DISPRO® User's Manual

SECTION 5

FILE STRUCTURES
AND INTERFACE TO USER PROGRAMS

There are three types of data files used by DISPRO:

1. Filter data files, created and maintained by DISPRO;

2. Excitation files, created by the user or by the Generate Test Signal option;

3. A spectrum data file created under the Fourier Series/Spectrum option.
The excitation file is discussed in section 3.3.3.3.2. The spectrum data file (which is optionally created and
requires a name chosen by the user) contains magnitude in dB, and phase in degrees in exactly the same form
as the frequency response in a filter data file. Let's now preview the contents of this section.

The filter data file (FDF) will be described in detail in Section 5.1. Reference should be made to the
accompanying illustrations in Figures 5-1 and 5-2. From these figures you can note that all data files in
DISPRO are ASCII files. As such they can be TYPEed on the screen, COPYed to the printer, or read by any
BASIC program which would do additional processing of the data. Because each block of an FDF is
characterized by a special first line, having a unique identifying letter enclosed in angle brackets, any part of
an FDF may be extracted for processing in a user-created BASIC program. Some possible operations are

¢ find peak, mean, or rms of a block of time samples,

® compute power in frequency bands,

e compare floating-point and fixed-point time responses to determine roundoff noise level and spectral

characteristics.

BASIC programs to extract data from DISPRO files are given in Sections 5.2 and 5.3.

Because any properly structured FDF can be processed by DISPRO you can use the analysis and simulation
modules to explore the properties of a filter specified by your own set of filter coefficients. The specifics are
in Section 5.4.

When you want to do house cleaning in filter data files—particularly if you wish to delete one or more FDF's

that are no longer needed—you may wish to update FILES.INX. A BASIC program has been developed for
this purpose and is given in Section 5.5.

5.1 Filter Data File Structures

Our discussion of the FDF structure will be keyed to the block numbers and line letters of the illustrations in
Figures 5-1 and 5-2. As you may readily verify for yourself by printing an FDF, we have done a certain
amount of editing and annotation to obtain the results in Figures 5-1 and 5-2. However, no essential details
have been suppressed.
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All FDF's begin with a specification block and a floating-point coefficients block. These blocks are written to
the file when it is first created. Any actual FDF may have any additional number of quantized coefficient
blocks, frequency response blocks, and any number of impulse response and forced time response blocks.
Each time a set of quantized coefficients is computed using the Quantize menu selection, or each time a
frequency response is computed using Compute, print, plot menu selection, the appropriate block of data can
optionally be written to the FDF. However, each time an impulse or forced time response is computed for an
IIR filter the corresponding block of data is always written to the FDF.

As can be seen in Figures 5-1 and 5-2 each block begins with a title line that has an identifying letter enclosed
in angle brackets. It is this <.> signature that is searched for when a block of data is to be read from an
FDF. Except for the specification block [!] each title line has appended to it the coefficient wordlength used
when the data in the block were created. For purposes of illustration we have shortened considerably blocks
[4], [5], and [6] in Figure 5-1, and blocks [3] and [5] in Figure 5-2.

5.1.1 IIR Filter

All references in this section will be to blocks and lines in Figure 5-1. Block [1] contains the filter
specifications. The double quotation marks around strings, and the commas separating items on a line, are all
part of the FDF; they result from the use of the WRITE #n, command in BASIC. Each of the lines in [1] is
self-explanatory. Except for the <S§>IIR characters on line a, none of the other text strings is used by
DISPRO—they are present to make block [1] more readable. For a lowpass or highpass filter one of the
passband (line ¢€) and one of the stopband (line f) frequencies will be 0; two values always appear on lines e
and f.

Block [2], along with block [1], is always written when the file is created. The number at the end of line g in
block [2], and block [3], is the coefficient wordlength in bits, not including sign. Single precision IEEE
floating point uses 24 bits for the fraction. (Because the fractional part is always normalized so that the most
significant bit is a 1, this most significant bit is not actually present—it's hidden. The other 23 bits are
combined with the "hidden" 1 to give 24 bits of precision.) Hence the floating-point-precision coefficients are
described as having 24 bit wordlength. Because the largest power of two representable exactly by a floating-
point number is 223, fixed-point wordlengths are restricted to a maximum of 23 bits plus sign. The minimum
coefficient wordlength in DISPRO is 2 bits plus sign.

The title line in blocks [2] and [3] indicates that the coefficients are given in the order A,D,E,B,C (refer to
Figure 3-3). Line ¢ of block [1] tells us that the filter order is 10. Hence there will be 5 second-order
sections, or biquads, in the cascade realization of the filter. Lines b through f of block [2], and also of block
[3], contain these coefficients. The first number on each of these lines is the biquad section number; then the
coefficients A, D, E, B, and C are listed. All values are separated by commas. Coefficient values can be read

using the program in Section 5.2.
Block [4] contains frequency response data; writing frequency response data to a filter data file is optional.

Line a is self-explanatory. Line b contains, in order, the following parameters:
FMIN, FMAX, DF, COMPSAMP%, MODE %
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"<S>IIR Filter Specifications"
" Type=", "BANDPASS"

"  Order= ",10

Sampling frequency=", 1000

" Passband:", 120,300

" Stopband:",681.5223,357.4139
" Passband ripple:",.5

" Stopband loss:",662.26826

(N

oK -~ 0o 0 0 T

"<C>Coefficients (A,D,E,B,C) for wordlength ", 24

1,.1557202,-1.758837,1,-1.415394, .9322811
2,.7255707,1.289347,1, .6022882, .90685%96

[21 3,.5645731,-1.880647,1,-1.109941, .76065

4,.4817301,1.624613,1,.2287522, 7042412

5

.5147462,0,-1,-.4701441, .5961878

-~ 0 0 0 T o

#<C>Coefficients (A,D,E,B,C) for wordlength ",7
1,.15625,-1.765625,1,-1.421875, .9296875
2,.7265625,1.296875,1,.6015625, .90625

31 3,.5625,-1.875,1,-1.109375, .7578125

4,.484375,1.625,1,.2265625, .703125

5,.515625,0,-1,-.46875, .59375

- 0o 0 0 U o

’

"<F>Frequency response for wordlength:", 24
0,500,1,500,0

0,-600,270

1,-88.60751,89.62286

o 0 T o

4y ... (frequency response values)

499, -93.87831, -89. 79448
z 500, -346.5851,-90

a "<I>Impulse Response, A1 = 1, for coefficient wordlength:",615
b 400' 15' llMII R IIDII' IIRDII R IIUlI' I|(none)ll
c 1.580811E-02 2.276611E-02 -5.371094E-02 -.1173706 .0531311 .2632141 5.883789E-02 -.3131104

20 (impulse response values)

1.220703E-04 1.220703E-04 -1.220703E-04 -9.155273E-05 1.220703E-04 6.103516E-05 -1.220703E-04
0

N <

"<T>Time Response, Al <> 1, for coefficient wordlength:",615
BB:\TRTEST.EXC"
800,15, .25,"CM, nsH TRV nSH MEACT2ALLM
0 4.821777e-03 .0145874 1.89209E-03 -4.748535E-02 -6.097412E-02 3.161621E-02 .1294556

Q 0 T o

r .. (time response values)

-2.990723E-02 1.220703E-03 3.234863E-02 4.949951E-02 4.498291E-02 .0211792 -1.171875E-02
z 0

FIGURE 5-1 FILTER DATA FILE STRUCTURE FOR IIR FILTER

[ Copyright © Signix Corporation 1990 |



DISPRO® User's Manual

Briefly, the frequency response consists of COMPSAMP% values spaced DF Hz apart, from FMIN Hz to
FMAX Hz. MODE% is not currently implemented. Only the first two samples—Ilines ¢ and d—and the last
two samples—lines y and z—are shown in Figure 5-1. Each line has the frequency value (Hz), the response
magnitude (dB), and the phase angle (degrees). For additional information see Section 5.3.1.

Blocks [5] and [6] are essentially identical in format except for line b in block [6] which gives the name of the
file from which the excitation sequence was obtained, and line ¢ in block [6] which has an additional number
as the third item. Again, lines a of blocks [5] and [6] are self-explanatory; in block [5] the A1 = 1 legend of
line a corresponds with the "M " in line b that indicates use of the merged-biquad topology, and the Al < > 1
legend of line a of block [6] indicates that A1 was chosen not equal to unity when implementing the canonic-
form topology—corresponding to the “C” in line c.

Line b of block [5] contains the parameters
Nsamp%, CompBits%, Topo$, Accum$, Trnd$, SatUnsat$, Scale$

while line ¢ of block [6] contains the parameters

Nsamp%, CompBits%, ScaleFact, Topo$, Accum$, Trnd$, SatUnsat$, Scale$
The responses always begin with sample 0, have a total of Nsamp % sample points, and were computed using
fixed-point arithmetic of precision CompBits% plus sign. The exception is that CompBits% = 24 would
indicate that the filter was simulated in floating-point arithmetic. For the time response, block [6], ScaleFact is
the scale factor used to multiply the samples obtained from the excitation file. The other parameters have the
values:

CompBits% —-— Computation wordlength: (bits not including sign)...[2 to 23]
Topo§ ==—————-— Merged or Canonic form BiquadS.......eeeececaosocscaonsns [M/C]
Accum§ -----—- Single or Double length Accumulator..........ieeeeeneans [S/D]
Trnd§ ——-————- Rounding or Truncation of Result.....ceevnennccoonnans [RD/TR]
SatUnsat$ —-—-- Unsaturated or Saturated Accumulator.......ceeneeeeeeses [U/S]
Scale§ —-—-—-—-— Coefficient scaling...eceeeesecessans [FACT2BD/FACT2ALL/ (none) ]

Additional details are in Section 5.3.2.

5.1.2 FIR Filter

Line a of block [1] in Figure 5-2 provides an obvious identification for the FDF. For a Kaiser Window FIR
filter the tag phrase would be Kaiser Window Linear Phase. The linear phase property means that no phase
information need be included in the frequency response data, as can be verified by looking at block [3] where
only frequency and magnitude values are given in lines ¢ through z.

FIR filter specifications are given in a uniform fashion, whether 2, 3, or more bands are present in the
frequency characteristic. The style is dictated by the description of the filter characteristics used by the Parks-
McClellan design procedure. Thus, even if you specify the filter in terms of the passband and stopband
frequencies as requested for LP, HP, BP, and BS filters, those values will be converted to the specification of
the beginning and end points of each band.
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a "<S>FIR Filter Specifications -- Equiripple Linear Phase”
b " Type = ", MLOWPASSY
c " Length = " 21
d " Sampling Frequency = ",1
[11 e " No. of bands = #,2
f " Band Data: #,Flow(Hz),Type,Fhigh(Hz),Att/Ripple(dB),Deviation,Weight"
g 1,0,"PASS", .3, .468256,2.694846E-02,1
h 2,.3848971,"STOP", .5,40.554,9.634926E-03,2.796956
a n<c>Coefficients (first half only...rest by symmetry)%, 24
21 b 1.378962E-02 6.32861E-03 -2.069714E-02 2.115232E-02 6.063369E-03 -.0453181
c 5.303086E-02 9.073274E-03 -.1339775 .2611094 .6588906 O
a <F>Frequency response for wordlength:", 24
b 0,.5,9.765625E-04,512,0
B (frequency response values)
y .4990234,1.165007
z .5,1.16867
a n<I>Impulse Response, for coefficient wordlength:",12
b 55,15,"M","S","RD","U","(none)"
c 1.367188E-02 6.347656E-03 -2.075195E-02 2.124023E-02 6.103516E-03 -4.541016E-02
[4] d 5.297852E-02 9.033203E-03 -.1340332 .2612305 .6589355 .2612305 -.1340332 9.033203E-03
e 5.297852E-02 -4.541016E-02 6.103516E-03 2.124023E-02 -2.075195E-02 6.347656E-03 1.367188E-02
f 0000000000000000000000000000000000 0O
a "<T>Time Response, for coefficient wordlength:",12
b "D :\DISPRO20\SOURCE\TRIANGLE .EXC"
c 1023' 15’ ‘I . IIMII'IIDII, IITRII’ IIUII’ Il(none)ll
d 0 3.051758E-05 1.220703E-04 1.220703E-04 1.831055E-04 3.051758E-04 2.13623E-04 3.662109E-04
65 (time response values)
-7.809448E-02 -7.418823E-02 -7.028198E-02 -6.637573E-02 -6.246948E-02 -5.856323E-02 -5.465698E-02
z ~5.075073E-02 - z 4.684448E-02 -4.293823E-02 0

FIGURE 5-2 FILTER DATA FILE STRUCTURE FOR FIR FILTER
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Let's look at the example in Figure 5-2. This is a length 21 filter with a sampling frequency of 1 Hz and 2
bands. Now, a LOWPASS or HIGHPASS filter specification would also lead to a value of 2 bands in line e of
block [1]. The fact that line b says LOWPASS indicates that this filter was not designed as a MULTIBAND
filter; thus the weight values given in lines g and 2 were calculated by DISPRO from the passband ripple and
stopband attenuation values that were typed in. Note that the Ast/Ripple(dB) entries in lines g and & are the
actual passband ripple and stopband attenuation for the filter—the original specifications, which are almost
never met exactly for FIR designs, are not included in the FDF because they are no longer of significance. If
you choose the MULTIBAND option then you will have to provide values for the weights in each filter band.

Still in block [1], we see that line fis simply a reminder of the significance of the numbers on each of the lines
that follow, which give the specifications for the bands. There will be as many lines after the legend (in line f)
as there are bands in the filter; here we have 2 bands and thus 2 lines. As stated in line f, the values on lines g
through £ are: the band number (or #), the frequency at the low or bottom edge of the band, the type of band
(only PASS or STOP), the frequency at the high or upper edge of the band, the attenuation (if STOP band) or
ripple (if PASS band), the deviation (from 1.0 in a pass band, and from 0.0 in a stopband), and the weight
specified in the design. For a LP, HP, BP, or BS design you would have specified AMAX and AMIN.
DISPRO converts these to values for weights in pass- and stop-bands. The actual filter performance will never
be exactly AMAX or AMIN, hence these specified values are not stored in the FDF. Because the passband
ripple for a PMR FIR filter is symmetric about 1.0 on a linear scale, specifying passband ripple on a dB scale
is only an approximation—which, however, is extremely close for ripples < 0.5 dB. Thus the Deviation value
is given in addition to the ripple in dB. In the design process the passband is treated as having a gain of 1 +
Deviation. In DISPRO we have provided an interface to the design procedure which, for LP/HP/BP/BS
designs, results in a passband which is between 0 dB and -Amax dB—exactly what you want for the design,
and a specification which is consistent with IIR filter designs. Thus, in Figure 5-2 the passband, #1, level lies
between O dB and -.468256 dB—the maximum attenuation. The stopband, #2, has a minimum attenuation of
40.554 dB. If this were a MULTIBAND design then the passband ripple would be 1 + Deviation, giving a
maximum gain of 1.02694846 and a minimum gain of 0.97305154, which convert to gains of +0.23097 dB
and -0.23728 dB. The average of these would be printed as a ripple of + 0.234 dB.

All FIR filters designed by DISPRO have linear phase. The linear phase condition means that the coefficients,
which are also the impulse response samples of the FIR filter, possess even symmetry about the central
coefficient for an odd-length filter, and about the midpoint for an even-length filter. Thus, if the filter is of
length N, only the first (N-1)/2 + 1 coefficients are unique in value for an odd length, whereas the first N/2
are unique for even length. This is stated in line a of block [2] as "(first half only ... rest by symmetry)”,
which is only a slight simplification of fact. Following on lines b through ¢ are the first 11 coefficients of this
length 21 filter. Because of the way in which the data were written to the file, there is a zero after the 11th
coefficient; this terminating zero should be ignored. The full set of 21 coefficients for the filter is obtained by
going from coefficient #1 to coefficient #11, and then going back from coefficient #10 to coefficient #1. This
mirror (or even) symmetry about the central coefficient is the characteristic of linear phase FIR filters.

The frequency response block [3] is structured exactly like that for the IIR filter except that no phase angle

data is included (as indeed it need not be). The phase lag of an odd length linear phase FIR filter is given by
the expression
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(N-1)*(F/FS)*r (radians)
where F is frequency in Hz, and FS is the sampling frequency (also in Hz). Note that a linear phase FIR filter
has a group delay equal to half the length of the filter.

Time responses of FIR filters are presented in a manner similar to that for IIR filters. You may wish to
compare blocks [4] and [5] of Fig. 5-2 with their counterparts, blocks [5] and [6] of Fig. 5-1. Note that FIR
filters are always simulated in the direct form configuration. Also note that the Topo$ and Scale$ parameters
which are included in the FIR filter data file for convenience—DISPRO's, not your's!—have no significance
for FIR filters.

5.2 Obtaining Specifications and Coefficients

This section is principally a discussion of the BASIC subroutine (or program) in Figure 5-3, and of the sample
output in Figure 5-4. The purpose of the program is to access blocks [1] and [2] of IIR and FIR FDF's (see
Figures 5-1 and 5-2) and obtain the information in those blocks. One use of this subroutine in your own main
program would be for the purpose of reading coefficients for output to a development system, or other
hardware. To facilitate this action an option is provided for converting coefficients to 2's-complement binary
form. Clearly, any part of the program in Figure 5-3 could be extracted for use in your own BASIC program.

Discussion of the program in Figure 5-3 will be in the order that statements would be executed, and all
references will be to the line numbers of the program listing.

It is assumed that you wish either to use the coefficient values for additional computation, or wish to obtain a
2's-complement binary representation for application in a hardware or software based digital filter. In either
case you will have to write a short main program to call subroutine 1000. Note that the remark in line 1070
need not be heeded if you do not access any of the arrays in the dimension statement before going to

subroutine 1000.

The filter specifications are read and described in lines 1240-1300 for IIR filters, and in lines 1340-1410 for
FIR filters. Each of these lines can be compared with the file structures in Figures 5-1 and 5-2. The
specifications were discussed in Section 5.1.

Coefficient readout is done in lines 1440-1590. The wordlength requested in line 1450 is, as usual, exclusive
of the sign bit. Note that this subroutine does not quantize the coefficients. If you wish to have coefficients
with less than 24 bits of precision then you must have caused them to be written to the FDF. To repeat what
was said in Section 5.1, the coefficients are read from the FDF as floating point numbers so that they can be
conveniently used in numerical computations; this format is independent of the wordlength, or precision, to
which the coefficients have been quantized.

Starting at line 1600 there is a new utility: conversion of coefficients to binary 2's-complement representation.
In effect this is a small extension of DISPRO capabilities; you can get hex 2's-complement values in
ROUNDCOF, the coefficient quantization module in DISPRO. Examples of printout (for the FDF's of
Figures 5-1 and 5-2) are given in Figure 5-4.
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Several points must be made concerning this utility as printed in Figure 5-3.

* Each time a coefficient is converted to its binary 2's-complement representation the string variable,
XBINS, is output to either the screen or the printer (as selected in line 1680). The binary
representations are not saved or stored internally. If you wish to use these representations (say for
output through an RS-232C port to a hardware development system) then you will have to dimension
an array(s) in your main program and store XBINS$ in that array(s) each time a coefficient is converted
(lines 1840, 1860, 1880, 1900, and 1920 for IIR; line 1980 for FIR). Alternatively, if the
development system supports the input of decimal values then the decimal integer XI will have to be
stored in an array each time a coefficient is converted.

¢ Coefficients B and D for IIR biquad sections can be greater than unity in magnitude. It is necessary
to scale the coefficients so that all values are less than unit magnitude. That is, the decimal integer
magnitude must be less than 2*"WORDLENGTH %-1, where WORDLENGTH % is the number of bits
of precision desired for the coefficient representation; sign bit is not included. When a coefficient
value exceeds the maximum magnitude the coefficient must be divided by 2. As a result the decimal
and binary integer representation have an accompanying scale factor of 2. This can be seen in the
upper half of Figure 5-4, where coefficients B(1), B(3), and D(3) have floating point values greater
than unity magnitude. The integer representations, both decimal and 2's-complement binary, are of the
values B(1)/2, B(3)/2, and D(3)/2. The *2 notation indicates that a multiplier of 2 is associated with
the coefficient representation. The scaling of biquad coefficients is illustrated in Figure 3-3, and is
further discussed in Section 3.4.4.

¢ When the program of Figure 5-3 quantizes the coefficients only a representation is generated and
then displayed or printed; the coefficient value remains unchanged. Consequently, it is not necessary
that the FDF contain any quantized coefficients. As a practical matter it is easiest always to answer the
question in line 1450 with 24, the floating point wordlength, if all you wish is the display or printout
as shown in Figure 5-4.

¢ The FIR filter coefficients are numbered as H(1), H(2), etc., on the printout in Figure 5-4. An
alternative numbering scheme often used in the technical literature is H(0), H(1), H(2), etc., because
the FIR coefficients are the impulse response (i.e., unit sample response) sample values of the finite-
impulse response filter. In the DISPRO software and manual we prefer to use H(1) as the first
coefficient of the FIR filter. When we discuss the impulse response of a FIR filter we use h(0), h(1),
h(2), etc., to denote the impulse response samples. This notation serves equally for IIR as for FIR.
Clearly, for a FIR filter we have H(1) = h(0), H(2) = h(1), etc.

5.3 Obtaining Time and Frequency Responses

Two additional programs, in subroutine form, are listed in Figures 5-5 and 5-6. Incorporation of these
subroutines into your main BASIC program will allow you to access time and frequency response data in filter
data files (FDF).
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