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----- Lab 2 ----- 
 

Exercise 3: Playing a sinusoid 
We start out from an existing project (dsplab3). This program is an extended version 
of the previous one (dsplab2) in that the program copies audio data from the Line In 
input to the Headphones output by reading data from the Audio Codec (A/D 
converted sound from Line In on DSK6713) and writes the same data to the Audio 
Codec (which is then D/A converted and sent to Headphones on DSK6713). The 
difference is now that the average of the left and right channels are sent to the left 
output while a generated sinusoid is sent to the right output. 
 
Step 1 
Empty your folder and copy S:/eti121_2011/dsplab3 into it instead, connect the 
DSK6713, start CCS and check that your program is working, by following step 1 to 
6 in exercise 1. 
 
Step 2 
Examine the different files of the project, specially the source code in pip_audio.c 
and dsk6713_codec_devParams.c, and the configuration file pip_audio.tcf. 
What are the different functions in pip_audio.c? When and how are these functions 
called? What tasks are performed by the different functions? Make sure that you 
understand the code.  
 
Step 3 
Change the frequency of the generated sinusoid, so that the note A3 (f=220Hz), or 
some other tone of your choice is being played. 

Exercise 4: FIR/IIR filters 
We start out from an existing project (dsplab4). This program is an extended version 
of the previous one (dsplab2) in that the program copies audio data from the Line In 
input to the Headphones output by reading data from the Audio Codec (A/D 
converted sound from Line In on DSK6713) and writes the same data to the Audio 
Codec (which is then D/A converted and sent to Headphones on DSK6713).  
 
Step 1 
Empty your folder and copy S:/eti121_2011/dsplab4 into it instead, connect the 
DSK6713, start CCS and check that your program is working, by following step 1 to 
6 in exercise 1. 
 
Step 2 
Examine the different files of the project, specially the source code in pip_audio.c 
and dsk6713_codec_devParams.c, and the configuration file pip_audio.tcf. 



What are the different functions in pip_audio.c? When and how are these functions 
called? What tasks are performed by the different functions? Make sure that you 
understand the code. 
 
In short, the process() function is executed for every received PIP. The sum of the left 
and right input channels is output to the left one, 

xx1=audiosrc[i];	  
xx2=audiosrc[i+1];	  
x=(float)(0.5*(xx1+xx2));//input	  from	  left	  and	  right	  

channel	  
The result is converted to float since it will be used for further calculations.  
The right output channel is then calculated as (lowpass filtered input) 

xLP=fir(x,L,xprev1,H1,FIR_gain1);	  //	  low	  pass	  filtering,	  
FIR-‐filter	  H1	  
 
Step 3 
Now make sure that you understand the filter operation fir. 
 
float	  fir(short	  x,	  int	  L,	  short	  *xprev,	  float	  *H,	  float	  gain){	  

int	  i;	  
float	  sum;	  

	  
sum=H[0]*x;	  	  
xprev[0]=x;	  
for	  (i=L-‐1;i>0;i-‐-‐){	  	  //	  sum	  backwards	  and	  update	  xprev	  	  
	   sum	  =sum	  +	  H[i]*xprev[i];	  

	   	   xprev[i]=xprev[i-‐1];	  
}	  

	  	   sum=sum*gain;	  
	  	   if	  (sum	  >=	  	  32000)	  {sum=	  32000;	  }//	  limit	  to	  16	  bits	  DA-‐
converter	  
	  	   if	  (sum	  <=	  -‐32000)	  {sum=-‐32000;	  }	  //	  range	  -‐32000	  <	  x	  <	  
32000	  	  
	  	   return(sum);	  	  
}	  
 
The present sample is denoted x, all old samples that are needed are stored in xprev, 
the filter length is denoted L, the filter impulse response is given by H and the filter 
gain is given by gain. The last lines are there to avoid overflow. 
 
Based on the global declaration, what are the limitations of this filter (in terms of filter 
length) and how can you see it? How are the maximum filter length and the reserved 
memory of old values related? 
 
This filter routine implementation is not optimal. If you have a very long filter you 
could encounter problems. What would you change to make the fir() function better? 
 
Step 5 
Examine the properties of the FIR filter using Matlab and its ”Frequency design and 
analysis tool”. (fdatool) First, copy the filter coefficients to Matlab’s workspace. 



Then, start fdatool and import the filter coefficients. Check the frequency magnitude 
response of the FIR filter. Try to design another FIR filter using the fdatool, and 
replace the filter coefficients in lab 4 with your new filter coefficients. 
 
Step 4 
Now consider the iir filter instead. Go through the code and make sure you 
understand it and the corresponding global declarations. 
 
Good luck with your project!!! 


