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DSP I: ELEC 3523

Real-Time Processing Using Polling to Implement an Echo

Skills

In this laboratory you will write a program that gathers data from the A/D converter, processes the data, and outputs to the D/A converter.  This gathering of data is done using polling.  After this laboratory you should:

· Understand how polling works

· Understand how the processing is done in “real-time”

· Be able to use polling to gather data and output it after processing it

Reading

· SPRU305 TMS320C6201/6701 Evaluation Module Technical Reference:

· Stereo Audio Interface (section)

Description

EVM Hardware

Figure 1 shows the detailed block diagram of the 'C6701 EVM hardware.  Notice the memory that is outside the DSP; one 64K word block of SBSRAM and two 1M word blocks of SDRAM.  There is also a CS4231A 16-bit stereo audio CODEC (coder/decoder) which is connected to three I/O lines through some passive filtering and an amplifier.  The three I/O lines are the microphone input (MIC IN (L/R)), line input (LINE IN (L/R)) and the line output (LINE OUT (L/R)).  These are 1/8" (3.5 mm) stereo audio jacks on the back of the EVM card.  The CODEC is attached to the DSP chip through its McBSP0 (multi-channel buffered serial port) interface.

The CS4231A CODEC block diagram can be seen in Figure 2.  Notice that there are many different gains that can be set up in the CODEC.  Also, different types of sampling can be selected, like A-law or -law.  We will be using linear sampling.  The parallel bus interface connects to the DSP McBSP0 port.

Data is received from the CODEC through the McBSP0 interface.  The CODEC is a 16-bit device and will be set up to deliver 16-bit signed 2's complement samples packed into a 32-bit word.  Each 32-bit word will contain a sample from the right and left channels in that order.  The data range is from -216-1 to (216-1-1) or -32768 to 32767.
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Figure 1 TMS320C6x EVM Detailed Block Diagram, taken from SPRU305 TMS320C6201/6701 Evaluation Module Technical Reference
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Figure 2: CS4231A CODEC block diagram, taken from the Crystal Semiconductor Corp. CS4231A data sheet
Polling

Since the CODEC is attached to the McBSP0 input the DSP must receive the data using the McBSP features.  The McBSP has some memory mapped registers.  One of these registers is the SPCR.  In this register is a bit called the RRDY bit.  This bit indicates that the McBSP has received data and it is ready to be read.  Your code must "poll" this bit to determine when data has been received and then read that data.  The code that does this polling is:

while(!(MCBSP_rrdy(hMcbsp))){}

The MCBSP_rrdy function takes a handle to the opened McBSP device, hMcbsp, as an input and then returns a 0 if the RRDY bit is not set.  The while loop will continue to cycle until the RRDY bit is set indicating that data has been received.

Once the data has been received, the data can be read.  The data will be in a 32-bit data receive register, DRR.  The first half of the data will be the right channel input and the second will be the left channel input.  The data is read using:

data = MCBSP_read(hMcbsp);

This function will return the 32-bit word.  In order to be able to use the two separate channels the following code is used.

Int32 data;

volatile Int16 *samples;

samples = (Int16 *)&data;

data = MCBSP_read(hMcbsp);

Since data is 32-bits and samples is 16-bits then the samples[0] and samples[1] will access the right and left channels.

After the data has been read from the DRR it can be processed to produce a new output value.  To write a new value to the CODEC the McBSP must be ready to transmit a new data value.  To determine if the McBSP is ready the XRDY bit of the SPCR must be checked.  The following statement will continue to check this bit until the McBSP is ready.

while(!(MCBSP_xrdy(hMcbsp))){}

When the McBSP is ready to transmit, a new data value can be written to the McBSP transmit data register DXR.  The DXR is a 32-bit register which will contain the right and left channel data.  The data can be written with the following command:

MCBSP_write(hMcbsp,data);

Where the data variable is the 32-bit variable defined above.  If the samples[0] and samples[1] have been written with new values then the data variable will contain the new data.

CODEC Software

There are three files that make up the basic polling project, main.c, codecset.c and codecset.h.  In the codecset.c file there are several functions that can be used for setting up the CODEC.  codecset.h contains the definitions of the functions and also macros that can be used when calling the functions.  In main.c the following lines select which channel is to be modified, enables the 20 dB microphone input gain, sets microphone gain to 6 dB and selects the microphone as the input for that channel.

codecset_adc(CODEC_LEFT,CODEC_MGE,CODEC_ADC_GAIN_6,CODEC_MIC_SEL);

codecset_adc(CODEC_RIGHT,CODEC_MGE,CODEC_ADC_GAIN_6,CODEC_MIC_SEL);

To set the line input the following lines can be used.  They turn off the 20dB microphone input gain, change the gain to 7.5 dB and change the input to the line input.

codecset_adc(CODEC_LEFT,CODEC_MGD,CODEC_ADC_GAIN_7_5,CODEC_LINE_SEL);

codecset_adc(CODEC_RIGHT,CODEC_MGD,CODEC_ADC_GAIN_7_5,CODEC_LINE_SEL);

The voltage levels on the inputs and outputs are shown in Figure 3.  With different gains set up different voltage levels can be achieved.
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Figure 3: Stereo Audio Interface Signals, taken from SPRU305 TMS320C6201/6701 Evaluation Module Technical Reference

Another function that is useful is the codecset_fs function.  This function allows the sample frequency to be changed to the following values in kHz.
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The basic polling project is different from the other simple projects in that it contains a configuration file codec.cdb.  This file sets up parameters for the McBSP and other components of the DSP.  This file is compiled and generates a command file that is included in the project.  If the configuration file is called codec.cdb then the command file is codeccfg.cmd.

Laboratory Assignment

In the laboratory you will be making a delay function or an echo.  To make an echo you will need to delay the data that is coming into the DSP.  This is usually accomplished using a buffer that is used to store previous input values.  This is a first-in-first-out (FIFO) buffer.

There are two ways of implementing a FIFO buffer.  Both methods start with defining an array that is the length of data needed to be stored to implement the delay.  This length is determined by 
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The first method of implementing a FIFO buffer is by always adding the new data to the beginning of the buffer and shifting the old data in the buffer.  The last value that is shifted out is the delayed value that is output.  See Figure 4.
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Figure 4: FIFO buffer implemented using shifting

The second method is the more preferable method since it takes less processing.  In this method a circular buffer is implemented.  An index keeps track of the current point in the buffer.  The element after the current index is the last value in the circular buffer.  Figure 5 shows the circular buffer after the index has already wrapped around.
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Figure 5: FIFO buffer implemented using a circular buffer

The index points to the third element in the buffer where the new value is written.  The element after the current index is the oldest value and is output.  Actually, the element where the new value is to be written is the value that is to be output.  Therefore, the old value must be saved before the new value is written.  The next value that is input will be written where the old value was.  The buffer will look like Figure 6.
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Figure 6: FIFO buffer implemented using a circular buffer

In order to implement the delay an array of sufficient size must be defined.  Most of the data will go into the IDRAM.  The IDRAM has a size of 0x10000 bytes or 65536 bytes.  Also, when a function is called the local variables will go onto the stack.  The stack is limited in size.  Therefore, the number of local variables for a function is limited.  Since the array for storing the previous inputs will be large, the array should be stored somewhere else besides on the stack.

The .bss section is for global variables and static local variables.  The number and size of the global and static variables is limited only by the size of the .bss section.  Therefore, the array that stores the delay values should be defined as either a global or static variable.

In the assembly programming lab this section was placed in the IDRAM.  A better place might be the SBSRAM.  To change the location of the .bss section in the polling lab you should

· Open the polling project codecpoll.pjt

· Open the configuration file codecpoll.cdb

· Right click on System->MEM and open Properties

· Click on the Compiler Sections tab

· On the pull down menu next to the .bss section select SBSRAM

Laboratory

· Modify the program main.c so that one channel of output is unaffected and the other channel is delayed by 1/2 of a second.  The sample rate should be 8000 (you will probably have to change this).  Make sure to define your stored samples array as a global or static array.

· Setup Code Composer Studio. Remember that in order to run properly, the project must include your C program, codecset.c and a command file.

· Run the program on the EVM and demonstrate the delayed channel and unaffected channel.
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