
Class 2



Agenda

• Finish Chapter 1: Preliminary Understanding of 

Development Environment

• Chapter 2: Audio I/O

– CODEC, notional understanding of how it is 

connected to the DSP

• Lab 2: Direct Digital Synthesizer (DDS) for tone 

generation



Software Development Flow



Project Files

• File.pjt
– List of files in the project and project options

– Compiler and linker settings are stored in here

• File.c, .asm, .sa
– Source files (your program)

• File.h
– Header files, function prototypes, external variables, types, 

structures…etc

– Either part of the “source”, or provided to point to functions 
contrained in libraries

• File.out (A COFF file, Common Object File Format)
– The result of your assembly, compile and link process

– Machine language code, pre-defined constants, etc. that get 
loaded to the processor during “File->Load”



C6713dskinit.c / vectors_*.asm

• C6713dskinit.c is provided by Chassaing to accelerate 

development on the C713 DSK – it is essentially an 

interface to the functionality provided by the BSL and 

CSL.

• Vectors_poll/_intr.asm

– DSPs often have to service multiple asynchronous events, and 

therefore support interrupts

– When an interrupt occurs, the process jumps to an “Interrupt 

Service Table” (IST) – this vectors the processor’s Program 

Counter (PC) to the Interrupt Service Routine (ISR)

– This table is contained in the vector_[].asm files, and is placed in 

the correct memory location for the IST by the linker command 

file

Interrupts are described in more detail in SPRU189, “TMS320C6000 CPU and Instruction Set Reference Guide.”



GEL Files

• General Extension Language
– Supports loading/unloading data from the DSP memory

– Can change DSP memory – thus sliders to affect values

– Configuring the DSP

– Automates routine tasks:

• reseting, reloading .out, restarting

• Load or saving a memory location (or array of locations) to a file

• DSK6713.gel performs important configuration of the 
DSP
– If you load your software in flash, you need to add this 

configuration to your software, rather than relying on the GEL file

• Look in the built-in help to write GEL files – functions are 
summarized



DSK6713.gel

/*---------------------------------------------*/

/* init_emif()                                                  

*/

/* Emif initialization                                          

*/

/*---------------------------------------------*/

init_emif()

{

#define EMIF_GCTL       0x01800000

#define EMIF_CE1        0x01800004

#define EMIF_CE0        0x01800008

#define EMIF_CE2        0x01800010

#define EMIF_CE3        0x01800014

#define EMIF_SDRAMCTL   0x01800018

#define EMIF_SDRAMTIM   0x0180001C

#define EMIF_SDRAMEXT   0x01800020

#define EMIF_CCFG       0x01840000;     // 

Cache configuration register

/* EMIF setup */

*(int *)EMIF_GCTL     = 0x00000068;

// CE0 SDRAM

*(int *)EMIF_CE0      = 0xffffbf33;

.

.

.

• Excerpt illustrates level of 
setup performed by the 
GEL – example is 
configuring the type of 
external memory 
attached to each Chip 
Enable, etc.

• So, GEL functionality 
needs to be moved to 
DSP for standalone 
operation, and needs to 
be modified for new 
board designs



Linker Command File (.cmd)

• Describes where in 

memory various “pieces” 

or sections go:

– Internal memory

– External memory

• SDRAM

• SRAM … etc.

• See SPRU186 and 

SPRU187 for 

configuration information 

and examples

MEMORY

{

IVECS:    org=0h, len=0x220

IRAM: org=0x00000220, len=0x0002FDE0 /*internal memory*/

SDRAM: org=0x80000000, len=0x00100000 /*external memory*/

FLASH: org=0x90000000, len=0x00020000 /*flash memory*/                    

}

SECTIONS

{

.EXT_RAM :> SDRAM

.vectors :> IVECS /*int vectors*/

.text    :> IRAM /*Created by C Compiler*/

.bss     :> IRAM /*uninitialized data structures*/

.cinit   :> IRAM /*C initialization section*/

.stack   :> IRAM /*the stack*/

.sysmem  :> IRAM /*the heap (used for malloc)*/

.const   :> IRAM /*initialized variables*/

.switch  :> IRAM /*for large "switch" statements in C"*/

.far     :> IRAM /*structures/variables in far memory*/

.cio     :> IRAM

.csldata :> IRAM /*memory used by the CSL*/

}



Library Files

• Compiled object files for implementing commonly performed 

operations

• Common ones

– DSP Library : FFT’s, filters, trig, matrix…etc.

– Image Processing Library : JPEG, DCT..etc.

– Run-Time Library : rts6701.lib

• Has the software required to get a C-program running, i.e., the run-time-

model. Details on this later when we talk about assembly language mixing 

with C.

• Some of the tasks that a C/C++ program performs (such as I/O, dynamic 

memory allocation, string operations, and trigonometric functions) are not 

part of the C/C++ language itself. The C standard defines a set of run-time-

support functions that perform these tasks.

– Chip Support Library (CSL – provided by CCS)

• Functions for talking to various peripherals on the chip, configuring registers, 

etc.

– Board Support Library (BSL – provided by board manufacturer)



Printf

• TI does provide support for printf

– See figure 1.11

• printf(“result = %d decimal \n”,result);

– In <stdio.h>

• Result comes to the “stdio” screen of the 

debugger

• SLOW!

• Use for debugging stuff – not in interrupts!



Chapter 2

• Getting Audio Data in / out of the DSP

• A whole bunch of different examples

– Loopback

• Data in – send it right back out

– Echo

• Data in – buffer and send old back out

– Assorted Function Generators

• Read though Chapter 2 to prepare for next 

week, when we begin processing data using the 

DSP



Simple Audio Processing System

DSP
ADC DAC

Audio
Audio

What is missing from this diagram?



Simple Audio Processing System

DSP
ADC DAC

Audio
Audio

What is missing from this diagram?

? ?



Nyquist Sampling Theorem, ADC

The sampling frequency should be at least twice the highest frequency contained in the signal:

fs > 2*fmax

where fs is the sampling frequency and fmax is the highest frequency in the baseband signal.

Remember: Multiplication in the time domain is 

convolution in the frequency domain (and vice-

versa)

Pg. 254, Modern Digital and Analog Communication Systems, B.P. Lathi



Nyquist Sampling Theorem, ADC

Pg. 254, Modern Digital and Analog Communication 

Systems, B.P. Lathi

Pg. 254, Modern Digital and Analog Communication Systems, B.P. Lathi

Pg. 45, The Scientist and Engineerôs Guide to DSP, Steven W. Smith



DAC Spectra

Ideal Lowpass 

Filter for pulsed 

output

Impulse train 

is convolved 

w/ ñzero-order 

holdò in time 

domainé

Thus 

multiplied 

by a sinc in 

the 

frequency 

domain

Pg. 45, The Scientist and Engineerôs Guide to DSP, Steven W. Smith



DAC Spectra
Pg. 45, The Scientist and Engineerôs Guide to DSP, Steven W. Smith



DSK Audio Processing System

DSP

Serial Comms



USB Sampling Rates



McBSP (spru580d.pdf)

Data comes in a bit at a time 

to the shift register, and is 

then buffered, and placed in 

the DRR for the processor to 

read with a simple memory 

access.

Data is written by the 

processor to the DXR, and is 

shifted out bit by bit by the 

McBSP.

VERY flexible clocking, 

channelization.

DMA options.



DDS Introduction

• Direct Digital Synthesis is a technique for generating periodic 
waveforms using digital techniques

• An analog signal is created by following the DDS with a DAC

• DDS offers instantaneous frequency tuning and sub-hertz accuracy

– Tuning accuracy depends on length of phase accumulator (how 
accurately we can represent the phase), and quality of output is affected 
by the length of table, number of bits, and other factors (do we 
interpolate, for example)

• Must generate signals at .5fs, of course (it is possible to use images 
to create higher frequencies…)

phase_step(fc)

phase[n]

fc
frequency of interest

y = sin_lookup_table(phase)

y[n]

+

phase_step(fc)

phase[n]

fc
frequency of interest

y = sin_lookup_table(phase)y = sin_lookup_table(phase)

y[n]

+





DDS Output

Non-linearities in DAC

Qualcomm, Synthesizer Products Data Book, www.sss-mag.com/pdf/synthbk.pdf

This does NOT show DDS spurs – our 

frequency content will be dominated 

spurs due to the table length.

haberjw1\Desktop\www.sss-mag.com\pdf\synthbk.pdf
haberjw1\Desktop\www.sss-mag.com\pdf\synthbk.pdf
haberjw1\Desktop\www.sss-mag.com\pdf\synthbk.pdf


DDS Quality

• Frequency Accuracy:

– Depends on N, length of phase accumulator

– Resolution = Fs/2^N

• Spur Free Dynamic Range (SFDR):

– Depends on P, length of the lookup table

– SFDR = 6.02*P – 3.92 dB

• Noise Floor:

– Depends on M, length of output word

– SNR = 6.02*M + 1.76 dB

• Other non-linear behavior in DAC adds to 

degraded output spectrum



Example Results



DDS Notes

• Generate a MATLAB simulation of your DDS

• Implement on DDS

– Will work with two modes:

• A lookup table (like you would really implement it) – generate the table in the 
DSP (i.e., don’t generate in MATLAB and load)

• Calculate the sin value each time calling the output_sample() function

• Operate at 48 KHz

– (note – the #define sets the freq, but doesn’t return it!)

• When recording in MATLAB, be careful to run your sound card a 
frequency where it will digitize accurately (the DDS should be very
accurate)

– You want to record with a computer with a line-in, not a microphone in 
(computers in the lab have a line-in)

• Make sure no unnecessary calculations occur when the 
timing LEDs are asserted



End of Lecture


