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IMAGE RESAMPLING USING THE LF3320 / LF3330

The resizing of a video image may be done by resampling the image using video rate FIR filters.  This note discusses the use of the LF3320 Horizontal Digital Image filter, and the LF3320 Vertical Digital Image Filter, for this purpose of video rate resampling.

LF3320 Horizontal Digital Image Filter

The LF3320 is a 16 tap FIR filter, using  12 bit wide data and coefficients.  Maximum clock rate is 83MHz.  The configuration considered in this note is a single filter of 16 taps.  Although this is the particular concentration, the device has much more flexibility.  The device can be used as a 1:L interpolator, or as an M:1 decimator, with L and M theoretically ranging from 2 through 256, and from 2 through 16, respectively.  Symmetric FIR filter coefficients can be generated using the program shown in Appendix A.  The device can interpolate or decimate as either one filter with 16 taps (32 taps if symmetric coefficients), or two filters of 8 taps each (16 taps each if coefficients are symmetric).  When using symmetric coefficients, the last tap of either filter, or of the composite filter, may be configured as a center tap, giving an odd number of taps.  Coefficient symmetry may be odd if the number of taps used is even.  If configured as a decimator, and the reverse data path is used to double the number of taps, the data reversal feature must also be used to correctly align data and coefficients.  

External connections

Consistent with the configuration being considered here, figure 1 shows the external ties that must be made for resampling.  Since the A and B filters are in single filter mode, the SHENA and SHENB signals are tied together to allow the data to shift at the same time in both filters.  Also, the CENA and CENB lines, and the CAA 7-0 and CAB 7-0 lines must be tied together so that both filters are on the same coefficient set and that both filters’ coefficient sets shift at the same time.  Coefficient sets are loaded independently in each filter, and may occur simultaneously in both.  Data is passed into the filter on DIN 11-0, and outputs are taken on DOUT 15-0.  The taking of outputs is controlled by ACCA and ACCB, which must also be tied together.  The details of these lines and their signal rates are given in tables 1 and 2 .
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Figure 1. LF3320 External Connections

Interpolation

When configured for interpolation by an integer factor L, outputs are taken at the rate of the filter clock.  As data is clocked through the filter, it is held, using the SHENA / SHENB control signals. All the samples moving through the filter are alternately moved one position, then  held for a number of clock pulses equal to L.  Thus the incoming data rate is 1/L times the clock rate.  Each clock pulse occurring between incoming data moves, is used to calculate a new sample point.  The width of the I/D registers is set to the value "1".  The coefficients must be loaded into the coefficient banks in sequential order, with 1 / N of the coefficients loaded into each successive bank.  This generates L coefficient sets, stored in banks 0 through 15.  For example, if interpolating with 64 coefficients, coefficients 0 through 3 would be loaded into bank 0, coefficients 4 through 7 would be loaded into bank 1, and so on, so that coefficients 0 and 4 would be the first coefficients used.  The coefficient sets from 0 through L-1 are selected in succession with each clock pulse via the CAA7-0 and CAB7-0 signals.  Thus, each data sample is multiplied by each of the N * L coefficients.  An output is taken for each of L coefficient sets, for each data point, or, an output every clock pulse.  This results in an output data set that is L times the length of the input data set.  

The interpolator builds the impulse response of the filter at the higher sample rate, point by point.  Each coefficient represents its respective value of the impulse response, such that when an impulse is passed through the filter, the output is an exact duplicate of all the filter coefficients, which form the sinc function of a rectangular pass band.  

	LF3320 Interpolation  configuration / characteristics

	Parameter / characteristic
	Value

	Interpolation factor (L):
	1 through 256

	Output length:
	(input length) * L

	Input rate:
	clock rate / L

	Output rate:
	clock rate

	Number of coefficients:
	(number of taps) * L

	Maximum input data rate:
	83MHz / L

	
	

	I/D register width:
	1

	Coefficient bank depth:
	L

	Number of taps (N):
	8 / 15 / 16 / 31 / 32

	
	

	SHENA / SHENB rate:
	clock rate / L

	CAA / CAB address:
	See text

	ACCA / ACCB rate:
	clock rate

	
	

	coefficient bank loading:
	See text



Table 1. LF3320 Interpolation Configuration

Decimation

When configured for decimation by an integer factor M, data moves through the filter at the rate of the filter clock.  Outputs are taken on every Mth clock pulse.  The coefficients must be loaded into the coefficient banks in reverse sequential order, with 1 / N of the coefficients loaded into each successive bank.  This generates M coefficient sets, stored in banks 0 through 15.  For example, if decimating with 64 coefficients, coefficients 0 through 3 would be loaded into bank 0, in the order 3,2,1,0, coefficients 4 through 7 would be loaded into bank 1, in the order 7,6,5,4, and so on, so that coefficients 3 and 7 would be the first coefficients available for use.  The coefficient sets from 0 through M-1 are selected in succession with each clock pulse via the CAA7-0 and CAB7-0 signals.  The data samples are registered in each of the I/D registers, which are set to a width of M.  These available input samples are multiplied by successive coefficient sets.  An output is taken each time all the coefficient sets are used.  This results in an output data set that is 1/M times the length of the input data set.  

	LF3320 Decimation configuration / characteristics

	Parameter / characteristic
	Value

	Decimation factor (M):
	1 through 16

	Output length:
	(input length) / M

	Input rate:
	clock rate

	Output rate:
	(clock rate) / M

	Number of coefficients:
	(number of taps) * M

	Maximum input data rate:
	83MHz

	
	

	I/D register width:
	M

	Coefficient bank depth:
	M

	Number of taps (N):
	 8 / 15 / 16 / 31 / 32

	
	

	SHENA / SHENB rate:
	Clock rate

	CAA / CAB address:
	See text

	ACCA / ACCB rate:
	(clock rate) / M

	
	

	coefficient bank loading:
	See text



Table 2. LF3320 Decimation Configuration

Coefficient Loading

Loading of coefficients is done via the LF interface.  Since the LF interface loads all banks at once by coefficient set, it is necessary to interleave the sequential coefficients into N sets for loading.  Each set of 8 banks is loaded independently from its own LF interface.  The PAUSEA / PAUSEB control can be used to effectively slow the rate of loading.  Order of coefficients is described in Interpolation and Decimation paragraphs.

LF3330 Vertical Digital Image Filter

The LF3330 is an 8 tap FIR filter using 12 bit data and coefficients.  Maximum clock rate is 83MHz.

The configuration of the device for resampling will be similar to that for the LF3320, except that the LF3330 operates on lines in the same manner as the LF3320 operates on pixels.  The LF3330 provides 3K long line buffers for 7 of its 8 taps, the first of which taps being the real time entry of the data.  The line buffers are programmable from length 4 to length 3K.  The configuration considered in this note stores only one line of data samples in the line buffers.  This will allow maximum flexibility of line size.  More devices can be cascaded to provide as many filter taps as necessary.  The device can be used as a 1:L interpolator, or as an M:1 decimator,  with L and M theoretically ranging from 2 through 256, and from 2 through 7, respectively.  

External connections

The configuration of the device for resampling is given in figure 2, and tables 3 and 4.  The data is shifted into the filter by the SHEN signal.  The coefficient sets are sequentially selected for the multipliers by the signal on 

CA7-0.  The coefficients are applied to the multipliers by the CEN signal.  Input data is passed into the filter on DIN 11-0, and outputs are taken on DOUT 15-0.  The taking of outputs is controlled by the ACC signal.  Details of these lines and their signal rates is given in tables 3 and 4.  
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Figure 2. LF3330 External Connection

Interpolation

When configured for interpolation, the same strategy is employed as for the LF3320.  Each line is treated as a unit. Each element of the line is multiplied by the same coefficient whenever a multiply takes place. Coefficient loading is in the same order as for the LF3320. The filter is the same used for the LF3320.  An output is taken after the last element in each respective line has been multiplied.  Coefficients are changed, and the same line is multiplied again. The number of output lines equals the number of input lines * L.  

In order for each line of data to be multiplied by more than one coefficient, the line buffer Recirculate Mode must be used.  The lead time to change the configuration register to change the buffers to Recirculate Mode is 3 clock pulses.  This allows accommodation of the minimum length line of 4 samples.  After the first line of data is multiplied by its first coefficient, the line must be recirculated a number of times equal to L, the interpolation factor.  Each time the data is recirculated, the coefficient set is changed, so that the line of data sees each coefficient set before moving on to the next line buffer.  The line of data is then recirculated in the new buffer as previously done.  For this reason, the first tap of the filter cannot be used when interpolating, since it has no line buffer.

The first tap of the filter must be disabled by loading zero into the coefficient bank in all used coefficient set positions.  This effectively allows no contribution to the output from the first tap.  

	LF3330 Interpolation  configuration / characteristics

	Parameter / characteristic
	Value

	Interpolation factor (L):
	1 through 256

	Number of lines output:
	(number of lines input) * L

	Input rate:
	(L * clock rate) / (line length)    lines / second

	Output rate:
	(clock rate) / (line length)         lines / second

	Number of coefficients:
	(number of taps) * L

	Maximum input data rate:
	83MHz / (L * line length)

	
	

	Line buffer width:
	1line (programmable from 4 to 3K)

	Coefficient bank depth:
	L

	Number of taps (N):
	7 (See text)

	
	

	Line buffer mode:
	Recirculate Mode (See text)

	CA address:
	See text

	ACC rate:
	clock rate

	
	

	coefficient bank loading:
	See text




Table 3. LF3330 Interpolation Configuration

Decimation

When configured for decimation, the same strategy is employed as for the LF3320.  Each line is treated as a unit. Each element of the line is multiplied by the same coefficient whenever a multiply takes place.  Coefficient loading is in the same order as for the LF3320.  The filter is the same filter as is used in the LF3320.  Lines of data are moved through the filter as units.  However, the sequence of line buffers is treated as one register that shifts the line of data seven times.  This means that some decimation factors require using effectively fewer than 8 filter segments.  This is taken into account by using an “Effective Number of Taps” as the number of taps input to the coefficient generating program.  The number of effective taps is shown in Table 4.  An output is taken after each complete cycle of the coefficient sets.  The only coefficient sets used are those whose index is an even multiple of  M, less than or equal to 7.  See Table 4 for a listing of these.  All coefficients in unused coefficient banks must be set to zero.  The number of output lines is equal to the number of input lines / M.  

Since the decimation strategy allows the data to move through the filter at the input rate, the line buffers are used in Delay Mode.  This means that as a line of data moves through its line buffer, it continues on to the next line buffer.

	LF3330 Decimation configuration / characteristics

	Parameter / characteristic
	Value

	Decimation factor (M):
	2 through 7

	Output length:
	(input length) / M

	Input rate:
	Clock rate

	Output rate:
	(clock rate) / M

	Number of coefficients:
	(number of taps) * M

	Effective number of taps:
	Integer part of  (8 / M)

	Maximum input data rate:
	83MHz

	
	

	Line buffer width:
	1 line (programmable from 4 to 3K elements)

	Coefficient bank depth:
	M

	Number of taps (N):
	8

	
	

	Line buffer mode:
	Delay Mode

	CA address:
	See text

	ACC rate:
	(clock rate) / M

	
	

	(See Text)    M = 2
	Effective Taps = 4     (use banks 0, 2, 4, 6)

	M = 3
	Effective Taps = 3     (use banks 0, 3, 6)

	M = 4
	Effective Taps = 2     (use banks 0, 4)

	M = 5
	Effective Taps = 2     (use banks 0, 5)

	M = 6
	Effective Taps = 2     (use banks 0, 6)

	M = 7
	Effective Taps = 2     (use banks 0, 7)




Table 4. FF3330 Decimation Configuration

Filter Requirements

The decimation filter can be designed with a single sided bandwidth of up to ½ the original sampling frequency of the input data.  In fact, any low pass filter may be used, if it does not attenuate the band of interest, and has sufficient out of band attenuation to prevent aliasing of the highest in band frequency.  The user’s requirements dictate the precise filter shape.  If the input signal is oversampled by a factor of 4, which is many times the case, it is not difficult to meet these requirements.  In this case, a ¼ band filter could be used, with a transition band that would occupy the remaining frequency band up to the Nyquist Frequency.  The window function must be selected to accommodate the aliasing requirements when the window transition band is considered.  

The interpolation filter built by the coefficient generating program has the same bandwidth, and has essentially the same requirements with respect to the sampling rate of the input signal as does the decimation filter.  But it is designed at the higher sampling rate.  Thus, the frequency specifications are scaled by L. For a low pass filter, the single sided cutoff frequency must be such that sufficient attenuation is provided to prevent aliasing, at the ½ sample rate.  The resulting filter impulse response will be viewed at the output of the filter at the higher output sampling rate. For example, if L = 4, a 1/4 band filter at the input rate, will have the appearance of a 1/16 band filter when viewed at the output of the filter since the sampling rate is 4 times higher than at the input (i.e. the visible portion of the spectrum is 4 times wider).  Thus, a 1/16 band filter may be built, at the output sample rate to meet this need.  Particular attention must be paid to the pass band shape when smaller numbers of coefficients are being used, to be certain the data in the band of interest is not adversely effected.  When used with certain windowing functions, the flat portion of the pass band can be significantly narrower than the – 6dB points of the filter, thus necessitating wider bandwidth limits in order to ensure freedom from distortion in the band of interest.  

Coefficient Generation Program

The program shown in Appendix A generates quantized coefficients for both decimation and interpolation.  A choice of three user selectable window functions is available (Hahn, Hamming, Blackman), plus a rectangular window to allow a user implemented window function.  The number of quantization bits is also user selectable from a list 10, 12, 16, and 24.  The program allows a user specified original sampling frequency for the input data, the filter single sided bandwidth, and the resampling factor.  The only restriction on sample rate is the original data sample rate times the interpolation factor must not exceed the top device clock rate of 83MHz.  Also allowed is the input of a user selectable scaling factor.  The program is usable from the DOS command line, and takes command line arguments.  The arguments are shown in Appendix B.  They must be separated by a blank space, and contain no space between the letter specifier and the value entered.  The program is invoked by its name, “executable.exe”, and generates two output files.  Unquantized coefficients are saved in the “coef.dat” output file.  Coefficients quantized to the chosen number of bits are saved in the “quant.dat” output file.  The unquantized output is always provided, whether or not quantization is chosen.  Samples of program output are provided in Appendix C.

The program builds the interpolation filter at the higher output sampling rate.  The decimation filter is built at the input data rate.  The program services both even and odd numbers of coefficients.  

To generate an odd number of coefficients, a sinc function was used to arrive at the set of coefficients for an ideal low pass filter [1].  

For decimation this is:
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where the scaling factor A has a default value of 1.0.

For interpolation this is:


[image: image5.wmf](

)

(

)

(

)

[

]

(

)

(

)

2

/

1

,

1

,

0

,

1

,

2

/

1

;

/

2

/

/

2

sin

/

2

 

0

0

0

-

-

-

=

´

´

=

I

I

n

Lf

nf

Lf

nf

Lf

f

A

ideallp

s

s

s

L

L

p

p


where I is the total number of coefficients, and n is the coefficient index, and the scaling factor A has a default value of L.

This produces the “rectangular window” output.  But other window functions are available, such that the output is the window function multiplied by the ideal low pass coefficient, shifted  by (I – 1) to produce a causal sequence.

The windowing function outputs are as follows [2]:

Hahn window output:
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Hamming window output:
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Blackman window output:
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To generate an even number of coefficients, the number of coefficients was doubled and the windowing functions applied before causal shifting. 

For decimation this is:
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where the scaling factor A has a default value of 1.0.

For interpolation this is:
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where the scaling factor A has a default value of L.

The windowing function outputs are as follows [3]:

Hahn window output:
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Hamming window output:
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Blackman window output:
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Then the causal shift was applied to odd indices, giving symmetry around zero, but not including the zero index.  
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This result is saved as the “coef.dat” file output.

Finally, the result is quantized to a user selected number of bits:
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where B is the user selected number of bits.  The result is then rounded to produce the “quant.dat” file output.

Rational Resampling

P/Q resampling may be done using two devices in cascade, as an interpolator / decimator pair, that resamples up by P, down by Q.  The connections for such an arrangement are shown in figure 3.  When used in this way, a wide variety of resampling ratios is available, a sample of which is shown in table 5.   Two LF3320 devices can theoretically change the sample rate by any rational number from 1/256 through 256. Two LF3330 devices can theoretically resample by any rational factor from 1/7 to 256.  A device must be used to change the number of bits from 16 to 12.
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Figure 3. A Rational Factor Resampling System Using the LF3320 or LF3330

	P
	2
	4
	8
	16
	32
	64
	128
	256

	Q
	
	
	
	
	
	
	
	

	2
	1.000
	2.000
	4.000
	8.000
	16.000
	32.000
	64.000
	128.000

	3
	0.667
	1.333
	2.667
	5.333
	10.667
	21.333
	42.667
	85.333

	4
	0.500
	1.000
	2.000
	4.000
	8.000
	16.000
	32.000
	64.000

	5
	0.400
	0.800
	1.600
	3.200
	6.400
	12.800
	25.600
	51.200

	6
	0.333
	0.667
	1.333
	2.667
	5.333
	10.667
	21.333
	42.667

	7
	0.286
	0.571
	1.143
	2.286
	4.571
	9.143
	18.286
	36.571




Table 5.  Examples of Available Rational Resampling Factors

Video System

Both devices can be used as shown in figure 4, to perform resampling of video images.  Two of each are used, in order to provide rational resampling capability in both horizontal and vertical directions.  A sample of the input and output of a resampled image is shown in figures 5 through 8.  The coefficients used for this resizing were obtained by using the program in Appendix A, with the cutoff frequency equal to ½ the input sample rate, a Hahn window, quantization to 12 bits, default scaling, and the LF3320 used as a single 16 tap filter (one of the sets of filter coefficients used here is shown as an example in appendix B).  The video data stream is first fed into the LF3320 filters to change the number of samples in each line.  Their output is then fed directly into the LF3330 filters, to change the number of lines.  A device must be used after each stage to change the number of bits from 16 to 12.
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Figure 4  An Image Resizing System using the LF3320 and LF3330




(insert image here)

Figure 5.  Input image to the resampler


(insert image here)

Figure 6.  Input image resized by a factor of 2 in horizontal and vertical dimensions


(insert image here)

Figure 7.  Image of figure 6 resized by a factor of 1/2 to return to original size


(insert image here)

Figure 8.  Input image resized by a factor of ½.

Appendix A

Coefficient Generation Program

//This file calculates coefficients for use in interpolation and decimation with the //LF3320 and LF3330 devices.

//This file is written in C.

#include
<math.h>

#include
<stdio.h>

#include
<stdlib.h>

#define  Round(a) (((float)(a) - (int)(a)) >= 0.5)? ((int)(a) + 1) : ((int)(a))

#define  Quant(a)

(a) * pow(2.0,B)

#define  R

8192
//Maximum possible number of coeficients (N * M)

float

f0, fs, f, A;

double
pi = 3.14159265358;

double
arg, ideallp, winlp, fine[R];

int

c, d, i, j, k, l, m, n, p, quan[R], B;

int


I, L, M, N, win0, win1, win2, win3, interpolate, decimate;

char *coefffname = "coef.dat", *quantfname = "quant.dat";

FILE *coefffile, *quantfile;

main(int argc, char *argv[])

{


c = 1;


sscanf(argv[c++], "%d", &N);



if (N < 1)



{

printf("Number of filter segments must be positive non-        zero.\n");




return 0;



}


sscanf(argv[c++], "%d", &d);


if ((d != 1)&&(d != 0))


{

printf("Second argument must be 0 = decimate, 1 = interpolate.\n");



return 0;


}


if (d == 1)



interpolate = 1;

//Interpolation chosen (decimation is default)


sscanf(argv[c++], "%d", &d);


if ((d < 2)||(d > 256))


{



printf("Limits on resampling factor are 2 through 256.\n");



return 0;


}


if (interpolate)



L = d;



//Interpolation factor


else



M = d;



//Decimation factor


sscanf(argv[c++], "%f", &f);




f0 = f;

//Single sided filter bandwidth


sscanf(argv[c++], "%f", &f);




fs = f;

//Input signal sampling frequency


sscanf(argv[c++], "%d", &d);


if ((d != 0)&&(d != 1)&&(d != 2)&&(d != 3))


{

printf("Allowable values for window function selection are 0,1,2,3.\n");



return 0;


}


if (d == 0)



win0 = 1;


//Rectangular window chosen


else if (d == 1)



win1 = 1;


//Hahn window chosen


else if (d == 2)



win2 = 1;


//Hamming window chosen


else if (d == 3)



win3 = 1;


//Blackman window chosen


sscanf(argv[c++], "%d", &d);


if ((d < 0)||(d > 4))

printf("Allowable values for bit quantization selection are 0,1,2,3,4.\n");


if (d == 0)



B = 0;



//unquantized


else if (d == 1)



B = 10;


//quantized to 10 bits


else if (d == 2)



B = 12;


//quantized to 12 bits


else if (d == 3)



B = 16;


//quantized to 16 bits


else if (d = 4)



B = 24;


//quantized to 24 bits


sscanf(argv[c++], "%f", &f);


if (f)



A = f;

//Input signal sampling frequency


else if (interpolate)



A = (float)L;


else if (!(interpolate))



A = (float)1.0;


if (interpolate)



I = L * N;


else



I = M * N;


if (!(I % 2))

//PROCESSING FOR EVEN NUMBER OF TAPS


{

for (n = -I; n < I + 1; n++)
//index through twice the original //sample number (N = number of bins)



{




if (interpolate)




{





arg = 2 * pi * n * f0 / (2 * L * fs);








//artificially double interpolation factor

ideallp = A * 2 * ((2 * f0 / (2 * L * fs)) * sin(arg)/arg);
//ideal lp filter coefficients




}




else




{

arg = 2 * pi * n * f0 / (2 * fs);
//artificially double //interpolation factor

ideallp = A * 2 * ((2 * f0 / (2 * fs)) * sin(arg)/arg);



//ideal lp filter coefficients




}




if (win0)

//Rectangular window





winlp = ideallp;




else if (win1)
//Hahn window





winlp = ideallp * 

(0.5 + 0.5 * cos(2 * pi * n / (2 * I)));




else if (win2)
//Hamming window





winlp = ideallp * 

(0.54 + 0.46 * cos(2 * pi * n / (2 * I)));




else if (win3)
//Blackman window






winlp = ideallp * 

(0.42 + 0.5 * cos(2 * pi * n / (2 * I)) 







+ 0.08 * cos(4 * pi * n / (2 * I)));




if (n % 2)




{

k = ((n + I) - 1) / 2;
//artificially adjust index to //select only odd indices for //causal shifting





fine[k] = winlp;




}




quan[k] = Round(Quant(fine[k]));
//quantize coefficients



}


}


else



//PROCESSING FOR ODD NUMBER OF TAPS


{

for (n = -(I - 1) / 2; n < ((I - 1) / 2) + 1; n++)
//index thru each //original sample number (N = number of bins)



{




if (interpolate)




{




arg = 2 * pi * n * f0 / (L * fs);
//sinc function argument for                                                    //                                               ideal lp filter





if (!n)

ideallp = A * (2 * f0 / (L * fs));
//avoid 0/0 //division if odd number of coefficients





else

ideallp = A * ((2 * f0 / (L * fs)) * sin(arg)/arg);
//ideal lp filter coefficients for non-zero indices





}




else




{

arg = 2 * pi * n * f0 / (fs);
//sinc function argument //for ideal lp filter





if (!n)

ideallp = A * (2 * f0 / (fs));
//avoid 0/0 division if //odd number of //coefficients





else

ideallp = A * ((2 * f0 / (fs)) * sin(arg)/arg);

//ideal lp filter coefficients for non-zero indices




}




k = n + I / 2;

//shift each index for causal filter




if (win0)

//Rectangular window





fine[k] = ideallp;




else if (win1)
//Hahn window





fine[k] = ideallp * 

(0.5 - 0.5 * cos(2 * pi * k / (I - 1)));




else if (win2)
//Hamming window





fine[k] = ideallp * 

(0.54 - 0.46 * cos(2 * pi * k / (I - 1)));




else if (win3)
//Blackman window






fine[k] = ideallp * 

(0.42 - 0.5 * cos(2 * pi * k / (I - 1)) 

+ 0.08 * cos(4 * pi * k / (I - 1)));




quan[k] = Round(Quant(fine[k]));
//quantize coefficients



}


}







//DUMP COEFFICIENTS TO FILE


coefffile = fopen(coefffname, "wb");


quantfile = fopen(quantfname, "wb");


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


{



fprintf(coefffile,"%21.17f\n",fine[i]);



fprintf(quantfile,"%-4.4d\n",quan[i]);


}


fclose(coefffile);


fclose(quantfile);


return 0;

}

Appendix B


INTERPRETATION OF COMMAND LINE ARGUMENTS

	Command
	

	Line
	                                 Interpretation

	Argument:
	

	First
	Specify number of filter taps

	Second
	1 = Interpolation, 0 = Decimation (default)

	Third
	Resampling factor

	Fourth
	Single sided filter bandwidth

	Fifth
	Input signal sampling rate

	Sixth
	3 = Blackman window, 2 = Hamming window

	
	1 = Hahn window, 0 = rectangular window (default)

	Seventh
	4 = 24 bits, 3 = 16 bits, 2 = 12 bits

	
	1 = 10 bits, 0 = not quantized (default)

	Eighth
	Specify scale factor for coefficients to 5 decimal places (0 = default scaling)

	Note: A value must be specified for each argument. Use “0” for default.

	Example: "executable 16 0 2 10000000 20000000 1 2 0"

	Calculates coefficients for a 16 tap, decimate by 2, 1.0 band, Hahn windowed filter, with a single sided bandwidth of 10MHz, quantized to 12 bits, with default scaling.


Appendix C



     EXAMPLES OF PROGRAM OUTPUT

	
	Unquantized coefficients for a 16 tap factor of 2, 1.0 band, decimation filter, with a 10 MHz single sided bandwidth, 20MHz input sampling rate, a Hahn window, 12 bit quantization, and default scaling (“coef.dat”).

	
	0
	8
	16
	24

	0
	-0.000049443520
	-0.023300647398
	0.635087023265
	0.016888827141

	1
	0.000472631615
	0.031593105290
	-0.207637818512
	-0.011889968611

	2
	-0.001392060330
	-0.042578193439
	0.119806828693
	0.008012364026

	3
	0.002890120670
	0.057804837807
	-0.080623822231
	-0.005059836179

	4
	-0.005059836179
	-0.080623822231
	0.057804837807
	0.002890120670

	5
	0.008012364026
	0.119806828693
	-0.042578193439
	-0.001392060330

	6
	-0.011889968611
	-0.207637818512
	0.031593105290
	0.000472631615

	7
	0.016888827141
	0.635087023265
	-0.023300647398
	-0.000049443520

	
	
	
	
	

	
	Quantized coefficients for above filter (“quant.dat”).

	
	0
	8
	16
	24

	0
	0
	-95
	2601
	69

	1
	2
	129
	-850
	-48

	2
	-5
	-174
	491
	33

	3
	12
	237
	-330
	-20

	4
	-20
	-330
	237
	12

	5
	33
	491
	-174
	-5

	6
	-48
	-850
	129
	2

	7
	69
	2601
	-95
	0

	
	
	
	
	

	
	Quantized coefficients for above filter scaled by 1/4096.

	
	0
	8
	16
	24

	0
	0.000000000000
	-0.023193359375
	0.635009765625
	0.016845703125

	1
	0.000488281250
	0.031494140625
	-0.207519531250
	-0.011718750000

	2
	-0.001220703125
	-0.042480468750
	0.119873046875
	0.008056640625

	3
	0.002929687500
	0.057861328125
	-0.080566406250
	-0.004882812500

	4
	-0.004882812500
	-0.080566406250
	0.057861328125
	0.002929687500

	5
	0.008056640625
	0.119873046875
	-0.042480468750
	-0.001220703125

	6
	-0.011718750000
	-0.207519531250
	0.031494140625
	0.000488281250

	7
	0.016845703125
	0.635009765625
	-0.023193359375
	0.000000000000
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