonstrated) as Listing L1.5.  

A critical problem in implementing an audio flanger involves how to initialize the extra memory, as you increase the length of the delay buffer, so as not to cause any noticeable discontinuity (pop) in the processed audio output signal.  Try to determine a suitable way to minimize this “pop” as the buffer lengthens.
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